SoX(1) Sound eXchange SoX(1)

NAME
SoX—Sound eXchange—The Swiss Army knife of audio manipulation

SYNOPSIS
sox[global-option$ [format-option} infile1
[[format-option} infile?] ... [format-option$ outfile
[effect][effect-optiony ...

play [global-option [format-option} infile1
[[format-option} infile?] ... [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 &pplg & 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.

The entire SoX functionality isvailable using just the ‘sox’ command, wever, to Smplify playing and
recording audio, if SoX is ioked as play’, the output file is automatically set to be the default sound
device and if imoked as rec’, the default sound device is used as an input source.

The heart of SoX is a library called ‘Soundols’. Thoseinterested in extending SoX or using it in other
programs should refer to the Sound Tools manual pige(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 examples wf$wX might be used. The simple:
Sox recital.au recital.awv
translates an audio file in SutyAormat to a Microsoft \AV file, whilst:
sox recital.au —r 12000 —b —c 1 recitahwwd 0.7 dither

performs the same format translation, but also changes the audio sampling rate & sample/isirgxes
to mono, and applies thwel anddither effects.

sox —r 8000 —u —b —c 1 voice-memawaoice-memo.\av
adds a header to awaudio file,
sox slav.aiff fixed.aiff speed 1027 rabbit -cO
adjusts audio speed using the most accueddieit algorithm,
sox short.au long.au longer.au
concatenates twvaudio files, and
sox —m music.mp3 voiceav mxed.flac
mixes together tev audio files.
play "The Moonbeams/Greatest/*.ogg" bass +3
plays a collection of audio files whilst applying a bass boosting effect,
play —c 4 —n —c 1 synth sin %-12 sin %-9 sin %-5 sin %-2 olrixer fade q @ 1 01
plays a synthesised minor seventh’ chord with a pipe-@an sound,

rec —c 2 test.diftrim 0 10
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records 10 seconds of stereo audio, and
rec -M takel.afftakel-dub.aiff
records a n& track in a multi-track recording.

Further examples are included throughout this manual; more-detadatpkes can be found in the separate
soxexanf7) manual.

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 datawisat Thiésec-
ond type is ‘headerless’ (or {radata’); 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 ‘Hgzty. example, digital telephgntradition-
ally uses a sample rate of 8000 Hz (8 kHz); audio Compact Discs use 441001H&+@4

sample size
The number of bits used to store each sample. Most popular are 8-bit (one byte) and 1&-bit (tw
bytes). (Since mannow-common sound formats werevemted when most computers used a
16-bit word, two bytes is often called a ‘word’,ub since current personal computev&whelm-
ingly have 2-bit or 64-bit words, this usage is confusing, and is not used in the SoX documenta-
tion.)

data encoding
The way in which each audio sample is represented (or ‘encodgai)e encodings ke \ariants
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 fdae (‘mono’) and tw (‘stereo’) are widely
used.

The term ‘bit-rate’ is sometimes used as &erall 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 authatc.

One important use of audio file comments is tovegriReplay Gain’ information. SoX supports applying
Replay Gain information, i 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, ifyiring other than a simple format a@nsion 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).

Determining & Setting The File Format
There are seeral 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 andea®gavailable:

1. Command-lindormat options.
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2. Thecontents of the file header.
3. Thefilename extension.
®

To =t the output file format, SoX will use, in order of precedence andas @i available:

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 all 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 resile problem.

Accuracy
Mary file formats that compress audio discard some of the audio signal information whilst doing so; con-
verting to such a format then cesting back agin will not produce an exact cppf the original audio.
This is the case for mgrformats used in telephpr(e.g. A-lav, GSM) where lav signal bandwidth is
more important than high audio fidelitgnd for mary formats used in portable music players (e.g. MP3,
Vorbis) where adequate fidelity can be retaineehenith 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, ‘los§less’.
term ‘quality’ is used as a measure ofwhdosely 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 formitg. 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) A\isn't.

N.B. SoX cowverts all audio files to an internal uncompressed format before performynaudio 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 long.mp3 short.mp3 trim 10

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

file by recompressing the audio—with a possible reduction in fidelityeatyat 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 tivert tmithe lossy format at

the final stage.

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

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

In SoX, clipping could occumas you might expect, when using thel effect to increase the audiolume,
but could also occur with marother effects, when cemlrting one format to anotheand evzen when simply
playing the audio.

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

For these reasons, it is usual to raalre that an audio file’sgnal 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; thevol effect can be used to pant clip-

ping, e.g.
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sox dull.au bright.au vol -6 dB 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 combine multiple files using one of four different methods: ‘concatenate’,
‘sequence’, ‘mix’, or ‘mege’. Thedefault method is ‘sequence’ f@lay, and ‘concatenate’ forec and
SOX

For all methods other than ‘sequence’, multiple input files muse lfae same sampling rate; if necessary
separate SoX uocations 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 orden gi
to form the output file.

The ‘sequence’ combining method is selected automaticallgléy: It is Smilar to ‘concatenate’ in that

the audio from each input file is sent serially to the output filwela 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 audio to an output device, but is not generally useful when the output file is a normal file.

If the ‘mix’ combining method is selected (wit) then two or more input files must be ¢gn and will be
mixed together to form the output fil&he number of channels in each input file need not be the same,
however, SoX will issue a warning if theare not and some channels in the output file will not contain
audio from &ery input file. A mixed audio file cannot be un-mixed.

If the ‘merge’ combining method is selected (witld), then tvwo or more input files must be ggn and will

be merged together to form the output filthe number of channels in each input file need not be the same.
A merged audio file comprises all of the channels from all of the input files; ugimes possible using
multiple invocations of SoX with thenixer effect. For example, tw mono files could be mged 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 combinedeMaq it is often useful to be able to set thelwv
ume of (i.e. ‘balance’) the inputs individugllyefore combining takes place.

For all combining methods, input file volume adjustments can be made manually using tigion
(below) which can be gen for one or more input files; if it isgen for only some of the input files then the
others recefe 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 thatvaaeen 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 vat, do ensure that clipping does not
occur, SoX will automatically adjust the volume (amplitude) of each input signal lagtarf of h, 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 should be set manually as describedeabo

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

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. Notahat 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
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causes SoX to exit.

FILENAMES
The following ‘special’ flenames 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 be ggn.

-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 relategl tpenating-
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 agm or synth).

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

The number of channels and the sampling rate associated with a null file areably 2eind
44.1 kHz respectiely, but, as with a normal file, these can berddden if desired using com-
mand-line format options (see below).

One other use ofn is to use it in conjunction witkV to display information from the audio file
header without having to readyafurther into the file, e.gsox -V *.wav —n will display header
information for each BV’ file in the current directory.

-e This is an alias ofn and is retained for backwards compatibility only.

N.B. Giving SoX an input or output flename that is the same as a Seit-shme will not work since
SoX will treat it as an effect specification. The only work-around to this igdid guch filenames; o
eva, this is generally not difficult since most audio filenamegeha flename ‘extension’, whilst ffct-
names do not.

OPTIONS
Global Options
These options can be specified on the command lingy goamt before the first effect name.

-h, ——help
Shaw version number and usage information.

——help—-effect=name
Shawv usage information on the specifiedeet. Thenameall can be used to shousage on all
effects.

