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SoX - Sound eXchange, the Swiss Army knife of audio manipulation

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

play [global-option$ [format-optiong infile1
[[format-option§infile?] ... [format-option}
[effect[effect-optiony ...

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

SCRIPTION

Introduction
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 recordéralso has limited ability to split the input into multiple output files.

All SoX functionality is &ailable using just theoxcommand. ® smplify playing and recording audio, if
SoX is irvoked as play, the output file is automatically set to be theaddtfsound device, and ifvuoked as
rec, the default sound device is used as an input sourdditionally, thesoxi(1) command provides a con-
venient 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 pdipsox(3).

SoX is a command-line audio processing tool, particularly suited to making quick, simple edits and to batch
processing. Ifyou need an interagt, graphical audio editpuseaudacity(1).

* * *

The overall SoX processing chain can be summarised as follows:
Input(s) - Combiner- Effects — Output(s)

Note havever, that on the SoX command line, the positions of the Output(s) and the Effectsapredw
w.r.t. the logical flav just shavn. Notealso that whilst options pertaining to files are placed before their
respectie file name, the opposite is true fofeets. D show how this works in practice, here is a selection
of examples of hw SoX might be used. The simple

Sox recital.au recital.wav
translates an audio file in SutUAormat to a Microsoft AV file, whilst

sox recital.au —b 16 recital.wav channels 1 rate 16k fade 3 norm
performs the same format translation, but also applies four effeetsmtidx to one channel, sample rate
change, fade-in, nomalize), and stores the result at a bit-depth of 16.

sox —r 16k —e signed —b 8 —¢ 1 voice-memo.raw voice-memo.wav
converts ‘raw’ (a.k.a. ‘headerless’) audio to a self-describing file format,

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

sox short.wav long.wav longer.wav
concatenates twvaudio files, and

sox —m music.mp3 voice.wav mixed.flac
mixes together tevaudio files.

play "The Moonbeams/Greatest/*.ogg" bass +3
plays a collection of audio files whilst applying a bass boosting effect,

play —n —c1 synth sin %-12 sin %-9 sin %-5 sin %-2 fade h 0.1 1 0.1
plays a synthesised minor seventh’ chord with a pipe-@an sound,

rec —c 2 radio.aiff trim 0 30:00
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records half an hour of stereo audio, and
play —q takel.aiff & rec —M takel.aiff takel—-dub.aiff
(with POSIX shell and where supported by hardware) recordswvatraek in a multi-track recording.
Finally,
rec —r 44100 -b 16 —e signed-integer —p \
silence 1 0.50 0.1% 1 10:00 0.1% |\
sox —p song.ogg silence 1 0.50 0.1% 1 2.0 0.1% : \
newfile : restart
records a stream of audio such as LP/cassette and splits in to multiple audio files at points with 2 seconds of
silence. Alsojt does not start recording until it detects audio is playing and stops after it sees 10 minutes
of silence.

N.B. Theabove is just an @erview of SoX's capabilities; detailed explanations ofvhdo use all SoX
parameters, file formats, and effects can be foundvdelthis manual, irsoxformat(7), and insoxi(1).

File Format Types

SOX

SoX can work with ‘self-describing’ and & audio files. ‘self-describing’ formats (e.g.A¥, FLAC,

MP3) hare a leader that completely describes the signal and encoding attributes of the audio data that fol-
lows. ‘raw’ or ‘headerless’ formats do not contain this information, so the audio characteristics of these
must be described on the SoX command line or inferred from those of the input file.

The following four characteristics are used 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 ‘HBigital telephowy traditionally uses a
sample rate of 8000 Hz (8 kHz), though these days, 16\amd32 kHz are becoming more com-
mon. Audio Compact Discs use 44100 Hz.{4Hz). Digital Audio Tape and mgncomputer
systems use 48 kHz. Professional audio systems often use 96 kHz.

sample size
The number of bits used to store each sampdelay, 16-bit is commonly used. 8-bit was popular
in the early days of computer audio. 24-bit is used in the professional audio arena. Other sizes are
also used.

data encoding
The way in which each audio sample is represented (or ‘encodgai)e encodings kia variants
with different byte-orderings or bit-orderings. Some compress the audio data so that the stored
audio data takes up less space (i.e. disk space or transmission bandwidth) than the other format
parameters and the number of samplesilds imply Commonly-used encoding types include
floating-point, p-lav, ADPCM, signed-integer PCM, MP3, and 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 a measure of the amount of storage occupied by an encoded audioaignahio

of time. It can depend on all of the aloand is typically denoted as a number of kilo-bits per second
(kbps). AnA-law telephory signal has a bit-rate of 64 kbps. MP3-encoded stereo music typically has a bit-
rate of 128-196 kbps. FLAC-encoded stereo music typically has a bit-rate of 550-760 kbps.

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 (for certain input file formats only; currertiyfeast FLAC and Ogg Vorbis), bt

not generating it. Note that by default, SoX copies input file comments to output files that support com-
ments, so output files may contain Replay Gain information if some was present in the inpunttfils.

case, if anything other than a simple formatveosion 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).
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Thesoxi(1) command can be used to display information from audio file headers.

Determining & Setting The File Format

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 ancia®gavailable:
1. Command-line format options.

2. The contents of the file header.

3. The filename extension.

To st the output file format, SoX will use, in order of precedence and@saiavailable:

1. Command-line format options.

2. The filename extension.

3. The input file format characteristics, or the closest 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.

Playing & Recording Audio

SOX

Theplay andrec commands are provided so that basic playing and recording is as simple as
play existing-file.wav
and
rec new-file.wav
These two commands are functionally egalent to
sox existing-file.wav —d
and
sox —d new-file.wav
Of course, further options and effects (as described below) can be added to the commands in either form.

* * *

Some systems provide more than one type of (SoX-compatible) auden, drg. ALSA & OSS, or
SUNAU & AO. Systems can also k@ nore than one audio diee (a.k.a. ‘sound card’). If more than one
audio drver has been built-in to SoX, and the default selected by SoX when recording or playing is not the
one that is wanted, then tA&JDIODRIVER ervironment variable can be used teewide the dedult.
For example (on maysystems):

set AUDIODRIVER=0ss

play ...
The AUDIODEV environment variable can be used terdde the default audio device, e.g.

set AUDIODEV=/dev/dsp2

play ...

SOX ... —t 0SS
or

set AUDIODEV=hw:soundwave,1,2

play ...

Sox ... —t alsa
Note that the way of setting @ronment variables varies from system to system—for some speatfic-e
ples, see ‘SOX_OPTS’ belo

When playing a file with a sample rate that is not supported by the audio outicet &®X will automati-
cally invoke the rate effect to perform the necessary sample ratevasion. For compatibility with old
hardware, the defultrate quality level is st to ‘low’. This can be changed by explicitly specifying tag
effect with a different quality e, e.qg.

play ... rate -m
or by using the-—play-rate—arg option (see below).
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* * *

On some systems, SoX alle audio playback volume to be adjusted whilst upilag. Where supported,
this is achiged by tapping the ‘v’ & 'V’ keys during playback.

To help with setting a suitable recordingvée SoX includes a peakael meter which can be vwwoked
(before making the actual recording) as follows:

rec —n
The recording beel should be adjusted (using the system-providedemprogram, not SoX) so that the
meter isat most occasionallfull scale, and neer ‘in the red’ (an exclamation mark is shg. Seealso-S
below.

Accuracy

SOX

Mary file formats that compress audio discard some of the audio signal information whilst doing so. Con-
verting to such a format and then eerting back agin will not produce an exact cppf the original

audio. Thisis the case for mgrformats used in telephgife.g. A-lav, GSM) where lav signal bandwidth

is more important than high audio fidelignd for mary formats used in portable music players (e.g. MP3,
Vorbis) where adequate fidelity can be retaineghenith the large compression ratios that are needed to
malke portable players practical.

Formats that discard audio signal information are called ‘losBgimats that do not are called ‘lossless’.
The term ‘quality’ is used as a measure ofvhabosely 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 performjrayidio 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 appliesitheeffect, and finally creates the output MP3
file by re-compressing 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 thiemn wthe lossy format only
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.

Dithering

Dithering is a technique used to maximise the dynamic range of audio stored at a particular bit-gepth. An
distortion introduced by quantisation is decorrelated by adding a small amount of white noise to the signal.
In most cases, SoX can determine whether the selected processing requires dither and will add it during
output formatting if appropriate.

Specifically by default, SoX automatically adds TPDF dither when the output bit-depth is less than 24 and
ary of the following are true:

»  bit-depth reduction has been specified explicitly using a command-line option
» the output file format supports only bit-depths lower than that of the input file format
» an effect has increased effeetiit-depth within the internal processing chain

For example, adjusting volume wittiol 0.25 requires tw additional bits in which to losslessly store its
results (since @5 decimal equals-01 binary). So if the input file bit-depth is 16, then Soiternal rep-
resentation will utilise 18 bits after processing this volume change. In order to store the output at the same
depth as the input, dithering is used to reenhe additional bits.
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Use the-V option to see what processing SoX has automatically added-O'loption may be gen to
override automatic ditheringTo invdke dthering manually (e.g. to select a noise-shapingeursee the
dither effect.

Clipping
Clipping is distortion that occurs when an audio signadl Ieor ‘volume’) exceeds the range of the chosen
representation. Imost cases, clipping is undesirable and so should be corrected by adjustingglthe le
prior to the point (in the processing chain) at which it occurs.

In SoX, clipping could occyas you might epect, when using theol or gain effects to increase the audio
volume. Clipping could also occur with mawther effects, when cemerting one format to anotheand
even when simply playing the audio.

Playing an audio file oftenwolves resampling, and processing by analogue components can introduce a
small DC offset and/or amplification, all of which can produce distortion if the audio sigalaivigs ini-
tially too close to the clipping point.

For these reasons, it is usual to realre that an audio file’sgnal level has some ‘headroom’, i.e. it does
not exceed a particularve below the maximum possible Vel for the gven representation. Sonstan-
dards bodies recommend as much as 9dB headradiim imost cases, 3dB 70% linear) is enoughNote
that this wisdom seems toveabkeen lost in modern music production; in fact, gn@bs, MP3s, etc.are
now mastered at lesls aboveOdBFS i.e. the audio is clipped as deiled.

SoX’s stat andstats effects can assist in determining the signedllen an audio file. Thegain or vol effect
can be used to prent clipping, e.g.

sox dull.wav bright.wav gain -6 treble +6
guarantees that the treble boost will not clip.

If clipping occurs at anpoint during processing, SoX will display a warning message to that effect.
See alsa-G and thegain andnorm effects.

Input File Combining
SoX’s input combiner can be configured (see OPTIONSWelo combine multiple files using wrwf the
following methods: ‘concatenate’, ‘sequence’, ‘mix’, ‘mix-power’, ‘merge’, or ‘multiply’. Thead#f
method is ‘sequence’ f@lay, and ‘concatenate’ forec andsox

For all methods other than ‘sequence’, multiple input files museltae 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 (usually will be by defult) 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.

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 fileveder, 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 diferent 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-power’ combining method is selected then tw nmore input files must be gn

and will be mixed together to form the output file. The number of channels in each input file need not be
the same, but SoX will issue a warning ifyttaee not and some channels in the output file will not contain
audio from gery input file. A mixed audio file cannot be un-mixed without reference to the original input
files.

If the ‘merge’ combining method is selected thep tw more input files must beggn and will be meged
together to form the output filelhe 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. Uginteiis 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.
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The ‘multiply’ combining method multiplies the sample values of corresponding channels (treated as num-
bers in the interal -1 to +1). If the number of channels in the input files is not the same, the missing chan-
nels are considered to contain all zero.

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

For all combining methods, input file volume adjustments can be made manually usirg thEion
(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 recele o volume adjustment. In some circumstances, automatigme 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.In this case, if manual volume adjustments are n@ngiSoX will try to ensure that clip-

ping does not occur by automatically adjusting tbiiwme (amplitude) of each input signal by a factor of

/n, where n is the number of input filef. this results in audio that is too quiet or otherwise unbalanced
then the input file @umes can be set manually as described@hlidsing thenorm effect on the mix is
another alternate.

If mixed audio seems loud enough at some points but too quiet in others then dynamic range compression
should be applied to correct this—see¢bempandeffect.

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

does not guarantee that clipping will not o¢durt the number of clips will usually bevioand the resultant
distortion is generally imperceptible.

Output Files

SoX’s default behaviour is to takane or more input files and write them to a single output file.

This behaviour can be changed by specifying the pseudo-effect ‘newfile’ within the effects list. SoX will
then enter multiple output mode.

In multiple output mode, a wefile is created when thefe€ts prior to the ‘newfile’ indicate thiere done.
The effects chain listed after ‘newfile’ is then started up and its outpwters wathe nev file.

In multiple output mode, a unique number will automatically be appended to the end of all fileffaires.
filename has an extension then the number is inserted beforde¢hsien. Thidehaiour can be custom-

ized by placing a %n anywhere in the filename where the number should be substituted. An optional num-
ber can be placed after the % to indicate a minimum fixed width for the number.

Multiple output mode is notery useful unless an effect that will stop the effects chain early is specified
before the ‘nefile’. If end of file is reached before the effects chain stops itself therwnilaevill be cre-
ated as it would be empty.

The following is an example of splitting the first 60 seconds of an input file i@®wsecond files and
ignoring the rest.
sox song.wav ringtone%21n.wav trim 0 30 : newfile : trim 0 30

Stopping SoX

SOX

Usually SoX will complete its processing andteutomatically once it has read alladable audio data
from the input files.

If desired, it can be terminated earlier by sending an interrupt signal to the process (usually by pressing the
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keyboard interrupt &y which is normally Ctrl-C).This is a natural requirement in some circumstances, e.g.
when using SoX to ma&ka ecording. Notethat when using SoX to play multiple files, Ctrl-C betm
slightly differently: pressing it once causes SoX to skip to the next file; pressing it twice in quick succession
causes SoX to exit.

Another option to stop processing early is to use &rctethat has a time period or sample count to
determine the stopping point. The trim effect is an example of this. Once all effects civairgopped
then SoX will also stop.

FILENAMES
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 &X-mdme will not work since
SoX will treat it as an &ct specification. The only work-around to this is void such filenames. This is
generally not difficult since most audio filenamesgeha flename ‘extension’, whilst effect-names do not.

Special Filenames
The folloving special filenames may be used in certain circumstances in place of a normal filename on the
command line:

- SoX can be used in simple pipeline operations by using the special filename ‘=’ which, if used as
an input filename, will cause SoX will read audio data from ‘standard input’ (stdin), and which, if
used as the output filename, will cause SoX will send audio data to ‘standard output’ (stdout).
Note that when using this option for the output file, and sometimes when using it for an input file,
the file-type (seet below) must also be gn.

"| program[optiong ..."
This can be used in place of an input filename to specify theubre gbgrams g¢andard output
(stdout) be used as an input filgnlike — (above), this can be used for\s®al inputs to one SoX
command. Br example, if ‘genw’ generates mondAWformatted signals to its standard output,
then the following command makes a stereo file fromdenerated signals:

sox —M "|genw ——imd =" "|genw ——thd -" out.wav

For headerless (raw) audiet (and perhaps other format options) will need to bergipreceding
the input command.

" wildcard-filenamé
Specifies that filename ‘globbing’ (wild-card matching) should be performed by SoX instead of by
the shell. This allows a single set of file options to be applied to a group offidesxample, if
the current directory contains three ‘vox’ files, filel.vox, file2.vox, and file3.vox, then
play ——rate 6k *.vox
will be expanded by the ‘shell’ (in most environments) to
play ——rate 6k filel.vox file2.vox file3.vox
which will treat only the first vox file as having a sample rate of\@kh
play ——rate 6k "*.vox"
the given sample rate option will be applied to all three vox files.

—p, ——SOx—pipe
This can be used in place of an output flename to specify that the SoX command should be used
as in input pipe to another SoX commaikdr example, the command:
play "|sox —n —p synth 2" "|sox —n —p synth 2 tremolo 10" stat
plays two ‘files’ in succession, each with different effects.

—pis in fact an alias for-t sox -.

-d, ——default—device
This can be used in place of an input or output filename to specify that the default audio device (if
one has been built into SoX) is to be usédhis is akin to imoking rec or play (as described
above).
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-n, ——null
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 ¢penating-
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 mainlyfedts 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).

Supported File & Audio Device Types
Seesoxformat(7) for a list and description of the supported file formats and audio deweesdri

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

The SOX_OPTSernvironment variable can be used tode alternatie default values for SoX dobal
options. Br example:

SOX_OPTS="--buffer 20000 ——play-rate—arg —hs ——temp /mnt/temp"
Note that setting SOX_OPTS can potentially create unwanted changes in thieurebiascripts or other
programs that woke SX. SAX_OPTS might best be used for things (such as in tren gkample) that
reflect the environment in which SoX is being rufnabling options such as-no-clobber as defult
might be handled better using a shell alias since a shell alias will not affect operation in scripts etc.

One way to ensure that a script cannot be affected by SOX_OPTS is to clear SOX_OPTS at the start of the
script, but this of course loses the benefit of SOX_OPTS carrying some system-wide default éptions.
alternatve gproach is to explicitly woke SX with default option values, e.g.

SOX_OPTS="-V —-no-clobber"

sox —V2 ——clobber $input $output ...
Note that the way to set environment variables varies from system to system. Here are some examples:

Unix bash:
export SOX_OPTS="-V ——no-clobber"
Unix csh:
setenv SOX_OPTS "~V —-no-clobber"
MS-DOS/MS-Windows:
set SOX_OPTS=-V —-no-clobber
MS-Windows GUI: via Control Panel : System : Advanced : Environment Variables

Mac OS X GUI: Refer to Apple’'Technical Q&A QA1067 document.

——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 processingjinput—buffer applies only to input processing (for which
it overrides——Dbuffer if both are gien).

Be awvare that large values for-buffer will cause SoX to be become wldo respond to requests
to terminate or to skip the current input file.

——clobber
Don’t prompt before werwriting an existing file with the same name as thaemgfor the output
file. Thisis the default behaviour.
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——combine concatenatpmerge|mix |mix—power|multiply |sequence
Select the input file combining method; for some of these, short optiongadabla: —-m selects
‘mix’, =M selects ‘merge’, andT selects ‘multiply’.

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

-D, ——no-dither
Disable automatic dither—see ‘Dithering’ aleo An example of wly this might occasionally be
useful is if a file has been ogeted from 16 to 24 bit with the intention of doing some processing
on it, but in fact no processing is needed after all and the original 16 bit file has been lost, then,
strictly speaking, no dither is needed if ening the file back to 16 bitSee also thetats effect
for haw to determine the actual bit depth of the audio within a file.

——effects—fileFILENAME
Use FILENAME to obtain all éécts and their guments. Thdile is parsed as if the values were
specified on the command lind new line can be used in place of the speciakrker to separate
effect chains.For corvenience, such maeks at the end of the file are normally ignored; if you
want to specify an empty last effects chain, usexpli@t : by itself on the last line of the file.
This option causes greffects specified on the command line to be discarded.

-G, ——guard
Automatically irvoke the gain effect to guard against clipping. E.g.
sox —G infile —b 16 oultfile rate 44100 dither —s
is shorthand for
sox infile —b 16 outfile gain —h rate 44100 gain -rh dither —s
See alse-V, ——norm, and thegain effect.

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

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

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

——i, ——info
Only if given as he first parameter ®ox behase & soxi(1).

-m|-M
Equivaent to-—combine mixand——combine merge respectiely.

——magic
If SoX has been built with the optional ‘libmagic’ library then this option can @ do enable
its use in helping to detect audio file types.

——multi-threaded | ——single-threaded
By default, SoX is ‘single threadedIf the ——multi-threaded option is given howeve then SoX
will process audio channels for most multi-channel effects in paralleyperdthreading/multi-
core architectures. This may reduce processing time, though sometimes it may be necessary to use
this option in conjunction with a largeuffer size than is the default to gainydoenefit from
multi-threaded processing (e.g. 131072;-sebuffer above).

——no-clobber
Prompt before werwriting an existing file with the same name as thedrgfor 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 effect? ...
when what you really meant was
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play filel file2 effectl effect? ...
then, without this option, file2 will beverwritten. Hence,using this option is recommended.
SOX_OPTS (abwe), a ‘shell’ alias, script, or batch file may be an appropriate way of permanently
enabling it.

——norm[=dB-leve]
Automatically irvoke the gain effect to guard against clipping and to normalise the audio. E.g.
sox ——norm infile —b 16 outfile rate 44100 dither —s
is shorthand for
sox infile —b 16 outfile gain —h rate 44100 gain —nh dither —s
Optionally, the audio can be normalized to aegi levd (usually) belav O dBFS:
sox ——norm=-3 infile outfile

See alsaV, -G, and thegain effect.

——play-rate—arg ARG
Selects a quality option to be used when the ‘rafecefs automatically woked whilst playing
audio. Thisoption is typically set via th8OX_OPTSenvironment variable (see ai).

——plot gnuplot|octave|off

If not set tooff (the default if—-—plot is not given), run in a mode that can be used, in conjunction
with the gnuplot program or the GNU Oetaprogram, to assist with the selection and configura-
tion of mary of the transfer-function basedfedts. Fr the first gien efect that supports the
selected plotting program, SoX will output commands to plot tfectsf transfer function, and
then exit without actually processingyaaudio. E.g.

sox ——plot octave input-file —n highpass 1320 > highpass.plt

octave highpass.plt

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

-R Run in ‘repeatable’ mode. When this option igegi where applicable, SoX will embed aefik
time-stamp in the output file (e.AIFF) and will ‘seed’ pseudo random number generators (e.g.
dither) with a fixed numberthus ensuring that successiSX invocations with the same inputs
and the same parameters yield the same output.

——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 oainput 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 file. Also shown is a pea#l-lmeter and an indication if clipping
has occurred. The peakslt meter shavs up to tvo channels and is calibrated for digital audio as
follows (right channel shown):

dB FSD Display dBFSD Display

-25 -11 =—===
-23 = -9 —_——==—
=21 = -7 =====
-19 == -5 —====-
-17 ==— -3 —=====
-15 === -1 =====I
-13 ===-

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

This option is enabled by default when using SoX to play or record audio.
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-T Equivaent to-—combine multiply.

—--temp DIRECTORY
Specify that aptemporary files should be created in theegiDIRECTORY This can be useful if
there are permission or free-space problems with treutiébcation. In this case, using-temp
. (to use the current directory) is often a good solution.

—=version
Shov SoX’'s version number and exit.
=V[level
Set \erbosity This is particularly useful for seeingwany automatic effects hae keen ivoked
by SoX.
SoX displays messages on the console (stderr) according to the following verlvelsity le
0 No messages are shown at all; use the exit status to determine if an error has occurred.
1 Only error messages are shho Theseare generated if SoX cannot complete the

requested commands.

2 Warning messages are also wimo 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 o
SoX is processing your audio.

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

By default, the verbosity W&l is st to 2 (shows errors and warnings). Each occurrence ef\the
option increases the verbositwéeby 1. Alternatively, the verbosity leel can be set to an abso-
lute number by specifying it immediately after thé, 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.

——ignore-length
Override an (incorrect) audio lengthvgn in an aidio file's header If this option is gren then
SoX will keep reading audio until it reaches the end of the input file.

-v, ——volume FACTOR
Intended for use when combining multiple input files, this option adjusts the volume of the file that
follows it on the command line by a factor XCTOR. This allaws it to be ‘balanced’ wit. the
other input files. This is a linear (amplitude) adjustment, so a humber less than 1 decreases the
volume and a number greater than 1 increases it. Ifdime rumber is gien then in addition to
the volume adjustment, the audio signal will besited.

See also thaorm, vol, and gain effects, and sekput 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.

-b BITS ——bits BITS
The number of bits (a.k.a. bit-depth or sometimes word-length) in each encoded shioiple.
applicable to compleencodings such as MP3 or GSMlot necessary with encodings thavéa
fixed number of bits, e.g. A/ua ADPCM.

For an input file, the most common use for this option is to inform SoX of the number of bits per
sample in a ‘raw’ (‘headerless’) audio filEor example
sox —r 16k —e signed —b 8 input.raw output.wav
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converts a particular ‘raw’ file to a self-describing AW’ file.

For an autput file, this option can be used (perhaps along wdjtto st the output encoding size.
By default (i.e. if this option is notgn), the output encoding size will (miding it is supported
by the output file type) be set to the input encoding dioe example

sox input.cdda —b 24 output.wav
corverts rav CD digital audio (16-bit, signed-integer) to a 24-bit (signed-integeAVWi le.

—Cc CHANNELS--channelsCHANNELS
The number of audio channels in the audio file. This canyawmnber greater than zero.

For an input file, the most common use for this option is to inform SoX of the number of channels
in a ‘raw’ (‘headerless’) audio fileOccasionallyit may be useful to use this option with a ‘head-
ered’ file, in order toeerride the (presumably incorrect) value in the header—note that this is only
supported with certain file types. Examples:

sox —r 48k —e float —b 32 —c 2 input.raw output.wav
converts a particular ‘raw’ file to a self-describing AW’ file.

play —c 1 music.wav
interprets the file data as belonging to a single changaidiess of what is indicated in the file
header Note that if the file does i€t hae wo channels, this will result in the file playing at
half speed.

For an autput file, this option pnddes a shorthand for specifying that ttennelseffect should
be invoked in order to change (if necessary) the number of channels in the audio signal to the num-
ber gven. For example, the following tavcommands are eqdlent:
sox input.wav —c 1 output.wav bass -b 24
SOX input.wav output.wav bass —-b 24 channels 1
though the second form is more flexible as it allows the effects to be ordered arbitrarily.

