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

DESCRIPTION
This manual describes SoX audio effects; the SoX manual set starsowith

In addition to cowerting and playing audio files, SoX can be used Wka a mumber of audio ‘décts’.

Multiple effects may be applied by specifying them one after another at the end of the SoX command line.
Note that applying multiple &fcts in real-time (i.e. when playing audio) is likely to need a high perfor
mance computer; stopping other applications may alleviate performance issues slyaddithe

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.

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 optionalWhere 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 zerogis an dtenuation.
width[h|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 slhlomay be appended to select
the desired method as follows:

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

For each efect that uses this paramettre 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, ersex —h and look for its name under the list:
‘EFFECTS'.

SOX 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 logarithmically around tenter 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 mu3ice —n (for noise) option uses the akler
nate mode for un-pitched audio (e.g. percussidrning: —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.
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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 freguieeguency
and (3dB-point) band-widtlvidth. The —c option applies only tbandpassand selects a constant
skirt gain (peak gin = Q) instead of the default: constant 0dB pesk.gThefilters 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.

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]q]]]

Boost or cut the bass (er) or treble (upper) frequencies of the audio using a two-pole shelving
filter with a response similar to that of a standard hitfihe-controls. Thiss also known as
shelving equalisation (EQ).

gain gives the gain at Hz (for basg, or whicheer is the lower off22 kHzand the Nyquist fre-
queng (for treble). Its useful range is about —20 (for a large cut) to +20 (for a large boost).
Beware of Clipping when using a posite gain.

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

frequencysets the filteg central frequeng and so can be used tatend or reduce the frequgnc
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 dedult, or if appended witts’) 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 als@qualizer for a peaking equalisation effect.

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

soxefect

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 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 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 millisecoridt® 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 best2sdr @nd 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
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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-dB2
[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 itoolume; attacks refer to increases lume

and decays refer to decreas&®r 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 amplitude. The inmltigs must be in a strictly increasing
order but the transfer function does nové# 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 poifit0is assumed but may beeridden (by0,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 additionaingin 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 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 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.

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

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 \{betd0dB) will remain
unchanged. Thiwill stop the compander from boosting thelume on ‘silent’ passages such as
between meements. Hwavever, sounds 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 g5 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.

See alsancompandfor a multiple-band companding effect.
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contrast [enhancement-amount (75)
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. 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 formutdais is most useful if your audio tends to
not be centered around a value of 0. Shifting it back willxallou 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 wellt should hae a \alue much less than 1 (e.g0®
or 0.02) and is used only on peaks toverd clipping.

An alternatve gproach to removing a DCfeét (albeit with a short delay) is to use ttighpass
filter effect at a frequeryof say 10Hz; i.e.

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

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

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

delay{length}
Delay one or more audio channelsngthcan specify a time ¢if appended with an ‘s’, a number
of samples.For example,delay 1.5 0 05 delays the first channel by5lseconds, the third channel
by 05 sconds, and leas the second channel (andyaother channels that may be present) un-
delayed. Thédollowing (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 [depth
Apply dithering to the audio. Dithering deliberately adds digital white noise to the signal in order
to mask audible quantizationfefts that can occur if the output sample size is less than 24 bits.
By default, the amount of noise added is ¥z bit; the optidepthparameter is a (linear ookage)
multiplier of this amount.

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

earwax
Makes audio easier to listen to on headphones. Adds ‘cues tkH 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 fensyp&se
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.

soxefect July27, 2008 4



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

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

soxefect

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 truncatedsédp-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
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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 gecify using sample counts, specify the number of samples
and append the letter ‘s’ to the sample count (for example ‘8000s").

An optionaltypecan be specified to change the type ofekpe. Choicesireq 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 kag low unspecified, or 0.A high-pass filter is obtained by
leavinghigh unspecified, or 0, or greater than or equal to the Nyquist freguenc

The window-len if unspecified, defaults to 128. 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 winde. Beta< 2 slects a Nuttall winde. If unspecified, the default is a Kaiser
window with beta 16.

In the case of Kaiser windo(beta > 2), lower betas produce a 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 lawv beta’s, use a longer sample
window. A Nuttall windaw is slected by specifying gn'beta’< 2, and the Nuttall winde has
somavhat steeper cut-bthan the defult Kaiser windw. You will probably not need to use the
beta parameter at all, unless you are just curious about comparinfetite ef Nuttall vs. Kaiser
windows.

