Chapter 2 discusses various fundamental
tasks you can accomplish with the audio
stream in FFmpeg.

Audio Processing
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2.1

Transcoding audio files

2.1.1 Introduction to Transcoding

One of the basic tasks you can perform on an awdak in FFmpeg is to
convert it into another format. This process knasTranscodingis the
direct digital-to-digital conversion of one streaemcoding to another,
whether video or audio. Transcoding is usually domeases where a
target device — media player such as iPod, iPAD,DDMayers or a
software application, does not support the fornmahas limited storage
capacity that requires a condensed file size. Tadiag can also be used
to convert an incompatible or obsolete format betier-supported format.

Transcoding is generally a “lossy process” - a @ai@oding method which
compresses data by discarding (losing) some of minhimize the amount
of data that need to be stored in a file; howetranscoding can also be
“lossless” if the input is losslessly compressed #me output is either
losslessly compressed or stored in a uncompressse. sAlthough
compression can reduce file size consideberalyeateply performing
transcoding on a single file using lossy compress@an create a
‘generation loss’ — a reduction in the quality bétaudio when copying,
which would cause further reduction in quality omakimg a copy of the
copy. So you need to keep this in mind while repdigt transcoding
between various formats.

Although | could not show you here the differeneéeen an original and
lossy audio compression (due to the limitationha imedia of course), the
following shows an example of a lossy compressioram image. The
original JPG image is on the left and a lossy imafehe same after
repeated compression is shown on the right. As w&e Iprecious
information forever during compression, we cannet lgack the original
image using the compressed image.
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Bitrates are
explained in
Chapter 1.

2.1.2 Audio compression

Audio compression is a form of data compressiongaesl to reduce th
transmission bandwidtand storage requirement ofdayital audio strea..

Audio compression algorithms are implemented intvearfe as audi
codec’s, - which is a software programor library capable of
encodingdecoding a digitsaudio stream.

Audio compression is either lossy or lossless asudised earlieLossless
audio compression produces a version of diaudiothat can be decoded
to an exact digital duplicate of the original audiceam. This is in contra
to the irreversible changes upon playback from ylog®mpressiol
techniques such as Vorbisd MP3.

The wholeideabehind audio compressiam FFmpecis to lower the audio
bitrate O6kbps,128kbps, 192 kbps et¢.dhis effectively also reduces t

fidelity or quality of the audio. Soou want to keep in rnd that, a high
bitrate audio file confirms a better sound qui, so by lowering its bitrat

you areactually degrading the quali

For normalcomputer use, the 128kbs rate produces a qualitgl éqthat
of an audio CI. But in the case of an MP3 yseis necessary to use
256kbs bitrate to reach an identical resuthat ofthe CDquality sound.

2.1.3 Getting your audio file ready

Now that we have gone through a short introduct@mmompression, w
will now work on the processf transcoding audio files

To run the example commands in this secticou will need araudio file
in a wav or ar . mp3 format.You can get hold of a wav filby ripping an
audio track from a music CD or downloading an mf8ffom the Interne.
Call the resulting file'myaudio.mp3. For this section | used the ‘Sc
Piano 7' Opening file fronhttp://www.archive.org/details/sc-piano-7.

Next, we will get ffmpeg to identify the fileThis will tell us the variou
details of the audio fileThe simple wayto get this informatioris to just
tell ffmpeg to use it foinput. For this we need to use t—i option. Enter
the following command at your prom

ffmpeg -i myaudio.mp3
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The exact output on my PC is shown below; which mayjedifrom yours
depending on the version of ffmpeg you are u:

D:\ffmpeg>ffmpeg -1 myaudio.mp3

ffmpeg version N-31100-g9251942, Copyright (c) 2000-2011 the FFmpeg
developers

Input #0, mp3, from 'myaudio.mp3":

Metadata:
album : solo piano 7
artist : Torley
album_artist : Torley
composer : Torley
genre : Piano
track :001/176
title : 001 — Openings
date : 2008

Duration: 00:01:39.50, start: 0.000000, bitrate: 193 kb/s
Stream #0.0: Audio: mp3, 44100 Hz, stereo, s16, 192 kb/s