—e ENCODING ——encodingENCODING
The audio encoding type. Sometimes needed with file-types that support more than one encoding
type. For example, with vg WAV, or AU (but not, for example, with MP3 or FL@). Theavail-
able encoding types are as follows:

signed-integer
PCM data stored as signed (@w complement’) intgers. Commonlysed with a 16 or
24 -bit encoding sizeA value of 0 represents minimum signal power.

unsigned-integer
PCM data stored as unsigned gees. Commonlysed with an 8-bit encoding sizé
value of 0 represents maximum signal power.

floating-point
PCM data stored as IEEE 753 single precision (32-bit) or double precision (64-bit) float-
ing-point (‘real’) numbers A value of 0 represents minimum signal power.

a-law International telephgnstandard for logarithmic encoding to 8 bits per sampiehas a
precision equialent to roughly 13-bit PCM and is sometimes encoded witersed bit-
ordering (see theX option).

u-law, mu-law
North American telephgnstandard for logarithmic encoding to 8 bits per sample.a.
p-law. It has a precision eqealent to roughly 14-bit PCM and is sometimes encoded
with reversed bit-ordering (see theX option).

oki-adpcm
OKI (a.k.a. \OX, Dialogic, or Intel) 4-bit ADPCM; it has a precision e¢plént to
roughly 12-bit PCM. ADPCM is a form of audio compression that has a good compro-
mise between audio quality and encoding/decoding speed.
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ima-adpcm

IMA (a.k.a. DVI) 4-bit ADPCM,; it has a precision egglient to roughly 13-bit PCM.
ms-adpcm

Microsoft 4-bit ADPCM; it has a precision egdient to roughly 14-bit PCM.
gsm-full-rate

GSM is currently used for the vast majority of therld’'s dgital wireless telephone calls.

It utilises sgeral audio formats with different bit-rates and associated speech quality
SoX has support for GSMI'ariginal 13kbps ‘Full Rate’ audio format. It is usually CPU-
intensive  work with GSM audio.

Encoding names can be abbated where this would not be ambiguous; e.g. ‘unsignedente
can be gien as un’, but not ‘u’ (ambiguous with ‘u-law’).

For an input file, the most common use for this option is to inform SoX of the encoding ef’a ‘ra
(‘headerless’) audio file (see the exampleshrand-c above).

For an autput file, this option can be used (perhaps along whi)hto st the output encoding type
For example
sox input.cdda —e float outputl.wav

sox input.cdda —b 64 —e float output2.wav
corvert raw CD digital audio (16-bit, signed-integer) to floating-pointAW files (single & dou-
ble precision respewtly).

By default (i.e. if this option is notggn), the output encoding type will (providing it is supported
by the output file type) be set to the input encoding type.

——no-glob
Specifies that filename ‘globbing’ (wild-card matching) should not be performed by SoX on the
following filename.For example, if the current directory contains thetiiles ‘five-seconds.ex
and ‘five*.wav, then
play ——no—glob "five*.wav"
can be used to play just the single file ‘fiveduv

-r, ——rate RATHK]
Gives the sample rate in Hz (or kHz if appended with ‘k’) of the file.

For an input file, the most common use for this option is to inform SoX of the sample rate of a
‘raw’ (‘headerless’) audio file (see the exampleslirand—c abore). Occasionallyt may be use-
ful to use this option with a ‘headered’ file, in order verdde the (presumably incorrect) value in
the header—note that this is only supported with certain file typasexample, if audio ws
recorded with a sample-rate of say 48k from a source that played back a little5%gaytdb
slowly, then

sox —r 48720 input.wav output.wav
effectively corrects the speed by changing only the file headers@e also thepeedeffect for the
more usual solution to this problem).

For an autput file, this option provides a shorthand for specifying thatdte effect should be
invoked in order to change (if necessary) the sample rate of the audio signal tov¢hevaue.
For example, the following tw commands are equalent:

sox input.wav —r 48k output.wav bass -b 24

SoX input.wav output.wav bass —-b 24 rate 48k
though the second form is more flexible as itvadlgate options to be gien, and allows the
effects to be ordered arbitrarily.

-t, ——type FILE-TYPE
Gives the type of the audio fileFor both input and output files, this option is commonly used to
inform SoX of the type a ‘headerless’ audio file (e.g, rap3) where the actual/desired type can-
not be determined from avgh filename &tension. Br example:
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another-command | sox -t mp3 - output.wav

sSox input.wav —t raw output.bin
It can also be used tov@ride the type implied by an input filename extension, buvéfraling
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

—X, ——endian swap
These options specify whether the byte-order of the audio data is, redpgtdiitle endian’, ‘big
endian’, or the opposite to that of the system on which SoX is being &setlanness applies
only to data encoded as floating-point, or as signed or unsigned integers of 16 or mdtasbits.
often necessary to specify one of these options for headerless files, and sometimes necessary for
(otherwise) self-describing filesA given endian-setting option may be ignored for an input file
whose header contains a specific endianness iderdifi@r an output file that is actually an audio
device.

N.B. Unlike aher 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 lit-
tle-endian system:

sox —B audio.s16 trimmed.s16 trim 2
trimmed.s16 will be created as little-endian;

sox —B audio.s16 —B trimmed.s16 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 showietdselre
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 \esesl; sometimes useful with awfe
(mostly headerless) formats.

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

Output File Format Options

SOX

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 (or—comment-filg) is not given. To secify

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 formats. If this option isveot gi
then a default compression factor will appljhe 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.
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EFFECTS
In addition to cowerting, playing and recording audio files, SoX can be usedvtikéna umber of audio
‘effects’. Multiple effects may be applied by specifying them one after another at the end of the SoX com-
mand line, forming an ‘effects chainNote that applying multiple effects in real-time (i.e. when playing
audio) is lilely to require a high performance compufopping other applications may alleviate perfor
mance issues should theccur.

Some of the SoX effects are primarily intended to be applied to a single instrumegitet. Vo facilitate
this, theremix effect and the global SoX optiorM can be used to isolate then recombine tracks from a
multi-track recording.

Multiple Effects Chains
A single effects chain is made up of one or mofeat$. Audiofrom the input runs through the chain until
either the end of the input file is reached or an effect in the chain requests to terminate the chain.

SoX supports running multiple effects chaingrahe input audio. In this case, when one chain indicates it
is done processing audio, the audio data is then sent throughxtheffaets chain. This continues until
either no more effects chains exist or the input has reached the end of the file.

An effects chain is terminated by placing écolon) after an ééct. Ary following effects are a part of a
new effects chain.

It is important to place the effect that will stop the chain as the fiesttef the chain. This is becauseyan
samples that areulfered by effects to the left of the terminating effect will be discarded. The amount of
samples discarded is related to théuffer option and it should be kept small, relatio the sample rate,

if the terminating effect cannot be first. Further information on stoppiiegtefcan be found in tHstop-

ping SoXsection.

There are a fe pseudo-dicts that aid using multiple effects chains. These inchalgfile which will
start writing to a n& output file before moving to the nexffedts chain andestart which will move back

to the first effects chainPseudo-décts must be specified as the first effect in a chain and as the fecly ef
in a chain (thg must hae a: before and after tlyeare specified).

The following is an example of multiple effects chains. It will split the input file into multiple files of 30
seconds in lengthEach output filename will a wtniqgue number in its name as documented irCtbgput
Files section.

sox infile.wav output.wav trim 0 30 : newfile : restart

Common Notation And Parameters
In the descriptions that follg 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 repeat-
able but not optional. Where applicable, default values for optional parameters are shown in parenthesis ().

The following parameters are used with, andehhe same meaning faeveal effects:

centefk]
Seefrequency

frequencik]
A frequeng in Hz, or, if appended with ‘k’, kHz.

gain A power gain in dB. Zero ges no @in; less than zerogs an d@enuation.

position
A position within the audio stream; the syntax=$#|-]timespecwheretimespeds a time speci-
fication (see belw). The optional first character indicates whether timespecis to be inter
preted relatie 1 the start €) or end (-) of audio, or to the préous positionif the effect accepts
multiple position argumentst]. Theaudio length must be known for end-relatiocations to
work; some effects do accep0 for end-of-audio, though,ven if the length is unknen. Which
of =, +, — is the default depends on the effect and is shown in its syntax appsition(+).

Examples=2:00 (two minutes into the audio stream)100s(one hundred samples before the end
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of audio),+0:12+10s(twelve ssconds and ten samples after the previous positi@nd+1s(one
sample less than half a second before the end of audio).

widthlh|k |o|q]
Used to specify the band-width of a filtek number of different methods to specify the width are
awailable (though not all forvery effect). Oneof the characters shown may be appended to select
the desired method as follows:

Method Notes
h Hz
k kHz
0 Octaves
g Q-factor Seg?]

For each efect that uses this parametttre default method (i.e. if no character is appended) is the
one that it listed first in the first line of the effsatescription.

Most effects that expect an audio position or duration in a parameteatime specification accept either
of the following two forms:

[[hours]minutes]secondgfrac][t]
A specification of ‘1:36’ corresponds to one minute, thirty and %2 seconfise t sufiix is
entirely optional (havever, e thesilenceeffect for an &ception). Notehat the componental
ues do not hae b be rormalized; e.g., ‘1:23:45’, ‘83:45’, '79:0285’, ‘1:0:1425’, ‘1::1425" and
‘5025’ all are lgd and equvalent to each other.

samples

Specifies the number of samples direalyin 8000s’. for large sample counts,motationis sup-
ported: ‘1.7e6s’ is the same as ‘1700000s’.

Time specifications can also be chained witbr — into a nev time specification where the right part is

added to or subtracted from the left, respetti ‘3:00-200s’ means tevhundred samples less than three
minutes.

To se if SoX has support for an optional effect, ersex —h and look for its name under the list:
‘EFFECTS'.

Supported Effects
Note: a categorised list of the effects can be found in the accompanying ‘README !’ file.

allpassfrequencik] width[h|k [o]q]
Apply a two-pole all-pass filter with central frequgr(@ Hz) frequency and filterwidth width.
An all-pass filter changes the audidtequeng to phase relationship without changing its fre-
gueng to amplitude relationship. The filter is described in detail in [1].

This effect supports the-plot global option.

band [-n] centefk] [width[h|k|o]q]]
Apply a band-pass filterThe frequeng response drops lagthmically around thecenter fre-
queng. The width parameter gies the slope of the drop. The frequencieseatter+ width and
center — width will be half of their original amplitudesband defaults to a mode oriented to
pitched audio, i.e. voice, singing, or instrumental mu3iee —n (for noise) option uses the aler
nate mode for un-pitched audio (e.g. percussitrning: —n introduces a paer-gain of about
11dB in the filter so kewae of output clipping.band introduces noise in the shape of the fjlter
i.e. peaking at theenterfrequeny and settling around it.

This effect supports the-plot global option.
See alsaincfor a bandpass filter with steeper shoulders.

bandpasgbandreject [—c] frequencik] width[h|k |o|q]
Apply a two-pole Butterworth band-pass or band-reject filter with central fregdmguency
and (3dB-point) band-widtlvidth. The —c option applies only tbandpassand selects a constant

SOX DecembeBl, 2014 16



SoX(1)

SOX

Sound eXchange SoX(1)

skirt gain (peak gain = Q) instead of the default: constant 0dB @aak Ghefilters roll off at 6dB
per octae (20dB per decade) and are described in detail in [1].

These effects support the-plot global option.

See alsaincfor a bandpass filter with steeper shoulders.

bandreject frequencyk] width[h |k |o|q]

Apply a band-reject filterSee the description of tHeandpasseffect for details.

basqtreble gain [frequencik] [width[s|h|k|o]|qd]]]

Boost or cut the bass (lower) or treble (upper) frequencies of the audio usiogpaléashelving
filter with a response similar to that of a standard kiffihe-controls. Thiss also known as
shelving equalisation (EQ).

gain gives the gain at 0 Hz (fobasg, or whicheer is the lower of(RP2 kHzand the Nyquist fre-
gueny (for treble). Its useful range is about —20 (for a large cut) to +20 (for geldroost).
Beware of Clipping when using a posite gain.

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

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

width determines hwo steep is the filtes shelf transition. In addition to the common width speci-
fication methods described alep‘slope’ (the default, or if appended wits))‘may be used.The
useful range of ‘slope’ is about3) for a gentle slope, to 1 (the maximum), for a steep slope; the
default value is &.

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

See alsequalizerfor a peaking equalisation effect.

bend[-f frame-rat€25)] [-0 over-sampl€16)] { start-position(+)centsend-position(+)}

Changes pitch by specified amounts at specified tifBash gven triple: start-positioncentsend-
position specifies one bendcentsis the number of cents (100 cents = 1 semitone) by which to
bend the pitch. The otheales specify the points in time at which to start and end bending the
pitch, respectiely.

The pitch-bending algorithm utilises the Discrete Fourier Transform (DFT) at a particular frame
rate and wer-sampling rate.The—f and—o parameters may be used to adjust these parameters and
thus control the smoothness of the changes in pitch.

For example, an initial tone is generated, then bent three times, yielding four different notes in
total:
play —n synth 2.5 sin 667 gain 1\
bend .35,180,.25 .15,740,.53 0,-520,.3
Here, the first bend runs from 0.35 to 0.6, and the second one from 0.75 to 1.28 sRotadsat
the clipping that is produced in this example is deliberate; toverhousegain —-5in place of
gain 1

See als@itch.

biquad b0 b1 b2 a0 al a2

Apply a biquad IIR filter with the gen coefficients. Where b* and a* are the numerator and
denominator coefficients respeety.

See http://en.wikipedia.org/wiki/Digital_biquad_filter (where a0 = 1).
This effect supports the-plot global option.
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channelsCHANNELS
Invoke a gmple algorithm to change the number of channels in the audio signal tov¢hengin-
ber CHANNELS mixing if decreasing the number of channels or duplicating if increasing the
number of channels.

The channelseffect is irvoked automatically if SoXs —c option specifies a number of channels
that is different to that of the input file(splternatively, if this effect is gien explicitly, then
SoX’s—c option need not beggn. For example, the following tavcommands are equalent:

sox input.wav —c 1 output.wav bass -b 24

SOX input.wav output.wav bass —-b 24 channels 1
though the second form is more flexible as it allows the effects to be ordered arbitrarily.

See alse@emix for an effect that allows channels to be mixed/selected arbitrarily.

chorus gain-in gain-out<delay decay speed depth|-t>
Add a chorus effect to the audio. This can malkéngle vocal sound li& a dorus, but can also be
applied to instrumentation.

Chorus resembles an echdeet with a short delgybut whereas with echo the delay is constant,
with chorus, it is varied using sinusoidal or triangular modulation. The modulation depth defines
the range the modulated delay is played before or after the thelage the delayed sound will
sound slower ordster that is the delayed sound tuned around the original oreejrila dorus
where some vocals are slighthyf &ey. See [3] for more discussion of the chorus effect.

Each four-tuple parameter delay/decay/speed/depts tiie delay in milliseconds and the decay
(relative  gain-in) with a modulation speed in Hz using depth in millisecofide modulation is
either sinusoidal«s) or triangular ¢t). Gain-outis the volume of the output.

A typical delay is around 40ms to 60ms; the modulation speed is best2isdr @Gnd the modu-
lation depth around 2md=or example, a single delay:
play guitarl.wav chorus 0.7 0.9 55 0.4 0.25 2 -t
Two delays of the original samples:
play guitarl.wav chorus 0.6 0.9 50 0.4 0.25 2 -t \
600.320.41.3-s
A fuller sounding chorus (with three additional delays):
play guitarl.wav chorus 0.5 0.9 50 0.4 0.25 2 -t \
600.320.42.3-t400.30.31.3-s

compandattackldecayl,attack2decay?
[soft-knee-dBin-dB1[,out-dB1{ ,in-dB2out-dB3
[gain[initial-volume-dB[delay]]

Compand (compress or expand) the dynamic range of the audio.

The attack and decayparameters (in seconds) determine the tiwer which the instantaneous

level of the input signal is\eraged to determine itoolume; attacks refer to increases olume

and decays refer to decreas&®sr most situations, the attack time (response to the music getting
louder) should be shorter than the decay time because the human ear is move geasitten

loud music than sudden soft musié&/here more than one pair of attack/decay parameters are
specified, each input channel is companded separately and the number of pairs must agree with the
number of input channelslypical values aré.3,0.8 seconds.

The second parameter is a list of points on the comparicisfer function specified in dB rela-
tive © the maximum possible signal amplitude. The inmltigs must be in a strictly increasing
order but the transfer function does notén@ be nonotonically rising. If omitted, thealue of
out-dBldefaults to the same value asdB1; levds belaw in-dB1 are not companded (but may
have gain applied to them). The poififOis assumed but may beeridden (by0,out-dBr). If the

list is preceded by aoft-knee-dBralue, then the points at where adjacent line segments on the
transfer function meet will be rounded by the amouwergi Typical values for the transfer func-
tion are6:-70,-60,—-20
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The third (optional) parameter is an additionailhgin dB to be applied at all points on the transfer
function and allows easy adjustment of therall gain.

The fourth (optional) parameter is an initiatdeto be asumed for each channel when compand-
ing starts. This permits the user to supply a nominad ieitially, so that, for example, aery
large aain is not applied to initial signalvels before the companding action has begun to operate:
it is quite probable that in such avest, the output would be gerely clipped while the compan-
der gain properly adjusts itself typical value (for audio which is initially quiet) 90 dB.

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 adjusSpecifying a
delay approximately equal to the attack/decay timesvaltbe compander tofettively operate in

a ‘predictve’ rather than a reagg node. Atypical value i9.2 seconds.

* * *

The following example might be used to reakpece of music with both quiet and loud passages
suitable for listening to in a noisy environment such as a moving vehicle:

Sox asz.wav asz-car.wav compand 0.3,1 6:-70,-60,-20 -5 -90 0.2
The transfer function (‘6:-70,..)) says that very soft sounds \{betg0dB) will remain
unchanged. Thiwiill stop the compander from boosting thelume on ‘silent’ passages such as
between meements. Hwovever, ounds in the range —60dB to 0dB (maximuoiune) will be
boosted so that the 60dB dynamic range of the original music will be compressed 3-to-1 into a
20dB range, which is wide enough to gnfbe music but narw enough to get around the road
noise. The6:’ selects 6dB soft-knee companding. The -5 (dB) outmim ¢ needed tovaid
clipping (the number is inexact, and was detiby experimentation). The-90 (dB) for the initial
volume will work fine for a clip that starts with near silence, and the delay ¢é€conds) has the
effect of causing the compander to react a bit more quickly to sudden volume changes.

In the na&t example, compand is being used as a noise-gate for when the noise is at avkbwer le
than the signal:
play infile compand .1,.2 —inf,-50.1,-inf,-50,-50 0 -90 .1
Here is another noiseatg, this time for when the noise is at a highee lehan the signal (making
it, in some ways, similar to squelch):
play infile compand .1,.1 -45.1,-45,-inf,0,-inf 45 -90 .1
This effect supports the-plot global option (for the transfer function).

See alsancompandfor a multiple-band companding effect.

contrast [enhancement-amoyib)]
Comparable with compression, this effect modifies an audio signal te ihakund louder
enhancement-amourdontrols the amount of the enhancement and is a number in the range
0-100. Notehatenhancement-amounrtO dill gives a sgnificant contrast enhancement.

See also theompandandmcompand effects.

dcshift shift[limitergain]|
Apply a DC shift to the audioThis can be useful to reme a OC offset (caused perhaps by a
hardware problem in the recording chain) from the audio. The effect of a BB€ta$ reduced
headroom and hencelume. Thestat or stats effect can be used to determine if a signal has a
DC offset.

The given dcshiftvalue is a floating point number in the ranget8fthat indicates the amount to
shift the audio (which is in the range=f).

An optionallimitergain can be specified as wellt should hae a \alue much less than 1 (e.g0b
or 002) and is used only on peaks tovard clipping.

* * *

An alternatve gproach to removing a DCfeét (albeit with a short delay) is to use ttighpass
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filter effect at a frequenoof say 10Hz, as illustrated in the following example:
sox —n dc.wav synth 5 sin %0 50
sox dc.wav fixed.wav highpass 10

Apply Compact Disc (IEC 60908) de-emphasis (a treble attenuation shelving filter).

Pre-emphasis was applied in the mastering of some CDs issued in the early 1980s. These included
mary classical music albums, as well asmsought-after issues of alins by The Beatles, Pink

Floyd and others. Pre-emphasis should be xethat dayback time by a de-emphasis filter in the
playback deice. Havever, not all modern CD players @ tis filter, and very fav PC CD dives

have it; playing pre-emphasised audio without the correct de-emphasis filter results in audio that
sounds harsh and is far from what its creators intended.

With thedeempheffect, it is possible to apply the necessary de-emphasis to audio that has been
extracted from a pre-emphasised CD, and then either burn the de-emphasised audie @Da ne
(which will then play correctly on gnCD player), or simply play the correctly de-emphasised
audio files on the PCor example:

sox trackl.wav trackl-deemph.wav deemph
and then burn trackl-deemplawio CD, or

play trackl-deemph.wav
or simply

play trackl.wav deemph
The de-emphasis filter is implemented as a biquad and requires the input audio sample rate to be
either 44.1kHz or 48kHz. Maximum dation from the ideal response is only08dB (up to
20kHz).

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

osition(=)}
Delay one or more audio channels such that sert at the gien position For example,delay
1.5 +1 300sdelays the first channel by5lsconds, the second channel by &conds (one sec-
ond more than the previous channel), the third channel by 3000 samples,\exadaigacther
channels that may be present un-delayed. The following (one long) command plays a chime
sound:
play —n synth —j 3 sin %3 sin %-2 sin %-5 sin %-9\
sin %-14 sin %-21 fade h .01 2 1.5 delay \
1.31.76 .54 .27 remix — fade h 0 2.7 2.5 norm -1
and this plays a guitar chord:
play —n synth pl G2 pl B2 pl D3 pl G3 pl D4 pl G4\
delay 0 .05 .1 .15 .2 .25 remix — fade 0 4 .1 norm -1

dither [-S|-s|-f filter] [-a] [-p precisior]

Apply dithering to the audio. Dithering deliberately adds a small amount of noise to the signal in
order to mask audible quantizatiorieets that can occur if the output sample size is less than 24
bits. Wth no options, this &ct will add triangular (TPDF) white noise. Noise-shaping (only for
certain sample rates) can be selected withWith the—f option, it is possible to select a particu-

lar noise-shaping filter from the following list: lipshitz, f-weighted, modified-e-weighted,
improved-e-weighted, gesemann, shibata, low-shibata, high-shibata. Note that most filter types
are aailable only with 44100Hz sample rate. The filter types are distinguished by theifgjlo
properties: audibility of noise, Vel of (inaudible, but in some circumstances, otherwise problem-
atic) shaped high frequepnooise, and processing speed.

See http://sox.sourceforge.net/SoX/NoiseShaping for graphs of the different noise-shaping curves.

The -S option selects a slightly ‘sloped’ TPDibiased tavards higher frequencies. It can be used
at ary sampling rate bt belav =22k, plain TPDF is probably bettend abae = 37k, noise-shap-
ing (if available) is probably better.
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The —a option enables a mode where dithering (and noise-shaping if applicable) are automatically
enabled only when needed. The most likely use for this is when applying fade in or out to an
already dithered file, so that the redithering applies only to atiedf portions.However, auto
dithering is not fool-proof, so the fades should be carefully awebdr ary noise modulation; if

this occurs, then either re-dither the whole file, orttise, fade, and concatencate.

The—p option allows werriding the target precision.

If the SoX global optior-R option is not gren, then the pseudo-random number generator used to
generate the white noise will be ‘reseeded’, i.e. the generated noise will be different betareen in
cations.

This effect should not be followed byyaother effect that affects the audio.
See also the ‘Dithering’ section alen

downsample[facton(2)]
Downsample the signal by an integactor: Only the first out of eadhctor samples is retained,
the others are discarded.

No decimation filter is applied. If the input is not a properly bandlimited baseband signal, aliasing
will occur. This may be desirable, e.g., for frequgtranslation.

For a general resampling effect with anti-aliasing, s&te. See alsapsample

earwax
Makes audio easier to listen to on headphorfedds ‘cues’ to 44LkHz stereo (i.e. audio CD for
mat) audio so that when listened to on headphones the stereo imageedsfrom inside your
head (standard for headphones) to outside and in front of the listener (standard for speakers).

echogain-in gain-out<delay decay
Add echoing to the audio. Echoes are reflected sound and can occur naturally amongst mountains
(and sometimes large buildings) when talking or shouting; digital eébcteEmulate this betra
iour and are often used to help fill out the sound of a single instrumeatal v hetime differ-
ence between the original signal and the reflection is the ‘delay’ (time), and the loudness of the
reflected signal is the ‘decay’. Multiple echoes caveldifferent delays and decays.

Each gven delay decaypair gives the delay in milliseconds and the decay (retatd gain-in) of
that echo. Gain-out is the volume of the outpltr example: This will mak it sound as if there
are twice as maninstruments as are actually playing:

play lead.aiff echo 0.8 0.88 60 0.4
If the delay is very short, then it sounddi& fnetallic) robot playing music:

play lead.aiff echo 0.8 0.88 6 0.4
A longer delay will sound l&an goen air concert in the mountains:

play lead.aiff echo 0.8 0.9 1000 0.3
One mountain more, and:

play lead.aiff echo 0.8 0.9 1000 0.3 1800 0.25

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

Like the echo effect, echos stand for ‘ECHO in Sequel’, that is the first eclesstkekinput, the
second the input and the first echos, the third the input and the first and the second echos, ... and so
on. Careshould be taken using maachos; a single echos has the same effect as a single echo.

The sample will be bounced twice in symmetric echos:
play lead.aiff echos 0.8 0.7 700 0.25 700 0.3

The sample will be bounced twice in asymmetric echos:
play lead.aiff echos 0.8 0.7 700 0.25 900 0.3

The sample will sound as if played in a garage:
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play lead.aiff echos 0.8 0.7 40 0.25 63 0.3

equalizer frequencik] width[g|o|h|k] gain
Apply a two-pole peaking equalisation (EQ) filt&¥ith this filter, the signal-lgel at and around a
selected frequenacan be increased or decreased, whilst (entiknd-pass and band-reject filters)
that at all other frequencies is unchanged.

frequencygives the filter's eentral frequeng in Hz, width, the band-width, andain the required
gan or attenuation in dB. Beare of Clipping when using a posite gain.

In order to produce compleequalisation curves, this effect can beegi seveal times, each with a
different central frequenc

The filter is described in detail in [1].
This effect supports the-plot global option.

See alsdassandtreble for shelving equalisation effects.

fade [typq fade-in-lengtt stop-position(=)[fade-out-lengtlj
Apply a fade effect to the beginning, end, or both of the audio.

An optionaltype can be specified to select the shape of #ue fcure: q for quarter of a sine
wave, h for half a sine \ave t for linear (‘triangular’) slopel for logarithmic, andp for inverted
parabola. Thelefault is logarithmic.

A fade-in starts from the first sample and ramps the sigwalfi®mm O to full volume wer the
time given asfade-in-length Specify 0 if no fade-in is wanted.