——interactive
Prompt before werwriting an existing file with the same name as theg¢rgfor 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 approprayeoivpermanently enabling it.
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—-m|-M |-—combine=concatenat@merge|mix |sequence
Select the input file combining methotm selects ‘mix’,—M selects ‘merge’,

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

—--octave
Run in a mode that can be used, in conjunction with the GNW®gagram, to assist with the
selection and configuration of maaof the filtering efects. or the first gien efect that supports
the ——octave option, SoX will output Octze mmmands to plot the fefct’s ransfer function, and
then exit without actually processingyaaudio. E.g.

sox ——oct&e input-file —n highpass 1320 > plot.m
octave dot.m

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

——replay—gain=track

——replay—gain=album

——replay—gain=off
Select whether or not to apply replay-gain adjustment to input files. The defaattkisor play
andoff otherwise.

-S, ——show-progress
Display input file format/header information and input file(s) processing progress in terms of
elapsed/remaining time and percentage complete. This option is enabled by default when using
SoX to play or record audio.

—=version
Shaow version number and exit.
-V[level

Set \erbosity SoX prints messages to the console (stderr) according to theviimjoerbosity

levels:

0 No messages are printed at all; use the exit status to determine if an error has occurred.
Only error messages are printedhese are generated if SoX cannot complete the
requested commands.

2 Warning messages are also printethese are 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 also printed. Useful for seeing exaetly ho
SoX is mangling your audio.

4 and abwoe

Messages to help with debugging SoX are also printed.

By default, the verbosity W&l is set to 2. Each occurrence of th& option increases theew
bosity level by 1. Alternatiely, the verbosity leel can be set to an absolute number by specifying
it immediately after the'V e.g. —-VO sets it to 0.

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

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

See also thstat effect for information on hw to find the maximum elume of an audio file; this
can be used to help select suitable values for this option.
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See alsdnput File Balancing above.

Input & Output File Format Options
These options apply to the input or output file whose namyeitiaediately 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 channels ——channels=<hannels
The number of audio channels in the audio file. This may be 1, 2, or 4; for mono, stereo, or quad
audio. D cause the output file to e a dfferent number of channels than the input file, include
this option with the output file optiondf the input and output file lva a dfferent number of
channels then thmixer effect must be used. If thaixer effect is not specified on the command
line it will be invoked internally with default parameters.

——commenttext
Specify the comment text to store in the output file header (where applicable).

SoX will provide a default comment if this option (ercomment—filg) is not given; to specify
that no comment should be stored in the output file;t#semment " or ——comment=

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

-r rate, ——rate=rate
Gives the sample rate in Hz of the fil&o cause the output file to @ a dfferent sample rate than
the input file, include this option with the output file format options.

If the input and output files faa dfferent rates then a sample rate change effect must be run.
Since SoX has multiple rate changinéeets, the user can specify which to use as fattefIf no
rate change effect is specified then a default one will be chosen.

-t file-type ——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 toenride the type implied by an input filenametension, but if
overiding with a type that has a head8oX will exit with an appropriate error message if such a
header is not actually present.

SeeFILE TYPES below for a list of supported file types.

-L, ——endian=little

-B, ——endian=big

—X, ——endian=swap
These options specify whether the byte-order of the audio data is, redpedtiitle endian’, ‘big
endian’, or the opposite to that of the system on which SoX is being &setlanness 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 mormal format characteristics, the endianness (byte, nibble, & bit ordering) of the
input file is not automatically used for the output file; so, for example, when the following is run
on a little-endian system:

sox -B audio.uw trimmed.uw trim 2
trimmed.uw will be created as little-endian;
sox -B audio.uw -B trimmed.uw trim 2
must be used to presertag-endianness in the output file.

The-V option can be used to check the selected orderings.
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-N, ——revease-nibbles
Specifies that the nibble ordering (i.e. the 2 halves of a byte) of the samples showlelduzire
sometimes useful with ADPCM-based formats.

N.B. See also N.B. in section exabove.

-X, ——revase-—bits
Specifies that the bit ordering of the samples should \esexrl; sometimes useful with anfe
(mostly headerless) formats.

N.B. See also N.B. in section exabove.

—-s/-u/-U/-Al-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.

p-law (or mu-lav) and A-lav are the U.S. and international standards for logarithmic 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 p-law are sometimes encoded usingased bit-ordering (i.e. MSB becomes LSB).
Internally SoX understands hoto work with these encodings but there is currently no command
line option to specify them. If you need this support then you can use the pseudo file types of ‘.1&’
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 ADPCNlhe -a flag has dif-

ferent meanings in different file handlerds. .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 Microsdftflava 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 quadi¥yhas sup-
port for GSM5 ariginal 13kbps ‘Full Rate’ audio format. It is usually CPU intgasb 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.

The flags
-b/-w/-l/-d which are respeatély aliases for-1/-2/-4/-8, and abbreviate byte, word, long
word, double long (long long) word, are retained for backwards compatibility only.

Output File Format Options
These options apply only to the output file and may precede only the output filename on the command line.

—C compression-factor-—compressionsompression-factor
The compression factor for variably compressing output file formtis option is not gien,
then a default compression factor will applyphe compressiorattor is interpreted differently for
different compressing file formats. See the description of the file formats that use this option for
more information.

FILE TYPES
File types can be set by the filename extension ofttbption (see abe). File types that can be deter
mined by a filenamex¢ension are listed with their names preceded by a dot. File types that require optional
libsndfile support are markedibsndfile)'. File types that can be handled by libsndfile usthgndfile are
marked ‘(also with -t sndfile). This might be useful if you hee a fle that doesn’work with SoX's
default format readers and writers, and theeelbsndfile reader and writer for that format.
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.raw (also with —t sndfile)
Raw (headerless) audio fileS.he sample rate, sample size, and data encoding mustebauging
command-line format options; the number of channels defaults to 1.

.ub, .sb, .uw, .sw, .ul, .al, .lu, .la, .sl (also with -t sndfile)
These filename extensions selas sorthand for identifying the format of headerless audio files.
Thus,ub, sb, uw, sw, ul, al, lu, la andsl indicate a file with a single audio channel, sample rate of
8000 Hz,and samples encoded as ‘unsigned byte’, ‘signed byte’, ‘unsigoet, vsigned vord’,
‘w-law’ (byte), ‘A-law’ (byte), inverse bit order (-law’, inverse bit orderA-law’, or ‘signed long’
respectiely. Command-line format options can also beegito nodify the selected format if it
does not provide an exact match for a particular file.

Headerless audio files on aAFC computer are likely to be of format; on a Mac, thg're
likely to beub but with a sample rate of 11025 or 22050 Hz.

.8svx (also with —t sndfile)
Amiga 85VX musical instrument description format.

.aiff, .aif (also with -t sndfile)
AIFF files used on Apple lic/ligs and SGNote: the AIFF format supports only one SSND
chunk. Itdoes not support multiple audio chunks, or the 8SVX musical instrument description
format. AlFFfiles are multimedia archés and can hee nultiple audio and picture chunk¥ou
may need a separate araito work with them.

.aiffc, .aifc (also with —t sndfile)
AIFF-C (not compressed, linear), defined iANDC 1.4 Part 9 AnneB. This format is referred
from ARIB STD-B24, which is specified for Japanese data broadcagtimgprivate chunks are
not supported.