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 sigiais is an alias for theol effect—
handy for those who prefer to work in dBs by default.

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
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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.

key [—q] shift[segmenfseach [overlap]]]

Change the audiogly (.e. pitch but not tempo) using a WSOLA algorithm.

shift gives the lkey dhift as positve a negdive ‘cents’ (i.e. 100ths of a semitone). Seetdrapo
effect for a description of the other parameters.

See alsitch for a similar effect.

ladspa module[plugin] [argument...]

Apply a LADSHA [5] (Linux Audio Developer'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. Missigignaents are sup-

plied by default values if possible. Only plugins with at most one audio input and one audio output
port can be usedlf found, the environment varible LADSPPATH will be used as search path

for plugins.

lowpass[—1]-2] frequency{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]]" { xover-fredk] "attackl,..."}

The multi-band compander is similar to the single-band compander but the audio ivified di
into bands using Butterworth crosgepfilters and a separately specifiable compander run on each
band. Se¢hecompandeffect for the definition of its parameter€ompand parameters are speci-
fied between double quotes and the creasisequeng for that band is gen by xover-freq these

can be repeated to create multiple bands.

For example, the follaving (one long) command showsvhaonulti-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} ]

soxefect

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 withitmglobal 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
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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 insteaderdging 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, 1 - r,r - I, and r - r, respectiely.

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

It is also possible to use the 16 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 als@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 fwnse 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 withfdifentamountvaues 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] [leve]

soxefect

Normalise audio to 0dB FSD or to avg levd relative o 0dB. Requiresemporary file space to
store the audio to be normalised.
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oops

To aeate a normalised cppf an audio 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 quickeremute (though perhaps not to type!)
as it doesr’require a temporary file.

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 normadiséfittee —i
option is gven, then each channel is treated individually and will attain the normaliggd le

In most casesiorm —3 should be the maximumve used at the output file (to lea headroom
for playback-resampling, etc.). See also the discussions of clipping and Replay &a{i)n

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 specifiedjiged that a specified
position is not less that the previous onmsitionis optional for the first and last lengths specified
and if omitted correspond to the beginning and the end of the audio redpedtor 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 audio. If silen@niedvonly at the end of the
audio, specify either the end position or specify a zero-length pad at the start.

pan direction

Pan the audio from one channel to anoth&his is done by changing the volume of the input
channels so that iafles out on one channel and fades-in on anoth#re number of input chan-

nels is different then the number of output channels then tigist éfies to intelligently handle

this. For instance, if the input contains 1 channel and the output contains 2 channels, then it will
create the missing channel itseFhe directionis a \alue from -1 to 1. —1 represents far left and

1 represents far right. Numbers in between will start the plactefvithout totally muting the
opposite channel.

phasergain-in gain-out delay decay spelets|-t]
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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 HzThe modulation is either sinusoidaisf —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
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A popular sound:
play snare.flac phaser 0.89 0.851 0.24 2 -t
More s&ere:

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

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

Change the audio sampling rate (i.e. resample the audio) using a qualigsl®llows:

Quality BW9% Rej dB Typical Use

-q quick & dirty n/a =30 @ Fs/4 playback on
ancient hardware

- low 80 100 playback on old
hardware

-m medium 99 100 audigplayback

-h high 99 125 16-bit mastering
(use with dither)

-V very high 99 175 24-bit mastering

whereBW % is the percentage of the audio band that is preserved (based on the 3dB point) during
sample rate camrsion, andRej dB is the level of noise rejection. The default qualityvie is

‘high’ (=h). The —q algorithm uses cubic interpolation; the others use lippase bandwidth-
limited interpolation.

This effect is inoked automatically if SoX$ —r option specifies a rate that is different to that of
the input file(s). Alternatively, this effect may be iroked with the output rate paramet®ATE
and SoXs-r option need not be ggn. For example, the following tavcommands are equalent:

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 it allor@geaquality option to be gien, and it
allows the effects to be ordered arbitrarily.

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

remix [—a]-m|-p] <out-spec

soxefect

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 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; alternedly, 0 may be gren to aeate a silent output channéior example,

Sox input.au output.au remix 6 78 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.au output.au remix 1-3,7 3

creates a stereo output file where the left channel is a mix-down of input channels 1, 2, 3, and 7,
and the right channel is a gopf input channel 3.