For fade-outs, the audio will be truncatedstip-positionand the signal iesl will be ramped from

full volume davn to O aver an intenal of fade-out-lengthbefore thestop-position If fade-out-
lengthis not specified, it defaults to the sanaue adade-in-length No fade-out is performed if
stop-positionis not specified.f the audio length can be determined from the input file header and
ary previous effects, ther0 (or, for historical reasong)) may be specified fostop-positionto
indicate the usual case of a fade-out that ends at the end of the input audio stream.

Any time specification may be used fade-in-lengttandfade-out-length

See also thsplice effect.

fir [coefs-fildcoef$
Use SoX$ H-T corvolution engine with gien FR filter coeficients. Ifa sngle argument is gen
then this is treated as the name of a file containing the filter coefficients (white-space separated;
may contain ‘4’ comments). If the\gin filename is ‘', or if no ayjument is gien, then the coef-
ficients are read from the ‘standard input’ (stdin); otherwise, coefficients mayebeogithe com-
mand line. Examples:
sox infile outfile fir 0.0195 —0.082 0.234 0.891 —0.145 0.043
sox infile outfile fir coefs.txt
with coefs.txt containing
# HP filter
# f req=10000
1.2311233052619888e-01
-4.4777096106211783e-01
5.1031563346705155e-01
-6.6502926320995331e-02

This effect supports the-plot global option.

flanger [delay depthegen width speed shape phase interp
Apply a flanging effect to the audio. See [3] for a detailed description of flanging.
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All parameters are optional (right to left).

Rang Default  Description

delay 0-30 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:sine|triangle.

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.

gain [-e|-B|-b|-r] [-n] [-l|-h] [gain-dB
Apply amplification or attenuation to the audio signal,imisome cases, to some of its channels.
Note that use of gnof —e, —B, —b, —r, or —n requires temporary file space to store the audio to be
processed, so may be unsuitable for use with ‘streamed’ audio.

Without other optionggain-dBis used to adjust the signal powerdeiy the given number of dB:
positve amplifies (bevare of Clipping), ngaive dtenuates. \Wth other options, thegain-dB
amplification or attenuation is (logically) applied after the processing due to those options.

Given the —e option, the lgels of the audio channels of a multi-channel file are ‘equalised’, i.e.
gan is applied to all channels other than that with the highest pedk $aich that all channels
attain the same peakvi (but, without also giving-n, the audio is not ‘normalised’).

The -B (balance) option is similar tee, but with —B, the RMS leel is used instead of the peak
level. —B might be used to correct stereo imbalance caused by an imperfect record turntable car
tridge. Notethat unlike—e, —B might cause some clipping.

—b is similar to—B but has clipping protection, i.e. if necessary toverg clipping whilst balanc-
ing, attenuation is applied to all channeldote, havever, that in conjunction with-n, —B and-b
are synonymous.

The —r option is used in conjunction with a priowvatation ofgain with the —h option—see
below for details.

The —n option normalises the audio to 0dB FSD; it is often used in conjunction withaivee
gain-dBto the effect that the audio is normalised tovegievd below 0dB. For example,
sox infile outfile gain —n
normalises to 0dB, and
sox infile outfile gain —n -3
normalises to —3dB.

The—-I option invokes a smple limiter, e.g.

sox infile outfile gain -1 6
will apply 6dB of gain but neer clip. Notethat limiting more than a ¥e dBs more than occasion-
ally (in a piece of audio) is not recommended as it can cause audible distSe®theompand
effect for a more capable limiter.

The —h option is used to applyain to provide head-room for subsequent processiug.exam-
ple, with

sox infile outfile gain —h bass +6
6dB of attenuation will be applied prior to the bass boostiferiethus ensuring that it will not
clip. Of course, with bass, it is obviousvihuch headroom will be needed, but with othéeets
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(e.g. ratedither) it is not akays as clear Another advantage of usirgpin —h rather than an
explicit attenuation, is that if the headroom is not used by subsequent effects, it can be reclaimed
with gain -r, for example:

sox infile outfile gain —h bass +6 rate 44100 gain —r
The abwoe dfects chain guaranteesveeto dip nor amplify; it attenuates if necessary toverd
clipping, but by only as much as is needed to do so.

Output formatting (dithering and bit-depth reduction) also requires headroom (which cannot be
‘reclaimed’), e.g.

sox infile outfile gain —h bass +6 rate 44100 gain —rh dither
Here, the secongdain invocation, reclaims as much of the headroom as it can from the preceding
effects, but retains as much headroom as is needed for subsequent processing. The SoX global
option—G can be gien to automatically ivoke gain —h andgain -r.

See also thaorm andvol effects.

highpasglowpass[-1|-2] frequency{k] [width[g|o|h|K]]

Apply a high-pass or low-pass filter with 3dB pdirquency The filter can be either single-pole
(with —=1), or double-pole (the default, or witt2). width applies only to double-pole filters; the
default is Q = 0707 and gies a Butterworth response.The filters roll of at 6dB per pole per
octave (20dB per pole per decade). The double-pole filters are described in detail in [1].

These effects support the-plot global option.

See alsaincfor filters with a steeper roll-off.

hilbert [-n tapg

Apply an odd-tap Hilbert transform filtgshase-shifting the signal by 90 degrees.

This is used in manmatrix coding schemes and for analytic signal generatidre process is
often written as a multiplication kiy(or j), the imaginary unit.

An odd-tap Hilbert transform filter has a bandpass characteristic, attenuating/éisé dnd high-
est frequencies. Its bandwidth can be controlled by the number of filter taps, which can be speci-
fied with—n. By default, the number of taps is chosen for a ddtefjuenyg of about 75 Hz.

This effect supports the-plot global option.

ladspal-1]-r] module[plugin] [argument..]

Apply a LADSHA [5] (Linux Audio Deseloper's Smple Plugin API) plugin.Despite the name,
LADSPA is not Linux-specific, and a wide range of effectsvailable as LADSR plugins, such

as cmt [6] (the Computer Music Toolkit) and &teHarris’s gugin collection [7]. The first gu-

ment is the plugin module, the second the name of the plugin (a module can contain more than one
plugin), and ay other arguments are for the control ports of the plugin. Missing arguments are
supplied by default values if possible.

Normally, the number of input ports of the plugin must match the number of input channels, and
the number of output ports determines the output channel célowever, the —r (replicate)
option allows cloning a mono plugin to handle multi-channel input.

Some plugins introduce latgnahich SoX may optionally compensate.fdrhe | (lateng com-
pensation) option automatically compensates for |gt@sceported by the plugin via an output
control port named "latency".

If found, the environment variable LADSPAATH will be used as search path for plugins.

loudness[gain [referencd]

Loudness control—similar to thgain effect, but provides equalisation for the human auditory
system. Sedttp://en.wikipedia.ay/wiki/Loudness for a detailed description of loudneg$ie
gain is adjusted by the g&n gain parameter (usually getive) and the signal equalised according
to 1ISO 226 w.t. a reference &l of 65dB, though an alternag referencelevel may be gven if

the original audio has been equalised for some other optitghl & default gain of —10dB is
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used if again value is not gien.
See also thgain effect.

lowpass[—1]-2] frequencik] [width[g|o]h|k]]
Apply a low-pass filter See the description of tHeghpasseffect for details.

mcompand"attackldecayl,attack2decay2
[soft-knee-dBin-dB1[,out-dBJ{ ,in-dB2out-dB3
[gain[initial-volume-dB[delay]]" { crossover-frefk] "attackl,..."}

The multi-band compander is similar to the single-band comparndehd audio is first gdided

into bands using Linkwitz-Rilecross-wer filters and a separately specifiable compander run on
each band.See thecompand effect for the definition of its parameters. Compand parameters are
specified between double quotes and the cvessequeng for that band is gen by crossover-

freq, these can be repeated to create multiple bands.

For example, the following (one long) command showsvhmoulti-band companding is typically
used in FM radio:
play trackl.wav gain —3 sinc 8000- 29 100 mcompand \

"0.005,0.1 -47,-40,-34,-34,-17,-33" 100\

"0.003,0.05 -47,-40,-34,-34,-17,-33" 400 \

"0.000625,0.0125 -47,-40,-34,-34,-15,-33" 1600 \

"0.0001,0.025 -47,-40,-34,-34,-31,-31,-0,—-30" 6400 \

"0,0.025 -38,-31,-28,-28,-0,-25" \

gain 15 highpass 22 highpass 22 sinc —n 255 -b 16 -17500 \

gain 9 lowpass -1 17801
The audio file is played with a simulated FM radio sound (or broadcast signal condition ¥f-the lo
pass filter at the end is skipped). Note that the pipeline is set up with US-style 75us pre-emphasis.

See als@ompandfor a single-band companding effect.

noiseprof [profile-filg
Calculate a profile of the audio for use in noise reducti®ee the description of th@isered
effect for details.

noisered[profile-file[amount]

Reduce noise in the audio signal by profiling and filterimbis effect is moderately fefctive &
remaoving consistent background noise such as hiss or fAanose it, first run SoX with thaoise-
prof effect on a section of audio that ideally would contain silence but in fact contains noise—
such sections are typically found at the beginning or the end of a recordiisgprof will write
out a noise profile tprofile-file, or to ¢dout if noprofile-fileor if ‘=" is given. E.g.

sox speech.wav —n trim 0 1.5 noiseprof speech.noise-profile
To ectually remae the noise, run SoX again, this time with theisered effect; noisered will
reduce noise according to a noise profile (which was generateoidgprof), from profile-file, or
from stdin if noprofile-fileor if ‘=" is given. E.g.

sox speech.wav cleaned.wav noisered speech.noise-profile 0.3
How much noise should be remvml is ecified byamount—a number between 0 and 1 with a
default of 05. Highernumbers will remae nore noise bt present a greater likelihood of remo
ing wanted components of the audio sigraéfore replacing an original recording with a noise-
reduced version, experiment withfdifentamountvalues to find the optimal one for your audio;
use headphones to check that you are yhapih the results, paying particular attention to quieter
sections of the audio.

On most systems, the e&vetages—profiling and reduction—can be combined using a pipe, e.qg.
sox noisy.wav —n trim 0 1 noiseprof | play noisy.wav noisered

norm [dB-leve]
Normalise the audionorm is just an alias fogain —n; see thegain effect for details.
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Out Of Phase Stereofe€t. Mixes stereo to twin-mono where each mono channel contains the
difference between the left and right stereo channels. This is sometimes known as the’'karaok
effect as it often has the effect of revitgy most or all of the vocals from a recording. It is gqui

lent toremix 1,2i 1,2i

overdri ve [gain(20) [colour(20)]]

Non linear distortion.The colour parameter controls the amount @& harmonic content in the
over-driven output.

pad { lengtH @position(=)] }

Pal the audio with silence, at the beginning, the end, grspacified points through the audio.
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 specifiedjiged that a specified
position is not less that the previous one, andtiamne specification may be used for theiposi-

tion is optional for the first and last lengths specified and if omitted correspond togihaibg

and the end of the audio respeelf. For example,pad 15 1.5 adds 15 sconds of silence pad-
ding at each end of the audio, whitgtd 4000s@3:00nserts 4000 samples of silence 3 minutes
into the audio. If silence isanted only at the end of the audio, specify either the end position or
specify a zero-length pad at the start.

See alsalelay for an effect that can add silence at thgiteing of the audio on a channel-by-
channel basis.

phasergain-in gain-out delay decay spelets|—t]

Add a phasing effect to the audio. See [3] for a detailed description of phasing.

delay/decay/speedwgis the delay in milliseconds and the decay (reéatb gain-in) with a modu-
lation speed in HzThe modulation is either sinusoidaisf —preferable for multiple instruments,
or triangular €t) —gives dngle instruments a sharper phasinfeetf Thedecay should be less
than 05 to avoid feedback, and usually no less thah 0Gain-outs the volume of the output.

For example:

play snare.flac phaser 0.8 0.74 30.4 0.5 -t
Gentler:

play snare.flac phaser 0.9 0.854 0.23 1.3 -s
A popular sound:

play snare.flac phaser 0.89 0.851 0.24 2 -t
More seere:

play snare.flac phaser 0.6 0.66 3 0.6 2 -t

pitch [—q] shift[segmenfsearch [overlap]]]

Change the audio pitch (but not tempo).

shift gives the pitch shift as posite a negdive ‘cents’ (i.e. 100ths of a semitone§ee thaempo
effect for a description of the other parameters.

See also thbend, speed and tempo effects.

rate [-q|-1|-m|-h|-v] [overide-options]RATHK]

Change the audio sampling rate (i.e. resample the audioy tgiveem RATE (even non-integer if
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this is supported by the output file format) using a qualitgl #efined as follows:
Quality Band- RejdB Typical Use

width
-q quick nfa =30 @ playback on ancient
Fs/4 hardware

- low 80% 100 playback on old
hardware

-m medium 95% 100 audio playback

-h high 95% 125 16-bit mastering (use
with dither)

-V very high 95% 175 24-bit mastering

where Band-widthis the percentage of the audio frequeband that is preserved afkj dBis

the level of noise rejection. IncreasingJds of resampling quality come at the expense of
increasing amounts of time to process the audio. If no quality optiowas, dhe quality leel
used is ‘high’ (but see ‘Playing & Recording Audio’ abaegading playback).

The ‘quick’ algorithm uses cubic interpolation; all others use band-limited interpolaign.
default, all algorithms h& a linear’ phase response; for ‘medium’, ‘high’ and ‘very high’, the
phase response is configurable (see below).

Therate effect is irvoked automatically if SoXs —r option specifies a rate that is different to that
of the input file(s).Alternatively, if this efect is gven explicitly, then SoXs-r option need not be
given. For example, the following tavcommands are equdlent:

sox input.wav —r 48k output.wav bass -b 24

SOX input.wav output.wav bass —-b 24 rate 48k
though the second command is moraifile as it allevs rate options to be gen, and allows the
effects to be ordered arbitrarily.

* * *

Warning: technically detailed discussion follows.

The simple quality selection described abqrovides settings that satisfy the needs of tastv
majority of resampling tasksOccasionally howeve, it may be desirable to fine-tune the resam-
pler’s filter response; this can be acta@ using override options as cetailed in the following ta-

ble:
—M/=I/-L Phase response = minimum/intermediate/linear
-s Steep filter (band-width = 99%)
-a Allow dliasing/imaging abee the pass-band

-b 74-997  Any band-width %
—p 0-100 Any phase response (0 = minimum, 25 = intermediate, 50 = lin-
ear 100 = maximum)

N.B. Owerride options cannot be used with the ‘quick’ or ‘low’ quality algorithms.

All resamplers use filters that can sometimes create ‘echo’ (a.k.a. ‘ringingdcastefith tran-
sient signals such as those that occur with ‘finger snaps’ or other highly percossids. Such
artefacts are much more noticeable to the human eanjfdt®ur before the transient (‘pre-echo’)
than if they occur after it (‘post-echo’). Note that frequgnaf any such arteécts is related to the
smaller of the original and mesampling rates but that if this is at leastMHz, then the artatts
will lie outside the range of human hearing.

A phase response setting may be used to control the digiribof ary transient echo between

‘pre’ and ‘post’: with minimum phase, there is no pre-echo but the longest post-echo; with linear
phase, pre and post echo are in equal amounts (in signal terms, but not audibility terms): the inter
mediate phase setting attempts to find the best compromise by selecting a small lengtieljand le
of pre-echo and a medium lengthed post-echo.
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Minimum, intermediate, or linear phase response is selected usirgMthel, or —L option; a
custom phase response can be created withptloption. Notethat phase responses between ‘lin-
ear’ and ‘maximum’ (greater than 50) are rarely useful.

A resampless band-width setting determineswanuch of the frequenccontent of the original
signal (wr.t. the original sample rate when up-sampling, or thve szenple rate when dm-sam-

pling) is preserved during ceersion. Theterm ‘pass-band’ is used to refer to all frequencies up

to the band-width point (e.g. for 4&Hz sampling rate, and a resampling band-width of 95%, the
pass-band represents frequencies from OHz (D.C.) to circa 21kHz). Increasing the resampler’
band-width results in a slower a@nsion and can increase transient echo artefacts (and vice
versa).

The —s ‘steep filter’ option changes resampling band-width from thaueb5% (based on the
3dB point), to 99%.The —b option allws the band-width to be set toyawalue in the range
74-997 %, hut note that band-widthalues greater than 99% are not recommended for normal use
as thg can cause excessi ransient echo.

If the —a option is gven, then aliasing/imaging abe the pass-band is alie@d. For example, with
44.1kHz sampling rate, and a resampling band-width of 95%, this means that fregoetent
abore 21kHz can be distorted; h@ver, snce this is abee the pass-band (i.eabove the highest
frequeng of interest/audibility), this may not be a problem. The benefits ofvilp alias-
ing/imaging are reduced processing time, and reduced (by almost half) transient eclotsartef
Note that if this option is géen, then the minimum band-width aNeble with —b increases to
85%.

Examples:

sox input.wav —b 16 output.wav rate —s —a 44100 dither —s
default (high) quality resampling;verrides: steep filteralow diasing; to 441kHz sample rate;
noise-shaped dither to 16-bitAY file.

sox input.wav —b 24 output.aiff rate —v —I —b 90 48k
very high quality resampling;w@rides: intermediate phase, band-width 90%; to 48k sample rate;
store output to 24-bit AIFF file.

* * *

Thepitch andspeedeffects use theate effect at their core.

remix [—a|]-m|-p] <out-spec
out-spec= in-speg,in-speg | 0
in-spec = [in-char[—[in-chand][vol-spe¢
vol-spec=pli|v[volumé

Select and mix input audio channels into output audio channels. Each output channel is specified,
in turn, by a gren out-speca list of contributing input channels and volume specifications.

Note that this effect operates on the authiannelswithin the SoX effects processing chain; it
should not be confused with then global option (where multipldiles are mix-combined before
entering the effects chain).

An out-speccontains comma-separated input channel-numbers and hyphen-delimited channel-
number ranges; alternegly, 0 may be gien to aeate a silent output channélor example,

Sox input.wav output.wav remix 6 7 8 0
creates an output file with four channels, where channels 1, 2, and 3 are copies of channels 6, 7,
and 8 in the input file, and channel 4 is silent. Whereas

Sox input.wav output.wav remix 1-3,7 3
creates a (somewhat bizarre) stereo output file where the left channel is asmigfdoput chan-
nels 1, 2, 3, and 7, and the right channel is § odpput channel 3.

Where a range of channels is specified, the channel numbers to the left and righyphémedne
optional and default to 1 and to the number of input channels reshecthus
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SOX input.wav output.wav remix —
performs a mix-down of all input channels to mono.

By default, where an output channel is edxrom multiple (n) input channels, each input channel
will be scaled by a factor ofrt/ Custom mixing wlumes can be set by following aven input
channel or range of input channels witkicd-spec(volume specification). This is one of the let-
tersp, i, or v, followed by a wlume numberthe meaning of which depends on theegiletter and

is defined as follows:

Letter  \0lume number Notes
p power adjust in dB 0 = no dhange
i power adjustin dB  As ‘p’, but wert the audio
Y voltage multiplier 1 =no dange, b= 6dB
attenuation, Z 6dB gain, -1
=invet

If an out-spedncludes at least onel-specthen, by default, #/scaling is not applied to grother
channels in the same out-spec (though may be in other out-sféws)-a (automatic) option
however, can be gien to retain the automatic scaling in this caser example,

sox input.wav output.wav remix 1,2 3,4v0.8
results in channellel multipliers of 05,05 1,0.8, whereas

sox input.wav output.wav remix —a 1,2 3,4v0.8
results in channel e multipliers of 05,05 0.5,0.8.

The —m (manual) option disables all automatic volume adjustments, so
sSox input.wav output.wav remix -m 1,2 3,4v0.8
results in channelle multipliers of 1,1 1,(8.

The volume number is optional and omitting it corresponds toohame change; heever, the

only case in which this is useful is in conjunction withor example, iinput.wavis stereo, then
Sox input.wav output.wav remix 1,2i

is a mono equalent of theoopseffect.

If the —p option is gven, then agy automatic % scaling is replaced byw (‘power’) scaling; this
gives a buder mix but one that might occasionally clip.

* * *

One use of theemix effect is to split an audio file into a set of files, each containing one of the
constituent channels (in order to perform subsequent processing widuatiaudio channels).
Where more than aviechannels are wolved, a script such as the fallimg (Bourne shell script)
is useful:
#!/bin/sh
chans="soxi —-c¢ "$1"
while [ $chans —ge 1 ]; do

chansO0="printf %02i $chans’ # 2 digits hence up to 99 chans

out="echo "$1"|sed "sA(.:*\)\.\(:*\)A\1-$chans0.\2/"

sox "$1" "$out" remix $chans

chans="expr $chans - 1
done
If a file input.wavcontaining six audio channels wereaji, the script would produce six output
files: input-01.wayinput-02.way ..., input-06.wav

See also thewapeffect.

repeat[coun{1)|-]

Repeat the entire aud@munttimes, or once itountis not gven. Thespecial alue — requests
infinite repetition. Requires temporary file space to store the audio to be repeated. Note that
repeating once yields twoopies: the original audio and the repeated audio.
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reverb [-w|-—wet-only] [reverberancg50%) HF-damping(50%)
[room-scalg100%) ktereo-deptl{100%)
[pre-delay(Oms) wet-gain(0dB)]]]11]

Add reverberation to the audio using the ‘fieeb’ algorithm. A reveberation effect is sometimes
desirable for concert halls that are too small or contain sy people that the hafi’matural rever-
berance is diminished. Applying a small amount of stereerlbeto a (dry) mono signal will usu-
ally male it sound more natural. See [3] for a detailed descriptionwafberation.

Note that this effect increases both tidume and the length of the audio, so tovpné clipping
in these domains, a typicaliscation might be:

play dry.wav gain -3 pad O 3 reverb
The-w option can be gen to ®lect only the ‘wet’ signal, thus alldng it to be processed further
independently of the ‘dry’ signal. E.g.

play —-m voice.wav "|sox voice.wav —p reverse reverb —w reverse"
for a reverse reverb effect.

reverse Reverse the audio completelRequires temporary file space to store the audio tovaeses.

riaa Apply RIAA vinyl playback equalisation. The sampling rate must be one of, 48, 8&, 96
kHz.

This effect supports the-plot global option.

silence[-I] above-period$duration thresholfl|%]
[below-periods duration threshqidl|%]]

Remawes dlence from the bginning, middle, or end of the audio. ‘Silence’ is determined by a
specified threshold.

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

audio. A \alue of zero indicates no silence should be trimmed from the beginning. When specify-
ing a non-zer@above-periodsit trims audio up until it finds non-silence. NormaNyhen 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 periods. For example, 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.

When above-periodss non-zero, you must also specifydaration andthreshold duration indi-
cates the amount of time that non-silence must be detected before it stops trimming audio. By
increasing the duration, burst of noise can be treated as silence and trimmed off.

thresholdis used to indicate what sample value you should treat as sil€nceligital 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 spedii@v-periodscount.

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

be a value 1 of but it can be increased to skigy 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 skigeothe 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 demtio.
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 towekipeomiddle silence.

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

By first reversing the audio, you can use thkove-periodgo reliably trim all audio from what
looks like the front of the file. Then verse the file again to get back to normal.
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To remove slence from the middle of a file, specifybalow-periodghat is ngdive. This value is

then treated as a pos#ivalue and is also used to indicate that the effect should restart processing
as specified by thabove-periodsmaking it suitable for removing periods of silence in the middle

of the audio.

The option-I indicates thabelow-periods duation length of audio should be left intact at the
beginning of each period of silencd=or example, if you want to renve long pauses between
words but do not want to reme the pauses completely.

durationis a time specification with the peculiarity that a bare number is interpreted as a sample
count, not as a number of second&x specifying seconds, either use theuffix (as in ‘2t’) or
specify minutes, too (as in ‘0:02’).

thresholdnumbers may be died withd to indicate the value is in decibels, %r to indicate a
percentage of maximum value of the sample vadde §pecifies pure digital silence).

The following ekample shows he this effect can be used to start a recording that does not contain
the delay at the start which usually occurs between ‘pressing the record button’ and the start of the
performance:

rec parametes flename other-effectslence 1 5 2%

sinc[—a att|-b betd [-p phasd—M |-I |-L] [t tbw|-n tapq [freqHP[ —freqLP[-t tbw|-n taps]]

Apply a sinc kaisewindowed low-pass, high-pass, band-pass, or band-reject filter to the signal.
The freqHP andfreqLP parameters ge the frequencies of the 6dB points of a high-pass and lo
pass filter that may bevioked individually, or together If both are gren, thenfreqHP less than
freqLP creates a band-pass filtéreqHP greater tharfreqLP creates a band-reject filteFor
example, the imocations

sinc 3k

sinc -4k

sinc 3k-4k

sinc 4k-3k
create a high-pass, low-pass, band-pass, and band-reject filter vespecti

The default stop-band attenuation of 120dB can\eeridden with—a; alternatively, the kaiser
window ‘beta’ parameter can bevgn directly with —b.

The default transition band-width of 5% of the total band canvbeidden with—t (andtbw in
Hertz); alternatiely, the number of filter taps can bevgn directly with —n.

If both freqHP andfreqLP are gven, then a—t or —n option gien to the left of the frequencies
applies to both frequencies; one of these optiovengb the right of the frequencies applies only
to freqLP.

The-p, =M, -1, and -L options control the filtes' phase response; see tiage effect for details.

This effect supports the-plot global option.

spectrogram[optiong

Create a spectrogram of the audio; the audio is passed unmodified through the SoX processing
chain. Thiseffect is optional—typesox ——helpand check the list of supported effects to see if it
has been included.

The spectrogram is rendered in a Portable Network Graphic (PNG) file, amsl tiine in the X-

axis, frequeng in the Y-axis, and audio signhal magnitude in the Z-axis. Z-axis values are repre-
sented by the colour (or optionally the intensity) of the pixels in the X-Y plane. If the audio signal
contains multiple channels then these arewshfrom top to bottom starting from channel 1
(which is the left channel for stereo audio).

For example, if ‘my.waVv is a gereo file, then with
SOX my.wav —n spectrogram
a ectrogram of the entire file will be created in the file ‘spectrogram.png’. More often though,
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analysis of a smaller portion of the audio is required; e.g. with

sox my.wav —n remix 2 trim 20 30 spectrogram
the spectrogram st information only from the second (right) channel, and of thirty seconds of
audio starting from twenty seconds ifio analyse a small portion of the frequgrmtomain, the
rate effect may be used, e.qg.

