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

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

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

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

DESCRIPTION
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 in to multiple output files.

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

The heart of SoX is a library called libSoXhose interested in extending SoX or using it in other pro-
grams should refer to the libSoX manual pdifpsox(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)
To show how this works in practise, here is a selection of exampleswf3uX might be used. The simple
Sox recital.au recital.wav
translates an audio file in SutyAormat to a Microsoft AV file, whilst
sox recital.au -r 12k -b 8 -c 1 recital.wav vol 0.7 dither

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

sox -r 8k -u -b 8 -c 1 voice-memo.raw voice-memo.wav
converts ‘raw’ (a.k.a. ‘headerless’) audio to a self-descibing file format,
sox slow.aiff fixed.aiff speed 1.027
adjusts audio speed,
sox short.au long.au longer.au
concatenates twvaudio files, and
Sox -m music.mp3 voice.wav mixed.flac
mixes together tevaudio files.

play "The Moonbeams/Greatest/*.ogg" bass +3
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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 q 0.1 1 0.1
plays a synthesiseA minor seventh’ chord with a pipe-gan sound,
rec -c 2 test.aiff trim 0 10
records 10 seconds of stereo audio, and
rec -M takel.aiff takel-dub.aiff
records a n& track in a multi-track recording.

rec -r 44100 -2 -s -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. Alsadoes not start recording until it detects audio is playing and stops after it sees 10 minutes of
silence.

N.B. Detailedexplanations of hev to useall SoX parameters, file formats, and effects can be foundavbelo
in this manual, and isoxformat(7).

File Format Types

SOX

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

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

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

sample rate
The sample rate in samples per second (‘Hertz’ or ‘HZ8. example, digital telephgntradition-
ally uses a sample rate of 8082 (8 kHz); audio Compact Discs use 44100 Hz14dHz); Digi-
tal Audio Tape and mgcomputer systems use 48 kHz; professional audio systems typically use
96 or 192 kHz.

sample size
The number of bits used to store each sample. The most popular is 16eHit/igs); 8-bit (one
byte) was popular in the early days of computer audio, and is still used in telephony; 24-bit (three
bytes) is used, primarily as an intermediate format, in the professional audio @tbrasizes are
also used.

data encoding
The way in which each audio sample is represented (or ‘encodga)e encodings tia variants
with different byte-orderings or bit-orderings; some ‘compress’ the audio data, i.e. the stored audio
data takes up less space (i.e. disk-space or transmission band-width) than the other format parame-
ters and the number of samples would impBommonly-used encoding types include floating-
point, u-law, ADPCM, signed-integer PCM, 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 sometimes used as aara@l measure of an audio format and may incorporate ele-
ments of all of the ahe.

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
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Replay Gain information, but not generating it. Note that by default, SoX copies input file comments to
output files that support comments, so output files may contain Replay Gain information if asme w
present in the input file. In this case, ifydning other than a simple format e@msion was performed then

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

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

Determining & Setting The File Format

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

To determine the format of an input file, SoX will use, in order of precedence angéa®gavailable:
Command-lindormat options.

1.
2. Thecontents of the file header.
3. Thefilename extension.

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

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

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

Play, Rec, & Default Audio Devices

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

set AUDIODRIVER=0ss

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

set AUDIODEV=/dev/dsp2

play ...

SOX ... -t 0Ss
or

set AUDIODEV=hw:0

play ...
SOX ... -t alsa

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

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

play ... rate -m
or by setting the environment varitie AY_RATE_ARG to the desired quality option, e.qg.
set PLAY_RATE_ARG=-m
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play ...
(Note that the syntax of treetcommand may vary from system to system.)

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

rec -n

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

Accuracy

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

This is the case for mgrformats used in telephgr(e.g. A-lav, GSM) where lov signal bandwidth is

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

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

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

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

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

sox long.mp3 short.mp3 trim 10

SoX first decompresses the input MP3 file, then applieitheeffect, and finally creates the output MP3
file by recompressing the audio—with a possible reduction in fidelityeabat which occurred when the
input file was createdHence, if what is ultimately desired is lossily compressed audio, it is highly recom-
mended to perform all audio processing using lossless file formats and then twthe lossy format only

at the final stage.

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

Clipping

SOX

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

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

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

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

clipping, e.g.
sox dull.au bright.au gain -6 treble +6
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guarantees that the treble boost will not clip.

If clipping occurs at anpoint during processing, then SoX will display a warning message to that effect.

Input File Combining

SoX’s input combiner can be configured (see OPTIONSw)elo combine multiple files using wrf the
following methods: ‘concatenate’, ‘sequence’, ‘mix’, ‘mix-power’, or ‘ger The default method is
‘sequence’ foplay, and ‘concatenate’ forec andsox

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

If the ‘concatenate’ combining method is selected (usuthily 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 automaticallglégr It is dmilar to ‘concatenate’ in that

the audio from each input file is sent serially to the output filwgl® 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, thea tiwvmore input files must begn

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

If the ‘merge’ combining method is selected, then twmore input files must begn and will be meged
together to form the output fileThe number of channels in each input file need not be the samerged

audio file comprises all of the channels from all of the input files; un-merging is possible using multiple
invocations of SoX with theemix effect. For example, tw mono files could be merged to form one stereo
file; the first and second mono files would become the left and right channels of the stereo file.

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

For al combining methods, input file volume adjustments can be made manually usirg t®ion
(below) which can be gen 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 thatveaeen selected
(either manually or automatically).

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

Unlike the other methods, ‘mix’ combining has the potential to cause clipping in the combiner if no balanc-
ing is performed.So here, if manual volume adjustments are natngito ensure that clipping does not
occut SoX will automatically adjust theolume (amplitude) of each input signal by a factor gfihere n

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

tive.

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

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

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

the resultant distortion imperceptable.
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Output Files
SoX’s default behavior is to takane or more input files and write them to a single output file.