Note: The input file is currently processed as .aiff.

alsa  ALSA default device dxier. This is a pseudo-file type and can be optionally compiled into SoX.
Runsox —hto see if you heae support for this file type. When this dgr is used it allows you to
open up a ALSA déce and configure it to use the same data format as passed in to Safkdt w
for both playing and recording audio files. When playing audio files it attempts to set up the
ALSA driver to use the same format as the input fileis suggested toabys override the output
values to use the highest quality format your ALSA system can haldample:sox infile —t
alsa default

.au, .snd (also with -t sndfile)
Sun Microsystems W files. Thereare mag types of AJ file; DEC has imented its evn with a
different magic number and byte orde&3oX can read these files but will not write the®ome
.au files are known to ke invdid AU headers; these are probably original Sulaw 8000 Hz
files and can be dealt with using téformat (see below).

It is possible to werride AU file header information with ther and—c options, in which case SoX
will issue a warning to that effect.

auto  This format type name exists for backwards compatibility .otflgiven for an input file it will be
silently ignored, if gren for an output file it will cause SoX to exit with an error.

.avr Audio Visual Research. ThevR format is produced by a number of commercial packages on the
Mac.

.caf (libsndfile)
Core Audio File format.

.cdda, .cdr
‘Red Book’ Compact Disc Digital AudioCDDA has two audio channels formatted as 16-bit
signed integers at a sample rate ofl4ddz. Thenumber of (stereo) samples in each GDiPack
is aways a multiple of 588 which is wht needs its own handler.
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.cvsd .cvs

.dat

Continuously Variable Slope Delta modulatioA. headerless format used to compress speech
audio for applications such as voice mail. This format is sometimes used witlhrepiedk sam-
plesthe-X format option can be used to set the bit-order.

Text Data files. These files contain a textual representation of the sampl&tata.is one line at
the beginning that contains the sample rate. Subsequent lines comtammieric data items: the
time since the beginning of the first sample and the sanable.v\alues are normalized so that
the maximum and minimum are 1 and -This file format can be used to create data files for
external programs such as FFT analysers or graph routines. SoX can alaw adite in this for
mat back into one of the other file formats.

.dvms, .vms

Used to compress speech audio for applications such as voiceArsslf-describing variant of
cvsd

fap (libsndfile)

See.paf.

flac (also with -t sndfile)

fssd

Free Lossless Audio CODEC compressed auBioAC is an open, patent-free CODEC designed
for compressing musiclt is similar to MP3 and Ogg Vorbis, but lossless, meaning that audio is
compressed in FL& without ary loss in quality.

SoX can decode na# AHLAC files (.flac) but not Ogg FL@® files (.0ogg). [But seeoggbelow for
information relating to support for Ogg Vorbis files.]

SoX has basic support for writing FICAfiles: it can encode to ne¢i LAC using compression
levels O to 8. 8 is the default compressionvd and gives the best (bt slowest) compression; 0
gives the least (bt fastest) compression. The compressiorellean be selected using theC
option (see abe) with a whole number from O to 8.

FLAC support in SoX is optional and requires optional L Abraries. D e if there is support
for FLAC runsox —hand look for it under the list of supported file formats as ‘flac’.

An alias for theub format.

.gsm (also with —t sndfile)

.hcom

GSM 06.10 Lossy Speech Compressidnlossy format for compressing speech which is used in
the Global Standard for Mobile telecommunications (GSNls good for its purpose, shrinking
audio data size, but it will introduce lots of noise when\gemgiaudio signal is encoded and
decoded multiple times. This format is used by some voice mail applications. It is rather CPU
intensve.

GSM in SoX is optional and requires access to an external GSM libFarsee if there is support
for GSM runsox —hand look for it under the list of supported file formats.

Macintosh HCOM files.These are (apparently) Mac FSSD files with some variant dirtdnf
compression. Thdlacintosh has wacky file formats and this format handler apparently ddesn’
handle all the ones it should/lac users will need their usual arsenal of filevaoters to deal with
an HCOM file on other systems.

ircam (also with —t sndfile)

Another name forsf.

.ima (also with -t sndfile)

A headerless file of IMA ADPCM audio data. IMA ADPCM claims 16-bit precision @adkto
only 4 bits, but in fact sounds no better thaox.

.mat, .mat4, .mat5 (libsndfile)

Matlab 4.2/5.0 (respeetly GNU Octare 20/2.1) format (.mat is the same as .mat4).
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.maud An IFF-conforming audio file type, registered by MS MacroSystem Computer GmbH, published
along with the ‘Toccata’ sound-card on the AmigAllows 8bit lineay 16bit linear A-Law, p-law
in mono and stereo.

.mp3, .mp2
MP3 compressed audio. MP3 (MPEG Layer 3) is part of the MPEG standards for audio and video
compression. lis a lossy compression format that agkgegood compression rates with little
quality loss. See alg9gg Vorbis for a similar format.

MP3 support in SoX is optional and requires access to either or bothxtdraead libmad and
libmp3lame libraries.To se if there is support for Mp3 riwox —hand look for it under the list of
supported file formats as ‘mp3’.

.nist (also with -t sndfile)
See.sph

.0gg .vorbis
Ogg Vorbis compressed audio. Ogg Vorbis is a open, patent-free CODEC designed for compress-
ing music and streaming audio. It is a lossy compression format (similar to MP3, VQFRC& AA
that achiges gopod compression rates with a minimum amount of quality loss. Se&&3dor a
similar format.

SoX can decode all types of Ogg Vorbis files, and can encoddeaiedifcompression vels/qual-
ities given as a mmber from -1 (highest compressiomest quality) to 10 (lowest compression,
highest quality). By default the encoding qualitydeis 3 (which gives an e&coded rate of
approx. 112kbps), but this can be changed usingGheption (see abe) with a number from -1
to 10; fractional numbers (e.g.63 are also allowed.

Decoding is somewhat CPU intevisiand encoding is very CPU intensi

Ogg \orbis in SoX is optional and requires access to external Ogg Vorbis libraoese if there
is support for Ogg Vorbis rusox —hand look for it under the list of supported file formats as-'v
bis’.

ossdsp OSS /dev/dsp device ggr. This is a pseudo-file that can be optionally compiled into SRXn
sox —hto see if it is supported. When thiswariis used it allows you to play and record sounds on
supported systems. When playing audio files it attempts to set up the @83aduse the same
format as the input file. It is suggested twais override the output values to use the highest qual-
ity format your OSS system can handle. Examgte: infile —t ossdsp —w —s /dev/dsp

.paf, .fap (libsndfile)
Ensoniq PARIS file format (big and little-endian respeaty).

.prc Psion Record. Used in some Psiorides for System alarms and recordings made by tfieib

Record application. This format iswer then the .we format that is also used in some Psion
devices.

.pvf (libsndfile)
Portable Voice Format.

.sd2 (libsndfile)
Sound Designer 2 format.

.sds (libsndfile)
MIDI Sample Dump Standard.

.sf (also with -t sndfile)
IRCAM SDIF (Institut de Recherche et Coordination Acoustique/Musique Sound Description
Interchange Format). Used by academic music soévsuch as the CSound package, and the
MixView sound sample editor.
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.sph, .nist (also with -t sndfile)
SPHERE (SPeech HEader Resources) is a file format defined by NIST (National Institute of Stan-
dards and Technology) and is used with speech a&h¥ can read these files whenytloentain
p-law and PCM data. It will ignore gnheader information that says the data is compressed using
shortencompression and will treat the data as eiflaaw or PCM. Thiswill allow SoX and the
command lineshortenprogram to be run together using pipes to encompasses the data and then
pass the result to SoX for processing.

.smp  Turtle Beach SampleVision filesSMP files are for use with the PC-DOS package Sangit\/
by Turtle Beach Softarks. Thispackage is for communication tovesal MIDI samplers. All
sample rates are supported by the package, although not all are supported by the samplers them-
sehes. Currenthfoop points are ignored.