Where a range of channels is specified, the channel numbers to the left and right of the hyphen are
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optional and default to 1 and to the number of input channels reshecthus
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 volumes can be set by following gegiinput
channel or range of input channels withiad-spec(volume specification). This is one of the let-
tersp, i, or v, followed by a volume numbghe 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 onel-specthen, by default, #/scaling is not applied to grother
channels in the same out-spec (though may be in other out-specs). The —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 channellel multipliers of 1,1 1,68.

The wlume number is optional and omitting it corresponds to no volume changeyenothe
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 equialent 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 typical 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 processingvidumidhudio channels).
Where more than aviechannels are wolved, a script such as the following is useful:

#!/bin/sh # This is a Bourne shell script
chans="soxi -c¢ "$1"
while [ $chans -ge 1 ]; do
chans0="printf %02i $chans’ # 2 digits hence up to 99 chans
out="echo "$1"[sed "sN(.*)\.\(:*\)A1l-$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
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See alsanixer andswapfor similar effects.

repeat count

Repeat the entire audicount times. Requiregsemporary 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-scalg(100%) ktereo-deptli100%)
[pre-delay(Oms) wet-gain(0dB)]]]1I]

Add reverberation to the audio using the ‘fieeb’ algorithm. A reveaberation 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 stereoveeb 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.

silence[-I] above-period$duration

soxefect

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

Remaes slence from the beginning, middle, or end of the audsdlence is anything belo a
specified threshold.

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

audio. A value of zero indicates no silence should be trimmed from ¢irenbeg. When specify-

ing an non-zer@bove-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 sample value you should treat as sileocéigital audio, a
value of 0 may be fine but for audio recorded from analog, you may wish to increaséuti¢ov
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.

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 gemtio.
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 werse 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 postivalue and is also used to indicate the effect should restart processing as
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specified by th@bove-periodsmaking it suitable for remang 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 vant to remwge 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 &act count of samplesThresholdnumbers may be di¥ed withd to indicate the value is
in decibels, o6 to indicate a percentage of maximum value of the sample @Wespecifies
pure digital silence).

The following example shows tathis 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%

speedfactor{c]
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 than 1 slows daivappended 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 tepleedeffect, 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 N&kwBraphic (PNG) file, and shows time 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 efect 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 methods affect the audio in thetsef
chain.

—x num X-axis pixels/second, default 10@his controls the width of the spectrogranum can
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 999jsx if the audio length and theven

—x number are such that thisould be exceeded, then the spectrogram (and feetef
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 num Y-axis resolution (1 — 4), default 2. This controls the height of the spectrogtemtan
be from 1 (lev frequeng resolution) to 4 (high frequepcesolution). 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
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rate effect may be imoked to reduce the sampling rate of the signal beforekimg
spectrogrant e.g.

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

-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 disg@ay 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.

—g num Sets the Z-axis quantisation, i.e. the number dédift 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 simileglleSmallernumbers also usually result in
smaller PNG files. The numbewgh gecifies 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, 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 (but poorer frequency-resolution), select a Kaisenwifdotlett
and Rectangular windows are als@itable. Selectinga window other than Hann will
usually require a corresponding setting.

-s 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.

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

-h Selects a high-colour palette—less visually pleasing than the default colour palette, but it
may male it easier to differentiate diérent levels. 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 or hybrid palefidie num parameter (from 1 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.

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

splice { positiord,exces$,leeway] }
Splice together audio sections. This effect providesthings awer simple audio concatenation: a
(usually short) cross-fade is applied at the join, anceesimilarity comparison is made to help
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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 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 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 ab®e Bourne shell script, tavplices are used to ‘cgpand paste’ audio.

* * *

It is also possible to use thidedt to perform general cross-fades, e.g. to joio $angs. Inthis
casegexcesswould typically be an number of seconds, éeelvayshould be set to zero.

stat[-sn] [-rms] [-freq] [-V] [-d]

soxefect

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

The ‘Volume Adjustment:’ field in the statisticsvgs you the parameter to thes numberwhich
will make the audio as loud as possible without clipping. Note: See the discussiippimg in
soX(1) for reasons whit is rarely a good idea to actually do this.