This behavior can be changed by specifying the pseddotenewfile’ 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 outpwtes teathe nev file.

In multiple output mode, a uniqgue number will automatically be appended to the end of all filetfahees.
filename has an extension then the number is inserted beforgtémsien. Thisbehaior can be cus-
tomized by placing a %n gwhere in the filename where the number should be substituted. An optional
number 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 therwilaevill be cre-
ated as it would be empty.

The following is an xample of splitting the first 60 seconds of an input file in to 3® ®cond files and
ignoring the rest.

sSox song.wav ringtone%31n.wav trim 0 30 : newfile : trim 0 30

Stopping SoX
Usually SoX will complete its processing arndteutomatically 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
keyboard interrupt & which is usually Ctrl-C). This is a natural requirement in some circumstances, e.g.
when using SoX to ma&ka ecording. Notehat when using SoX to play multiple files, Ctrl-C bedsa

slightly differently: pressing it once causes SoX to skip to the next file; pressing it twice in quick succession
causes SoX to exit.

Another option to stop processing early is to use fattethat has a time period or sample count to deter
mine the stopping point. The trim effect is an example of this. Once all effects cheéngdmpped 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 S&X-mdme will not work since
SoX will treat it as an effect specification. The only work-around to this isdid auch filenames; o
eva, this is generally not difficult since most audio filenamegeha flename ‘extension’, whilst ffct-
names do not.

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

- SoX can be used in simple pipeline operations by using the special filename ‘=’ which, if used in
place of an input filename, will cause SoX will read audio data from ‘standard input’ (stdin), and
which, if used in place of the output filename, will cause SoX will send audio data to ‘standard
output’ (stdout). Note that when using this option, the file-type {séelon) must also be gen.

"| program [optiong ..."
This can be used in place of an input filename to specify the e gibgrams g¢andard output

(stdout) be used as an input filgnlike — (above), this can be used forwsal inputs to one SoX
command. Br example, if ‘genw’ generates mondAWformatted signals to its standard output,
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then the following command makes a stereo file fromdenerated signals:
sox -M -t wav "|genw --imd -" -t wav "|genw --thd -" out.wav

If -t is not given then the signal is assumed (and checked) to be insSeXve .soxformat (see
—p below and soxformat(7)).
—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 st defdio device (if
one has been built into SoX) is to be usédhis is akin to imoking rec or play (as described
above).

-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 openating-
system mechanism with a similar name.

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

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

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

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

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

—h, ——help
Shaow version number and usage information.
——help—effect=NAME

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

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

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

Be aware that large values for—buffer will cause SoX to be become wldo respond to requests
to terminate or to skip the current input file.
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——-effects—fileFILENAME
Use FILENAME to obtain all effects and theigaments. Théile is parsed as if thealues were
specified on the command liné new line can be used in place of the special ":" marker to sepa-
rate effect chains. This option causey difiects specified on the command line to be discarded.

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

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

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

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

-m|-M |-—combine concatenatpmerge|mix |mix—power|sequence
Select the input file combining methotin selects ‘mix’,—M selects ‘merge’.

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

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

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

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

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

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

SOX Octobef8, 2008 8



SOX

dB FSD  Display
>= (right channel)
_25 —_
-23 =
_21 =
-19 ==
-17 -
-15 ===
-13 ===—
-11 —===

-9 —===-

-1 =====I ‘In the red’

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

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

——version

Shav SoX’s version number and exit.

=V[level

Set \erbosity SoX displays messages on the console (stderr) according to theirfigileerbosity
levels:

0 No messages are shown at all; use the exit status to determine if an error has occurred.

1 Only error messages are sia Theseare generated if SoX cannot complete the
requested commands.

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

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

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

By default, the verbosity el is set to 2; each occurrence of th¥ option increases thesxbosity
level by 1. Alternatiely, the verbosity leel can be set to an absolute number by specifying it
immediately after theV; e.g. -VO sets it to 0.

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

-v, ——volume FACTOR

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

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

See alsdnput File Balancing above.
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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 in each encoded sample. Not applicable to compiedings, e.g. MP3,
GSM. Notnecessary with encodings thatvba fked number of bits, e.g. Atlaw, ADPCM.

-1/-2/-3/-4/-8
The number of bytes in each encoded samfleases for-b 8/-b 16-b 24-b 32/-b 64 respec-
tively.

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

Alternatively, some efects (e.g.synth, remix) determine what will be the number of output chan-
nels; in this case, neither this option norhiger effect is necessary.

-e ENCODING ——encodingENCODING
The audio encoding type.

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 signed (@& complement’) intgers. Commonlysed with an 8-bit
encoding size A 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’) numbersA value of 0 represents minimum signal power.

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

u-law, mu-law
North American telephgnstandard for logrithmic encoding to 8 bits per sampl&.k.a
w-law. It has a precision equalent to roughly 14-bit PCM and is sometimes encoded
with reversed bit-ordering (see theX option).

oki-adpcm
OKI (a.k.a. VOX, Dialogic, or Intel) 4-bit ADPCM; it has a precision e¢pént 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.

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 seeral audio formats with different bit-rates and associated speech quality
SoX has support for GSM'aiginal 13kbps ‘Full Rate’ audio format. It is usually CPU
intensive o work with GSM audio.
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Encoding names can be ablised where this would not be ambiguous; e.g. 'unsignederite
can be gien as un’, but not 'u’ (ambiguous with 'u-l&’). For reasons of forward compatibiljty
using abbreviations in scripts is not recommended.

Note that explicitly specifying other encoding types (e.g. MP3, FLAC) is not necessary since the
can be inferred from the file type or header.

-s/-u/-f/-A/-U/-o/-i/-al-g
Aliases for specifying the encoding typsfgned-integefunsigned-integeffloating-point/mu-
law/a-law/oki-adpcm/ima-adpcnvms-adpcmgsm-full-rate respectiely.