.snd See.au.

sndfile This is a pseudo-type that forces libsndfile to be usesh for file types normally handled inter
nally by SoX. For writing files, the actual file type is thenetalfrom the output file name; for
reading them, it is deduced from the file ang ather format parametersThis pseudo-type
depends on SoX having been built with optional libsndfile support.

.sndt  SoundTool files. This is an older DOS file format.
.sou An alias for theub format.

sunau Sun /dev/audio device d&gr. This is a pseudo-file type and can be optionally compiled into SoX.
Runsox —hto see if you hee support for this file type. When this d#r is used it allows you to
open up a Sun /dev/audio file and configure it to use the same data type as passed intto SoX.
works for both playing and recording audio filedhen playing audio files it attempts to set up
the audio dwer to use the same format as the input file. It is suggestedviysloverride the out-
put values to use the highest quality format your hardware can habgémple:sox infile —t
sunau -w —s /dev/audi@r sox infile —t sunau —U —c 1 /dev/audiéor older sun equipment.

Ixw  Yamaha TX-16W samplerA file format from a Yamaha samplingyboard which wrote IBM-PC
format 35" floppies. Handles reading of files which do notéhthe sample rate field set to one of
the expected by looking at some other bytes in the attack/loop length fields, and defaulting to
33 kHz if the sample rate is still unknown.

.vms See.dvms.

.voc (also with -t sndfile)
Sound Blaster VOC filesVOC files are multi-part and contain silence parts, looping, arierdif
ent sample rates for @@rent chunks. On input, the silence parts are filled out, loops are rejected,
and sample data with awmesample rate is rejected. Silence with a different sample rate is-gener
ated appropriatelyOn output, silence is not detected, nor are impossible sample rates. Note, this
version nav supports playing VOC files with multiple blocks and supports playing files containing
p-law and A-law samples.

.vorbis See.ogg

.vox (also with -t sndfile)
A headerless file of Dialogic/OKI ADPCM audio data commonly comes with the exteneian .v
This ADPCM data has 12-bit precision packed into only 4-bits.

w64 (libsndfile)
Sonic Foundns 64-bit RIFF/\WAV format.

.wav (also with -t sndfile)
Microsoft WAV RIFF files. This is the naté audio file format of Vihdows, and widely used for
uncompressed audio.

Normally .wav files hare dl formatting information in their headers, and so do not negd@n
mat options specified for an input file. Ifyaare, the will override the file headeland you will
be warned to this &fct. You had better kn@ what you are doing! Output format options will
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cause a format ceomarsion, and thewav will written appropriately.

SoX currently can read PCMrlaw, A-law, MS ADPCM, and IMA (or DVI) ADPCM. It can
write all of these formats including the ADPCM encoding. Big endian versions of RIFF files,
called RIFX, can also be read and writtdio write a RIFX file, use theB option with the output

file options.

.wve  Psion 8-bit A-lav. Used on older Psion PDAs.

xa Maxis XA files. These are 16-bit ADPCM audio files used by Maaimes. Writing.xa files is
currently not supported, although adding write support should not be very difficult.

Xi (libsndfile)
Fasttracker 2 Extended Instrument format.

EFFECTS
Multiple effects may be applied to the audio by specifying them one after another at the end of the com-
mand line.

Note: Brackets [ ] are used to denote parameters that are optional, braces { } to denote those that are both
optional and repeatable, and angle brackets < > to denote those that are repeatable but not optional.

allpassfrequency widtfh|o|q]
Apply a two-pole all-pass filter with central frequgri;m Hz) frequencyand filterwidth width: in
Hz (the dedult, or if appended withh®), in octaves (if appended with '), or as a Q-factor (if
appended withd’). An all-pass filter changes the audidfequeng to phase relationship without
changing its frequerydo amplitude relationship. The filter is described in detail in [1].

This effect supports the-octave global option.

band [-n] center[width[h|o]|q]]
Apply a band-pass filterThe frequeng response drops logarithmically around ttenter fre-
gueng. Thewidthin Hz (the default, or if appended with’), in octaves (if appended witho'),
or as a Q-factor (if appended withy), gives the slope of the drop. The frequenciesanter +
width and center - width will be half of their original amplitudesband defaults to a mode ori-
ented to pitched audio, i.e. voice, singing, or instrumental mddie.—n (for noise) option uses
the alternate mode for un-pitched audio (e.g. percussMayning: —n introduces a peer-gain
of about 11dB in the filteso lewae of output clipping.band introduces noise in the shape of the
filter, i.e. peaking at theenterfrequeny and settling around it.

This effect supports the-octave global option.
See alsdilter for a bandpass filter with steeper shoulders.

bandpasgbandreject [—c] frequency widtfh|o]|q]
Apply a two-pole Butterworth band-pass or band-reject filter with central freguen¢iz) fre-
guency and (3dB-point) band-widtlvidth: in Hz (the default, or if appended with’), in octaves
(if appended with @), or as a Q-dctor (if appended withg). The —c option applies only to
bandpassand selects a constant skirt gain (peak gain = Q) instead of theltdebnstant 0dB
peak gin. Thefilters roll off at 6dB per octae (20dB per decade) and are described in detail in

[1].
These effects support the-octave global option.
See alsdilter for a bandpass filter with steeper shoulders.

bandreject frequency widtfh|o|q]
Apply a band-reject filterSee the description of tHendpasseffect for detalils.

basqtreble gain [frequencywidth[s|h|o|q]]]
Boost or cut the bass (lower) or treble (upper) frequencies of the audio usingpaléashelving

filter with a response similar to that of a standard ki{f8axandall) tone-controls. This is also
known as shelving equalisation (EQ).
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gain gives the dB gain at 0 Hz (fobas9, or whichever is the lower of(22 kHzand the Nyquist
frequeng (for treble). Its useful range is about —20 (for adarcut) to +20 (for a large boost).
Beware of Clipping when using a posite gain.

If desired, the filter can be fine-tuned using the following optional parameters:

frequencysets the filtes central frequeng and so can be used to extend or reduce the freguenc
range to be boosted or cut. The default value is 100 Hbéfsg or 3 kHz (for treble).

width determines ho steep the filtes helf transition is and can be@essed as: a ‘slope’ (the
default, or if appended withs), a Q-factor (if appended withy*), the transition width in octaes
(if appended with@’), or the transition width in Hz (if appended with’y. The useful range of
‘slope’ is about @B, for a gentle slope, to 1 (the maximum), for a steep slope; thaltedlue is
0-5.

The filters are described in detail in [1].
These effects support the-octave global option.

See alsequalizerfor a peaking equalisation effect.

chorus gain-in gain-out<delay decay speed depth|-t>

Add a chorus ééct to the audio. Each four-tuple delay/decay/speed/deph thie delay in mil-
liseconds and the decay (rel&tito gain-in) with a modulation speed in Hz using depth in mil-
liseconds. Thenodulation is either sinusoidatg) or triangular ¢t). Gain-outis the wlume of
the output.

compandattackldecayl,attack2decay?

in-dBlout-dBX ,in-dB2out-dB2
[gain[initial-volume[delay]]

Compand (compress or expand) the dynamic range of the alidéattack and decay time spec-

ify the integration time er which the absolutealue of the input signal is integrated to determine

its volume; attacks refer to increases in volume and decays refer to decreases. Where more than
one pair of attack/decay parameters are specified, each channel is treated separately and the num-
ber of pairs must agree with the number of input chanriéis. second parameter is a list of points

on the compandes’transfer function specified in dB relai b the maximum possible signal
amplitude. Thenput values must be in a strictly increasing order but the transfer function does

not hare © be nonotonically rising. The speciablue-inf may be used to indicate that the input
volume should be associated outpatwne. Thepoints—inf,—inf and0,0 are assumed; the latter

may be @erridden, but the former may not.