Sox my.wav —n rate 6k spectrogram
allows detailed analysis of frequencies up to 3kHz (half the sampling rate) i.e. where the human
auditory system is most sengéi With

sox my.wav —n trim 0 10 spectrogram —x 600 -y 200 -z 100
the given options control the size of the spectrogra, Y & Z axes (in this case, the spectro-
gram area of the produced image will be 600 by 208Ipix size and the Z-axis range will be 100
dB). Notethat the produced image includes axes legends etc. and so will be a jttetean the
specified spectrogram size. In this example:

sox —n —n synth 6 tri 10k:14k spectrogram -z 100 —w kaiser
an analysis ‘window’ with high dynamic range is selected to best display the spectrogram of a
swept triangular ave For a smilar gample, append the following to the ‘chime’ command in the
description of thelelay effect (abwoe):

rate 2k spectrogram —X 200 -Z -10 -w kaiser
Options are alsovailable to control the appearance (colour-set, brightness, contrast, etc.) and file-
name of the spectrogram; e.g. with

SOX my.wav —n spectrogram —m -| —o print.png
a pectrogram is created suitable for printing on a ‘black and white’ printer.

Options:

—x num Change the (maximum) width (X-axis) of the spectrogram from its default value of 800
pixels to a gren number between 100 and 200000. See akand-d.

=X num
X-axis pixels/second; the daflt is auto-calculated to fit thevgh or known audio dura-
tion to the X-axis size, or 100 otherwise. I¥@i in conjunction with—d, this option
affects the width of the spectrogram; otherwise,féé the duration of the spectrogram.
numcan be from 1 (l time resolution) to 5000 (high time resolution) and need not be
an intger SoX may male a dight adjustment to the gen number for processing quanti-
sation reasons; if so, SoX will report the actual number useddvie when the SoX
global option-V is in efect). Sealso—x and-d.

-y num Sets the Y-axis size in s (per channel); this is the number of freqyéeiins’ used in
the Fourier analysis that produces the spectrogidiB. it can be shw to produce the
spectrogram if this number is not one more thanveepof two (e.g. 129). By default the
Y-axis size is chosen automatically (depending on the number of charse¢s)Y for
alternatve way of setting spectrogram height.

=Y num
Sets the target total height of the spectrograni{fe default value is 550 pmis. Using
this option (and by default), SoX will choose a height forviuial spectrogram chan-
nels that is one more than awsr of two, so the actual total height may fall short of the
given number Howeva, there is also a minimum height per channel so if there arg man
channels, the number may beceeded. Seey for alternatve way of setting spectro-
gram height.

-z num Z-axis (colour) range in dB, default 120. This sets the dynamic-range of the spectrogram
to be numdBFS to GdBFS. Num may range from 20 to 180Decreasing dynamic-
range effectiely increases the ‘contrast’ of the spectrogram disgay vice versa.

=Z num
Sets the upper limit of the Z-axis in dBF&. negdive num effectively increases the
‘brightness’ of the spectrogram displagd vice versa.
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—g num Sets the Z-axis quantisation, i.e. the number déifit colours (or intensities) in which
to render Z-axis alues. Asmall number (e.g. 4) will ge a poster’-like €f ect making it
easier to discern magnitude bands of similaelleSmallnumbers also usually result in
small PNG files. The numbervgn ecifies the number of colours to use inside the Z-
axis range; tw colours are reserved to represent out-of-range values.

-wW name
Window: Hann (default), Hamming, Bartlett, Rectanguléaiser or Dolph. The spectro-
gram is produced using the DiscreteuFier Transform (DFT) algorithmA significant
parameter to this algorithm is the choice of ‘windmnction’. Bydefault, SoX uses the
Hann windav which has good all-round frequency-resolution and dynamic-range proper
ties. For better frequencresolution (but lower dynamic-range), select a Hamming win-
dow; for higher dynamic-range (but poorer frequency-resolution), select a Dolphwvindo
Kaiser Bartlett and Rectangular windows are algailable.

-W num
Window adjustment parameteiThis can be used to makmall adjustments to the Kaiser
or Dolph windav shape. Apositve rumber (up to ten) increases its dynamic range, a
negdive rumber decreases it.

-s Allow dack overlapping of DFT windws. Thiscan, in some cases, increase image
sharpness andg geater adherence to th& value, but at the expense of a little spectral
loss.

-m Creates a monochrome spectrogram (the default is colour).

-h Selects a high-colour palette—less visually pleasing than the default colour paleite, b

may male it easier to differentiate differentvels. If this option is used in conjunction
with —m, the result will be a hybrid monochrome/colour palette.

—p num Permute the colours in a colour oybhid palette. The num parameterfrom 1 (the
default) to 6, selects the permutation.

- Creates a ‘printer friendly’ spectrogram with a light background (the default has a dark

background).

-a Suppress the display of the axis lines. This is sometimes useful in helping to discern arte-
facts at the spectrogram edges.

-r Raw spectrogram: suppress the display of axes and legends.

-A Selects an alternat, fixed colour-set. Thisis provided only for compatibility with spec-

trograms produced by another package. It should not normally be used as it has some
problems, not least, a lack of féifentiation at the bottom end which results in masking of
low-level artefacts.

-t text Set the image title—text to display aeahe spectrogram.

—ctext Set (or clear) the image comment—text to displayweedod to the left of the spectro-
gram.

—ofile Name of the spectrogram output PNG file, default ‘spectrogram.png’. If ‘-vengihe
spectrogram will be sent to standard output (stdout).

Advanced Options:
In order to process a smaller section of audio withdiecthg other effects or the output signal
(unlike when thetrim effect is used), the following options may be used.

—d duration
This option sets the X-axis resolution such that audio with then gluration (a time
specification) fits the selected (or default) X-axis widtor example,
sox input.mp3 output.wav —n spectrogram —d 1:00 stats
creates a spectrogram showing the first minute of the audio, whilst
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thestatseffect is applied to the entire audio signal.
See alsa-X for an alternatie way of setting the X-axis resolution.

—Sposition(=)
Start the spectrogram at thedi point in the audio streant-or example
sox input.aiff output.wav spectrogram —-S 1:00
creates a spectrogram showing all but the first minute of the audio (the outputwile, ho
eva, receves the entire audio stream).

For the ability to perform off-line processing of spectral data, sest#teffect.

speedfactorfc]
Adjust the audio speed (pitch and tempo togethimgtor is either the ratio of the mespeed to
the old speed: greater than 1 speeds up, less thawd dbavn, 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.

Technically, the speed &fct only changes the sample rate information, leaving the samples them-
sehes untouchedTherate effect is irvoked automatically to resample to the output sample rate,
using its default quality/speed=or higher quality or higher speed resampling, in addition to the
speedeffect, specify theate effect with the desired quality option.

See also thbend, pitch, and tempo effects.

splice [-h|-t]|—-q] { position(=),exces$,leeway] }
Splice together audio section§his effect provides tavthings awer simple audio concatenation: a
(usually short) cross-fade is applied at the join, anéeesimilarity comparison is made to help
determine the best place at which to méie join.

One of the optionsh, —t, or —q may be gien to ®lect the fade erlope as half-cosine ave(the
default), triangular (a.k.a. linear), or quarter-cosim@avespectiely.

Type Audio Fade level Transitions
t correlated constargan abrupt
h correlated constargan smooth
q uncorrelated constapbwer  smooth

To perform a splice, first use them effect to select the audio sections to be joined togethsr

when performing a tape splice, the end of the section to be spliced onto should be trimmed with a
small excess(default 0005 seconds) of audio after the ideal joining poifihe beginning of the

audio section to splice on should be trimmed with the sagess(before the ideal joining point),

plus an additionaleeway(default 0005 seconds)Any time specification may be used for these
parameters. SoXhould then be ioked with the two audio sections as input files and tice

effect given with the position at which to perform the splice—this is length of the first audio sec-
tion (including the excess).

The following diagram uses the tape analogy to illustrate the splice operation. The effect simu-
lates the diagonal cuts and joins the pieces:

lengthl  excess
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S
excess leeway

where * indicates the joining points.

For example, a long song begins withdwerses which start (as determined e.g. by usingltne
command with therim (start) effect) at times 0:3025 and 1:0332. Thefollowing commands
cut out the first verse:

sox too-long.wav partl.wav trim 0 30.130
(5 ms excess, after the first verse starts)

sox too-long.wav part2.wav trim 1:03.422
(5 ms excess plus 5 ms ey, before the second verse starts)

sox partl.wav part2.wav just-right.wav splice 30.130
For another example, the SoX command

play "|sox —n —p synth 1 sin %1" "|sox —n —p synth 1 sin %3"
generates and playsdwotes, but there is a nasty click at the transition; the click can beredmo
by splicing instead of concatenating the audio, i.e. by appesgligg 1to the command. (Clicks
at the beginning and end of the audio can be vethby precedingthe splice effect witliade g
.012.0).

Provided your arithmetic is good enough, multiple splices can be performed with a spligee
invocation. For example:
#!/bin/sh
# Audio Copy and Paste Over
# acpo infile copy-start copy-stop paste-over-start outfile
# No chained time specifications allowed for the parameters
# (i.e. such that contain +/-).
€=0.005 #  Using default excess
I=$e # and leeway.
sox "$1" piece.wav trim $2-$e-3l =$3+%e
sox "$1" partl.wav trim 0 $4+$e
sox "$1" part2.wav trim $4+$3-$2-$e-$l
sox partl.wav piece.wav part2.wav "$5" \
splice $4+%e +$3-$2+$e+$l+$e
In the abwe Bourne shell script, tarplices are used to ‘cgmnd paste’ audio.

* * *

It is also possible to use this effect to perform general cealssf e.g. to join twsongs. Inthis
caseexcesswould typically be an number of seconds, tlggoption would typically be gien (to
select an ‘equal power’ cross-fade), dedwayshould be zero (which is the deft if —q is
given). For example, if f1.\av and f2.wav ae audio files to be cross-faded, then

sox fl.wav f2.wav out.wav splice —q $(soxi —-D fl.wav),3
cross-hdes the files where the point of equal loudness is 3 seconds before the endwi.&.w
the total length of the cross-fade is 2 = 6 sconds (Note: the $(...) notation is POSIX shell).

stat[-sscalg [-rms] [-freq] [-V] [-d]
Display time and frequegcdomain statistical information about the audio. Audio is passed
unmodified through the SoX processing chain.

The information is output to the ‘standard error’ (stderr) stream and is calculated,mibdte
duration of the audio in samplesis the number of audio channalds the audio sample rate, and
X, represents the PCM value (in the range -1 to +1 by default) of each suecaswle in the
audio, as follows:

Samplesead xc
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Length (seconds) T
Scaled by See -s belw.
Maximum amplitude max(,) The maximum samplealue

in the audio; usually this will

be a positie rumber.
Minimum amplitude  min(x,) The minimum sample alue

in the audio; usually this will

be a ngaive rumber.
Midline amplitude vamin(x ) +Y2max(x,)

Mean norm UnZ[x) The aerage of the absolute
vaue of each sample in the
audio.

Mean amplitude nZx, The arerage of each sample

in the audio. If this figure is
non-zero, then it indicates
the presence of a D.C.feét
(which could be remed
using thedcshift effect).

RMS amplitude \/(1/ank2 The level of a D.C. signal
that would hae te same
power as the audie’average

power.
Maximum delta max (X, —X,_,|)

Minimum delta min(x, —X,_,[)

Mean delta Yn-1Z X =X 4|

RMS delta V(=12 (% =% _1)?)

Rough frequency In Hz.

Volume Adjustment The parameter to thevol

effect which would male the
audio as loud as possible
without clipping. Note: See
the discussion orClipping
above for reasons whit is
rarely a good idea actually to
do this.

Note that the delta measurements are not applicable for multi-channel audio.

The —s option can be used to scale the input data byendactor The default value o$caleis
2147483647 (i.e. the maximunalue of a 32-bit signed irger). Internaleffects alays work
with signed long PCM data and so the value should relate to this fact.

The-rms option will corvert all output &erage values to ‘root mean square’ format.
The-v option displays only the ‘Volume Adjustment’ value.

The —freq option calculates the inpstpower spectrum (4096 point DFT) instead of the statistics
listed abee. This should only be used with a single channel audio file.

The —d option displays a hedump of the 32-bit signed PCM data audio in Soikternal luffer.
This is mainly used to help track down endian problems that sometimes occur in cross-platform
versions of SoX.

See also thstatseffect.

stats[—b bits|—x bits|-s scalg [-w window-timé
Display time domain statistical information about the audio channels; audio is passed unmodified
through the SoX processing chain. Statistics are calculated and displayed for each audio channel
and, where applicable, amavall figure is also gien.
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For example, for a typical well-mastered stereo music file:

Overall Left Right
DC offset ~ 0.000803 -0.000391 0.000803
Min level -0.750977 —-0.750977 -0.653412

Max level 0.708801 0.708801 0.653534
Pk lev dB -2.49 -2.49 -3.69
RMS lev dB -19.41 -19.13 -19.71
RMS Pk dB -13.82 -13.82 -14.38
RMS Tr dB -85.25 -85.25 -82.66
Crest factor - 6.79 6.32
Flat factor 0.00 0.00 0.00
Pk count 2 2 2
Bit-depth 16/16 16/16 16/16
Num samples 7.72M

Length s 174.973

Scale max 1.000000

Window s 0.050

DC offset Min level and Max levelare shown, by default, in the range. If the—b (bits) options
is given, then these three measurements will be scaled to a signed integer witteriheigiber of
bits; for example, for 16 bits, the scalewld be —32768 to +32767The —x option behges the
same way asb except that the signed integer values are displayedxadaeeimal. The-s option
scales the three measurements byendioating-point number.

Pk lev dB and RMS le& dB are standard peak and RMSdemeasured in dBFSRMS Pk dBand
RMS TdB are peak and trough values for RMSdemeasured wer a short windaw (default
50ms).

Crest factoris the standard ratio of peak to RMS8dg note: not in dB).

Flat factor is a measure of the flatness (i.e. conseewgimples with the samelue) of the signal
at its peak leels (i.e. eitheMin level or Max leve). Pk countis the number of occasions (not the
number of samples) that the signal attained elierlevel, or Max level

The right-handBit-depthfigure is the standard definition of bit-depth i.e. bits less significant than
the gven number are figd at zero. The left-hand figure is the number of most significant bits that
are fixed at zero (or one forgative rumbers) subtracted from the right-hand figure (the number

subtracted is directly related Rk lev dB).

For multi-channel audio, anverall figure for each of the alle measurements is\gn and derved
from the channel figures as folle: DC offset maximum magnitudeMax leve| Pk lev dB,
RMS Pk dB Bit-depth maximum; Min level RMS T dB: minimum; RMS le dB, Flat factor,
Pk count average;Crest factor not applicable.

Length ds the duration in seconds of the audio, &han sampless equal to the sample-rate mul-
tiplied by Length Scale Maxs the scaling applied to the first three measurements; specjfically
is the maximum value that could applyMax level Window sis the length of the windo used
for the peak and trough RMS measurements.

See also thstat effect.

Swap stereo channeldf the input is not stereo, pairs of channels are swapped, and a possible odd
last channel passed through. E.g., fmesechannels, the output order will be 2, 1, 4, 3, 6, 5, 7.

See alsaemix for an effect that allows arbitrary channel selection and ordering (and mixing).

stretch factor [window fade shift fadirjg

SOX

Change the audio duration (but not its pitclihis effect is broadly equélent to thetempo effect
with (factor inverted and)search set to zero, so in general, its results are compalapoor; it is
retained as it can sometimes out-perféempo for smallfactors.
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factor of stretching: >1 lengthen, <1 shorten duratiavindow size is in ms.Default is 20ms.
The fadeoption, can be ‘lin’. shift ratio, in [0 1]. Default depends on stretcadtor 1 to shorten,
0.8 to lengthen. Thefading ratio, in [0 05]. Theamount of addes default depends oriactor
andshift

See also theempo effect.

synth [-j KEY] [-n] [len[off [ph [p1[p2 [p3]]]I]] {[ typd [combing [[% ]freq[K][: |+|/|-[%]freqK]]] [off
[Ph[p1[p2 P3N}
This effect can be used to generate fixed or swept fregaedo tones with various aveshapes,
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 genesated w
form 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 effect is used to generate audio, an input file must stiNdse the characteristics of

which will be used to set the synthesised audio length, the nhumber of channels, and the sampling
rate; havever, dnce the input files audio is not normally needed, a ‘null file’ (with the special
name-—n) is often given instead (and the length specified as a paramegmth or by another

given dfect that has an associated length).

For example, the follaving produces a 3 second, 48kHz, audio file containing a siveswept
from 300 to 3300 Hz:

sox —n output.wav synth 3 sine 300-3300
and this produces an 8 kHz version:

sox —r 8000 —n output.wav synth 3 sine 300—-3300
Multiple channels can be synthesised by specifying the set of parametsrs tstaveen braces
multiple times; the following puts the swept tone in the left channel and adem'moise in the
right:

sox —n output.wav synth 3 sine 300-3300 brownnoise
The following example shows fwotwo gynth efects can be cascaded to create a more cample
waveform:

play —n synth 0.5 sine 200-500 synth 0.5 sine fmod 700-100
Frequencies can also bevgi in ‘scientific’ note notation, by prefixing a ‘%’ characteras a
number of semitones refadi © ‘middle A (440 Hz). For example, the following could be used to
help tune a guitas’low ‘E’ string:

play —n synth 4 pluck %-29
or with a (Bourne shell) loop, the whole guitar:

for nin E2 A2 D3 G3 B3 E4; do

play —n synth 4 pluck $n repeat 2; done

See thalelay effect (abwe) and the reference to ‘SoX scriptingamples’ (below) for morsynth
examples.

N.B. This effect generates audio at maximuatume (0dBFS), which means that there is a high
chance of clipping when using the audio subsequestlyn mary cases, you will vant to follav

this effect with thegain effect to preent this from happening. (See al€tipping abore.) Note
that, by default, theynth effect incorporates the functionality ghin —h (see thegain effect for
details);synth’s —n option may be gien to dsable this behaviour.

A detailed description of eadynth parameter follows:

lenis the length of audio to synthesiseydime specification); a value of 0 indicated to use the
input length, which is also the default.

typeis one of sine, square, trianglewsaoth, trapezium, exp, [white]noise, tpdfnoise, pinknoise,
brownnoise, pluck; default=sine.

combineis one of create, mix, amod (amplitude modulation), fmod (frequemdulation);
default=create.
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freg/freq2 are the frequencies at thegiining/end of synthesis in Hz,df preceded with ‘%’,
semitones relate © A (440 Hz); alternatiely, ‘scientific’ note notation (e.g. E2) may be used.
The default frequenycis 440Hz. Bydefault, the tuning used with the note notations is ‘equal tem-
perament’; the-j KEY option selects ‘just intonation’, wheiEY is an integer number of semi-
tones relatie b A (so for example, -9 or 3 selects they ki C), or a note in scientific notation.

If freq2is given, thenlen must also hee been gven and the generated tone will be swept between
the given frequencies. Théwo given frequencies must be separated by one of the characters ‘7,
‘+', ‘I, or ‘=". This character is used to specify the sweep function as follows:

Linear: the tone will change by a fixed number of hertz per second.
+ Square: a second-order function is used to change the tone.
/ Exponential: the tone will change by a fixed number of semitones per second.

- Exponential: as ‘/’, but initial phasevedys zero, and stepped (less smooth) frequenc
changes.

Not used for noise.
off is the bias (DC-offset) of the signal in percent; default=0.
phis the phase shift in percentage of 1 cyclead#£0. 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), or sustain (pluck); default=40.

p2 (trapezium): the percentage through eagtlecat which ‘falling’ begins; default=50. exp: the
amplitude in multiples of 2dB; default=50, or tone-1 (pluck); default=20.

p3 (trapezium): the percentage through eagtiecat which ‘falling’ ends; default=60, or tone-2
(pluck); default=90.

tempo[—q] [-m|-s|-I] factor [segmenfseach [overlap]]]
Change the audio playback speed but not its pitch. Tfestaises the WSOLA algorithm. The
audio is chopped up into segments which are then shifted in the time domainedagped
(cross-hded) at points where theiramdorms are most similar as determined by measurement of
‘least squares’.

By default, linear searches are used to find the lvediapping points. If the optionalq parame-
ter is gven, tree searches are used instead. This makesfélcevedrk more quicklybut the result
may not sound as good. Wever, if you must impree the processing speed, this generally
reduces the sound quality less than reducing the searekrtapovalues.

The —m option is used to optimize default values of segment, searchvaridpofor music pro-
cessing.

The —s option is used to optimize default values of segment, searchvarldpofor speech pro-
cessing.

The -| option is used to optimize default values afreent, search andverlap for ‘linear’ pro-
cessing that tends to cause more noticeable distortion but may be useful when factor is close to 1.

If -m, —s, or —| is specified, the default value of segment will be calculated basactanwhile
default search andverlap values are based on segmenty Aalues you provide still\@ride
these default values.

factor gives the ratio of ne/ tempo to the old tempo, so e.g. 1.1 speeds up the tempo by 10%, and
0.9 slows it down by 10%.

The optionalsegmeniparameter selects the algoritisng@gment size in milliseconds. If no other

flags are specified, the default value is 82 and is typically suited to making small changes to the
tempo of music. For larger changes (e.g. a factor of 2pgtinay gie a letter result. The —m,

-s, and - flags will cause the segment default to be automatically adjusted baaetboriFbr
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example using —s (for speech) with a tempo of 1.25 will calculate a default segment value of 32.

The optionalseach parameter gies the audio length in milliseconds@ which the algorithm

will search for @erlapping points. If no other flags are specified, the default value is 14.68.
Larger values use more processing time and may or may not produce better fegublstical
maximum is half thealue of segment. Search can be reduced to cut processing time at the risk of
degrading output qualityThe —m, —s, and -I flags will cause the search default to be automatically
adjusted based on segment.

The optionabverlap parameter gies the segmentverlap length in millisecondsDefault value is
12, but -m, -s, or —| flags automatically adjusértap based on segment size. Increasivglap
increases processing time and may increase qualjyactical maximum for eerlap is the alue
of search, with werlap typically being (at least) a little smaller then search.

See alsspeedfor an effect that changes tempo and pitch toggegtieh andbend for effects that
change pitch onjyend stretch for an effect that changes tempo using a different algorithm.

treble gain[frequencik] [width[s|h|k]|o|qd]]]

Apply a treble tone-control fefct. Seehe description of thbasseffect for details.

tremolo speeddepth

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

trim {position(+)}

Cuts portions out of the audicAny number ofpositiors may be gven; audio is not sent to the
output until the firspositionis reached. The effect then alternates between copying and discard-
ing audio at eachosition Using a value of O for the firgpiositionparameter allows copying from

the beginning of the audio.

For example,
sox infile outfile trim 0 10
will copy the first ten seconds, while
play infile trim 12:34 =15:00 -2:00
and
play infile trim 12:34 2:26 -2:00
will both play from 12 minutes 34 seconds into the audio up to 15 minutes into the audio (i.e. 2
minutes and 26 seconds long), then resume playiagrinutes before the end of audio.

upsample[factor]

Upsample the signal by an integactor:factor-1 zero-value samples are inserted between each
pair of input samplesAs a result, the original spectrum is replicated into thve fnequeng space
(imaging) and attenuated. This attenuation can be compensated for by \aadaxjor after ary
further processing. The upsample effect is typically used in combination with filtering effects.

For a general resampling effect with anti-imaging, sate. See alsalownsample

vad [optiong

Voice Activity Detector Attempts to trim silence and quiet background sounds from the ends of
(fairly high resolution i.e. 16-bit, 44-48kHz) recordings of speech. The algorithm currently uses a
simple cepstral power measurement to detect voice, so may be fooled by other things, especially
music. Theeffect can trim only from the front of the audio, so in order to trim from the back, the
reverseeffect must also be used. E.g.

play speech.wav norm vad
to trim from the front,

play speech.wav norm reverse vad reverse
to trim from the back, and

play speech.wav norm vad reverse vad reverse
to trim from both endsThe use of th@orm effect is recommended, but remember that neither
reversenornorm is suitable for use with streamed audio.

DecembeBl, 2014 40



SoX(1) Sound eXchange SoX(1)

Options:

Default values are shown in parenthesis.

-t num(7)
The measurementvd used to trigger actity detection. This might need to be changed
depending on the noisevi®, signal level and other charactistics of the input audio.

=T num(0.25)
The time constant (in seconds) used to help ignore short bursts of sound.

-snum(1)
The amount of audio (in seconds) to search for quieter/shorter bursts of audio to include
prior to the detected trigger point.

—g num(0.25)
Allowed agap (in seconds) between quieter/shorter bursts of audio to include prior to the
detected trigger point.

—p num(0)
The amount of audio (in seconds) to presdmfore the trigger point and yafound qui-
eter/shorter bursts.

Advanced Options:
These allav fine tuning of the algorithra’internal parameters.

—b num The algorithm (internally) uses adaimise estimation/reduction in order to detect the
start of the wanted audio. This option sets the time for the initial noise estimate.

=N num
Time constant used by the adaptinise estimator for when the noisgdkis increasing.

—n num Time constant used by the adaptinise estimator for when the noisgdkis decreasing.
—-r num Amount of noise reduction to use in the detection algorithm (e.g. 0, 0.5, ...).
—f num Frequeng of the algorithms processing/measurements.

—m num
Measurement duration; by default, twice the measurement period; i.e. wailiipo

-M num
Time constant used to smooth spectral measurements.

—h num ‘Brick-wall’ frequency of high-pass filter applied at the input to the detector algorithm.
-l num ‘Brick-wall’ frequency of low-pass filter applied at the input to the detector algorithm.

—H num
‘Brick-wall’ frequengy of high-pass lifter used in the detector algorithm.

-L num
‘Brick-wall’ frequengy of low-pass lifter used in the detector algorithm.

See also thsilenceeffect.

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

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

Whentypeis amplitude or power, again of 1 leares the volume unchanged, less than 1 decreases
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it, and greater than 1 increases it; gaige 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.
The gain and thetype parameters can be concatenated if desired,veld.0dB.
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 tovyerg clipping. Not specifying this parameter will cause no
limiter to be used. In verbose mode, thigeef will display the percentage of the audio that
needed to be limited.
See alsogain for a wlume-changing effect with different capabilities, acompand for a
dynamic-range compression/expansion/limiting effect.