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

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

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

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

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

-L, ——endian little

-B, ——endian big

—-X, ——endian swap
These options specify whether the byte-order of the audio data is, redpgdiitle endian’, ‘big
endian’, or the opposite to that of the system on which SoX is being &elianness applies
only to data encoded as signed or unsigned integers of 16 or more bits. It is often necessary to
specify one of these options for headerless files, and sometimes necessary for (otherwise) self-
describing files.A given endian-setting option may be ignored for an input file whose header con-
tains a specific endianness identjf@rfor an output file that is actually an audio device.

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

sox -B audio.s2 trimmed.s2 trim 2
trimmed.s2 will be created as little-endian;
sox -B audio.s2 -B trimmed.s2 trim 2
must be used to presertig-endianness in the output file.

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

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

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

—X, ——revease-bits
Specifies that the bit ordering of the samples should V®sexl; sometimes useful with anwfe
(mostly headerless) formats.
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N.B. See also N.B. in section eix abore.

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

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

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

SoX will provide a default comment if this option (ercomment-filg is not given; to specify

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

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

—C, ——compressionFACTOR
The compression factor for variably compressing output file forniatkis option is not gien,
then a default compressioactor will apply The compression factor 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.

EFFECTS
In addition to cowmerting and playing audio files, SoX can be used Woka a mumber of audio ‘décts’.
Multiple effects may be applied by specifying them one after another at the end of the SoX command line;
forming an efects chain. Note that applying multiple effects in real-time (i.e. when playing audioglis lik
to need a high performance computer; stopping other applications magtalfgerformance issues should
they occur.

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 Effect Chains
A single effects chain is made up of one or mofeat$. Audio from the input in ran through the chain until
either the input file reaches end of file or an effects in the chain requests to terminate the chain.

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

A effects chain is terminated by placing @olon) after an ééct. Ary following effects are apart of awe
effects chain.

It is important to place thefett that will stop the chain as the first effect in the chain. This is becayse an
samples that areulfered by effects to the left of the terminating effect will be discarded. The amount of
samples discarded is related to tHruffer option and it should be keep small, ralato the sample rate, if

the terminating effect can not be first. Further information on stopping effects can be foun&iopthe
ping SoXsection.

There are a fe pseudo-dects that aid using multiple effects chains. These inchalegfile which will
start writing to a n& output file before maing to the next effects chain anestart 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 va wique number in its name as documente@®uriput
Files section.

sox infile.wav output.wav trim 0 30 : newfile : restart
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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, andehihe same meaning feeveal effects:
centrgk]
Seefrequency
frequencik]
A frequeny in Hz, or, if appended with ‘k’, kHz.
gain A power gain in dB. Zero @es no @in; less than zerogs an denuation.
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); one of the characters shown may be appended to select
the desired method as follows:

Method Notes
h Hz
k kHz
0 Octaves
g Q-factor Seg2]

For each effect that uses this paramgetiee default method (i.e. if no character is appended) is the
one that it listed first in the effestfirst line of description.

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

Supported Effects
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 theenter fre-
gueng. The width parameter gies the slope of the drop. The frequenciesenter+ 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 mu3ise —n (for noise) option uses the akler
nate mode for un-pitched audio (e.g. percussitrning: —n introduces a pwer-gain of about
11dB in the filter so kewae of output clipping.band introduces noise in the shape of the filter
i.e. peaking at theenterfrequeny and settling around it.

This effect supports the-plot global option.
See alsdilter for 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 fregdmyuency
and (3dB-point) band-widtlvidth. The —c option applies only tbandpassand selects a constant
skirt gain (peak gain = Q) instead of the default: constant 0dB @éak 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 alsdilter for a bandpass filter with steeper shoulders.
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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 usiogpalénshelving
filter with a response similar to that of a standard kitfihe-controls. Thiss also known as
shelving equalisation (EQ).

gain gives the gain at 0 Hz (fobasg, or whicheer is the lower of(R22 kHzand the Nyquist fre-
queng (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#&®g§ or 3 kHz (for treble).

width determines hwo steep is the filtes dhelf 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 aboutd) 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 als@qualizer for a peaking equalisation effect.

bend[-f frame-rat€25)] [-0 over-samplé€16)] { delaycentsduration}

Changes pitch by specified amounts at specified tiriB@sh gven triple: delaycentsduration
specifies one bendlelayis the amount of time after the start of the audio stream, or the end of the
previous bend, at which to start bending the pitclntsis the number of cents (100 cents = 1
semitone) by which to bend the pitch, ahwtationthe length of time wer which the pitch will be

bent.

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, yeilding four different notes in
total:

play -n synth 2.5 sin 667 gain 1\
bend .35,180,.25 .15,740,.53 0,-520,.3

Note that the clipping that is produced in this example is deliberate; toveetnasegain =5in
place ofgain 1

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

Add a chorus effect to the audio. This can malkéngle vocal sound lig a dorus, but can also be
applied to instrumentation.

Chorus resembles an echo effect with a short dblaywhereas 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 slightlyf key. 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 milliseconds. The modulation is
either sinusoidalAs) or triangular ¢t). Gain-outis the volume of the output.

A typical delay is around 40ms to 60ms; the modulation speed is best -86hiz Gand the
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modulation depth around 2mBor 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 \
600.320.423-t400.30.31.3-s

compandattackldecayl,attack2decay?
[soft-knee-dBin-dB1,out-dBJ{ ,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 time which the instantaneous

level of the input signal is\eraged to determine its volume; attacks refer to increasesiume

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 geasitden

loud music than sudden soft musi&/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 channeldlypical values ar@-3,0.8 seconds.