The third (optional) parameter is a post-processaig g dB which is applied after the compres-
sion has taé&n place; the fourth (optional) parameter is an initial volume to be assumed for each
channel when the fefct starts. This permits the user to supply a nomiwal leitially, so hat, for
example, a ery large gain is not applied to initial signavds before the companding action has
begun to operate: it is quite probable that in such\amte the output would be gerely clipped

while the compander gain properly adjusts itself.

The fifth (optional) parameter is a delay in secontise input signal is analysed immediately to
control the compandgebut it is delayed before being fed to the volume adjusBpecifying a
delay approximately equal to the attack/decay timesvaltbe compander tofettively operate in

a ‘predictve’ rather than a reagt node.

See alsancompandfor a multiple-band companding effect.

dcshift shift[limitergain]|

DC Shift the audio, with basic linear amplitude formulais is most useful if your audio tends to
not be centered around alve of 0. Shifting it back will all you to get the most volume adjust-
ments without clipping.

The first option is thecshiftvalue. Itis a floating point number that indicates the amount to shift.
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An optionallimitergain can be specified as well. It should/ba \alue much less than 1 (e.g0®
or 0.02) and is used only on peaks tovyerg clipping.

deemph
Apply a treble attenuation shelving filter to audio in audio-CD format. The freguesponse of
pre-emphasized recordings is rectified. The filter is defined in the standard document ISO 908.

This effect supports the-octave global option.
See also thbassandtreble shelving equalisation effects.

dither [depth
Apply dithering to the audioDithering deliberately adds digital white noise to the signal in order
to mask audible quantizationfefts that can occur if the output sample size is less than 24 bits.
By default, the amount of noise added is ¥ bit; the optideaihparameter is a (linear obltage)
multiplier of this amount.

This effect should not be followed byyaother effect that affects the audio.

earwax
Makes audio easier to listen to on headphones. Adds ‘cues’ to audio in audio-CD format so that
when listened to on headphones the stereo image\vsdnilom inside your head (standard for
headphones) to outside and in front of the listener (standard foresppakedttp://www.geoci-
ties.com/beinges for a full explanation.

echogain-in gain-out<delay decay
Add echoing to the audioEachdelay decaypair gives the delay in milliseconds and the decay
(relative © gain-in) of that echo. Gain-out is the volume of the output.

echosgain-in gain-outdelay decay
Add a sequence of echos to the audiachdelay decaypair gives the delay in milliseconds and
the decay (relate o gain-in) of that echo. Gain-out is the volume of the output.

equalizer frequency widtfg|o|h] gain
Apply a two-pole peaking equalisation (EQ) filtéith this filter, the signal-lgel at and around a

selected frequenccan be increased or decreased, whilst (eniind-pass and band-reject filters)
that at all other frequencies is unchanged.

frequencygives the filter's central frequeng in Hz, width, the band-width, as a Q-factor [2] (the
default, or if appended withy’), in octaves (if appended withd’), or in Hz (if appended withh"),
andgainthe required gain or attenuation in dB. wee of Clipping when using a posite gain.

In order to produce compteequalisation curves, this effect can beegi eveal times, each with a
different central frequeryc

The filter is described in detail in [1].
This effect supports the-octave global option.
See alsdassandtreble for shelving equalisation effects.

fade [typq fade-in-length stop-time[fade-out-lengtlj
Add a fade effect to the beginning, end, or both of the audio.

For fade-ins, this starts from the first sample and rampsdhlene of the audio from 0 to fullol-
ume wer fade-in-lengttseconds. Specif§ seconds if no fade-in is wanted.

For fade-outs, the audio will be truncatedsap-timeand the volume will be ramped from full
volume down to O starting dade-out-lengthseconds before thetop-time If fade-out-lengths
not specified, it defaults to the same valuéds-in-length No fade-out is performed gtop-time
is not specified.

All times can be specified in either periods of time or sample colotspecify time periods use
the format hh:mm:ss.frac formaf.o gecify using sample counts, specify the number of samples
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and append the letter ‘s’ to the sample count (for example ‘8000s").

An optionaltype can be specified to change the type afelape. Choicesreq for quarter of a
sine wave h for half a sine \ave t for linear slope] for logarithmic, and for inverted parabola.
The default is a linear slope.

filter [low]-[high] [window-len[betd]
Apply a sinc-windowed lowpass, highpass, or bandpass filtewet gindow length to the signal.
low refers to the frequenmf the lower 6dB corner of the filtehigh refers to the frequegof the
upper 6dB corner of the filter.

A low-pass filter is obtained by kiag low unspecified, or 0.A high-pass filter is obtained by
leavinghigh unspecified, or 0, or greater than or equal to the Nyquist freguenc

The window-len if unspecified, defaults to 128.onger windows gie a farper cutoff, smaller
windows a more gradual cutoff.

The betg if unspecified, defaults to 16. This selects a Kaiser winddou can select a Nuttall
window by specifying arything < 2 here. For more discussion of beta, look under tagample
effect.

flanger [delay depthegen width speed shape phase interp
Apply a flanging effect to the audio. All parameters are optional (right to left).

Range Default Description

delay 0-10 0 Base delay in milliseconds.

depth 0-10 2 Added swept delay in milliseconds.

regen —-95-95 0 Percentage regeneration (delayed
signal feedback).

width  0-100 71 Percentage of delayed signal mixed
with original.

speed 0.1-10 05 Sweeps per second (Hz).

shape sin Sweptvave dhape:sineltriangle.

phase 0-100 25 Swept vavepercentage phase-shift

for multi-channel (e.g. stereo)
flange; 0 = 100 = same phase on
each channel.

interp lin Digital delay-line interpolation:
linear|quadratic.

See [3] for a detailed description of flanging.

highpasdglowpass[-1]-2] frequencywidth[q|o|h]]
Apply a high-pass or low-pass filter with 3dB pdirgquency The filter can be either single-pole
(with -1), or double-pole (the default, or witl). width applies only to double-pole filters and is
the filter-width: as a Q-factor (the default, or if appended with in octaves (if appended with
‘0"), or in Hz (if appended withh"); the default Q is @07 and gies a Butterworth responseThe
filters roll off at 6dB per pole per oct@ 20dB per pole per decade). The double-pole filters are
described in detail in [1].

These effects support the-octave global option.
See alsdilter for filters with a steeper roll-off.

lowpass[-1]-2] frequencywidth[g|o|h]]
Apply a low-pass filter See the description of tHéghpasseffect for details.

mcompand "attackldecayq,attack2decay2
in-dBlout-dBX ,in-dB2out-dB2
[gain[initial-volume[delay]] ]" xover-freq
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Multi-band compander is similar to the single band compandethe audio is first divided up
into bands and then the compander is run on each band. Semrthand effect for the definition

of its options. Compand options are specified between double quotes and theecfosguency
for that band is specified separately witiver-freq This can be repeated multiple times to create
multiple bands.

mixer [ =l|-r|-f|-b|-1|-2]|-3|-4|n{,n} ]
Reduce the number of audio channels by mixing or selecting channels, or increase the number of
channels by duplicating channels. Note: thfs@foperates on the audibannelswithin the SoX
effects processing chain; it should not be confused witk-tihglobal option (where multipldiles
are mix-combined before entering the effects chain).