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), libsox(3)

audacity(1), gnuplot(1), octave(1), wget(1)

The SoX web site at http://sox.sourceforge.net

SoX scripting examples at http://sox.sourceforge.net/Docs/Scripts
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SoX - Sound eXchange, the Swiss Army knife of audio manipulation

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

play [global-option$ [format-optiong infile1
[[format-option§infile?] ... [format-option}
[effect[effect-optiony ...

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

SCRIPTION

Introduction
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 recordéralso has limited ability to split the input into multiple output files.

All SoX functionality is &ailable using just theoxcommand. ® smplify playing and recording audio, if
SoX is irvoked as play, the output file is automatically set to be theaddtfsound device, and ifvuoked as
rec, the default sound device is used as an input sourdditionally, thesoxi(1) command provides a con-
venient 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 pdipsox(3).

SoX is a command-line audio processing tool, particularly suited to making quick, simple edits and to batch
processing. Ifyou need an interagt, graphical audio editpuseaudacity(1).

* * *

The overall SoX processing chain can be summarised as follows:
Input(s) - Combiner- Effects — Output(s)

Note havever, that on the SoX command line, the positions of the Output(s) and the Effectsapredw
w.r.t. the logical flav just shavn. Notealso that whilst options pertaining to files are placed before their
respectie file name, the opposite is true fofeets. D show how this works in practice, here is a selection
of examples of hw SoX might be used. The simple

Sox recital.au recital.wav
translates an audio file in SutUAormat to a Microsoft AV file, whilst

sox recital.au —b 16 recital.wav channels 1 rate 16k fade 3 norm
performs the same format translation, but also applies four effeetsmtidx to one channel, sample rate
change, fade-in, nomalize), and stores the result at a bit-depth of 16.

sox —r 16k —e signed —b 8 —¢ 1 voice-memo.raw voice-memo.wav
converts ‘raw’ (a.k.a. ‘headerless’) audio to a self-describing file format,

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

sox short.wav long.wav longer.wav
concatenates twvaudio files, and

sox —m music.mp3 voice.wav mixed.flac
mixes together tevaudio files.

play "The Moonbeams/Greatest/*.ogg" bass +3
plays a collection of audio files whilst applying a bass boosting effect,

play —n —c1 synth sin %-12 sin %-9 sin %-5 sin %-2 fade h 0.1 1 0.1
plays a synthesised minor seventh’ chord with a pipe-@an sound,

rec —c 2 radio.aiff trim 0 30:00
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records half an hour of stereo audio, and
play —q takel.aiff & rec —M takel.aiff takel—-dub.aiff
(with POSIX shell and where supported by hardware) recordswvatraek in a multi-track recording.
Finally,
rec —r 44100 -b 16 —e signed-integer —p \
silence 1 0.50 0.1% 1 10:00 0.1% |\
sox —p song.ogg silence 1 0.50 0.1% 1 2.0 0.1% : \
newfile : restart
records a stream of audio such as LP/cassette and splits in to multiple audio files at points with 2 seconds of
silence. Alsojt does not start recording until it detects audio is playing and stops after it sees 10 minutes
of silence.

N.B. Theabove is just an @erview of SoX's capabilities; detailed explanations ofvhdo use all SoX
parameters, file formats, and effects can be foundvdelthis manual, irsoxformat(7), and insoxi(1).

File Format Types

SOX

SoX can work with ‘self-describing’ and & audio files. ‘self-describing’ formats (e.g.A¥, FLAC,

MP3) hare a leader that completely describes the signal and encoding attributes of the audio data that fol-
lows. ‘raw’ or ‘headerless’ formats do not contain this information, so the audio characteristics of these
must be described on the SoX command line or inferred from those of the input file.

The following four characteristics are used 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 ‘HBigital telephowy traditionally uses a
sample rate of 8000 Hz (8 kHz), though these days, 16\amd32 kHz are becoming more com-
mon. Audio Compact Discs use 44100 Hz.{4Hz). Digital Audio Tape and mgncomputer
systems use 48 kHz. Professional audio systems often use 96 kHz.

sample size
The number of bits used to store each sampdelay, 16-bit is commonly used. 8-bit was popular
in the early days of computer audio. 24-bit is used in the professional audio arena. Other sizes are
also used.

data encoding
The way in which each audio sample is represented (or ‘encodgai)e encodings kia variants
with different byte-orderings or bit-orderings. Some compress the audio data so that the stored
audio data takes up less space (i.e. disk space or transmission bandwidth) than the other format
parameters and the number of samplesilds imply Commonly-used encoding types include
floating-point, p-lav, ADPCM, signed-integer PCM, MP3, and 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 a measure of the amount of storage occupied by an encoded audioaignahio

of time. It can depend on all of the aloand is typically denoted as a number of kilo-bits per second
(kbps). AnA-law telephory signal has a bit-rate of 64 kbps. MP3-encoded stereo music typically has a bit-
rate of 128-196 kbps. FLAC-encoded stereo music typically has a bit-rate of 550-760 kbps.

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 (for certain input file formats only; currertiyfeast FLAC and Ogg Vorbis), bt

not generating it. Note that by default, SoX copies input file comments to output files that support com-
ments, so output files may contain Replay Gain information if some was present in the inpunttfils.

case, if anything other than a simple formatveosion 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).
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Thesoxi(1) command can be used to display information from audio file headers.

Determining & Setting The File Format

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 ancia®gavailable:
1. Command-line format options.

2. The contents of the file header.

3. The filename extension.

To st the output file format, SoX will use, in order of precedence and@saiavailable:

1. Command-line format options.

2. The filename extension.

3. The input file format characteristics, or the closest 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.

Playing & Recording Audio

SOX

Theplay andrec commands are provided so that basic playing and recording is as simple as
play existing-file.wav
and
rec new-file.wav
These two commands are functionally egalent to
sox existing-file.wav —d
and
sox —d new-file.wav
Of course, further options and effects (as described below) can be added to the commands in either form.

* * *

Some systems provide more than one type of (SoX-compatible) auden, drg. ALSA & OSS, or
SUNAU & AO. Systems can also k@ nore than one audio diee (a.k.a. ‘sound card’). If more than one
audio drver has been built-in to SoX, and the default selected by SoX when recording or playing is not the
one that is wanted, then tA&JDIODRIVER ervironment variable can be used teewide the dedult.
For example (on maysystems):

set AUDIODRIVER=0ss

play ...
The AUDIODEV environment variable can be used terdde the default audio device, e.g.

set AUDIODEV=/dev/dsp2

play ...

SOX ... —t 0SS
or

set AUDIODEV=hw:soundwave,1,2

play ...

Sox ... —t alsa
Note that the way of setting @ronment variables varies from system to system—for some speatfic-e
ples, see ‘SOX_OPTS’ belo

When playing a file with a sample rate that is not supported by the audio outicet &®X will automati-
cally invoke the rate effect to perform the necessary sample ratevasion. For compatibility with old
hardware, the defultrate quality level is st to ‘low’. This can be changed by explicitly specifying tag
effect with a different quality e, e.qg.

play ... rate -m
or by using the-—play-rate—arg option (see below).
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* * *

On some systems, SoX alle audio playback volume to be adjusted whilst upilag. Where supported,
this is achiged by tapping the ‘v’ & 'V’ keys during playback.

To help with setting a suitable recordingvée SoX includes a peakael meter which can be vwwoked
(before making the actual recording) as follows:

rec —n
The recording beel should be adjusted (using the system-providedemprogram, not SoX) so that the
meter isat most occasionallfull scale, and neer ‘in the red’ (an exclamation mark is shg. Seealso-S
below.

Accuracy

SOX

Mary file formats that compress audio discard some of the audio signal information whilst doing so. Con-
verting to such a format and then eerting back agin will not produce an exact cppf the original

audio. Thisis the case for mgrformats used in telephgife.g. A-lav, GSM) where lav signal bandwidth

is more important than high audio fidelignd for mary formats used in portable music players (e.g. MP3,
Vorbis) where adequate fidelity can be retaineghenith the large compression ratios that are needed to
malke portable players practical.

Formats that discard audio signal information are called ‘losBgimats that do not are called ‘lossless’.
The term ‘quality’ is used as a measure ofvhabosely 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 performjrayidio 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 appliesitheeffect, and finally creates the output MP3
file by re-compressing 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 thiemn wthe lossy format only
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.

Dithering

Dithering is a technique used to maximise the dynamic range of audio stored at a particular bit-gepth. An
distortion introduced by quantisation is decorrelated by adding a small amount of white noise to the signal.
In most cases, SoX can determine whether the selected processing requires dither and will add it during
output formatting if appropriate.

Specifically by default, SoX automatically adds TPDF dither when the output bit-depth is less than 24 and
ary of the following are true:

»  bit-depth reduction has been specified explicitly using a command-line option
» the output file format supports only bit-depths lower than that of the input file format
» an effect has increased effeetiit-depth within the internal processing chain

For example, adjusting volume wittiol 0.25 requires tw additional bits in which to losslessly store its
results (since @5 decimal equals-01 binary). So if the input file bit-depth is 16, then Soiternal rep-
resentation will utilise 18 bits after processing this volume change. In order to store the output at the same
depth as the input, dithering is used to reenhe additional bits.
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Use the-V option to see what processing SoX has automatically added-O'loption may be gen to
override automatic ditheringTo invdke dthering manually (e.g. to select a noise-shapingeursee the
dither effect.

Clipping
Clipping is distortion that occurs when an audio signadl Ieor ‘volume’) exceeds the range of the chosen
representation. Imost cases, clipping is undesirable and so should be corrected by adjustingglthe le
prior to the point (in the processing chain) at which it occurs.

In SoX, clipping could occyas you might epect, when using theol or gain effects to increase the audio
volume. Clipping could also occur with mawther effects, when cemerting one format to anotheand
even when simply playing the audio.

Playing an audio file oftenwolves resampling, and processing by analogue components can introduce a
small DC offset and/or amplification, all of which can produce distortion if the audio sigalaivigs ini-
tially too close to the clipping point.

For these reasons, it is usual to realre that an audio file’sgnal level has some ‘headroom’, i.e. it does
not exceed a particularve below the maximum possible Vel for the gven representation. Sonstan-
dards bodies recommend as much as 9dB headradiim imost cases, 3dB 70% linear) is enoughNote
that this wisdom seems toveabkeen lost in modern music production; in fact, gn@bs, MP3s, etc.are
now mastered at lesls aboveOdBFS i.e. the audio is clipped as deiled.

SoX’s stat andstats effects can assist in determining the signedllen an audio file. Thegain or vol effect
can be used to prent clipping, e.g.

sox dull.wav bright.wav gain -6 treble +6
guarantees that the treble boost will not clip.

If clipping occurs at anpoint during processing, SoX will display a warning message to that effect.
See alsa-G and thegain andnorm effects.

Input File Combining
SoX’s input combiner can be configured (see OPTIONSWelo combine multiple files using wrwf the
following methods: ‘concatenate’, ‘sequence’, ‘mix’, ‘mix-power’, ‘merge’, or ‘multiply’. Thead#f
method is ‘sequence’ f@lay, and ‘concatenate’ forec andsox

For all methods other than ‘sequence’, multiple input files museltae 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 (usually will be by defult) 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.

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 fileveder, 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 diferent 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-power’ combining method is selected then tw nmore input files must be gn

and will be mixed together to form the output file. The number of channels in each input file need not be
the same, but SoX will issue a warning ifyttaee not and some channels in the output file will not contain
audio from gery input file. A mixed audio file cannot be un-mixed without reference to the original input
files.

If the ‘merge’ combining method is selected thep tw more input files must beggn and will be meged
together to form the output filelhe 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. Uginteiis 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.
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The ‘multiply’ combining method multiplies the sample values of corresponding channels (treated as num-
bers in the interal -1 to +1). If the number of channels in the input files is not the same, the missing chan-
nels are considered to contain all zero.

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

For all combining methods, input file volume adjustments can be made manually usirg thEion
(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 recele o volume adjustment. In some circumstances, automatigme 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.In this case, if manual volume adjustments are n@ngiSoX will try to ensure that clip-

ping does not occur by automatically adjusting tbiiwme (amplitude) of each input signal by a factor of

/n, where n is the number of input filef. this results in audio that is too quiet or otherwise unbalanced
then the input file @umes can be set manually as described@hlidsing thenorm effect on the mix is
another alternate.

If mixed audio seems loud enough at some points but too quiet in others then dynamic range compression
should be applied to correct this—see¢bempandeffect.

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

does not guarantee that clipping will not o¢durt the number of clips will usually bevioand the resultant
distortion is generally imperceptible.

Output Files

SoX’s default behaviour is to takane or more input files and write them to a single output file.

This behaviour can be changed by specifying the pseudo-effect ‘newfile’ within the effects list. SoX will
then enter multiple output mode.

In multiple output mode, a wefile is created when thefe€ts prior to the ‘newfile’ indicate thiere done.
The effects chain listed after ‘newfile’ is then started up and its outpwters wathe nev file.

In multiple output mode, a unique number will automatically be appended to the end of all fileffaires.
filename has an extension then the number is inserted beforde¢hsien. Thidehaiour can be custom-

ized by placing a %n anywhere in the filename where the number should be substituted. An optional num-
ber can be placed after the % to indicate a minimum fixed width for the number.

Multiple output mode is notery useful unless an effect that will stop the effects chain early is specified
before the ‘nefile’. If end of file is reached before the effects chain stops itself therwnilaevill be cre-
ated as it would be empty.

The following is an example of splitting the first 60 seconds of an input file i@®wsecond files and
ignoring the rest.
sox song.wav ringtone%21n.wav trim 0 30 : newfile : trim 0 30

Stopping SoX

SOX

Usually SoX will complete its processing andteutomatically once it has read alladable audio data
from the input files.

If desired, it can be terminated earlier by sending an interrupt signal to the process (usually by pressing the
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keyboard interrupt &y which is normally Ctrl-C).This is a natural requirement in some circumstances, e.g.
when using SoX to ma&ka ecording. Notethat when using SoX to play multiple files, Ctrl-C betm
slightly differently: pressing it once causes SoX to skip to the next file; pressing it twice in quick succession
causes SoX to exit.

Another option to stop processing early is to use &rctethat has a time period or sample count to
determine the stopping point. The trim effect is an example of this. Once all effects civairgopped
then SoX will also stop.

FILENAMES
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 &X-mdme will not work since
SoX will treat it as an &ct specification. The only work-around to this is void such filenames. This is
generally not difficult since most audio filenamesgeha flename ‘extension’, whilst effect-names do not.

Special Filenames
The folloving special filenames may be used in certain circumstances in place of a normal filename on the
command line:

- SoX can be used in simple pipeline operations by using the special filename ‘=’ which, if used as
an input filename, will cause SoX will read audio data from ‘standard input’ (stdin), and which, if
used as the output filename, will cause SoX will send audio data to ‘standard output’ (stdout).
Note that when using this option for the output file, and sometimes when using it for an input file,
the file-type (seet below) must also be gn.

"| program[optiong ..."
This can be used in place of an input filename to specify theubre gbgrams g¢andard output
(stdout) be used as an input filgnlike — (above), this can be used for\s®al inputs to one SoX
command. Br example, if ‘genw’ generates mondAWformatted signals to its standard output,
then the following command makes a stereo file fromdenerated signals:

sox —M "|genw ——imd =" "|genw ——thd -" out.wav

For headerless (raw) audiet (and perhaps other format options) will need to bergipreceding
the input command.

" wildcard-filenamé
Specifies that filename ‘globbing’ (wild-card matching) should be performed by SoX instead of by
the shell. This allows a single set of file options to be applied to a group offidesxample, if
the current directory contains three ‘vox’ files, filel.vox, file2.vox, and file3.vox, then
play ——rate 6k *.vox
will be expanded by the ‘shell’ (in most environments) to
play ——rate 6k filel.vox file2.vox file3.vox
which will treat only the first vox file as having a sample rate of\@kh
play ——rate 6k "*.vox"
the given sample rate option will be applied to all three vox files.

—p, ——SOx—pipe
This can be used in place of an output flename to specify that the SoX command should be used
as in input pipe to another SoX commaikdr example, the command:
play "|sox —n —p synth 2" "|sox —n —p synth 2 tremolo 10" stat
plays two ‘files’ in succession, each with different effects.

—pis in fact an alias for-t sox -.

-d, ——default—device
This can be used in place of an input or output filename to specify that the default audio device (if
one has been built into SoX) is to be usédhis is akin to imoking rec or play (as described
above).
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-n, ——null
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 ¢penating-
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 mainlyfedts 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).

Supported File & Audio Device Types
Seesoxformat(7) for a list and description of the supported file formats and audio deweesdri

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

The SOX_OPTSernvironment variable can be used tode alternatie default values for SoX dobal
options. Br example:

SOX_OPTS="--buffer 20000 ——play-rate—arg —hs ——temp /mnt/temp"
Note that setting SOX_OPTS can potentially create unwanted changes in thieurebiascripts or other
programs that woke SX. SAX_OPTS might best be used for things (such as in tren gkample) that
reflect the environment in which SoX is being rufnabling options such as-no-clobber as defult
might be handled better using a shell alias since a shell alias will not affect operation in scripts etc.

One way to ensure that a script cannot be affected by SOX_OPTS is to clear SOX_OPTS at the start of the
script, but this of course loses the benefit of SOX_OPTS carrying some system-wide default éptions.
alternatve gproach is to explicitly woke SX with default option values, e.g.

SOX_OPTS="-V —-no-clobber"

sox —V2 ——clobber $input $output ...
Note that the way to set environment variables varies from system to system. Here are some examples:

Unix bash:
export SOX_OPTS="-V ——no-clobber"
Unix csh:
setenv SOX_OPTS "~V —-no-clobber"
MS-DOS/MS-Windows:
set SOX_OPTS=-V —-no-clobber
MS-Windows GUI: via Control Panel : System : Advanced : Environment Variables

Mac OS X GUI: Refer to Apple’'Technical Q&A QA1067 document.

——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 processingjinput—buffer applies only to input processing (for which
it overrides——Dbuffer if both are gien).

Be awvare that large values for-buffer will cause SoX to be become wldo respond to requests
to terminate or to skip the current input file.

——clobber
Don’t prompt before werwriting an existing file with the same name as thaemgfor the output
file. Thisis the default behaviour.
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——combine concatenatpmerge|mix |mix—power|multiply |sequence
Select the input file combining method; for some of these, short optiongadabla: —-m selects
‘mix’, =M selects ‘merge’, andT selects ‘multiply’.

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

-D, ——no-dither
Disable automatic dither—see ‘Dithering’ aleo An example of wly this might occasionally be
useful is if a file has been ogeted from 16 to 24 bit with the intention of doing some processing
on it, but in fact no processing is needed after all and the original 16 bit file has been lost, then,
strictly speaking, no dither is needed if ening the file back to 16 bitSee also thetats effect
for haw to determine the actual bit depth of the audio within a file.

——effects—fileFILENAME
Use FILENAME to obtain all éécts and their guments. Thdile is parsed as if the values were
specified on the command lind new line can be used in place of the speciakrker to separate
effect chains.For corvenience, such maeks at the end of the file are normally ignored; if you
want to specify an empty last effects chain, usexpli@t : by itself on the last line of the file.
This option causes greffects specified on the command line to be discarded.

-G, ——guard
Automatically irvoke the gain effect to guard against clipping. E.g.
sox —G infile —b 16 oultfile rate 44100 dither —s
is shorthand for
sox infile —b 16 outfile gain —h rate 44100 gain -rh dither —s
See alse-V, ——norm, and thegain effect.

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

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

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

——i, ——info
Only if given as he first parameter ®ox behase & soxi(1).

-m|-M
Equivaent to-—combine mixand——combine merge respectiely.

——magic
If SoX has been built with the optional ‘libmagic’ library then this option can @ do enable
its use in helping to detect audio file types.

——multi-threaded | ——single-threaded
By default, SoX is ‘single threadedIf the ——multi-threaded option is given howeve then SoX
will process audio channels for most multi-channel effects in paralleyperdthreading/multi-
core architectures. This may reduce processing time, though sometimes it may be necessary to use
this option in conjunction with a largeuffer size than is the default to gainydoenefit from
multi-threaded processing (e.g. 131072;-sebuffer above).

——no-clobber
Prompt before werwriting an existing file with the same name as thedrgfor 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 effect? ...
when what you really meant was
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play filel file2 effectl effect? ...
then, without this option, file2 will beverwritten. Hence,using this option is recommended.
SOX_OPTS (abwe), a ‘shell’ alias, script, or batch file may be an appropriate way of permanently
enabling it.

——norm[=dB-leve]
Automatically irvoke the gain effect to guard against clipping and to normalise the audio. E.g.
sox ——norm infile —b 16 outfile rate 44100 dither —s
is shorthand for
sox infile —b 16 outfile gain —h rate 44100 gain —nh dither —s
Optionally, the audio can be normalized to aegi levd (usually) belav O dBFS:
sox ——norm=-3 infile outfile

See alsaV, -G, and thegain effect.

——play-rate—arg ARG
Selects a quality option to be used when the ‘rafecefs automatically woked whilst playing
audio. Thisoption is typically set via th8OX_OPTSenvironment variable (see ai).

——plot gnuplot|octave|off

If not set tooff (the default if—-—plot is not given), run in a mode that can be used, in conjunction
with the gnuplot program or the GNU Oetaprogram, to assist with the selection and configura-
tion of mary of the transfer-function basedfedts. Fr the first gien efect that supports the
selected plotting program, SoX will output commands to plot tfectsf transfer function, and
then exit without actually processingyaaudio. E.g.

sox ——plot octave input-file —n highpass 1320 > highpass.plt

octave highpass.plt

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

-R Run in ‘repeatable’ mode. When this option igegi where applicable, SoX will embed aefik
time-stamp in the output file (e.AIFF) and will ‘seed’ pseudo random number generators (e.g.
dither) with a fixed numberthus ensuring that successiSX invocations with the same inputs
and the same parameters yield the same output.

——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 oainput 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 file. Also shown is a pea#l-lmeter and an indication if clipping
has occurred. The peakslt meter shavs up to tvo channels and is calibrated for digital audio as
follows (right channel shown):

dB FSD Display dBFSD Display

-25 -11 =—===
-23 = -9 —_——==—
=21 = -7 =====
-19 == -5 —====-
-17 ==— -3 —=====
-15 === -1 =====I
-13 ===-

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

This option is enabled by default when using SoX to play or record audio.
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-T Equivaent to-—combine multiply.

—--temp DIRECTORY
Specify that aptemporary files should be created in theegiDIRECTORY This can be useful if
there are permission or free-space problems with treutiébcation. In this case, using-temp
. (to use the current directory) is often a good solution.

—=version
Shov SoX’'s version number and exit.
=V[level
Set \erbosity This is particularly useful for seeingwany automatic effects hae keen ivoked
by SoX.
SoX displays messages on the console (stderr) according to the following verlvelsity le
0 No messages are shown at all; use the exit status to determine if an error has occurred.
1 Only error messages are shho Theseare generated if SoX cannot complete the

requested commands.

2 Warning messages are also wimo 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 o
SoX is processing your audio.

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

By default, the verbosity W&l is st to 2 (shows errors and warnings). Each occurrence ef\the
option increases the verbositwéeby 1. Alternatively, the verbosity leel can be set to an abso-
lute number by specifying it immediately after thé, 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.

——ignore-length
Override an (incorrect) audio lengthvgn in an aidio file's header If this option is gren then
SoX will keep reading audio until it reaches the end of the input file.

-v, ——volume FACTOR
Intended for use when combining multiple input files, this option adjusts the volume of the file that
follows it on the command line by a factor XCTOR. This allaws it to be ‘balanced’ wit. the
other input files. This is a linear (amplitude) adjustment, so a humber less than 1 decreases the
volume and a number greater than 1 increases it. Ifdime rumber is gien then in addition to
the volume adjustment, the audio signal will besited.

See also thaorm, vol, and gain effects, and sekput 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.

-b BITS ——bits BITS
The number of bits (a.k.a. bit-depth or sometimes word-length) in each encoded shioiple.
applicable to compleencodings such as MP3 or GSMlot necessary with encodings thavéa
fixed number of bits, e.g. A/ua ADPCM.

For an input file, the most common use for this option is to inform SoX of the number of bits per
sample in a ‘raw’ (‘headerless’) audio filEor example
sox —r 16k —e signed —b 8 input.raw output.wav
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converts a particular ‘raw’ file to a self-describing AW’ file.

For an autput file, this option can be used (perhaps along wdjtto st the output encoding size.
By default (i.e. if this option is notgn), the output encoding size will (miding it is supported
by the output file type) be set to the input encoding dioe example

sox input.cdda —b 24 output.wav
corverts rav CD digital audio (16-bit, signed-integer) to a 24-bit (signed-integeAVWi le.

—Cc CHANNELS--channelsCHANNELS
The number of audio channels in the audio file. This canyawmnber greater than zero.

For an input file, the most common use for this option is to inform SoX of the number of channels
in a ‘raw’ (‘headerless’) audio fileOccasionallyit may be useful to use this option with a ‘head-
ered’ file, in order toeerride the (presumably incorrect) value in the header—note that this is only
supported with certain file types. Examples:

sox —r 48k —e float —b 32 —c 2 input.raw output.wav
converts a particular ‘raw’ file to a self-describing AW’ file.

play —c 1 music.wav
interprets the file data as belonging to a single changaidiess of what is indicated in the file
header Note that if the file does i€t hae wo channels, this will result in the file playing at
half speed.

For an autput file, this option pnddes a shorthand for specifying that ttennelseffect should
be invoked in order to change (if necessary) the number of channels in the audio signal to the num-
ber gven. For example, the following tavcommands are eqdlent:
sox input.wav —c 1 output.wav bass -b 24
SOX input.wav output.wav bass —-b 24 channels 1
though the second form is more flexible as it allows the effects to be ordered arbitrarily.