The second parameter is a list of points on the comparitensfer function specified in dB rela-
tive © the maximum possible signal amplitud€he input values must be in a strictly increasing
order lut the transfer function does notveaio be monotonically rising. If omitted, the value of
out-dBldefaults to the same value asdB1; levds belaw in-dB1 are not companded (but may
have gain applied to them). The poifitOis assumedlt may be werridden (byO,out-dBr). If the

list is preceded by aoft-knee-dBrsalue, 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

The third (optional) parameter is an additionaingn 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 assumed for each channel when compand-
ing starts. This permits the user to supply a nominadelénitially, so tat, for example, aery
large gain is not applied to initial signal/éés before the companding action hagireto 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 seconfise 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 ‘predictive’ rather than a reagt 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.au asz-car.au compand 0.3,1 6:-70,-60,-20 -5 -90 0.2

The transfer function (‘6:-70,)..says that very soft sounds (belo—70dB) will remain
unchanged. Thiwill stop the compander from boosting thelume on ‘silent’ passages such as
between meements. Havever, sounds in the range -60dB to 0dB (maximum volume) will be
boosted so that the 60dB dynamic range of the original music will be compressed 3-to-1 into a
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20dB range, which is wide enough to gnfbe music bt narrav enough to get around the road
noise. The6:’ selects 6dB soft-knee compandinghe -5 (dB) output gain is needed twid
clipping (the number is inexact, andsvdened by experimentation). The-90 (dB) for the initial
volume will work fine for a clip that starts with near silence, and the delay2dg8conds) has the
effect of causing the compander to react a bit more quickly to sudden volume changes.

This effect supports the-plot global option (for the transfer function).

See alsancompandfor a multiple-band companding effect.

contrast [enhancement-amount (75)

Comparable with compression, thiseet modifies an audio signal to nealit sound louder
enhancement-amourdontrols the amount of the enhancement and is a number in the range
0-100. Notethat enhancement-amount O dill gives a sgnificant contrast enhancemerton-

trast is often used in conjunction with tinerm effect as follows:

sox infile outfile norm -i contrast

dcshift shift[limitergain]

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

The first option is thecshiftvalue. Itis a floating point number that indicates the amount to shift.

An optionallimitergain can be specified as well. It should/ba \alue much less than 1 (e.g0®
or 0.02) and is used only on peaks toverd clipping.

An alternatve gproach to removing a DCfsét (albeit with a short delay) is to use tighpass
filter effect at a frequerymf say 10Hz, as illustrated in the following example:

sox -n out.au synth 5 sin %0 50 highpass 10

deemph

Apply 1ISO 908 de-emphasis (a treble attenuation shelving filter) k4 (Compact Disc)
audio.

Pre-emphasis was applied in the mastering of some CDs issued in the early 1980s. These included
mary classical music albums, as well asmnsought-after issues of alms 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 e this 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 PCFor 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; its maximuatida from the ideal response
is only 006dB (up to 20kHz).

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

delay{length}

Delay one or more audio channelsngthcan specify a time oif appended with an ‘s’, a number
of samples. Do not specify both time and samples delays in the same confroaegample,
delay 15 0 05 delays the first channel by5lseconds, the third channel by50seconds, and
leaves the second channel (andyasther channels that may be present) un-delayed. Theviotio
(one long) command plays a chime sound:

play -n synth sin %-21.5 sin %-14.5 sin %-9.5 sin %-5.5\
sin %-2.5 sin %2.5 gain -5.4 fade h 0.008 2 1.5\
delay 0 .27 .54 .76 1.01 1.3 remix - fade h 0.1 2.72 2.5

dither [-r|-t] [-g/-f filter] [deptH

earwax

Apply dithering to the audioDithering 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. Thedefault (or with the-t option) is Triangular (TPDF) white noisdhe —-r option can be

used to select Rectangular Probability Density Function (RPDF) white néisse-shaping (only

for certain sample rates) can be selected wéthWith the—f option, it is possible to select a par
ticular noise-shaping filter from the follang 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 distiguished by theifalo
properties: audibility of noise, Vel of (inaudible, but in some circumstances, otherwise problem-
atic) shaped high frequenooise, and processing speed.

By default, the amount of noise addedtié hit for RPDF +1 hit for TPDF; the optionatdepth
parameter (0.5 to 1) is a (linear or voltage) multiplier of this amoRetucing this value reduces
the audibility of the added white noiseytlzorrespondingly creates residual quantization noise, so
it should not normally be changed.

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

Makes audio easier to listen to on headphones. Adds ‘cues tkHZ stereo (i.e. audio CD for
mat) audio so that when listened to on headphones the stereo imagesdsfrom inside your
head (standard for headphones) to outside and in front of the listener (standard fensyp&sde
http://www.geocities.com/beinges for a full explanation.

echogain-in gain-out<delay decay

Add echoing to the audio. Echoes are reflected sound and can occur naturally amongst mountains
(and sometimes largeuitdings) when talking or shouting; digital echo effects emulate this
behaiour and are often used to help fill out the sound of a single instrumentalr vl hetime
difference between the original signal and the reflection is the ‘delay’ (time), and the loudness of
the relected signal is the ‘decay’. Multiple echoes cae laiferent delays and decays.

Each gven delay decaypair gives the delay in milliseconds and the decay (retatb gain-in) of
that echo. Gain-out is the volume of the outpleér 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& (netallic) robot playing music:
play lead.aiff echo 0.8 0.88 6 0.4

A longer delay will sound ld&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
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echosgain-in gain-outdelay decay

Add a sequence of echoes to the audiachdelay decayair 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 eclessthekinput, 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:
play lead.aiff echos 0.8 0.7 40 0.25 63 0.3

equalizer frequencik] width[q|o|h|K] gain

Apply a two-pole peaking equalisation (EQ) filt&¥ith this filter, the signal-leel at and around a
selected frequencacan be increased or decreased, whilst (entiknd-pass and band-reject filters)
that at all other frequencies is unchanged.

frequencygives the filter’s central frequengin Hz, width, the band-width, andain the required
gain or attenuation in dB. Beare of Clipping when using a positée gain.