This effect is automatically used when the number of input channés fidm the number of
output channelsWhen reducing the number of channels it is possible to manually specify the
mixer effect and use thel, —-r, —f, =b, -1, -2, =3, -4, options to select only the left, right, front,
back channel(s) or specific channel for the output insteadecdiging the channelsThe -I, and

—r options will do aeraging in quad-channel files so select the exact channelenpthis.

Themixer effect can also be woked with up to 16 numbers, separated by commas, which specify
the proportion (0 = 0% and 1 = 100%) of each input channel that is to led mbo each output
channel. Inwo-channel mode, 4 numbers argepgi | - I, | - r, r - I, and r - r, respectiely.

In four-channel mode, the first 4 numbergeghe proportions for the left-front output channel, as
follows: If - If, rf - If, Ib - If, and rb - rf. Thenext 4 give the right-front output in the same
order, then left-back and right-back.

It is also possible to use the 16 numbersxiwaad or reduce the channel count; just specify O for
unused channels.

Finally, certain reduced combination of numbers can be specified for certain input/output channel
combinations.

INCh OutCh Num Mappings
2 1 2 I Lr-|
2 2 1 adjust balance
4 1 4 If > L Llbslrbo|
4 2 2 If > 1&f -1 lb> &b - r
4 4 1 adjust balance
4 4 2 front balance, back balance

noiseprof [profile-filg
Calculate a profile of the audio for use in noise reductiee the description of theisered
effect for details.

noiseredprofile-file[threshold
Noise reduction filter with profiling.This filter is moderately &ctive & removing consistent
background noise such as hiss or hufo. use it, first run thenoiseprof effect on a section of
audio that ideally would contain silence but in fact contains ndike.noiseprof effect will write
out a noise profile tprofile-file, or to gdout if noprofile-fileis specified.If there is audio output
on stdout then the profile will instead be directed to stderr.

To actually remae the noise, run SoX again with theiseredfilter. The filter needs one parame-
ter, profile-file which contains the noise profile fronoiseprof. thresholdspecifies hav much
noise should be remed, and may be between 0 and 1 with aadkfof 05. Highervaues will
remove nore noise but present a greater likelihood of distorting the desired audio siopesri-
ment with different threshold values to find the optimal one for your audio.

pad { lengtH @positior }
Pal the audio with silence, at the beginning, the end, grspacified points through the audio.
Both length and position can specify a time oif appended with an ‘s’, a number of samples.
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length is the amount of silence to insert apdsition the position in the input audio stream at
which to insert it. Any number of lengths and positions may be specified, provided that a specified
position is not less that the preus one. positionis optional for the first and last lengths specified
and if omitted correspond to the beginning and the end of the audio redgedtor example:

pad 15 1.5 adds 15 sconds of silence padding at each end of the audio, whits#000s@3:00
inserts 4000 samples of silence 3 minutes into the alidgilence is wanted only at the end of the
audio, specify either the end position or specify a zero-length pad at the start.

pan direction
Pan the audio from one channel to anoth&his is done by changing thelume of the input
channels so that it fades out on one channel and fades-in on anbthernumber of input chan-
nels is diferent then the number of output channels then this effect tries to intelligently handle
this. For instance, if the input contains 1 channel and the output contains 2 channels, then it will
create the missing channel itseffhe directionis a \alue from -1 to 1. -1 represents far left and
1 represents far rightNumbers in between will start the pan effect without totally muting the
opposite channel.

phasergain-in gain-out delay decay spelets|—t]
Add a phasing effect to the audiadelay/decay/speed\gs the delay in milliseconds and the
decay (relatie o gain-in) with a modulation speed in HZhe modulation is either sinusoidalg
or triangular £t). Thedecay should be less tha® @o avoid feedback.Gain-out is the volume of
the output.

pitch shift [width interpolate fade
Change the pitch of file withoutfatting its duration by cross-fading shifted samplehift is
given in cents. Use positive value to shift to treble, etive value to shift to bassDefault shift
is 0. width of window is in ms. De#fult width is 20ms.Try 30ms to lower pitch, and 10ms to
raise pitch.interpolateoption, can beubic or linear. Default iscubic. The fadeoption, can be
cos hamming, linear or trapezoid; the default ixos

polyphase[-w nut|ham] [-width n] [—cutoff c]
Change the sampling rate using ‘polyphase interpolation’, a DSP algorithm. This method is rela-
tively slow and memory intense.

If the —w parameter iswut, then a Nuttall ("90 dB stop-band) windavill be used;ham selects a
Hamming ("43 dB stop-band) windo The default is Nuttall.

The-width parameter specifies the (approximate) width of the fillee default is 1024 samples,
which produces reasonable results.

The —cutoff value (c) specifies the filter cutéffrequeng in terms of fraction of frequegcbhand-
width, also knas as he Nyquist frequenc See theresample effect for further information on
Nyquist frequeng. If up-sampling, then this is the fraction of the original signal that should go
through. Ifdown-sampling, this is the fraction of the signal left aftewdesampling. Thelefault

is 0.95.

See als@abbit andresamplefor other sample-rate changing effects.

rabbit [-cO|-c1|-c2|-c3|-c4]
Change the sampling rate using ‘libsamplerate’, also known as ‘Secret Rabbit Chdeé&fect
is optional and must ke keen selected at compile time of SoX. See http://vneaya
nerd.com/SRC for details of the algorithms. Algorithms O through 2 are progagdsister and
lower quality \ersions of the sinc algorithm; the default-t0, which is probably the best quality
algorithm for general use currentlyailable in SoX. Algorithm 3 is zero-order hold, and 4 is lin-
ear interpolation.

See alsqolyphaseandresample for other sample-rate changing effects, and resample for
more discussion of resampling.
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Repeat the entire audamunttimes. Requireslisk space to store the data to be repealute

that repeating once yields dveopies: the original audio and the repeated audio.

resample[—qs|—q|—ql] [rolloff [betd]

Change the sampling rate using simulated analog filtratither rate changing effectsaable
There is a detailed analysis @ésample and polyphase at
http://leute.server.de/wilde/resample.html; sgebit for a pointer to its own documentation.

are polyphase and rabbit.

By default, linear interpolation is used, with a windavidth about 45 samples at the lower of the
two rates. Thigyives an &curag of about 16 bits, but insufficient stop-band rejection in the case
that you want to hee roll-off greater than about® of the Nyquist frequenc

The -g* options will change the default values for rolf-ahd beta as well as use quadratic inter
polation of filter codicients, resulting in about 24 bits precisiofihe —qs, —q, or —gl options
specify increased accuraat the cost of lower xecution speed.lt is optional to specify roll-df
and beta parameters when using-th& options.

Fdlowing is a table of the reasonable defaults which are built-in to SoX:

Option Window Roll-off Beta Interpolation

(none) 45 0.80 16 linear
—qs 45 080 16 quadratic
-q 75 0875 16 quadratic
—ql 149 094 16 quadratic

-gs, —q, or —ql use windav lengths of 45, 75, or 149 samples, respelsti at the lower sample-
rate of the tw files. Thismeans progressily sharper stop-band rejection, at proportionally
slower eecution times.

rolloff refers to the cut-6frequeng of the low pass filter and is gén in terms of the Nyquist fre-
qgueng for the lower sample rateolloff therefore should be something between 0 and 1, in prac-
tise 08-0.95. Thedefaults are indicated aba

The Nyquist fequencyis equal to half the sample rateogically, this is because the A/D con-
verter needs at least 2 samples to detect 1 cycle at the Nyquist freqleaguencies higher then
the Nyquist will actually appear as lower frequencies to the A/detter and is called aliasing.
Normally, A/D corverts run the signal through a lowpass filter first\woid these problems.