—e ENCODING ——encodingENCODING
The audio encoding type. Sometimes needed with file-types that support more than one encoding
type. For example, with vg WAV, or AU (but not, for example, with MP3 or FL@). Theavail-
able encoding types are as follows:

signed-integer
PCM data stored as signed (@w complement’) intgers. Commonlysed with a 16 or
24 -bit encoding sizeA value of 0 represents minimum signal power.

unsigned-integer
PCM data stored as unsigned gees. Commonlysed with an 8-bit encoding sizé
value of 0 represents maximum signal power.

floating-point
PCM data stored as IEEE 753 single precision (32-bit) or double precision (64-bit) float-
ing-point (‘real’) numbers A value of 0 represents minimum signal power.

a-law International telephgnstandard for logarithmic encoding to 8 bits per sampiehas a
precision equialent to roughly 13-bit PCM and is sometimes encoded witersed bit-
ordering (see theX option).

u-law, mu-law
North American telephgnstandard for logarithmic encoding to 8 bits per sample.a.
p-law. It has a precision eqealent to roughly 14-bit PCM and is sometimes encoded
with reversed bit-ordering (see theX option).

oki-adpcm
OKI (a.k.a. \OX, Dialogic, or Intel) 4-bit ADPCM; it has a precision e¢plént to
roughly 12-bit PCM. ADPCM is a form of audio compression that has a good compro-
mise between audio quality and encoding/decoding speed.
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ima-adpcm

IMA (a.k.a. DVI) 4-bit ADPCM,; it has a precision egglient to roughly 13-bit PCM.
ms-adpcm

Microsoft 4-bit ADPCM; it has a precision egdient to roughly 14-bit PCM.
gsm-full-rate

GSM is currently used for the vast majority of therld’'s dgital wireless telephone calls.

It utilises sgeral audio formats with different bit-rates and associated speech quality
SoX has support for GSMI'ariginal 13kbps ‘Full Rate’ audio format. It is usually CPU-
intensive  work with GSM audio.

Encoding names can be abbated where this would not be ambiguous; e.g. ‘unsignedente
can be gien as un’, but not ‘u’ (ambiguous with ‘u-law’).

For an input file, the most common use for this option is to inform SoX of the encoding ef’a ‘ra
(‘headerless’) audio file (see the exampleshrand-c above).

For an autput file, this option can be used (perhaps along whi)hto st the output encoding type
For example
sox input.cdda —e float outputl.wav

sox input.cdda —b 64 —e float output2.wav
corvert raw CD digital audio (16-bit, signed-integer) to floating-pointAW files (single & dou-
ble precision respewtly).

By default (i.e. if this option is notggn), the output encoding type will (providing it is supported
by the output file type) be set to the input encoding type.

——no-glob
Specifies that filename ‘globbing’ (wild-card matching) should not be performed by SoX on the
following filename.For example, if the current directory contains thetiiles ‘five-seconds.ex
and ‘five*.wav, then
play ——no—glob "five*.wav"
can be used to play just the single file ‘fiveduv

-r, ——rate RATHK]
Gives the sample rate in Hz (or kHz if appended with ‘k’) of the file.

For an input file, the most common use for this option is to inform SoX of the sample rate of a
‘raw’ (‘headerless’) audio file (see the exampleslirand—c abore). Occasionallyt may be use-
ful to use this option with a ‘headered’ file, in order verdde the (presumably incorrect) value in
the header—note that this is only supported with certain file typasexample, if audio ws
recorded with a sample-rate of say 48k from a source that played back a little5%gaytdb
slowly, then

sox —r 48720 input.wav output.wav
effectively corrects the speed by changing only the file headers@e also thepeedeffect for the
more usual solution to this problem).

For an autput file, this option provides a shorthand for specifying thatdte effect should be
invoked in order to change (if necessary) the sample rate of the audio signal tov¢hevaue.
For example, the following tw commands are equalent:

sox input.wav —r 48k output.wav bass -b 24

SoX input.wav output.wav bass —-b 24 rate 48k
though the second form is more flexible as itvadlgate options to be gien, and allows the
effects to be ordered arbitrarily.

-t, ——type FILE-TYPE
Gives the type of the audio fileFor both input and output files, this option is commonly used to
inform SoX of the type a ‘headerless’ audio file (e.g, rap3) where the actual/desired type can-
not be determined from avgh filename &tension. Br example:
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another-command | sox -t mp3 - output.wav

sSox input.wav —t raw output.bin
It can also be used tov@ride the type implied by an input filename extension, buvéfraling
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

—X, ——endian swap
These options specify whether the byte-order of the audio data is, redpgtdiitle endian’, ‘big
endian’, or the opposite to that of the system on which SoX is being &setlanness applies
only to data encoded as floating-point, or as signed or unsigned integers of 16 or mdtasbits.
often necessary to specify one of these options for headerless files, and sometimes necessary for
(otherwise) self-describing filesA given endian-setting option may be ignored for an input file
whose header contains a specific endianness iderdifi@r an output file that is actually an audio
device.

N.B. Unlike aher 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 lit-
tle-endian system:

sox —B audio.s16 trimmed.s16 trim 2
trimmed.s16 will be created as little-endian;

sox —B audio.s16 —B trimmed.s16 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 showietdselre
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 \esesl; sometimes useful with awfe
(mostly headerless) formats.

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

Output File Format Options

SOX

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 (or—comment-filg) is not given. To secify

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 formats. If this option isveot gi
then a default compression factor will appljhe 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.
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EFFECTS
In addition to cowerting, playing and recording audio files, SoX can be usedvtikéna umber of audio
‘effects’. Multiple effects may be applied by specifying them one after another at the end of the SoX com-
mand line, forming an ‘effects chainNote that applying multiple effects in real-time (i.e. when playing
audio) is lilely to require a high performance compufopping other applications may alleviate perfor
mance issues should theccur.

Some of the SoX effects are primarily intended to be applied to a single instrumegitet. Vo facilitate
this, theremix effect and the global SoX optiorM can be used to isolate then recombine tracks from a
multi-track recording.

Multiple Effects Chains
A single effects chain is made up of one or mofeat$. Audiofrom the input runs through the chain until
either the end of the input file is reached or an effect in the chain requests to terminate the chain.

SoX supports running multiple effects chaingrahe input audio. In this case, when one chain indicates it
is done processing audio, the audio data is then sent throughxtheffaets chain. This continues until
either no more effects chains exist or the input has reached the end of the file.

An effects chain is terminated by placing écolon) after an ééct. Ary following effects are a part of a
new effects chain.

It is important to place the effect that will stop the chain as the fiesttef the chain. This is becauseyan
samples that areulfered by effects to the left of the terminating effect will be discarded. The amount of
samples discarded is related to théuffer option and it should be kept small, relatio the sample rate,

if the terminating effect cannot be first. Further information on stoppiiegtefcan be found in tHstop-

ping SoXsection.

There are a fe pseudo-dicts that aid using multiple effects chains. These inchalgfile which will
start writing to a n& output file before moving to the nexffedts chain andestart which will move back

to the first effects chainPseudo-décts must be specified as the first effect in a chain and as the fecly ef
in a chain (thg must hae a: before and after tlyeare specified).

The following is an example of multiple effects chains. It will split the input file into multiple files of 30
seconds in lengthEach output filename will a wtniqgue number in its name as documented irCtbgput
Files section.

sox infile.wav output.wav trim 0 30 : newfile : restart

Common Notation And Parameters
In the descriptions that follg 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 repeat-
able but not optional. Where applicable, default values for optional parameters are shown in parenthesis ().

The following parameters are used with, andehhe same meaning faeveal effects:

centefk]
Seefrequency

frequencik]
A frequeng in Hz, or, if appended with ‘k’, kHz.

gain A power gain in dB. Zero ges no @in; less than zerogs an d@enuation.

position
A position within the audio stream; the syntax=$#|-]timespecwheretimespeds a time speci-
fication (see belw). The optional first character indicates whether timespecis to be inter
preted relatie 1 the start €) or end (-) of audio, or to the préous positionif the effect accepts
multiple position argumentst]. Theaudio length must be known for end-relatiocations to
work; some effects do accep0 for end-of-audio, though,ven if the length is unknen. Which
of =, +, — is the default depends on the effect and is shown in its syntax appsition(+).

Examples=2:00 (two minutes into the audio stream)100s(one hundred samples before the end
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of audio),+0:12+10s(twelve ssconds and ten samples after the previous positi@nd+1s(one
sample less than half a second before the end of audio).

widthlh|k |o|q]
Used to specify the band-width of a filtek number of different methods to specify the width are
awailable (though not all forvery effect). Oneof the characters shown may be appended to select
the desired method as follows:

Method Notes
h Hz
k kHz
0 Octaves
g Q-factor Seg?]

For each efect that uses this parametttre default method (i.e. if no character is appended) is the
one that it listed first in the first line of the effsatescription.

Most effects that expect an audio position or duration in a parameteatime specification accept either
of the following two forms:

[[hours]minutes]secondgfrac][t]
A specification of ‘1:36’ corresponds to one minute, thirty and %2 seconfise t sufiix is
entirely optional (havever, e thesilenceeffect for an &ception). Notehat the componental
ues do not hae b be rormalized; e.g., ‘1:23:45’, ‘83:45’, '79:0285’, ‘1:0:1425’, ‘1::1425" and
‘5025’ all are lgd and equvalent to each other.

samples

Specifies the number of samples direalyin 8000s’. for large sample counts,motationis sup-
ported: ‘1.7e6s’ is the same as ‘1700000s’.

Time specifications can also be chained witbr — into a nev time specification where the right part is

added to or subtracted from the left, respetti ‘3:00-200s’ means tevhundred samples less than three
minutes.

To se if SoX has support for an optional effect, ersex —h and look for its name under the list:
‘EFFECTS'.

Supported Effects
Note: a categorised list of the effects can be found in the accompanying ‘README !’ file.

allpassfrequencik] width[h|k [o]q]
Apply a two-pole all-pass filter with central frequgr(@ Hz) frequency and filterwidth width.
An all-pass filter changes the audidtequeng to phase relationship without changing its fre-
gueng to amplitude relationship. The filter is described in detail in [1].

This effect supports the-plot global option.

band [-n] centefk] [width[h|k|o]q]]
Apply a band-pass filterThe frequeng response drops lagthmically around thecenter fre-
queng. The width parameter gies the slope of the drop. The frequencieseatter+ width and
center — width will be half of their original amplitudesband defaults to a mode oriented to
pitched audio, i.e. voice, singing, or instrumental mu3iee —n (for noise) option uses the aler
nate mode for un-pitched audio (e.g. percussitrning: —n introduces a paer-gain of about
11dB in the filter so kewae of output clipping.band introduces noise in the shape of the fjlter
i.e. peaking at theenterfrequeny and settling around it.

This effect supports the-plot global option.
See alsaincfor a bandpass filter with steeper shoulders.

bandpasgbandreject [—c] frequencik] width[h|k |o|q]
Apply a two-pole Butterworth band-pass or band-reject filter with central fregdmguency
and (3dB-point) band-widtlvidth. The —c option applies only tbandpassand selects a constant
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skirt gain (peak gain = Q) instead of the default: constant 0dB @aak Ghefilters roll off at 6dB
per octae (20dB per decade) and are described in detail in [1].

These effects support the-plot global option.

See alsaincfor a bandpass filter with steeper shoulders.

bandreject frequencyk] width[h |k |o|q]

Apply a band-reject filterSee the description of tHeandpasseffect for details.

basqtreble gain [frequencik] [width[s|h|k|o]|qd]]]

Boost or cut the bass (lower) or treble (upper) frequencies of the audio usiogpaléashelving
filter with a response similar to that of a standard kiffihe-controls. Thiss also known as
shelving equalisation (EQ).

gain gives the gain at 0 Hz (fobasg, or whicheer is the lower of(RP2 kHzand the Nyquist fre-
gueny (for treble). Its useful range is about —20 (for a large cut) to +20 (for geldroost).
Beware of Clipping when using a posite gain.

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

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

width determines hwo steep is the filtes shelf transition. In addition to the common width speci-
fication methods described alep‘slope’ (the default, or if appended wits))‘may be used.The
useful range of ‘slope’ is about3) for a gentle slope, to 1 (the maximum), for a steep slope; the
default value is &.

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

See alsequalizerfor a peaking equalisation effect.

bend[-f frame-rat€25)] [-0 over-sampl€16)] { start-position(+)centsend-position(+)}

Changes pitch by specified amounts at specified tifBash gven triple: start-positioncentsend-
position specifies one bendcentsis the number of cents (100 cents = 1 semitone) by which to
bend the pitch. The otheales specify the points in time at which to start and end bending the
pitch, respectiely.

The pitch-bending algorithm utilises the Discrete Fourier Transform (DFT) at a particular frame
rate and wer-sampling rate.The—f and—o parameters may be used to adjust these parameters and
thus control the smoothness of the changes in pitch.

For example, an initial tone is generated, then bent three times, yielding four different notes in
total:
play —n synth 2.5 sin 667 gain 1\
bend .35,180,.25 .15,740,.53 0,-520,.3
Here, the first bend runs from 0.35 to 0.6, and the second one from 0.75 to 1.28 sRotadsat
the clipping that is produced in this example is deliberate; toverhousegain —-5in place of
gain 1

See als@itch.

biquad b0 b1 b2 a0 al a2

Apply a biquad IIR filter with the gen coefficients. Where b* and a* are the numerator and
denominator coefficients respeety.

See http://en.wikipedia.org/wiki/Digital_biquad_filter (where a0 = 1).
This effect supports the-plot global option.
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channelsCHANNELS
Invoke a gmple algorithm to change the number of channels in the audio signal tov¢hengin-
ber CHANNELS mixing if decreasing the number of channels or duplicating if increasing the
number of channels.

The channelseffect is irvoked automatically if SoXs —c option specifies a number of channels
that is different to that of the input file(splternatively, if this effect is gien explicitly, then
SoX’s—c option need not beggn. For example, the following tavcommands are equalent:

sox input.wav —c 1 output.wav bass -b 24

SOX input.wav output.wav bass —-b 24 channels 1
though the second form is more flexible as it allows the effects to be ordered arbitrarily.

See alse@emix for an effect that allows channels to be mixed/selected arbitrarily.

chorus gain-in gain-out<delay decay speed depth|-t>
Add a chorus effect to the audio. This can malkéngle vocal sound li& a dorus, but can also be
applied to instrumentation.

Chorus resembles an echdeet with a short delgybut whereas with echo the delay is constant,
with chorus, it is varied using sinusoidal or triangular modulation. The modulation depth defines
the range the modulated delay is played before or after the thelage the delayed sound will
sound slower ordster that is the delayed sound tuned around the original oreejrila dorus
where some vocals are slighthyf &ey. See [3] for more discussion of the chorus effect.

Each four-tuple parameter delay/decay/speed/depts tiie delay in milliseconds and the decay
(relative  gain-in) with a modulation speed in Hz using depth in millisecofide modulation is
either sinusoidal«s) or triangular ¢t). Gain-outis the volume of the output.

A typical delay is around 40ms to 60ms; the modulation speed is best2isdr @Gnd the modu-
lation depth around 2md=or example, a single delay:
play guitarl.wav chorus 0.7 0.9 55 0.4 0.25 2 -t
Two delays of the original samples:
play guitarl.wav chorus 0.6 0.9 50 0.4 0.25 2 -t \
600.320.41.3-s
A fuller sounding chorus (with three additional delays):
play guitarl.wav chorus 0.5 0.9 50 0.4 0.25 2 -t \
600.320.42.3-t400.30.31.3-s

compandattackldecayl,attack2decay?
[soft-knee-dBin-dB1[,out-dB1{ ,in-dB2out-dB3
[gain[initial-volume-dB[delay]]

Compand (compress or expand) the dynamic range of the audio.

The attack and decayparameters (in seconds) determine the tiwer which the instantaneous

level of the input signal is\eraged to determine itoolume; attacks refer to increases olume

and decays refer to decreas&®sr most situations, the attack time (response to the music getting
louder) should be shorter than the decay time because the human ear is move geasitten

loud music than sudden soft musié&/here more than one pair of attack/decay parameters are
specified, each input channel is companded separately and the number of pairs must agree with the
number of input channelslypical values aré.3,0.8 seconds.

The second parameter is a list of points on the comparicisfer function specified in dB rela-
tive © the maximum possible signal amplitude. The inmltigs must be in a strictly increasing
order but the transfer function does notén@ be nonotonically rising. If omitted, thealue of
out-dBldefaults to the same value asdB1; levds belaw in-dB1 are not companded (but may
have gain applied to them). The poififOis assumed but may beeridden (by0,out-dBr). If the

list is preceded by aoft-knee-dBralue, then the points at where adjacent line segments on the
transfer function meet will be rounded by the amouwergi Typical values for the transfer func-
tion are6:-70,-60,—-20
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The third (optional) parameter is an additionailhgin dB to be applied at all points on the transfer
function and allows easy adjustment of therall gain.

The fourth (optional) parameter is an initiatdeto be asumed for each channel when compand-
ing starts. This permits the user to supply a nominad ieitially, so that, for example, aery
large aain is not applied to initial signalvels before the companding action has begun to operate:
it is quite probable that in such avest, the output would be gerely clipped while the compan-
der gain properly adjusts itself typical value (for audio which is initially quiet) 90 dB.

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 adjusSpecifying a
delay approximately equal to the attack/decay timesvaltbe compander tofettively operate in

a ‘predictve’ rather than a reagg node. Atypical value i9.2 seconds.

* * *

The following example might be used to reakpece of music with both quiet and loud passages
suitable for listening to in a noisy environment such as a moving vehicle:

Sox asz.wav asz-car.wav compand 0.3,1 6:-70,-60,-20 -5 -90 0.2
The transfer function (‘6:-70,..)) says that very soft sounds \{betg0dB) will remain
unchanged. Thiwiill stop the compander from boosting thelume on ‘silent’ passages such as
between meements. Hwovever, ounds in the range —60dB to 0dB (maximuoiune) will be
boosted so that the 60dB dynamic range of the original music will be compressed 3-to-1 into a
20dB range, which is wide enough to gnfbe music but narw enough to get around the road
noise. The6:’ selects 6dB soft-knee companding. The -5 (dB) outmim ¢ needed tovaid
clipping (the number is inexact, and was detiby experimentation). The-90 (dB) for the initial
volume will work fine for a clip that starts with near silence, and the delay ¢é€conds) has the
effect of causing the compander to react a bit more quickly to sudden volume changes.

In the na&t example, compand is being used as a noise-gate for when the noise is at avkbwer le
than the signal:
play infile compand .1,.2 —inf,-50.1,-inf,-50,-50 0 -90 .1
Here is another noiseatg, this time for when the noise is at a highee lehan the signal (making
it, in some ways, similar to squelch):
play infile compand .1,.1 -45.1,-45,-inf,0,-inf 45 -90 .1
This effect supports the-plot global option (for the transfer function).

See alsancompandfor a multiple-band companding effect.

contrast [enhancement-amoyib)]
Comparable with compression, this effect modifies an audio signal te ihakund louder
enhancement-amourdontrols the amount of the enhancement and is a number in the range
0-100. Notehatenhancement-amounrtO dill gives a sgnificant contrast enhancement.

See also theompandandmcompand effects.

dcshift shift[limitergain]|
Apply a DC shift to the audioThis can be useful to reme a OC offset (caused perhaps by a
hardware problem in the recording chain) from the audio. The effect of a BB€ta$ reduced
headroom and hencelume. Thestat or stats effect can be used to determine if a signal has a
DC offset.

The given dcshiftvalue is a floating point number in the ranget8fthat indicates the amount to
shift the audio (which is in the range=f).

An optionallimitergain can be specified as wellt should hae a \alue much less than 1 (e.g0b
or 002) and is used only on peaks tovard clipping.

* * *

An alternatve gproach to removing a DCfeét (albeit with a short delay) is to use ttighpass
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filter effect at a frequenoof say 10Hz, as illustrated in the following example:
sox —n dc.wav synth 5 sin %0 50
sox dc.wav fixed.wav highpass 10

Apply Compact Disc (IEC 60908) de-emphasis (a treble attenuation shelving filter).

Pre-emphasis was applied in the mastering of some CDs issued in the early 1980s. These included
mary classical music albums, as well asmsought-after issues of alins by The Beatles, Pink

Floyd and others. Pre-emphasis should be xethat dayback time by a de-emphasis filter in the
playback deice. Havever, not all modern CD players @ tis filter, and very fav PC CD dives

have it; playing pre-emphasised audio without the correct de-emphasis filter results in audio that
sounds harsh and is far from what its creators intended.

With thedeempheffect, it is possible to apply the necessary de-emphasis to audio that has been
extracted from a pre-emphasised CD, and then either burn the de-emphasised audie @Da ne
(which will then play correctly on gnCD player), or simply play the correctly de-emphasised
audio files on the PCor example:

sox trackl.wav trackl-deemph.wav deemph
and then burn trackl-deemplawio CD, or

play trackl-deemph.wav
or simply

play trackl.wav deemph
The de-emphasis filter is implemented as a biquad and requires the input audio sample rate to be
either 44.1kHz or 48kHz. Maximum dation from the ideal response is only08dB (up to
20kHz).

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

osition(=)}
Delay one or more audio channels such that sert at the gien position For example,delay
1.5 +1 300sdelays the first channel by5lsconds, the second channel by &conds (one sec-
ond more than the previous channel), the third channel by 3000 samples,\exadaigacther
channels that may be present un-delayed. The following (one long) command plays a chime
sound:
play —n synth —j 3 sin %3 sin %-2 sin %-5 sin %-9\
sin %-14 sin %-21 fade h .01 2 1.5 delay \
1.31.76 .54 .27 remix — fade h 0 2.7 2.5 norm -1
and this plays a guitar chord:
play —n synth pl G2 pl B2 pl D3 pl G3 pl D4 pl G4\
delay 0 .05 .1 .15 .2 .25 remix — fade 0 4 .1 norm -1

dither [-S|-s|-f filter] [-a] [-p precisior]

Apply dithering to the audio. Dithering deliberately adds a small amount of noise to the signal in
order to mask audible quantizatiorieets that can occur if the output sample size is less than 24
bits. Wth no options, this &ct will add triangular (TPDF) white noise. Noise-shaping (only for
certain sample rates) can be selected withWith the—f option, it is possible to select a particu-

lar noise-shaping filter from the following list: lipshitz, f-weighted, modified-e-weighted,
improved-e-weighted, gesemann, shibata, low-shibata, high-shibata. Note that most filter types
are aailable only with 44100Hz sample rate. The filter types are distinguished by theifgjlo
properties: audibility of noise, Vel of (inaudible, but in some circumstances, otherwise problem-
atic) shaped high frequepnooise, and processing speed.

See http://sox.sourceforge.net/SoX/NoiseShaping for graphs of the different noise-shaping curves.

The -S option selects a slightly ‘sloped’ TPDibiased tavards higher frequencies. It can be used
at ary sampling rate bt belav =22k, plain TPDF is probably bettend abae = 37k, noise-shap-
ing (if available) is probably better.
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The —a option enables a mode where dithering (and noise-shaping if applicable) are automatically
enabled only when needed. The most likely use for this is when applying fade in or out to an
already dithered file, so that the redithering applies only to atiedf portions.However, auto
dithering is not fool-proof, so the fades should be carefully awebdr ary noise modulation; if

this occurs, then either re-dither the whole file, orttise, fade, and concatencate.

The—p option allows werriding the target precision.

If the SoX global optior-R option is not gren, then the pseudo-random number generator used to
generate the white noise will be ‘reseeded’, i.e. the generated noise will be different betareen in
cations.

This effect should not be followed byyaother effect that affects the audio.
See also the ‘Dithering’ section alen

downsample[facton(2)]
Downsample the signal by an integactor: Only the first out of eadhctor samples is retained,
the others are discarded.

No decimation filter is applied. If the input is not a properly bandlimited baseband signal, aliasing
will occur. This may be desirable, e.g., for frequgtranslation.

For a general resampling effect with anti-aliasing, s&te. See alsapsample

earwax
Makes audio easier to listen to on headphorfedds ‘cues’ to 44LkHz stereo (i.e. audio CD for
mat) audio so that when listened to on headphones the stereo imageedsfrom inside your
head (standard for headphones) to outside and in front of the listener (standard for speakers).

echogain-in gain-out<delay decay
Add echoing to the audio. Echoes are reflected sound and can occur naturally amongst mountains
(and sometimes large buildings) when talking or shouting; digital eébcteEmulate this betra
iour and are often used to help fill out the sound of a single instrumeatal v hetime differ-
ence between the original signal and the reflection is the ‘delay’ (time), and the loudness of the
reflected signal is the ‘decay’. Multiple echoes caveldifferent delays and decays.

Each gven delay decaypair gives the delay in milliseconds and the decay (retatd gain-in) of
that echo. Gain-out is the volume of the outpltr example: This will mak it sound as if there
are twice as maninstruments as are actually playing:

play lead.aiff echo 0.8 0.88 60 0.4
If the delay is very short, then it sounddi& fnetallic) robot playing music:

play lead.aiff echo 0.8 0.88 6 0.4
A longer delay will sound l&an goen air concert in the mountains:

play lead.aiff echo 0.8 0.9 1000 0.3
One mountain more, and:

play lead.aiff echo 0.8 0.9 1000 0.3 1800 0.25

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

Like the echo effect, echos stand for ‘ECHO in Sequel’, that is the first eclesstkekinput, the
second the input and the first echos, the third the input and the first and the second echos, ... and so
on. Careshould be taken using maachos; a single echos has the same effect as a single echo.

The sample will be bounced twice in symmetric echos:
play lead.aiff echos 0.8 0.7 700 0.25 700 0.3

The sample will be bounced twice in asymmetric echos:
play lead.aiff echos 0.8 0.7 700 0.25 900 0.3

The sample will sound as if played in a garage:
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play lead.aiff echos 0.8 0.7 40 0.25 63 0.3

equalizer frequencik] width[g|o|h|k] gain
Apply a two-pole peaking equalisation (EQ) filt&¥ith this filter, the signal-lgel at and around a
selected frequenacan be increased or decreased, whilst (entiknd-pass and band-reject filters)
that at all other frequencies is unchanged.

frequencygives the filter's eentral frequeng in Hz, width, the band-width, andain the required
gan or attenuation in dB. Beare of Clipping when using a posite gain.

In order to produce compleequalisation curves, this effect can beegi seveal times, each with a
different central frequenc

The filter is described in detail in [1].
This effect supports the-plot global option.

See alsdassandtreble for shelving equalisation effects.

fade [typq fade-in-lengtt stop-position(=)[fade-out-lengtlj
Apply a fade effect to the beginning, end, or both of the audio.

An optionaltype can be specified to select the shape of #ue fcure: q for quarter of a sine
wave, h for half a sine \ave t for linear (‘triangular’) slopel for logarithmic, andp for inverted
parabola. Thelefault is logarithmic.

A fade-in starts from the first sample and ramps the sigwalfi®mm O to full volume wer the
time given asfade-in-length Specify 0 if no fade-in is wanted.