In order to produce complequalisation curves, this effect can beegi seveaal 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 [typd fade-in-lengtH stop-time[fade-out-lengtlj

Add a fade effect to the beginning, end, or both of the audio.

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

For fade-outs, the audio will be truncatedstdp-timeand the wlume will be ramped from full
volume down to O starting dade-out-lengthseconds before th&op-time If fade-out-lengths

not specified, it defaults to the same valuéds-in-length No fade-out is performed #top-time

is not specified.If the file length can be determined from the input file header and length-chang-
ing effects are not in effect, thé&may be specified fostop-timeto indicate the usual case of a
fade-out that ends at the end of the input audio stream.

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

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

filter [low]—-[high] [window-len[betd]

Apply a sinc-windowed lowpass, highpass, or bandpass filtevaf gindow length to the signal.
low refers to the frequenof the lower 6dB corner of the filtehigh refers to the frequegnof the
upper 6dB corner of the filter.

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

The window-len if unspecified, defaults to 128. Longer windowsega $arper cut-off, smaller
windows a more gradual cut-off.

Thebetaparameter determines the type of filter wiwdgsed. Ary value greater than 2 is the beta
for a Kaiser windw. Beta< 2 slects a Blackman-Nuttall windo If unspecified, the default is a
Kaiser windev with beta 16.

In the case of Kaiser windo(beta > 2), lower betas produce a somewhstef transition from
pass-band to stop-band, at the cost of noticeable artifacts. A beta of 16 isatlie befa less than
10 is not recommended. If youawt a sharper cut-off, ddnise law beta’s, use a longer sample
window. A Blackman-Nuttall windw is slected by specifying gribeta’< 2, and the Blackman-
Nuttall windowv has somewhat steeper cuf-tiian the default Kaiser windo You will probably
not need to use the beta parameter at all, unless you are just curious about compafewisioé ef
Blackman-Nuttall vs. Kaiser windows.

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.

All parameters are optional (right to left).

Range Default Description

delay 0-10 0 Base delay in milliseconds.

depth 0-10 2 Added swept delay in milliseconds.

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

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

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

shape sin Sweptvave $hape:sineg|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 dB-gain
Apply an amplification or an attenuation to the audio sigidle signal leel is adjusted by the
given number of dB—positie anplifies (bevare of Clipping), ngative atenuates.

See also theol effect.

highpasglowpass[-1|-2] frequencyk] [width[g|o|h|K]]
Apply a high-pass or low-pass filter with 3dB pdimtquency 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 alsdilter for filters with a steeper roll-off.

ladspa module[plugin] [argument...]
Apply a LADSRA [5] (Linux Audio Dereloper's Smple Plugin API) plugin. Despite the name,
LADSPA is not Linux-specific, and a wide range of effectsvsilable as LADSR plugins, such
as cmt [6] (the Computer Musi@dlkit) and Stee Harris'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
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plugin) and ay other aguments are for the control ports of the plugin. Missing arguments are sup-
plied by default values if possible. Only plugins with at most one audio input and one audio output
port can be used. If found, the environment varible LARBSRTH will be used as search path

for plugins.

loudness[gain [referencd]
Loudness control—similar to thgain effect, but preides equalisation for the human auditory
system. Sedttp://en.wikipedia.ay/wiki/Loudness for a detailed description of loudneg$ie
gan is adjusted by the ggn gain parameter (usually getive) and the signal equalised according
to ISO 226 wr.t. a reference &l of 65dB, though an alternag referencelevel may be gven if
the original audio has been equalised for some other optinehl & default gain of —10dB is
used if again value is not gven.

See also thgain effect.

lowpass[—1]-2] frequenc{k] [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-dB2
[gain[initial-volume-dB[delay]]" { crossover-frefk] "attack1,..."}

The multi-band compander is similar to the single-band compander but the audio ivified di
into bands using Linkwitz-Rile cross-wer filters and a separately specifiable compander run on
each band. See tlwwmpand effect for the definition of its parameter€ompand 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 follaving (one long) command showsvhonulti-band companding is typically
used in FM radio:

play trackl.wav gain -3 filter 8000- 32 100 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 filter -17500 256 \
gain 9 lowpass -1 17801

The audio file is played with a simulated FM radio sound (or broadcast signal condition virthe lo
pass filter at the end is skipped). Note that the pipeline is set up with US-style 75us preemphasis.

See als@ompandfor a single-band companding effect.

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

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

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

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

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

It is also possible to use the 16 numbersxfmaad or reduce the channel count; just specify 0 for
unused channels.

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

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

See alsa@emix for a mixing effect that handlesyanumber of channels.

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 &
removing consistent background noise such as hiss or Awnse 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 gdout if noprofile-fileor if ‘- is given. E.g.

sox speech.au -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 generatecidgprof), from profile-file, or
from stdin if noprofile-fileor if ‘=" is given. E.g.

sox speech.au cleaned.au noisered speech.noise-profile 0.3
How much noise should be remmil is ecified byamount—a number between 0 and 1 with a
default of 05. Highernumbers will remee nore noise but present a greater likelihood of nemo
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 tvgtages—profiling and reduction—can be combined using a pipe, e.g.

sox noisy.au -n trim 0 1 noiseprof | play noisy.au noisered

norm [—i|-b] [leve]

Normalise audio to 0dB FSD, to avgn levd relative o 0dB, or normalise the balance of multi-
channel audio. Requires temporary file space to store the audio to be normalised.