Similar problems will happen in software when reducing the sample rate of an audio file (frequen-
cies abwe the nev Nyquist frequeng can be aliased to lower frequencies). Therefore, a good
resample effect will remee dl frequeng information abwe the nev Nyquist frequeng

The rolloff refers to hav close to the Nyquist frequenchis cutof is, with closer being better
When increasing the sample rate of an audio file you would not expectdcahwg fequencies
exist that are past the original Nyquist frequgnBecause of resampling properties, it is common
to have diasing artifacts created ab® the old Nyquist frequenc In that case theolloff refers to
how close to the original Nyquist frequento use a highpass filter to remmthese artifacts, with
closer also being better.

Thebetaparameter determines the type of filter windased. Ary value greater than 2 is the beta
for a Kaiser windw. Beta< 2 slects a Nuttall winde. If unspecified, the default is a Kaiser
window with beta 16.

In the case of Kaiser windo(beta > 2), lower betas produce a somewhat faster transition from
pass-band to stop-band, at the cost of noticeablactdif Abeta of 16 is the default, beta less
than 10 is not recommended. If yoant a sharper cutoff, danise lav betas, use a longer sam-

ple windav. A Nuttall window is selected by specifying gribeta’< 2, and the Nuttall winde

has somewhat steeper ctitdfan the defult Kaiser windwer. You will probably not need to use

the beta parameter at all, unless you are just curious about comparing the effects of Nuttall vs.
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Kaiser windows.

This is the default effect if the twfiles hae dfferent sampling ratesDefault parameters are, as
indicated abee, Kaiser windav of length 45, roll-of0-80, beta 16, linear interpolation.

Note:—gsis only slightly slowerbut more accurate for 16-bit or higher precision.

Note: In may cases of up-sampling, no interpolation is needed, as exact filter coefficients can be
computed in a reasonable amount of spdaebe precise, this is done when

input-rate < output-rate
and
output-rater gcd(input-rate, output-rated511

reverb gain-out ewerb-time<delay>

Add reverberation to the audioEachdelayis given in milliseconds and its feedback is depending
on thereverb-timein milliseconds. Eachdelayshould be in the range of half to quartereferb-
timeto get a realistic rerberation. gain-outis the volume of the output.

reverse Reverse the audio completelyRequires disk space to store the data to bersed.

silenceabove-period$duration thresholftd|%] [ below-periods duration threshdldi|%]]

Remawes slence from the bginning, middle, or end of the audio. Silence is anythingvbelo
specified threshold.

The above-periodsralue is used to indicate if audio should be trimmed at tlggnbang of the

audio. Avalue of zero indicates no silence should be trimmed from thmbieg. Wherspecify-

ing an non-zer@bove-periodsit trims audio up until it finds non-silenc&lormally, when trim-

ming silence from beginning of audio tabove-periodsvill be 1 but it can be increased to higher
values to trim all audio up to a specific count of non-silence peribdsexample, if you had an

audio file with two songs that each contained 2 seconds of silence before the song, you could spec-
ify an above-periodf 2 to strip out both silence periods and the first song.

Whenabove-periodss non-zero, you must also specifylaration andthreshold Duration indi-
cations the amount of time that non-silence must be detected before it stops trimmingBgudio.
increasing the duration, burst of noise can be treated as silence and trimmed off.

Thresholdis used to indicate what samplalwe you should treat as silendéor digital audio, a
value of 0 may be fineui for audio recorded from analog, you may wish to increase the value to
account for background noise.

When optionally trimming silence from the end of the audio, you spedil@v-periodscount.

In this casebelow-periodmeans to reme dl audio after silence is detecteilormally, this will

be a value 1 of but it can be increased to skgy periods of silence that areanted. Br exam-

ple, if you hae a ®ng with 2 seconds of silence in the middle and 2 second at the end, you could
set below-period to a value of 2 to skigothe silence in the middle of the audio.

For below-periodsduration specifies a period of silence that must exist before audio is not copied
ary more. Byspecifying a higher duration, silence that is wanted can be left in the agemtio.
example, if you hee a ®ng with an gpected 1 second of silence in the middle and 2 seconds of
silence at the end, a duration of 2 seconds could be used to/ekipeomiddle silence.

Unfortunately you must knw the length of the silence at the end of your audio file to trim of
silence reliably A work around is to use thglenceeffect in combination with theeverseeffect.

By first reversing the audio, you can use thbove-periodgo reliably trim all audio from what
looks like the front of the file. Then werse the file again to get back to normal.

To remove slence from the middle of a file, specifybelow-periodghat is ngaive. This value is
then treated as a postiivalue and is also used to indicate thieafshould restart processing as
specified by thabove-periodsmaking it suitable for removing periods of silence in the middle of
the audio.
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The period counts are in units of sampledDuration counts may be in the format of
hh:mm:ss.frac, or the exact count of samplésresholdnumbers may be died withd to indi-
cate the value is in decibels, %r to indicate a percentage of maximualue of the samplealue
(0% specifies pure digital silence).

speedfactor{c]

Adjust the audio speed (pitch and tempo togethfagtor is either the ratio of the mespeed to

the old speed: greater than 1 speeds up, less thawd ddwvn, orif appended with the letter ‘c’,

the number of cents (i.e. 100ths of a semitone) by which the pitch (and tempo) should be adjusted:
greater than 0 increases, less than 0 decreases.

By default, the speed change is performed byd¢sampleeffect with its default parametergor
higher quality resampling, in addition to tepeedeffect, specify either theesampleor therab-
bit effect with appropriate parameters.

stat[-sn] [-rms] [-freq] [-V] [—d]

Do a statistical check on the input file, and print results on the standard error file. Audio is passed
unmodified through the SoX processing chain.

The ‘Volume Adjustment:’ field in the statisticsvgs you the parameter to thev numberwhich
will make the audio as loud as possible without clipping. Note: See the discuss®lippimg
above for reasons whit is rarely a good idea to actually do this.

The option—v will print out the ‘Volume Adjustment:’ field value only and return. This could be
of use in scripts to auto ceart the volume.

The —s option is used to scale the input data bywergfactor The default value of is the max
value of a signed long variable (Offfff ). Internaleffects alvays work with signed long PCM
data and so the value should relate to this fact.

The-rms option will corvert all output aerage values to ‘root mean square’ format.
The—freq option calculates the inpstpower spectrum and prints it to standard error.