For fade-outs, the audio will be truncatedstip-positionand the signal iesl will be ramped from

full volume davn to O aver an intenal of fade-out-lengthbefore thestop-position If fade-out-
lengthis not specified, it defaults to the sanaue adade-in-length No fade-out is performed if
stop-positionis not specified.f the audio length can be determined from the input file header and
ary previous effects, ther0 (or, for historical reasong)) may be specified fostop-positionto
indicate the usual case of a fade-out that ends at the end of the input audio stream.

Any time specification may be used fade-in-lengttandfade-out-length

See also thsplice effect.

fir [coefs-fildcoef$
Use SoX$ H-T corvolution engine with gien FR filter coeficients. Ifa sngle argument is gen
then this is treated as the name of a file containing the filter coefficients (white-space separated;
may contain ‘4’ comments). If the\gin filename is ‘', or if no ayjument is gien, then the coef-
ficients are read from the ‘standard input’ (stdin); otherwise, coefficients mayebeogithe com-
mand line. Examples:
sox infile outfile fir 0.0195 —0.082 0.234 0.891 —0.145 0.043
sox infile outfile fir coefs.txt
with coefs.txt containing
# HP filter
# f req=10000
1.2311233052619888e-01
-4.4777096106211783e-01
5.1031563346705155e-01
-6.6502926320995331e-02

This effect supports the-plot global option.

flanger [delay depthegen width speed shape phase interp
Apply a flanging effect to the audio. See [3] for a detailed description of flanging.

SOX Decembe8l, 2014 22



SoX(1) Sound eXchange SoX(1)

All parameters are optional (right to left).

Rang Default  Description

delay 0-30 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:sine|triangle.

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.

gain [-e|-B|-b|-r] [-n] [-l|-h] [gain-dB
Apply amplification or attenuation to the audio signal,imisome cases, to some of its channels.
Note that use of gnof —e, —B, —b, —r, or —n requires temporary file space to store the audio to be
processed, so may be unsuitable for use with ‘streamed’ audio.

Without other optionggain-dBis used to adjust the signal powerdeiy the given number of dB:
positve amplifies (bevare of Clipping), ngaive dtenuates. \Wth other options, thegain-dB
amplification or attenuation is (logically) applied after the processing due to those options.

Given the —e option, the lgels of the audio channels of a multi-channel file are ‘equalised’, i.e.
gan is applied to all channels other than that with the highest pedk $aich that all channels
attain the same peakvi (but, without also giving-n, the audio is not ‘normalised’).

The -B (balance) option is similar tee, but with —B, the RMS leel is used instead of the peak
level. —B might be used to correct stereo imbalance caused by an imperfect record turntable car
tridge. Notethat unlike—e, —B might cause some clipping.

—b is similar to—B but has clipping protection, i.e. if necessary toverg clipping whilst balanc-
ing, attenuation is applied to all channeldote, havever, that in conjunction with-n, —B and-b
are synonymous.

The —r option is used in conjunction with a priowvatation ofgain with the —h option—see
below for details.

The —n option normalises the audio to 0dB FSD; it is often used in conjunction withaivee
gain-dBto the effect that the audio is normalised tovegievd below 0dB. For example,
sox infile outfile gain —n
normalises to 0dB, and
sox infile outfile gain —n -3
normalises to —3dB.

The—-I option invokes a smple limiter, e.g.

sox infile outfile gain -1 6
will apply 6dB of gain but neer clip. Notethat limiting more than a ¥e dBs more than occasion-
ally (in a piece of audio) is not recommended as it can cause audible distSe®theompand
effect for a more capable limiter.

The —h option is used to applyain to provide head-room for subsequent processiug.exam-
ple, with

sox infile outfile gain —h bass +6
6dB of attenuation will be applied prior to the bass boostiferiethus ensuring that it will not
clip. Of course, with bass, it is obviousvihuch headroom will be needed, but with othéeets
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(e.g. ratedither) it is not akays as clear Another advantage of usirgpin —h rather than an
explicit attenuation, is that if the headroom is not used by subsequent effects, it can be reclaimed
with gain -r, for example:

sox infile outfile gain —h bass +6 rate 44100 gain —r
The abwoe dfects chain guaranteesveeto dip nor amplify; it attenuates if necessary toverd
clipping, but by only as much as is needed to do so.

Output formatting (dithering and bit-depth reduction) also requires headroom (which cannot be
‘reclaimed’), e.g.

sox infile outfile gain —h bass +6 rate 44100 gain —rh dither
Here, the secongdain invocation, reclaims as much of the headroom as it can from the preceding
effects, but retains as much headroom as is needed for subsequent processing. The SoX global
option—G can be gien to automatically ivoke gain —h andgain -r.

See also thaorm andvol effects.

highpasglowpass[-1|-2] frequency{k] [width[g|o|h|K]]

Apply a high-pass or low-pass filter with 3dB pdirquency The filter can be either single-pole
(with —=1), or double-pole (the default, or witt2). width applies only to double-pole filters; the
default is Q = 0707 and gies a Butterworth response.The filters roll of at 6dB per pole per
octave (20dB per pole per decade). The double-pole filters are described in detail in [1].

These effects support the-plot global option.

See alsaincfor filters with a steeper roll-off.

hilbert [-n tapg

Apply an odd-tap Hilbert transform filtgshase-shifting the signal by 90 degrees.

This is used in manmatrix coding schemes and for analytic signal generatidre process is
often written as a multiplication kiy(or j), the imaginary unit.

An odd-tap Hilbert transform filter has a bandpass characteristic, attenuating/éisé dnd high-
est frequencies. Its bandwidth can be controlled by the number of filter taps, which can be speci-
fied with—n. By default, the number of taps is chosen for a ddtefjuenyg of about 75 Hz.

This effect supports the-plot global option.

ladspal-1]-r] module[plugin] [argument..]

Apply a LADSHA [5] (Linux Audio Deseloper's Smple Plugin API) plugin.Despite the name,
LADSPA is not Linux-specific, and a wide range of effectsvailable as LADSR plugins, such

as cmt [6] (the Computer Music Toolkit) and &teHarris’s gugin collection [7]. The first gu-

ment is the plugin module, the second the name of the plugin (a module can contain more than one
plugin), and ay other arguments are for the control ports of the plugin. Missing arguments are
supplied by default values if possible.

Normally, the number of input ports of the plugin must match the number of input channels, and
the number of output ports determines the output channel célowever, the —r (replicate)
option allows cloning a mono plugin to handle multi-channel input.

Some plugins introduce latgnahich SoX may optionally compensate.fdrhe | (lateng com-
pensation) option automatically compensates for |gt@sceported by the plugin via an output
control port named "latency".

If found, the environment variable LADSPAATH will be used as search path for plugins.

loudness[gain [referencd]

Loudness control—similar to thgain effect, but provides equalisation for the human auditory
system. Sedttp://en.wikipedia.ay/wiki/Loudness for a detailed description of loudneg$ie
gain is adjusted by the g&n gain parameter (usually getive) and the signal equalised according
to 1ISO 226 w.t. a reference &l of 65dB, though an alternag referencelevel may be gven if

the original audio has been equalised for some other optitghl & default gain of —10dB is
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used if again value is not gien.
See also thgain effect.

lowpass[—1]-2] frequencik] [width[g|o]h|k]]
Apply a low-pass filter See the description of tHeghpasseffect for details.

mcompand"attackldecayl,attack2decay2
[soft-knee-dBin-dB1[,out-dBJ{ ,in-dB2out-dB3
[gain[initial-volume-dB[delay]]" { crossover-frefk] "attackl,..."}

The multi-band compander is similar to the single-band comparndehd audio is first gdided

into bands using Linkwitz-Rilecross-wer filters and a separately specifiable compander run on
each band.See thecompand effect for the definition of its parameters. Compand parameters are
specified between double quotes and the cvessequeng for that band is gen by crossover-

freq, these can be repeated to create multiple bands.

For example, the following (one long) command showsvhmoulti-band companding is typically
used in FM radio:
play trackl.wav gain —3 sinc 8000- 29 100 mcompand \

"0.005,0.1 -47,-40,-34,-34,-17,-33" 100\

"0.003,0.05 -47,-40,-34,-34,-17,-33" 400 \

"0.000625,0.0125 -47,-40,-34,-34,-15,-33" 1600 \

"0.0001,0.025 -47,-40,-34,-34,-31,-31,-0,—-30" 6400 \

"0,0.025 -38,-31,-28,-28,-0,-25" \

gain 15 highpass 22 highpass 22 sinc —n 255 -b 16 -17500 \

gain 9 lowpass -1 17801
The audio file is played with a simulated FM radio sound (or broadcast signal condition ¥f-the lo
pass filter at the end is skipped). Note that the pipeline is set up with US-style 75us pre-emphasis.

See als@ompandfor a single-band companding effect.

noiseprof [profile-filg
Calculate a profile of the audio for use in noise reducti®ee the description of th@isered
effect for details.

noisered[profile-file[amount]

Reduce noise in the audio signal by profiling and filterimbis effect is moderately fefctive &
remaoving consistent background noise such as hiss or fAanose it, first run SoX with thaoise-
prof effect on a section of audio that ideally would contain silence but in fact contains noise—
such sections are typically found at the beginning or the end of a recordiisgprof will write
out a noise profile tprofile-file, or to ¢dout if noprofile-fileor if ‘=" is given. E.g.

sox speech.wav —n trim 0 1.5 noiseprof speech.noise-profile
To ectually remae the noise, run SoX again, this time with theisered effect; noisered will
reduce noise according to a noise profile (which was generateoidgprof), from profile-file, or
from stdin if noprofile-fileor if ‘=" is given. E.g.

sox speech.wav cleaned.wav noisered speech.noise-profile 0.3
How much noise should be remvml is ecified byamount—a number between 0 and 1 with a
default of 05. Highernumbers will remae nore noise bt present a greater likelihood of remo
ing wanted components of the audio sigraéfore replacing an original recording with a noise-
reduced version, experiment withfdifentamountvalues to find the optimal one for your audio;
use headphones to check that you are yhapih the results, paying particular attention to quieter
sections of the audio.

On most systems, the e&vetages—profiling and reduction—can be combined using a pipe, e.qg.
sox noisy.wav —n trim 0 1 noiseprof | play noisy.wav noisered

norm [dB-leve]
Normalise the audionorm is just an alias fogain —n; see thegain effect for details.
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Out Of Phase Stereofe€t. Mixes stereo to twin-mono where each mono channel contains the
difference between the left and right stereo channels. This is sometimes known as the’'karaok
effect as it often has the effect of revitgy most or all of the vocals from a recording. It is gqui

lent toremix 1,2i 1,2i

overdri ve [gain(20) [colour(20)]]

Non linear distortion.The colour parameter controls the amount @& harmonic content in the
over-driven output.

pad { lengtH @position(=)] }

Pal the audio with silence, at the beginning, the end, grspacified points through the audio.
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 specifiedjiged that a specified
position is not less that the previous one, andtiamne specification may be used for theiposi-

tion is optional for the first and last lengths specified and if omitted correspond togihaibg

and the end of the audio respeelf. For example,pad 15 1.5 adds 15 sconds of silence pad-
ding at each end of the audio, whitgtd 4000s@3:00nserts 4000 samples of silence 3 minutes
into the audio. If silence isanted only at the end of the audio, specify either the end position or
specify a zero-length pad at the start.

See alsalelay for an effect that can add silence at thgiteing of the audio on a channel-by-
channel basis.

phasergain-in gain-out delay decay spelets|—t]

Add a phasing effect to the audio. See [3] for a detailed description of phasing.

delay/decay/speedwgis the delay in milliseconds and the decay (reéatb gain-in) with a modu-
lation speed in HzThe modulation is either sinusoidaisf —preferable for multiple instruments,
or triangular €t) —gives dngle instruments a sharper phasinfeetf Thedecay should be less
than 05 to avoid feedback, and usually no less thah 0Gain-outs the volume of the output.

For example:

play snare.flac phaser 0.8 0.74 30.4 0.5 -t
Gentler:

play snare.flac phaser 0.9 0.854 0.23 1.3 -s
A popular sound:

play snare.flac phaser 0.89 0.851 0.24 2 -t
More seere:

play snare.flac phaser 0.6 0.66 3 0.6 2 -t

pitch [—q] shift[segmenfsearch [overlap]]]

Change the audio pitch (but not tempo).

shift gives the pitch shift as posite a negdive ‘cents’ (i.e. 100ths of a semitone§ee thaempo
effect for a description of the other parameters.

See also thbend, speed and tempo effects.

rate [-q|-1|-m|-h|-v] [overide-options]RATHK]

Change the audio sampling rate (i.e. resample the audioy tgiveem RATE (even non-integer if
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this is supported by the output file format) using a qualitgl #efined as follows:
Quality Band- RejdB Typical Use

width
-q quick nfa =30 @ playback on ancient
Fs/4 hardware

- low 80% 100 playback on old
hardware

-m medium 95% 100 audio playback

-h high 95% 125 16-bit mastering (use
with dither)

-V very high 95% 175 24-bit mastering

where Band-widthis the percentage of the audio frequeband that is preserved afkj dBis

the level of noise rejection. IncreasingJds of resampling quality come at the expense of
increasing amounts of time to process the audio. If no quality optiowas, dhe quality leel
used is ‘high’ (but see ‘Playing & Recording Audio’ abaegading playback).

The ‘quick’ algorithm uses cubic interpolation; all others use band-limited interpolaign.
default, all algorithms h& a linear’ phase response; for ‘medium’, ‘high’ and ‘very high’, the
phase response is configurable (see below).

Therate effect is irvoked automatically if SoXs —r option specifies a rate that is different to that
of the input file(s).Alternatively, if this efect is gven explicitly, then SoXs-r option need not be
given. For example, the following tavcommands are equdlent:

sox input.wav —r 48k output.wav bass -b 24

SOX input.wav output.wav bass —-b 24 rate 48k
though the second command is moraifile as it allevs rate options to be gen, and allows the
effects to be ordered arbitrarily.

* * *

Warning: technically detailed discussion follows.

The simple quality selection described abqrovides settings that satisfy the needs of tastv
majority of resampling tasksOccasionally howeve, it may be desirable to fine-tune the resam-
pler’s filter response; this can be acta@ using override options as cetailed in the following ta-

ble:
—M/=I/-L Phase response = minimum/intermediate/linear
-s Steep filter (band-width = 99%)
-a Allow dliasing/imaging abee the pass-band

-b 74-997  Any band-width %
—p 0-100 Any phase response (0 = minimum, 25 = intermediate, 50 = lin-
ear 100 = maximum)

N.B. Owerride options cannot be used with the ‘quick’ or ‘low’ quality algorithms.

All resamplers use filters that can sometimes create ‘echo’ (a.k.a. ‘ringingdcastefith tran-
sient signals such as those that occur with ‘finger snaps’ or other highly percossids. Such
artefacts are much more noticeable to the human eanjfdt®ur before the transient (‘pre-echo’)
than if they occur after it (‘post-echo’). Note that frequgnaf any such arteécts is related to the
smaller of the original and mesampling rates but that if this is at leastMHz, then the artatts
will lie outside the range of human hearing.

A phase response setting may be used to control the digiribof ary transient echo between

‘pre’ and ‘post’: with minimum phase, there is no pre-echo but the longest post-echo; with linear
phase, pre and post echo are in equal amounts (in signal terms, but not audibility terms): the inter
mediate phase setting attempts to find the best compromise by selecting a small lengtieljand le
of pre-echo and a medium lengthed post-echo.
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Minimum, intermediate, or linear phase response is selected usirgMthel, or —L option; a
custom phase response can be created withptloption. Notethat phase responses between ‘lin-
ear’ and ‘maximum’ (greater than 50) are rarely useful.

A resampless band-width setting determineswanuch of the frequenccontent of the original
signal (wr.t. the original sample rate when up-sampling, or thve szenple rate when dm-sam-

pling) is preserved during ceersion. Theterm ‘pass-band’ is used to refer to all frequencies up

to the band-width point (e.g. for 4&Hz sampling rate, and a resampling band-width of 95%, the
pass-band represents frequencies from OHz (D.C.) to circa 21kHz). Increasing the resampler’
band-width results in a slower a@nsion and can increase transient echo artefacts (and vice
versa).

The —s ‘steep filter’ option changes resampling band-width from thaueb5% (based on the
3dB point), to 99%.The —b option allws the band-width to be set toyawalue in the range
74-997 %, hut note that band-widthalues greater than 99% are not recommended for normal use
as thg can cause excessi ransient echo.

If the —a option is gven, then aliasing/imaging abe the pass-band is alie@d. For example, with
44.1kHz sampling rate, and a resampling band-width of 95%, this means that fregoetent
abore 21kHz can be distorted; h@ver, snce this is abee the pass-band (i.eabove the highest
frequeng of interest/audibility), this may not be a problem. The benefits ofvilp alias-
ing/imaging are reduced processing time, and reduced (by almost half) transient eclotsartef
Note that if this option is géen, then the minimum band-width aNeble with —b increases to
85%.

Examples:

sox input.wav —b 16 output.wav rate —s —a 44100 dither —s
default (high) quality resampling;verrides: steep filteralow diasing; to 441kHz sample rate;
noise-shaped dither to 16-bitAY file.

sox input.wav —b 24 output.aiff rate —v —I —b 90 48k
very high quality resampling;w@rides: intermediate phase, band-width 90%; to 48k sample rate;
store output to 24-bit AIFF file.

* * *

Thepitch andspeedeffects use theate effect at their core.

remix [—a|]-m|-p] <out-spec
out-spec= in-speg,in-speg | 0
in-spec = [in-char[—[in-chand][vol-spe¢
vol-spec=pli|v[volumé

Select and mix input audio channels into output audio channels. Each output channel is specified,
in turn, by a gren out-speca list of contributing input channels and volume specifications.

Note that this effect operates on the authiannelswithin the SoX effects processing chain; it
should not be confused with then global option (where multipldiles are mix-combined before
entering the effects chain).

An out-speccontains comma-separated input channel-numbers and hyphen-delimited channel-
number ranges; alternegly, 0 may be gien to aeate a silent output channélor example,

Sox input.wav output.wav remix 6 7 8 0
creates an output file with four channels, where channels 1, 2, and 3 are copies of channels 6, 7,
and 8 in the input file, and channel 4 is silent. Whereas

Sox input.wav output.wav remix 1-3,7 3
creates a (somewhat bizarre) stereo output file where the left channel is asmigfdoput chan-
nels 1, 2, 3, and 7, and the right channel is § odpput channel 3.

Where a range of channels is specified, the channel numbers to the left and righyphémedne
optional and default to 1 and to the number of input channels reshecthus
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SOX input.wav output.wav remix —
performs a mix-down of all input channels to mono.

By default, where an output channel is edxrom multiple (n) input channels, each input channel
will be scaled by a factor ofrt/ Custom mixing wlumes can be set by following aven input
channel or range of input channels witkicd-spec(volume specification). This is one of the let-
tersp, i, or v, followed by a wlume numberthe meaning of which depends on theegiletter and

is defined as follows:

Letter  \0lume number Notes
p power adjust in dB 0 = no dhange
i power adjustin dB  As ‘p’, but wert the audio
Y voltage multiplier 1 =no dange, b= 6dB
attenuation, Z 6dB gain, -1
=invet

If an out-spedncludes at least onel-specthen, by default, #/scaling is not applied to grother
channels in the same out-spec (though may be in other out-sféws)-a (automatic) option
however, can be gien to retain the automatic scaling in this caser example,

sox input.wav output.wav remix 1,2 3,4v0.8
results in channellel multipliers of 05,05 1,0.8, whereas

sox input.wav output.wav remix —a 1,2 3,4v0.8
results in channel e multipliers of 05,05 0.5,0.8.

The —m (manual) option disables all automatic volume adjustments, so
sSox input.wav output.wav remix -m 1,2 3,4v0.8
results in channelle multipliers of 1,1 1,(8.

The volume number is optional and omitting it corresponds toohame change; heever, the

only case in which this is useful is in conjunction withor example, iinput.wavis stereo, then
Sox input.wav output.wav remix 1,2i

is a mono equalent of theoopseffect.

If the —p option is gven, then agy automatic % scaling is replaced byw (‘power’) scaling; this
gives a buder mix but one that might occasionally clip.

* * *

One use of theemix effect is to split an audio file into a set of files, each containing one of the
constituent channels (in order to perform subsequent processing widuatiaudio channels).
Where more than aviechannels are wolved, a script such as the fallimg (Bourne shell script)
is useful:
#!/bin/sh
chans="soxi —-c¢ "$1"
while [ $chans —ge 1 ]; do

chansO0="printf %02i $chans’ # 2 digits hence up to 99 chans

out="echo "$1"|sed "sA(.:*\)\.\(:*\)A\1-$chans0.\2/"

sox "$1" "$out" remix $chans

chans="expr $chans - 1
done
If a file input.wavcontaining six audio channels wereaji, the script would produce six output
files: input-01.wayinput-02.way ..., input-06.wav

See also thewapeffect.

repeat[coun{1)|-]

Repeat the entire aud@munttimes, or once itountis not gven. Thespecial alue — requests
infinite repetition. Requires temporary file space to store the audio to be repeated. Note that
repeating once yields twoopies: the original audio and the repeated audio.
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reverb [-w|-—wet-only] [reverberancg50%) HF-damping(50%)
[room-scalg100%) ktereo-deptl{100%)
[pre-delay(Oms) wet-gain(0dB)]]]11]

Add reverberation to the audio using the ‘fieeb’ algorithm. A reveberation effect is sometimes
desirable for concert halls that are too small or contain sy people that the hafi’matural rever-
berance is diminished. Applying a small amount of stereerlbeto a (dry) mono signal will usu-
ally male it sound more natural. See [3] for a detailed descriptionwafberation.

Note that this effect increases both tidume and the length of the audio, so tovpné clipping
in these domains, a typicaliscation might be:

play dry.wav gain -3 pad O 3 reverb
The-w option can be gen to ®lect only the ‘wet’ signal, thus alldng it to be processed further
independently of the ‘dry’ signal. E.g.

play —-m voice.wav "|sox voice.wav —p reverse reverb —w reverse"
for a reverse reverb effect.

reverse Reverse the audio completelRequires temporary file space to store the audio tovaeses.

riaa Apply RIAA vinyl playback equalisation. The sampling rate must be one of, 48, 8&, 96
kHz.

This effect supports the-plot global option.

silence[-I] above-period$duration thresholfl|%]
[below-periods duration threshqidl|%]]

Remawes dlence from the bginning, middle, or end of the audio. ‘Silence’ is determined by a
specified threshold.

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

audio. A \alue of zero indicates no silence should be trimmed from the beginning. When specify-
ing a non-zer@above-periodsit trims audio up until it finds non-silence. NormaNyhen 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 periods. For example, 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.

When above-periodss non-zero, you must also specifydaration andthreshold duration indi-
cates the amount of time that non-silence must be detected before it stops trimming audio. By
increasing the duration, burst of noise can be treated as silence and trimmed off.

thresholdis used to indicate what sample value you should treat as sil€nceligital 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 spedii@v-periodscount.

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

be a value 1 of but it can be increased to skigy 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 skigeothe 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 demtio.
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 towekipeomiddle silence.

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

By first reversing the audio, you can use thkove-periodgo reliably trim all audio from what
looks like the front of the file. Then verse the file again to get back to normal.
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To remove slence from the middle of a file, specifybalow-periodghat is ngdive. This value is

then treated as a pos#ivalue and is also used to indicate that the effect should restart processing
as specified by thabove-periodsmaking it suitable for removing periods of silence in the middle

of the audio.

The option-I indicates thabelow-periods duation length of audio should be left intact at the
beginning of each period of silencd=or example, if you want to renve long pauses between
words but do not want to reme the pauses completely.

durationis a time specification with the peculiarity that a bare number is interpreted as a sample
count, not as a number of second&x specifying seconds, either use theuffix (as in ‘2t’) or
specify minutes, too (as in ‘0:02’).

thresholdnumbers may be died withd to indicate the value is in decibels, %r to indicate a
percentage of maximum value of the sample vadde §pecifies pure digital silence).

The following ekample shows he this effect can be used to start a recording that does not contain
the delay at the start which usually occurs between ‘pressing the record button’ and the start of the
performance:

rec parametes flename other-effectslence 1 5 2%

sinc[—a att|-b betd [-p phasd—M |-I |-L] [t tbw|-n tapq [freqHP[ —freqLP[-t tbw|-n taps]]

Apply a sinc kaisewindowed low-pass, high-pass, band-pass, or band-reject filter to the signal.
The freqHP andfreqLP parameters ge the frequencies of the 6dB points of a high-pass and lo
pass filter that may bevioked individually, or together If both are gren, thenfreqHP less than
freqLP creates a band-pass filtéreqHP greater tharfreqLP creates a band-reject filteFor
example, the imocations

sinc 3k

sinc -4k

sinc 3k-4k

sinc 4k-3k
create a high-pass, low-pass, band-pass, and band-reject filter vespecti

The default stop-band attenuation of 120dB can\eeridden with—a; alternatively, the kaiser
window ‘beta’ parameter can bevgn directly with —b.

The default transition band-width of 5% of the total band canvbeidden with—t (andtbw in
Hertz); alternatiely, the number of filter taps can bevgn directly with —n.

If both freqHP andfreqLP are gven, then a—t or —n option gien to the left of the frequencies
applies to both frequencies; one of these optiovengb the right of the frequencies applies only
to freqLP.

The-p, =M, -1, and -L options control the filtes' phase response; see tiage effect for details.

This effect supports the-plot global option.

spectrogram[optiong

Create a spectrogram of the audio; the audio is passed unmodified through the SoX processing
chain. Thiseffect is optional—typesox ——helpand check the list of supported effects to see if it
has been included.

The spectrogram is rendered in a Portable Network Graphic (PNG) file, amsl tiine in the X-

axis, frequeng in the Y-axis, and audio signhal magnitude in the Z-axis. Z-axis values are repre-
sented by the colour (or optionally the intensity) of the pixels in the X-Y plane. If the audio signal
contains multiple channels then these arewshfrom top to bottom starting from channel 1
(which is the left channel for stereo audio).

For example, if ‘my.waVv is a gereo file, then with
SOX my.wav —n spectrogram
a ectrogram of the entire file will be created in the file ‘spectrogram.png’. More often though,
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analysis of a smaller portion of the audio is required; e.g. with

sox my.wav —n remix 2 trim 20 30 spectrogram
the spectrogram st information only from the second (right) channel, and of thirty seconds of
audio starting from twenty seconds ifio analyse a small portion of the frequgrmtomain, the
rate effect may be used, e.qg.