To areate a normalised cppf an aidio file,
sox infile outfile norm

can be used, though note that if ‘infile’ has a simple encoding (e.g. PCM), then
sox infile outfile vol “sox infile -n stat -v 2>&1°

(on systems that support this construct) might be quickeretute (though perhaps not to type!)
as it doesrt’require a temporary file.
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oops

For a more compl& example, suppose that ‘effectl’ performs some unknown or unpredictable
attenuation and that ‘effect2’ requires up to 10dB of headroom, then

sox infile outfile effectl norm -10 effect2 norm
gives loth effect2 and the output file the highest possible signekle

Normally, audio is normalised based on thedeof the channel with the highest peakde which
means that whilst all channels are adjusted, only one channel attains the normadiséfitiee —i
option is gven, then each channel is treated individually and will attain the normaliggd le

If the —b option is gven (with a multi-channel audio file), then the audio channels will be bal-
anced; i.e. the RMSel of each channel will be normalised to that of the channel with the high-
est RMS lgel. Thiscan be used, for example, to correct stereo imbalance. Notebthah cause

clipping.
In most casesiorm —3 should be the maximumve used at the output file (to k@ headroom
for playback-resampling, etc.). See also the discussio@pyiing and Replay Gain abe.

Out Of Phase Stereofeft. 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 removing most or all of the vocals from a recording.

pad { lengtH @positior }

Pal the audio with silence, at the beginning, the end, grspacified points through the audio.
Both length and position can specify a time pif appended with an ‘s’, a number of samples.
length is the amount of silence to insert apdsition the position in the input audio stream at
which to insert it. Any number of lengths and positions may be specified, provided that a specified
position is not less that the pieus one. positionis optional for the first and last lengths specified
and if omitted correspond to theddening and the end of the audio respestyi For example,

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

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/speed\gs the delay in milliseconds and the decay (re&ath gain-in) with a modu-
lation speed in Hz. The modulation is either sinusoidgl{preferable for multiple instruments,
or triangular £t) —gives dngle instruments a sharper phasinteef 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 3 0.4 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 snhare.flac phaser 0.6 0.66 3 0.6 2 -t

pitch [—q] shift[segmeniseach [overlap]]]

Change the audio pitch (but not tempo).

shift gives the pitch shift as posite a negdive ‘cents’ (i.e. 100ths of a semitone). Seetdrapo
effect for a description of the other parameters.
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rate [-q|—-1|-m|-h|-V] [override-optionsS]RATHK]
Change the audio sampling rate (i.e. resample the audioy tgiveem RATE (even non-integer if
this is supported by the output file format) using a qualitgl @efined as follows:

Quality Band- RejdB Typical Use
width
-q quick na =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 (us|
with dither)
-v  very high 95% 175  24-bit mastering

D

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

the level of noise rejection. IncreasingJds of resampling quality come at the expense of
increasing amounts of time to process the autfimo quality option is gien, the quality leel
used is ‘high'.

The ‘quick’ algorithm uses cubic interpolation; all others use band-limited interpolaign.

default, all algorithms hae a linear’ phase response; for ‘medium’, ‘high’ ancry 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 effect is gien explicitly, then SoX$—r option need not be
given. For example, the following tavcommands are equdlent:

sox input.au -r 48k output.au bass -3
SoX input.au output.au bass -3 rate 48k

though the second command is more flexible as ivaltate options to be gien, and allows the
effects to be ordered arbitrarily.

* * *

Warning: technically detailed discussion follows.

The simple quality selection described abagrovides 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 dtailed in the following ta-

ble:
-M/=1/-L Phase response = minimum/intermediate/linear
-s Steep filter (band-width = 99%)
-a Allow dliasing 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 can not be used with the ‘quick’ or ‘low’ quality algorithms.

All resamplers use filters that can sometimes create ‘echo’ (a.k.a. ‘ringing’) artefacts with tran-
sient signals such as those that occur with ‘finger snaps’ or other highly pexcossids. Such
artefacts are much more noticable to the human earyfabeur before the transient (‘pre-echo’)
than if they occur after it (‘post-echo’). Note that frequgnaf any such artefacts is related to the
smaller of the original and nesampling rates but that if this is at leastlédHz, then the artatts

will lie outside the range of human hearing.

A phase response setting may be used to control the distributiory dfaasient echo between
‘pre’ and ‘post’: with minimum phase, there is no pre-echo but the longest post-echo; with linear
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phase, pre and post echo are in equal amounts (in signal tetmst laudibility terms); the inter
mediate phase setting attempts to find the best compromise by selecting a small lengtiel{and le
of pre-echo and a medium lengthed post-echo.

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 orignal sample rate when up-sampling, or thve sanple 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 21Kkkizpasing the resampler’
band-width results in a slower amnsion and can increase transient echo artefacts (and vice
versa).

The —s ‘steep filter’ option changes resampling band-width from the default 95% (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 excess ransient echo.

If the —a option is gven, then aliasing abve the pass-band is alied. For example, with 44kHz
sampling rate, and a resampling band-width of 95%, this means that frequertent abee
21kHz can be distorted; vaver, dnce this is abee the pass-band (i.eabose the highest fre-
queng of interest/audibility), this may not be a probleffihe benefits of allowing aliasing are
reduced processing time, and reduced (by almost half) transient eclaatartéotethat if this
option is gven, then the minimum band-width aNable with—b increases to 85%.

Examples:
sox input.wav -b 16 output.wav rate -s -a 44100 dither

default (high) quality resampling;verrides: steep filteralow diasing; to 441kHz sample rate;
dither output to 16-bit VAV file.

sox input.wav -b 24 output.aiff rate -v -L -b 90 48k

very high quality resampling;verrides: linear phase, band-width 90%; to 48k sample rate; store
output to 24-bit AIFF file.

* * *

Thepitch, speedandtempo effects all use theate effect at their core.

See als@esample polyphaseandrabbit for other sample-rate changing effects.

remix [—a|-m|-p] <out-spe&

out-spec= in-speg,in-speg¢ | 0
in-spec = [in-chaj[-[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 gien out-speca list of contributing input channels and volume specifications.