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

The-soption is used to scale the input data byvagfactor The default value ofi is the maxi-
mum value of a signed long integerffffff i n hexadecimal). Internaéffects alvays work with
signed long PCM data and so the value should relate to this fact.
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The-rms option will corvert all output a&erage values to ‘root mean square’ format.
The—freq option calculates the inpstpower spectrum and prints it to standard error.

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

swap[l12]|1234

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

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

See also theemix effect.

synth [len] { [typg [combing [[% ]freq[K][: |+|/|-[%6]freqZk]]] [ off] [ph] [p1] [p2] [P3]}

soxefect

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 generated
waveform will be mixed with, or modulated onto the output from the previous stage. Audio for
each channel in a multi-channel audio file can be synthesised independently.

Though this d&ct is used to generate audio, an input file must still\m gthe characteristics of

which will be used to set the synthesised audio length, the number of channels, and the sampling
rate; heovever, ance 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 parame®mth or by another

given dfect that can has an associated length).

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

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

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

SOX -n output.au synth 3 sine 300-3300 brownnoise

The following example shows fotwo gynth effects can be cascaded to create a more comple
waveform:

SOX -n output.au synth O -5 sine 200-500\
synth0 -5 sine fmod 700-100

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

play -n synth sine %-17

N.B. This effect generates audio at maximuatume (0dBFS), which means that there is a high
chance of clipping when using the audio subsequestlyn nost cases, you will want to follo
this effect with thegain effect to preent this from happening. (See alStipping in sox1).)

A detailed description of eadynth parameter follows:
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lenis the length of audio to synthesise expressed as a time or as a humber of samples; O=input-
length, default=0.

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

typeis one of sine, square, triangle, sawtooth, trapeziwm, vhite]noise, pinknoise, bwm-
noise; default=sine

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

freg/freq2 are the frequencies at the beginning/end of synthesis in HE preceded with ‘%’,
semitones relate © A (440 Hz);for both, dedult=%0. If freq2is given, thenlen must also hee
been gien and the generated tone will be swept between thendrequencies. Théwo given
frequencies must be separated by one of the characters *’, ‘+’, */’, offhis 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 '/, bt initial phase alays zero, and stepped (less smooth) frequenc
changes.

Not used for noise.
offis 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 each cycle that is ‘on’ (square), or ‘rising’ (triangpe, teapezium);
default=50 (square, triangle, exp), default=10 (trapezium).

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

p3 (trapezium): the percentage through each cycle at which ‘falling’ ends; default=60.

tempo[—q] factor[segmenfseach [overlap]]]
Change the audio tempo (but not its pitch) using a ‘WSQ@lgorithm. Theaudio is chopped up
into segments which are then shifted in the time domain sedapped (cross-faded) at points
where their vavdorms are most similar (as determined by measurement of ‘least squares’).

By default, linear searches are used to find the lvedpping points; if the optionatq parame-
ter is gien, tree searches are used instead, giving a quizkgoossibly lower qualityresult.

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 maedi letter result. When changing the tempo of speech, a
segment size of around 30 ms often works well.

The optionalseach parameter gies the audio length in milliseconds (default 14)owhich the
algorithm will search for werlapping points.Larger values use more processing time and do not
necessarily produce better results.

The optionabverlap parameter gies the segmentwerlap length in milliseconds (default 12).

See alsastretch for a similar efect, speedfor an effect that changes tempo amy kbgetherand
key for an effect that changegkwithout changing tempo.
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treble gain[frequencik] [width[s|h|k|o|q]]]
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 percentagediepth(default 40).

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

trim start[lengti
Trim can trim of unwanted audio from the B&ning and end of the audio. Audio is not sent to
the output stream until ttstartlocation is reached.

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

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

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

The amount to change thelume is gven by gain which is interpreted, according to thevegi
type as bllows: if typeis amplitude (or is omitted), themain is an amplitude (i.e. voltage or lin-
ear) ratio, ifpower, then a power (i.e. wattage or voltage-squared) ratio, atd,ithen a paer
change in dB.