Sox my.wav —n rate 6k spectrogram
allows detailed analysis of frequencies up to 3kHz (half the sampling rate) i.e. where the human
auditory system is most sengéi With

sox my.wav —n trim 0 10 spectrogram —x 600 -y 200 -z 100
the given options control the size of the spectrogra, Y & Z axes (in this case, the spectro-
gram area of the produced image will be 600 by 208Ipix size and the Z-axis range will be 100
dB). Notethat the produced image includes axes legends etc. and so will be a jttetean the
specified spectrogram size. In this example:

sox —n —n synth 6 tri 10k:14k spectrogram -z 100 —w kaiser
an analysis ‘window’ with high dynamic range is selected to best display the spectrogram of a
swept triangular ave For a smilar gample, append the following to the ‘chime’ command in the
description of thelelay effect (abwoe):

rate 2k spectrogram —X 200 -Z -10 -w kaiser
Options are alsovailable to control the appearance (colour-set, brightness, contrast, etc.) and file-
name of the spectrogram; e.g. with

SOX my.wav —n spectrogram —m -| —o print.png
a pectrogram is created suitable for printing on a ‘black and white’ printer.

Options:

—x num Change the (maximum) width (X-axis) of the spectrogram from its default value of 800
pixels to a gren number between 100 and 200000. See akand-d.

=X num
X-axis pixels/second; the daflt is auto-calculated to fit thevgh or known audio dura-
tion to the X-axis size, or 100 otherwise. I¥@i in conjunction with—d, this option
affects the width of the spectrogram; otherwise,féé the duration of the spectrogram.
numcan be from 1 (l time resolution) to 5000 (high time resolution) and need not be
an intger SoX may male a dight adjustment to the gen number for processing quanti-
sation reasons; if so, SoX will report the actual number useddvie when the SoX
global option-V is in efect). Sealso—x and-d.

-y num Sets the Y-axis size in s (per channel); this is the number of freqyéeiins’ used in
the Fourier analysis that produces the spectrogidiB. it can be shw to produce the
spectrogram if this number is not one more thanveepof two (e.g. 129). By default the
Y-axis size is chosen automatically (depending on the number of charse¢s)Y for
alternatve way of setting spectrogram height.

=Y num
Sets the target total height of the spectrograni{fe default value is 550 pmis. Using
this option (and by default), SoX will choose a height forviuial spectrogram chan-
nels that is one more than awsr of two, so the actual total height may fall short of the
given number Howeva, there is also a minimum height per channel so if there arg man
channels, the number may beceeded. Seey for alternatve way of setting spectro-
gram height.

-z num Z-axis (colour) range in dB, default 120. This sets the dynamic-range of the spectrogram
to be numdBFS to GdBFS. Num may range from 20 to 180Decreasing dynamic-
range effectiely increases the ‘contrast’ of the spectrogram disgay vice versa.

=Z num
Sets the upper limit of the Z-axis in dBF&. negdive num effectively increases the
‘brightness’ of the spectrogram displagd vice versa.
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—g num Sets the Z-axis quantisation, i.e. the number déifit colours (or intensities) in which
to render Z-axis alues. Asmall number (e.g. 4) will ge a poster’-like €f ect making it
easier to discern magnitude bands of similaelleSmallnumbers also usually result in
small PNG files. The numbervgn ecifies the number of colours to use inside the Z-
axis range; tw colours are reserved to represent out-of-range values.

-wW name
Window: Hann (default), Hamming, Bartlett, Rectanguléaiser or Dolph. The spectro-
gram is produced using the DiscreteuFier Transform (DFT) algorithmA significant
parameter to this algorithm is the choice of ‘windmnction’. Bydefault, SoX uses the
Hann windav which has good all-round frequency-resolution and dynamic-range proper
ties. For better frequencresolution (but lower dynamic-range), select a Hamming win-
dow; for higher dynamic-range (but poorer frequency-resolution), select a Dolphwvindo
Kaiser Bartlett and Rectangular windows are algailable.

-W num
Window adjustment parameteiThis can be used to makmall adjustments to the Kaiser
or Dolph windav shape. Apositve rumber (up to ten) increases its dynamic range, a
negdive rumber decreases it.

-s Allow dack overlapping of DFT windws. Thiscan, in some cases, increase image
sharpness andg geater adherence to th& value, but at the expense of a little spectral
loss.

-m Creates a monochrome spectrogram (the default is colour).

-h Selects a high-colour palette—less visually pleasing than the default colour paleite, b

may male it easier to differentiate differentvels. If this option is used in conjunction
with —m, the result will be a hybrid monochrome/colour palette.

—p num Permute the colours in a colour oybhid palette. The num parameterfrom 1 (the
default) to 6, selects the permutation.

- Creates a ‘printer friendly’ spectrogram with a light background (the default has a dark

background).

-a Suppress the display of the axis lines. This is sometimes useful in helping to discern arte-
facts at the spectrogram edges.

-r Raw spectrogram: suppress the display of axes and legends.

-A Selects an alternat, fixed colour-set. Thisis provided only for compatibility with spec-

trograms produced by another package. It should not normally be used as it has some
problems, not least, a lack of féifentiation at the bottom end which results in masking of
low-level artefacts.

-t text Set the image title—text to display aeahe spectrogram.

—ctext Set (or clear) the image comment—text to displayweedod to the left of the spectro-
gram.

—ofile Name of the spectrogram output PNG file, default ‘spectrogram.png’. If ‘-vengihe
spectrogram will be sent to standard output (stdout).

Advanced Options:
In order to process a smaller section of audio withdiecthg other effects or the output signal
(unlike when thetrim effect is used), the following options may be used.

—d duration
This option sets the X-axis resolution such that audio with then gluration (a time
specification) fits the selected (or default) X-axis widtor example,
sox input.mp3 output.wav —n spectrogram —d 1:00 stats
creates a spectrogram showing the first minute of the audio, whilst

SOX DecembeBl, 2014 33



SoX(1) Sound eXchange SoX(1)

thestatseffect is applied to the entire audio signal.
See alsa-X for an alternatie way of setting the X-axis resolution.

—Sposition(=)
Start the spectrogram at thedi point in the audio streant-or example
sox input.aiff output.wav spectrogram —-S 1:00
creates a spectrogram showing all but the first minute of the audio (the outputwile, ho
eva, receves the entire audio stream).

For the ability to perform off-line processing of spectral data, sest#teffect.

speedfactorfc]
Adjust the audio speed (pitch and tempo togethimgtor is either the ratio of the mespeed to
the old speed: greater than 1 speeds up, less thawd dbavn, 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.

Technically, the speed &fct only changes the sample rate information, leaving the samples them-
sehes untouchedTherate effect is irvoked automatically to resample to the output sample rate,
using its default quality/speed=or higher quality or higher speed resampling, in addition to the
speedeffect, specify theate effect with the desired quality option.

See also thbend, pitch, and tempo effects.

splice [-h|-t]|—-q] { position(=),exces$,leeway] }
Splice together audio section§his effect provides tavthings awer simple audio concatenation: a
(usually short) cross-fade is applied at the join, anéeesimilarity comparison is made to help
determine the best place at which to méie join.

One of the optionsh, —t, or —q may be gien to ®lect the fade erlope as half-cosine ave(the
default), triangular (a.k.a. linear), or quarter-cosim@avespectiely.

Type Audio Fade level Transitions
t correlated constargan abrupt
h correlated constargan smooth
q uncorrelated constapbwer  smooth

To perform a splice, first use them effect to select the audio sections to be joined togethsr

when performing a tape splice, the end of the section to be spliced onto should be trimmed with a
small excess(default 0005 seconds) of audio after the ideal joining poifihe beginning of the

audio section to splice on should be trimmed with the sagess(before the ideal joining point),

plus an additionaleeway(default 0005 seconds)Any time specification may be used for these
parameters. SoXhould then be ioked with the two audio sections as input files and tice

effect given with the position at which to perform the splice—this is length of the first audio sec-
tion (including the excess).

The following diagram uses the tape analogy to illustrate the splice operation. The effect simu-
lates the diagonal cuts and joins the pieces:

lengthl  excess
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S
excess leeway

where * indicates the joining points.

For example, a long song begins withdwerses which start (as determined e.g. by usingltne
command with therim (start) effect) at times 0:3025 and 1:0332. Thefollowing commands
cut out the first verse:

sox too-long.wav partl.wav trim 0 30.130
(5 ms excess, after the first verse starts)

sox too-long.wav part2.wav trim 1:03.422
(5 ms excess plus 5 ms ey, before the second verse starts)

sox partl.wav part2.wav just-right.wav splice 30.130
For another example, the SoX command

play "|sox —n —p synth 1 sin %1" "|sox —n —p synth 1 sin %3"
generates and playsdwotes, but there is a nasty click at the transition; the click can beredmo
by splicing instead of concatenating the audio, i.e. by appesgligg 1to the command. (Clicks
at the beginning and end of the audio can be vethby precedingthe splice effect witliade g
.012.0).

Provided your arithmetic is good enough, multiple splices can be performed with a spligee
invocation. For example:
#!/bin/sh
# Audio Copy and Paste Over
# acpo infile copy-start copy-stop paste-over-start outfile
# No chained time specifications allowed for the parameters
# (i.e. such that contain +/-).
€=0.005 #  Using default excess
I=$e # and leeway.
sox "$1" piece.wav trim $2-$e-3l =$3+%e
sox "$1" partl.wav trim 0 $4+$e
sox "$1" part2.wav trim $4+$3-$2-$e-$l
sox partl.wav piece.wav part2.wav "$5" \
splice $4+%e +$3-$2+$e+$l+$e
In the abwe Bourne shell script, tarplices are used to ‘cgmnd paste’ audio.

* * *

It is also possible to use this effect to perform general cealssf e.g. to join twsongs. Inthis
caseexcesswould typically be an number of seconds, tlggoption would typically be gien (to
select an ‘equal power’ cross-fade), dedwayshould be zero (which is the deft if —q is
given). For example, if f1.\av and f2.wav ae audio files to be cross-faded, then

sox fl.wav f2.wav out.wav splice —q $(soxi —-D fl.wav),3
cross-hdes the files where the point of equal loudness is 3 seconds before the endwi.&.w
the total length of the cross-fade is 2 = 6 sconds (Note: the $(...) notation is POSIX shell).

stat[-sscalg [-rms] [-freq] [-V] [-d]
Display time and frequegcdomain statistical information about the audio. Audio is passed
unmodified through the SoX processing chain.

The information is output to the ‘standard error’ (stderr) stream and is calculated,mibdte
duration of the audio in samplesis the number of audio channalds the audio sample rate, and
X, represents the PCM value (in the range -1 to +1 by default) of each suecaswle in the
audio, as follows:

Samplesead xc
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Length (seconds) T
Scaled by See -s belw.
Maximum amplitude max(,) The maximum samplealue

in the audio; usually this will

be a positie rumber.
Minimum amplitude  min(x,) The minimum sample alue

in the audio; usually this will

be a ngaive rumber.
Midline amplitude vamin(x ) +Y2max(x,)

Mean norm UnZ[x) The aerage of the absolute
vaue of each sample in the
audio.

Mean amplitude nZx, The arerage of each sample

in the audio. If this figure is
non-zero, then it indicates
the presence of a D.C.feét
(which could be remed
using thedcshift effect).

RMS amplitude \/(1/ank2 The level of a D.C. signal
that would hae te same
power as the audie’average

power.
Maximum delta max (X, —X,_,|)

Minimum delta min(x, —X,_,[)

Mean delta Yn-1Z X =X 4|

RMS delta V(=12 (% =% _1)?)

Rough frequency In Hz.

Volume Adjustment The parameter to thevol

effect which would male the
audio as loud as possible
without clipping. Note: See
the discussion orClipping
above for reasons whit is
rarely a good idea actually to
do this.

Note that the delta measurements are not applicable for multi-channel audio.

The —s option can be used to scale the input data byendactor The default value o$caleis
2147483647 (i.e. the maximunalue of a 32-bit signed irger). Internaleffects alays work
with signed long PCM data and so the value should relate to this fact.

The-rms option will corvert all output &erage values to ‘root mean square’ format.
The-v option displays only the ‘Volume Adjustment’ value.

The —freq option calculates the inpstpower spectrum (4096 point DFT) instead of the statistics
listed abee. This should only be used with a single channel audio file.

The —d option displays a hedump of the 32-bit signed PCM data audio in Soikternal luffer.
This is mainly used to help track down endian problems that sometimes occur in cross-platform
versions of SoX.

See also thstatseffect.

stats[—b bits|—x bits|-s scalg [-w window-timé
Display time domain statistical information about the audio channels; audio is passed unmodified
through the SoX processing chain. Statistics are calculated and displayed for each audio channel
and, where applicable, amavall figure is also gien.
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For example, for a typical well-mastered stereo music file:

Overall Left Right
DC offset ~ 0.000803 -0.000391 0.000803
Min level -0.750977 —-0.750977 -0.653412

Max level 0.708801 0.708801 0.653534
Pk lev dB -2.49 -2.49 -3.69
RMS lev dB -19.41 -19.13 -19.71
RMS Pk dB -13.82 -13.82 -14.38
RMS Tr dB -85.25 -85.25 -82.66
Crest factor - 6.79 6.32
Flat factor 0.00 0.00 0.00
Pk count 2 2 2
Bit-depth 16/16 16/16 16/16
Num samples 7.72M

Length s 174.973

Scale max 1.000000

Window s 0.050

DC offset Min level and Max levelare shown, by default, in the range. If the—b (bits) options
is given, then these three measurements will be scaled to a signed integer witteriheigiber of
bits; for example, for 16 bits, the scalewld be —32768 to +32767The —x option behges the
same way asb except that the signed integer values are displayedxadaeeimal. The-s option
scales the three measurements byendioating-point number.

Pk lev dB and RMS le& dB are standard peak and RMSdemeasured in dBFSRMS Pk dBand
RMS TdB are peak and trough values for RMSdemeasured wer a short windaw (default
50ms).

Crest factoris the standard ratio of peak to RMS8dg note: not in dB).

Flat factor is a measure of the flatness (i.e. conseewgimples with the samelue) of the signal
at its peak leels (i.e. eitheMin level or Max leve). Pk countis the number of occasions (not the
number of samples) that the signal attained elierlevel, or Max level

The right-handBit-depthfigure is the standard definition of bit-depth i.e. bits less significant than
the gven number are figd at zero. The left-hand figure is the number of most significant bits that
are fixed at zero (or one forgative rumbers) subtracted from the right-hand figure (the number

subtracted is directly related Rk lev dB).

For multi-channel audio, anverall figure for each of the alle measurements is\gn and derved
from the channel figures as folle: DC offset maximum magnitudeMax leve| Pk lev dB,
RMS Pk dB Bit-depth maximum; Min level RMS T dB: minimum; RMS le dB, Flat factor,
Pk count average;Crest factor not applicable.

Length ds the duration in seconds of the audio, &han sampless equal to the sample-rate mul-
tiplied by Length Scale Maxs the scaling applied to the first three measurements; specjfically
is the maximum value that could applyMax level Window sis the length of the windo used
for the peak and trough RMS measurements.

See also thstat effect.

Swap stereo channeldf the input is not stereo, pairs of channels are swapped, and a possible odd
last channel passed through. E.g., fmesechannels, the output order will be 2, 1, 4, 3, 6, 5, 7.

See alsaemix for an effect that allows arbitrary channel selection and ordering (and mixing).

stretch factor [window fade shift fadirjg

SOX

Change the audio duration (but not its pitclihis effect is broadly equélent to thetempo effect
with (factor inverted and)search set to zero, so in general, its results are compalapoor; it is
retained as it can sometimes out-perféempo for smallfactors.
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factor of stretching: >1 lengthen, <1 shorten duratiavindow size is in ms.Default is 20ms.
The fadeoption, can be ‘lin’. shift ratio, in [0 1]. Default depends on stretcadtor 1 to shorten,
0.8 to lengthen. Thefading ratio, in [0 05]. Theamount of addes default depends oriactor
andshift

See also theempo effect.

synth [-j KEY] [-n] [len[off [ph [p1[p2 [p3]]]I]] {[ typd [combing [[% ]freq[K][: |+|/|-[%]freqK]]] [off
[Ph[p1[p2 P3N}
This effect can be used to generate fixed or swept fregaedo tones with various aveshapes,
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 genesated w
form 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 effect is used to generate audio, an input file must stiNdse the characteristics of

which will be used to set the synthesised audio length, the nhumber of channels, and the sampling
rate; havever, dnce the input files audio is not normally needed, a ‘null file’ (with the special
name-—n) is often given instead (and the length specified as a paramegmth or by another

given dfect that has an associated length).

For example, the follaving produces a 3 second, 48kHz, audio file containing a siveswept
from 300 to 3300 Hz:

sox —n output.wav synth 3 sine 300-3300
and this produces an 8 kHz version:

sox —r 8000 —n output.wav synth 3 sine 300—-3300
Multiple channels can be synthesised by specifying the set of parametsrs tstaveen braces
multiple times; the following puts the swept tone in the left channel and adem'moise in the
right:

sox —n output.wav synth 3 sine 300-3300 brownnoise
The following example shows fwotwo gynth efects can be cascaded to create a more cample
waveform:

play —n synth 0.5 sine 200-500 synth 0.5 sine fmod 700-100
Frequencies can also bevgi in ‘scientific’ note notation, by prefixing a ‘%’ characteras a
number of semitones refadi © ‘middle A (440 Hz). For example, the following could be used to
help tune a guitas’low ‘E’ string:

play —n synth 4 pluck %-29
or with a (Bourne shell) loop, the whole guitar:

for nin E2 A2 D3 G3 B3 E4; do

play —n synth 4 pluck $n repeat 2; done

See thalelay effect (abwe) and the reference to ‘SoX scriptingamples’ (below) for morsynth
examples.

N.B. This effect generates audio at maximuatume (0dBFS), which means that there is a high
chance of clipping when using the audio subsequestlyn mary cases, you will vant to follav

this effect with thegain effect to preent this from happening. (See al€tipping abore.) Note
that, by default, theynth effect incorporates the functionality ghin —h (see thegain effect for
details);synth’s —n option may be gien to dsable this behaviour.

A detailed description of eadynth parameter follows:

lenis the length of audio to synthesiseydime specification); a value of 0 indicated to use the
input length, which is also the default.

typeis one of sine, square, trianglewsaoth, trapezium, exp, [white]noise, tpdfnoise, pinknoise,
brownnoise, pluck; default=sine.

combineis one of create, mix, amod (amplitude modulation), fmod (frequemdulation);
default=create.
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freg/freq2 are the frequencies at thegiining/end of synthesis in Hz,df preceded with ‘%’,
semitones relate © A (440 Hz); alternatiely, ‘scientific’ note notation (e.g. E2) may be used.
The default frequenycis 440Hz. Bydefault, the tuning used with the note notations is ‘equal tem-
perament’; the-j KEY option selects ‘just intonation’, wheiEY is an integer number of semi-
tones relatie b A (so for example, -9 or 3 selects they ki C), or a note in scientific notation.

If freq2is given, thenlen must also hee been gven and the generated tone will be swept between
the given frequencies. Théwo given frequencies must be separated by one of the characters ‘7,
‘+', ‘I, or ‘=". This character is used to specify the sweep function as follows:

Linear: the tone will change by a fixed number of hertz per second.
+ Square: a second-order function is used to change the tone.
/ Exponential: the tone will change by a fixed number of semitones per second.

- Exponential: as ‘/’, but initial phasevedys zero, and stepped (less smooth) frequenc
changes.

Not used for noise.
off is the bias (DC-offset) of the signal in percent; default=0.
phis the phase shift in percentage of 1 cyclead#£0. 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), or sustain (pluck); default=40.

p2 (trapezium): the percentage through eagtlecat which ‘falling’ begins; default=50. exp: the
amplitude in multiples of 2dB; default=50, or tone-1 (pluck); default=20.

p3 (trapezium): the percentage through eagtiecat which ‘falling’ ends; default=60, or tone-2
(pluck); default=90.

tempo[—q] [-m|-s|-I] factor [segmenfseach [overlap]]]
Change the audio playback speed but not its pitch. Tfestaises the WSOLA algorithm. The
audio is chopped up into segments which are then shifted in the time domainedagped
(cross-hded) at points where theiramdorms are most similar as determined by measurement of
‘least squares’.

By default, linear searches are used to find the lvediapping points. If the optionalq parame-
ter is gven, tree searches are used instead. This makesfélcevedrk more quicklybut the result
may not sound as good. Wever, if you must impree the processing speed, this generally
reduces the sound quality less than reducing the searekrtapovalues.

The —m option is used to optimize default values of segment, searchvaridpofor music pro-
cessing.

The —s option is used to optimize default values of segment, searchvarldpofor speech pro-
cessing.

The -| option is used to optimize default values afreent, search andverlap for ‘linear’ pro-
cessing that tends to cause more noticeable distortion but may be useful when factor is close to 1.

If -m, —s, or —| is specified, the default value of segment will be calculated basactanwhile
default search andverlap values are based on segmenty Aalues you provide still\@ride
these default values.

factor gives the ratio of ne/ tempo to the old tempo, so e.g. 1.1 speeds up the tempo by 10%, and
0.9 slows it down by 10%.

The optionalsegmeniparameter selects the algoritisng@gment size in milliseconds. If no other

flags are specified, the default value is 82 and is typically suited to making small changes to the
tempo of music. For larger changes (e.g. a factor of 2pgtinay gie a letter result. The —m,

-s, and - flags will cause the segment default to be automatically adjusted baaetboriFbr
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example using —s (for speech) with a tempo of 1.25 will calculate a default segment value of 32.

The optionalseach parameter gies the audio length in milliseconds@ which the algorithm

will search for @erlapping points. If no other flags are specified, the default value is 14.68.
Larger values use more processing time and may or may not produce better fegublstical
maximum is half thealue of segment. Search can be reduced to cut processing time at the risk of
degrading output qualityThe —m, —s, and -I flags will cause the search default to be automatically
adjusted based on segment.

The optionabverlap parameter gies the segmentverlap length in millisecondsDefault value is
12, but -m, -s, or —| flags automatically adjusértap based on segment size. Increasivglap
increases processing time and may increase qualjyactical maximum for eerlap is the alue
of search, with werlap typically being (at least) a little smaller then search.

See alsspeedfor an effect that changes tempo and pitch toggegtieh andbend for effects that
change pitch onjyend stretch for an effect that changes tempo using a different algorithm.

treble gain[frequencik] [width[s|h|k]|o|qd]]]

Apply a treble tone-control fefct. Seehe description of thbasseffect for details.

tremolo speeddepth

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

trim {position(+)}

Cuts portions out of the audicAny number ofpositiors may be gven; audio is not sent to the
output until the firspositionis reached. The effect then alternates between copying and discard-
ing audio at eachosition Using a value of O for the firgpiositionparameter allows copying from

the beginning of the audio.

For example,
sox infile outfile trim 0 10
will copy the first ten seconds, while
play infile trim 12:34 =15:00 -2:00
and
play infile trim 12:34 2:26 -2:00
will both play from 12 minutes 34 seconds into the audio up to 15 minutes into the audio (i.e. 2
minutes and 26 seconds long), then resume playiagrinutes before the end of audio.

upsample[factor]

Upsample the signal by an integactor:factor-1 zero-value samples are inserted between each
pair of input samplesAs a result, the original spectrum is replicated into thve fnequeng space
(imaging) and attenuated. This attenuation can be compensated for by \aadaxjor after ary
further processing. The upsample effect is typically used in combination with filtering effects.

For a general resampling effect with anti-imaging, sate. See alsalownsample

vad [optiong

Voice Activity Detector Attempts to trim silence and quiet background sounds from the ends of
(fairly high resolution i.e. 16-bit, 44-48kHz) recordings of speech. The algorithm currently uses a
simple cepstral power measurement to detect voice, so may be fooled by other things, especially
music. Theeffect can trim only from the front of the audio, so in order to trim from the back, the
reverseeffect must also be used. E.g.

play speech.wav norm vad
to trim from the front,

play speech.wav norm reverse vad reverse
to trim from the back, and

play speech.wav norm vad reverse vad reverse
to trim from both endsThe use of th@orm effect is recommended, but remember that neither
reversenornorm is suitable for use with streamed audio.
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Options:

Default values are shown in parenthesis.

-t num(7)
The measurementvd used to trigger actity detection. This might need to be changed
depending on the noisevi®, signal level and other charactistics of the input audio.

=T num(0.25)
The time constant (in seconds) used to help ignore short bursts of sound.

-snum(1)
The amount of audio (in seconds) to search for quieter/shorter bursts of audio to include
prior to the detected trigger point.

—g num(0.25)
Allowed agap (in seconds) between quieter/shorter bursts of audio to include prior to the
detected trigger point.

—p num(0)
The amount of audio (in seconds) to presdmfore the trigger point and yafound qui-
eter/shorter bursts.

Advanced Options:
These allav fine tuning of the algorithra’internal parameters.

—b num The algorithm (internally) uses adaimise estimation/reduction in order to detect the
start of the wanted audio. This option sets the time for the initial noise estimate.

=N num
Time constant used by the adaptinise estimator for when the noisgdkis increasing.

—n num Time constant used by the adaptinise estimator for when the noisgdkis decreasing.
—-r num Amount of noise reduction to use in the detection algorithm (e.g. 0, 0.5, ...).
—f num Frequeng of the algorithms processing/measurements.

—m num
Measurement duration; by default, twice the measurement period; i.e. wailiipo

-M num
Time constant used to smooth spectral measurements.

—h num ‘Brick-wall’ frequency of high-pass filter applied at the input to the detector algorithm.
-l num ‘Brick-wall’ frequency of low-pass filter applied at the input to the detector algorithm.

—H num
‘Brick-wall’ frequengy of high-pass lifter used in the detector algorithm.

-L num
‘Brick-wall’ frequengy of low-pass lifter used in the detector algorithm.

See also thsilenceeffect.

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

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

Whentypeis amplitude or power, again of 1 leares the volume unchanged, less than 1 decreases
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it, and greater than 1 increases it; gaige 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.
The gain and thetype parameters can be concatenated if desired,veld.0dB.
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 tovyerg clipping. Not specifying this parameter will cause no
limiter to be used. In verbose mode, thigeef will display the percentage of the audio that
needed to be limited.
See alsogain for a wlume-changing effect with different capabilities, acompand for a
dynamic-range compression/expansion/limiting effect.

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), libsox(3)

audacity(1), gnuplot(1), octave(1), wget(1)

The SoX web site at http://sox.sourceforge.net

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