Note that this effect operates on the auchannelswithin 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 gren to aeate a silent output channélor example,

Sox input.au output.au remix 6 7 8 0

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

SOX input.au output.au remix -
performs a mix-down of all input channels to mono.

By default, where an output channel is ed¥rom multiple (n) input channels, each input channel
will be scaled by a factor ofnt/ Custom mixing wlumes can be set by following aven input
channel or range of input channels withiad-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  \6lume 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 oneol-specthen, by default, #/scaling is not applied to gother
channels in the same out-spec (though may be in other out-sgées)-a (automatic) option
however, can be gien to retain the automatic scaling in this caser example,

sox input.au output.au remix 1,2 3,4v0.8

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

results in channelle multipliers of 05,05 0.5,0.8.

The —m (manual) option disables all automatic volume adjustments, so
sox input.au output.au remix -m 1,2 3,4v0.8

results in channel & multipliers of 1,1 1,68.

The volume number is optional and omitting it corresponds toohame change; heever, the
only case in which this is useful is in conjunction witlFor example, ifnput.auis stereo, then

Sox input.au output.au remix 1,2i
is a mono equilent 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 irolved, a script such as the fallmg (Bourne shell script)

is useful:

#!/bin/sh
chans="soxi -¢ "$1"
while [ $chans -ge 1 ]; do
chans0="printf %02i $chans’ # 2 digits hence up to 99 chans
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out="echo "$1"|sed "sA(.F*)\.\(.*\)A1-$chans0.\2/"
sox "$1" "$out" remix $chans
chans="expr $chans - 1°

done

If a file input.au containing six audio channels werevagi, the script would produce six output
files:input-01.ay input-02.ay ..., input-06.au

See alsanixer andswapfor similar effects.

repeat count

Repeat the entire audiocount times. Requiregemporary file space to store the audio to be
repeated. Notthat repeating once yieldsdvweopies: the original audio and the repeated audio.

reverb [-w|-—wet-only] [reverberancg50%) HF-damping(50%)

[room-scalg100%) ktereo-deptli100%)
[pre-delay(Oms) wet-gain(0dB)]]IN]

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 hali’ matural rever-
berance is diminishedApplying a small amount of stereovegb to a (dry) mono signal will usu-
ally male it sound more natural. See [3] for a detailed descriptionwafberation.

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

play dry.au gain -3 pad O 3 reverb

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

Apply RIAA vinyl playback equalisation. The sampling rate must be one of; 48, 882, 96
kHz.

This effect supports the-plot global option.

silence[-I] above-period$duration

thresholdfl|%] [below-periods duration threshdidi|%]]

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

The above-periods/alue is used to indicate if audio should be trimmed at thygnhang of the

audio. A \alue of zero indicates no silence should be trimmed from the beginning. When specify-
ing an non-zer@above-periodsit trims audio up until it finds non-silence. Normaliyhen 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.

Whenabove-periodss non-zero, you must also specifgarationandthreshold Duration indica-
tions 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 samplalwe you should treat as silendéor digital audio, a
vaue 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 spediBiav-periodscount.

In this casebelow-periodmeans to reme dl audio after silence is detectetlormally, 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.
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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 hae 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 toekipeomiddle silence.

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

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

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 thie@fshould restart processing as
specified by th@bove-periodsmaking it suitable for removing periods of silence in the middle of
the audio.

The option-I indicates thabelow-periods duwation 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.

Theperiodcounts are in units of sampld&uration counts may be in the format of hh:mm:ss.frac,
or the exact count of sample$hresholdnumbers may be dixed withd to indicate the &lue is

in decibels, 06 to indicate a percentage of maximualue of the sample valu@% specifies
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%

speedfactorc]
Adjust the audio speed (pitch and tempo togethiagtor is either the ratio of the mespeed to
the old speed: greater than 1 speeds up, less thawd dbwvn, 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 O decreases.

By default, the speed change is performed by resampling withateeeffect using its defult
quality/speed. & higher quality or higher speed resampling, in addition tepeedeffect, spec-
ify the rate effect with the desired quality option.

spectrogram[options]
Create a spectrogram of the audio. This effect is optional;dgpe-—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 signal magnitude in the Z-axis. Z-axis values are repre-
sented by the colour (or intensity) of the pixels in the X-Y plane.

This effect supports only one channel; for multi-channel input files, use eithes SoX'option
with the output file (to obtain a spectrogram on the migo or theremix n effect to select a
particular channel. Beware though, that both of these methodecifthe audio in the ffcts
chain.

—x num X-axis pixels/second, default 100. This controls the width of the spectrogram¢an
be from 1 (lev time resolution) to 5000 (high time resolution) and need not be ageinte
SoX may mak a dight adjustment to the gén number for processing quantisation rea-
sons; if so, SoX will report the actual number usedwdide when—--verboseis in
effect).

The maximum width of the spectrogram is 99%jsx if the audio length and thevgn
—x number are such that this would beeeded, then the spectrogram (and tlectf
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-y num

—Znum

-Z num

chain) will be truncatedTo move the spectrogram to a point later in the audio stream,
first invoke thetrim effect; e.qg.

sox audio.ogg -n trim 1:00 spectrogram
starts the spectrogram at 1 minute through the audio.

Y-axis resolution (1 - 4), dafilt 2. This controls the height of the spectrogranmcan

be from 1 (lev frequeny resolution) to 4 (high frequencesolution). Br values greater

than 2, the resulting image may be too tall to display on the screen; if so, a graphic
manipulation package (such lasageMagick(1)) can be used to re-size the image.

To increase the frequeycesolution without increasing the height of the spectrogram, the
rate effect may be imoked to reduce the sampling rate of the signal beforekimg
spectrogramn e.g.

sox audio.ogg -r 4k -n rate spectrogram
allows detailed analysis of frequencies up to 2kHz (half the sampling rate).