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

Whentypeis dB, a gain of O 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 1.4&.gr 0
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 alse@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 restbin future.

pitch shift[width interpolate fade
Change the audio pitch (but not its duration). This effect isvegnit to thekey effect with
seach set to zero, so its results are compaehtipoor; it is retained for backwards compatibility
only.
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Change by cross-fading shifted samplehift is given in cents. Usea positive value to shift to
treble, ngaive value to shift to bassDefault shift is 0. width of window is in ms. Defult width
is 20ms. Try 30ms to laver pitch, and 10ms to raise pitcimterpolateoption, can beubic or lin-
ear. Default iscubic. The fadeoption, can b&os hamming, linear or trapezoid; the default is
cos

polyphase[-w nut|ham] [-width n] [—cut-off ]
Change the sampling rate using ‘polyphase interpolation’, a DSP algorjibiyphase copes
with only certain rational fraction resampling ratios, and, compared witrateesffect, is gener
ally slov, memory intensie, and has poorer stop-band rejection.

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

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

The —cut-off value (c) specifies the filter cut-6frequenyg in terms of fraction of frequegdand-
width, also knar as he Nyquist frequenc See theresample effect for further information on
Nyquist frequeng If up-sampling, then this is the fraction of the original signal that should go
through. Ifdown-sampling, this is the fraction of the signal left aftewdesampling. Thelefault

is 0.95.

See alsaate, rabbit andresamplefor other sample-rate changing effects.

rabbit [-cO|-c1|-c2|-c3|-c4]
Change the sampling rate using libsamplerate, alsakas ‘Secret Rabbit Code’. This effect is
optional and, due to licence issues, is not included in all versions of SoX. Compared wate the
effect,rabbit is very slav.

See http://mvwumeganerd.com/SRC for details of the algorithms. Algorithms O through 2 are
progressiely faster and lower quality versions of the sinc algorithm; thaudeis—c0. Algorithm
3is zero-order hold, and 4 is linear interpolation.

See alsaate, polyphaseandresamplefor other sample-rate changing effects, andresample
for more discussion of resampling.

resample[—qs|—q|—ql] [rolloff [betd]
Change the sampling rate using simulated analog filtration. Compared witlatéheffect,
resampleis slow, and has poorer stop-band rejection. Only the ¢pality option works with all
resampling ratios.

By default, linear interpolation of the filter ciefents is used, with a windowidth about 45
samples at the lower of the dwates. Thisgives an @curagy of about 16 bits, but insfitient
stop-band rejection in the case that you want @ hall-off greater than about® of the Nyquist
frequeng.

The—-qg* options will change the default values for rolf-afd beta as well as use quadratic inter
polation of filter codfcients, resulting in about 24 bits precisiofhe —qgs, —q, or —ql options
specify increased accusaat the cost of lowerecution speed.lt is optional to specify roll-df
and beta parameters when using-the options.

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

Option  Window Roll-off Beta Interpolation

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

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

rolloff refers to the cut-6frequenyg of the lov pass filter and is géen in terms of the Nyquist fre-
gueng for the lower sample rateolloff therefore should be something between 0 and 1, in prac-
tise 08—0.95. Thedefaults are indicated ab®

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

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

The rolloff refers to ha close to the Nyquist frequepdhis cut-of is, with closer being better
When increasing the sample rate of an audio file you would not expectdamhga fequencies
exist that are past the original Nyquist frequenBecause of resampling properties, it is common
to have diasing artifacts created ab®the old Nyquist frequenc In that case theolloff refers to
how close to the original Nyquist frequento use a highpass filter to rem®tese artifacts, with
closer also being better.

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

Default parameters are, as indicatedvah&aiser windav of length 45, roll-af0-80, beta 16, lin-
ear interpolation.

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

Note: In may cases of up-sampling, no interpolation is needed, as exact filter coefficients can be
computed in a reasonable amount of spdebe precise, this is done when both input-rate < out-
put-rate, and output-rategcd(input-rate, output-rated511.

See alsaate, polyphaseandrabbit for other sample-rate changindesfts. Therds a detailed
analysis ofresampleandpolyphaseat http://leute.seer.de/wilde/resample.html; seabbit for a
pointer to its own documentation.

stretch factor [window fade shift fadirig
Change the audio duration (but not its pitch). This effect isvelguit to thetempo effect with
(factor inverted and)seach set to zero, so its results are compseiti poor; it is retained for
backwards compatibility only.

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 horten,
0.8 to lengthen. Thefading ratio, in [0 05]. Theamount of addes default depends oriactor
andshift

SEE ALSO
soX(1), soxi(1), soxformat(7), libsox(3),

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