There is also an optional parameterthat will print out a he dump of the audio from the internal
buffer that is in 32-bit signed PCM data. This is mainly only of use in trackiwg @adian prob-
lems that creep in to SoX on cross-platform versions.

stretch factor [window fade shift fadirjg

Time stretch the audio by thevgn factor Changes duration withoutfatting the pitch. factor
of stretching: >1 lengthen, <1 shorten duratievindowsize is in ms.Default is 20ms.The fade
option, can be ‘lin’. shift ratio, in [0 1]. Default depends on stretchdtor 1 to shorten, 08 to
lengthen. Thefading ratio, in [0 05]. Theamount of a ddes default depends orfactor and
shift

swap[l12]1234

Swap channels in multi-channel audio file®ptionally you may specify the channel order you
would like the output in. This delults to output channel 2 and then 1 for stereo and 2, 1, 4, 3 for
guad-channels. Aimteresting feature is that you may duplicate \@emichannel by werwriting
another This is done by repeating an output channel on the commandHoexample,swap 2

2 will overwrite channel 1 with channel 2; creating a stereo file with both channels containing the
same audio.

synth [len] { [typg [combing [freq[freq2]] [off] [ph] [p1] [p2] [p3]}

This effect can be used to generate fixed or swept freg@edio tones with various aweshapes,

or to generate wide-band noise of various ‘colours’. Multiple synth effects can be cascaded to pro-
duce more complewavdorms; at each stage it is possible to choose whether the generated
waveform will be mixed with, or modulated onto the output from the previous stage. Audio for
each channel in a multi-channel audio file can be synthesised independently.

Though this déct is used to generate audio, an input file must still ngthe characteristics of
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which will be used to set the synthesised audio length, the nhumber of channels, and the sampling
rate; haovever, Snce the input files audio is not normally needed, a ‘null file’ (with the special
name-n) is dften given instead (and the length specified as a parametgyntin or by another

given dfect that can has an associated length).

For example, the follwing produces a 3 second,.-#4&Hz, stereo audio file containing a sine-
wave svept from 300 to 3300 Hz:

sox —n output.au synth 3 sine 300-3300
and this produces an 8 kHz mono version:
sox —r 8000 —c 1 —n output.au synth 3 sine 300—-3300

Multiple channels can be synthesised by specifying the set of parameters [stoveen braces
multiple times; the follwing puts the swept tone in the left channel and adds ‘brown’ noise in the
right:

sox —n output.au synth 3 sine 300—-3300 brownnoise

The following example shows hotwo gynth effects can be cascaded to create a more cemple
waveform:

Sox —n output.au synth®sne 200-500 synth.-B sne fmod 700-100

Frequencies can also bevg as a mmber of musical semitones relaito ‘middle A (440 Hz)
by prefixing a ‘%’ character; for example, the following could be used to help tune ag\ktar’
strings:

play —n synth sine %-17

N.B. This effect generates audio at maximum volume, which means that there is a high chance of
clipping when using the audio subsequergty in nost cases, you will want to follothis efect
with thevol effect to preent this from happening. (See alStipping above.)

A detailed description of eadynth parameter follows:

lenis the length of audio to synthesise expressed as a time or as a humber of samples; O=input-
length, default=0.

The format for specifying lengths in time is hh:mm:ss.frate format for specifying sample
counts is the number of samples with the letter ‘s’ appended to it.

typeis one of sine, square, triangle, sawtooth, trapeziwp, pvhite]noise, pinknoise, bwn-
noise; default=sine

combineis one of create, mix, amod (amplitude modulation), fmod (frequenadulation);
default=create

freg/freq2 are the frequencies at the beginning/end of synthesis in HZ pmeceded with ‘%',
semitones relate © A (440 Hz);for both, defult=%0. If freq2is given, thenlen must also hee
been gren. Notused for noise.

off is the bias (DC-offset) of the signal in percent; default=0.
phis the phase shift in percentage of 1 cycleadkf0. Notused for noise.

plis the percentage of eaclicte that is ‘on’ (square), or ‘rising’ (triangle, exp, trapezium);
default=50 (square, triangle, exp), default=10 (trapezium).

p2 (trapezium): the percentage through eagtiecat which ‘falling’ begins; default=50. exp: the
amplitude in percent; default=100.

p3 (trapezium): the percentage through each cycle at which ‘falling’ ends; default=60.
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treble gain [frequencywidth[s|h|o|q]]]
Apply a treble tone-control ffct. Sedhe description of thbasseffect for details.

tremolo speeddepth
Apply a tremolo (lev frequeng amplitude modulation) é&ct to the audio. The tremolo fre-
gueng in Hz is gven by speed and the depth as a percentagedepth(default 40).

Note: This effect is a special case of dlyath effect.

trim start[length
Trim can trim of unwanted audio from the ganing and end of the audio. Audio is not sent to
the output stream until thetartlocation is reached.

The optionallengthparameter tells the number of samples to output aftestdresample and is
used to trim dfthe back side of the audidJsing a value of O for thstart parameter will alla
trimming off the back side only.

Both options can be specified using either an amount of time or an exact count of sdreles.
format for specifying lengths in time is hh:mm:ss.frécstart value of 1:3® will not start until 1
minute, thirty and %2 seconds into the audite format for specifying sample counts is the num-
ber of samples with the letter ‘s’ appended toAtvalue of 8000s will wait until 8000 samples are
read before starting to process audio.

vol gain[type[limitergain]]
Apply an amplification or an attenuation to the audio sighhilike the —v option (which is used
for balancing multiple input files as thenter the SoX effects processing chawgl is an efect
like eny ather so can be applied anywhere, anebise times if necessargluring the processing
chain.

The amount to change the volume igegiby gain which is interpreted, according to these
type as bllows: if typeis amplitude (or is omitted), thergain is an amplitude (i.e.altage or lin-
ear) ratio, ifpower, then a power (i.e. wattage or voltage-squared) ratio, adB,ithen a pwer
change in dB.

Whentypeis amplitude or power, again of 1 leaves the volume unchanged, less than 1 decreases
it, and greater than 1 increases it; gaiee gain inverts the audio signal in addition to adjusting
its volume.

Whentypeis dB, a gain of 0 leaves the volume unchanged, less than 0 decreases it, and greater
than O increases it.

See [4] for a detailed discussion on electrical (and hence audio signal) voltage and power ratios.
Beware of Clipping when the increasing the volume.

An optionallimitergain value can be specified and should be a value much less than 1.{&.gr O
0.02) and is used only on peaks toverg clipping. Not specifying this parameter will cause no
limiter to be used. In verbose mode, thiseef will display the percentage of the audio that
needed to be limited.

Deprecated Effects
The following effects hae been renamed or kia teir functionality included in anotherfe€t. The con-
tinue to work in this version of SoX but may be resbin future.

avg [ —l|-r|—f|-b|-1|-2|-3|-4|n{,n} ]
Reduce the number of audio channels by mixing or selecting channels, or duplicate channels to
increase the number of channels. Thieelfis just an alias of thmixer effect and is retained for
backwards compatibility only.

highp frequency
Apply a high-pass filterThis effect is just an alias for théghpasseffect used with its1 option;
it is retained for backwards compatibility only.
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lowp frequency
Apply a lov-pass filter This effect is just an alias for thewpasseffect used with its1 option; it
is retained for backwards compatibility only.

mask [depth
This effect is just a deprecated alias forditber effect, left for historical reasons.

pick [ —I|-r|-f|-b|-1|-2|-3|-4|n{.n} ]
Pick a subset of channels to be copied into the output file. This effect is just an aliasmbdethe
effect and is retained for backwards compatibility only.

rate Does the same assamplewith no parameters; it exists for backwards compatibility.

vibro speeddepth
This is a deprecated alias for tlhemolo effect. Itdiffers in that the depth parameter ranges from
0 to 1 and defaults to &.
DIAGNOSTICS
Exit status is O for no errpd 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
soxexan{7), libst(3)

The SoX web page at http://sox.sourceforge.net
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LICENSE
Copyright 1991 Lance Norskog and Sundry Conitdrs. Copright 1998-2007 by Chris Bagwell and
SoX Contributors.

This program is free software; you can redisttébit 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 opliatgr an
version.

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

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