Z-axis (colour) range in dB, default 120. This sets the dynamic-range of the spectrogram
to be numdBFS to 0GdBFS. Num may range from 20 to 180. Decreasing dynamic-
range effectiely increases the ‘contrast’ of the spectrogram disgay vice versa.

Sets the upper limit of the Z-axis in dBF®&. negdive num effectively increases the
‘brightness’ of the spectrogram displagd vice versa.

—g num Sets the Z-axis quantisation, i.e. the number dédint colours (or intensities) in which

to render Z-axis alues. Asmall number (e.g. 4) will gé a poster’-like dfect making it
easier to discern magnitude bands of similaelleSmallnumbers also usually result in
small PNG files. The numbervgn gecifies the number of colours to use inside the Z-
axis range; tw colours are reserved to represent out-of-range values.

—W nhame

—-p num

Window: Hann (default), Hamming, Bartlett, Rectangular or Kaigdre spectrogram is
produced using the Discrete Fourier Transform (DFT) algoritArsignificant parameter

to this algorithm is the choice of ‘windofunction’. Bydefault, SoX uses the Hann win-
dow which has good all-round frequency-resolution and dynamic-range propédftes.
better frequenc resolution (but lower dynamic-range), select a Hamming window; for
higher dynamic-range (v poorer frequency-resolution), select a Kaiser windBartlett

and Rectangular windes are also\ailable. Selectinga window other than Hann will
usually require a corresponding setting.

Allow dlack 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.

Creates a monochrome spectrogram (the default is colour).

Selects a high-colour palette—less visually pleasing than the default colour paleite, b
may male it easier to differentiate differentuels. If this option is used in conjunction
with —m, the result will be a hybrid monochrome/colour palette.

Permute the colours in a colour oybhnid palette. The num parameter (from 1 to 6)
selects the permutation.

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

Suppress the display of the axis lines. This is sometimes useful in helping to discern arte-
facts at the spectrogram edges.
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-t text Set the image title—text to display ateahe spectrogram.
—ctext Setthe image comment—text to display keémd to the left of the spectrogram.
—otext Name of the spectrogram output PNG file, default ‘spectrogram.png’.
For example, let e what the spectrogram of a swept triangukarelooks like:
Sox -n -n synth 6 tri 10k:14k spectrogram -z 100 -w k
Append the following to the ‘chime’ example in thelay effect to see its spectrogram:
rate 2k spectrogram -x 200 -Z -15 -w k

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

splice { positior],exces$,leeway] }

Splice together audio section§his effect provides tavthings awer simple audio concatenation: a
(usually short) cross-fade is applied at the join, anceesimilarity comparison is made to help
determine the best place at which to méie join.

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

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

plus an additiondeeway(default 0005 seconds). SoX should then beoled with the two audio
sections as input files and thglice effect given with the position at which to perform the splice—

this is length of the first audio section (including the excess).

For example, a long song begins withdwerses which start (as determined e.g. by usinglthe
command with therim (starf) effect) at times 0:3@25 and 1:0332. Thefollowing commands
cut out the first verse:

sox too-long.au partl.au trim 0 30.130

(5 ms excess, after the first verse starts)
sox long.au part2.au trim 1:03.422

(5 ms excess plus 5 ms ey, before the second verse starts)
sox partl.au part2.au just-right.au splice 30.130

Provided your arithmetic is good enough, multiple splices can be performed with a spligee
invocation. Fr example:

#!/bin/sh
# Audio Copy and Paste Over
# acpo infile copy-start copy-stop paste-over-start outfile
# All times measured in samples.
rate="soxi -r "$1"
e="expr $rate *' 5 /1000 # Using default excess
I=$e # and leeway.
sox "$1" piece.au trim “expr $2 - $e - $I's \
‘expr $3 - $2 + $e + Bl + $e’s
sox "$1" partl.au trim O “expr $4 + $e’s
sox "$1" part2.au trim “expr $4 + $3 - $2 - $e - $I's
sox partl.au piece.au part2.au "$5" splice \
‘expr $4 + $e’s \
‘expr$4 + $e + $3 - $2 + $e + Bl + $e’s

In the abwe Bourne shell script, tavplices are used to ‘cgpand paste’ audio.

The SoX command
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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 bevedmo
by appendingsplice 1to the command. (Clicks at the beginning and end of the audio can be
removed by precedingthe splice effect witliade q .01 2 .0L

* * *

It is also possible to use this effect to perform general cemlesf e.g. to join twsongs. Inthis
casegexcesswould typically be an number of seconds, éeelvayshould be set to zero.

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

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

Samplesead xc

Length (seconds) 7

Scaled by See -s belo.

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 number.
Midline amplitude Yamin(x ) +%2max(x,)

Mean norm YUnZ[x) The ae
value of each sample in the
audio.

Mean amplitude hZx, The ae

in the audio. If this figure is
non-zero, then it indisses
(which could be remad
using thedcshift effect).

RMS amplitude VENZX The le ve









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 optionalsegmenparameter selects the algoritlsnsagment size in milliseconds. The dedt
vaue is 82 and is typically suited to making small changes to the tempo of music;gier lar
changes (e.g. a factor of 2), 50 ms mayedi letmeteresulVhen changing the tempo of speech, a



An optionallimitergain value can be specified and should be a value much less than 1.{g.gr O
0.02) and is used only on peaks tovyerg clipping. Not specifying this parameter will cause no

limiter to be used. Inerbose mode, this effect will display the percentage of the audio that
needed to be limited.

See als@ompandfor a dynamic-range compression/expansion/limiting effect.
Deprecated Effects

The following effects hae been renamed or i@ their functionality included in another effect; yheon-
tinue to work in this version of SoX but may be remtbin future.

key [—q] shift[segmenfseach [overlap]]]
Change the audioely (.e. pitch but not tempo).