At least one output file must be specified

There is a lot of information we can gather froma thutput- the track is
1 minute 3%C seconds long, the bitrate is 193kb/s, the audemcded ir
mp3 format at 44100H(44.1KHz)and has two channels (stereo). All t
information will come in handy during a transcodp@ces:

2.1.4 Transcoding to a different format

Let us now converthe downloaded filéo a simple wav format. Notic

that we have not specified any format op or flag, just the complete
output filename. Fmpeg automatically guesses which encoders to u:

noticing the format othe input and output fileghis can be a big help

you keep forgetting the option name or are jushdpdazy. If you are not
going to specify the encoder forr, make sure you mention the f

filename, along with the appropriate fori extension.

ffmpeg 1 myaudo.mp3 myaudio.wav

| FFmpeg a Beginners Guide



The output of the command is shown below.

ffmpeg version N-31100-g9251942, Copyright (c) 2000-2011 the FFmpeg
developers

Input #0, mp3, from 'myaudio.mp3":

Metadata:
album : solo piano 7
artist : Torley
album_artist : Torley
composer : Torley
genre : Piano
track :001/176
title : 001 - Openings
date : 2008

Duration: 00:01:39.50, start: 0.000000, bitrate: 193 kb/s
Stream #0.0: Audio: mp3, 44100 Hz, stereo, s16, 192 kb/s
File 'myaudio.wav' already exists. Overwrite ? [y/N] y
Output #0, wav, to 'myaudio.wav':

Metadata:
album : solo piano 7
artist : Torley
album_artist : Torley
composer : Torley
genre : Piano
track :001/176
title : 001 - Openings
date : 2008
encoder : Lavf53.4.0

Stream #0.0: Audio: pcm_s16le, 44100 Hz, stereo, s16, 1411 kb/s
Stream mapping:
Stream #0.0 -> #0.0
Press [q] to stop, [?] for help
size= 17141kB time=00:01:39.50 bitrate=1411.2kbits/s
video:0kB audio:17141kB global headers:0kB muxing overhead 0.000251%

Notice how large the resulting wav file is (17 M&3 compared to the
original mp3 format (2.1 Mb). This being for theasen that the wav file is
not compressed like its mp3 counterpart. Incidgntihe audio format of
the wav is Pulse-code modulation (PCM), technicRIGM signed 16 bit
little-endianformat.

As you can see from the screenshot above the outpuwn ffmpeg
command is quite large, so from here on I'll jus¢afy the command and
do away with the output screen unless it is reguioe explanation.
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2.1.5 Changing the bitrate of the audio

As welearned in Chapter 1, bitrates control the fileesand the quality c
an audio or video stream. Lowering the bitrate wagult not only in :
reduced file size but also diminish the qualitytied final output. This ca
be required if you have a th quality audio recording and need to lo\
the quality for a reduced file size to stream aer Web. For example tl
following command will set the bitrate of the mpl& fto 64kb/s. This use
the—aboption to the jol

-ab <value>

ffmpeg -1 myaudio.mp3-ab 64k out.mp3

The higher the value the better is the audio qualihis is one of th
important factors responsible for the audio qualBuyt that doesn't mee
you can make a poor audio file sound better byemsing its bitrate. Th
resultant file will just be of bigger siz

Another example- to transcode an mp3 file to an AAC format, witl
bitrate of 128K, we can use the followi

ffmpeg 1 myaudio.mp: -ab 128k myaudio.aac

As we saw earlier the original audio track has dnctels (stereo). Mar
times it is not necessary to have 2 channels, iika speech recordin
where its really doesn’t matter.. In such cases geu further reduce tt
file size by setting the audio cnnels to mono or ‘1'For output streams
is set by default to the number of input audio cleds

-ac <value>

ffmpeg 1 myaudio.mp3-ac 1 out.mp3

Note that once you convert a stereo channel toomgmu cannot conve
it back to a stereo channel audio. That informai®nost forever. Th
same thing happens with bitrates. Once you redlmteade of an audio file
you cannot just increase thetrate back again to get the original qual
That information is already gone. So as a precapneve work with your
original media files. Make a copy of the originabavork with the cop
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The other important audio option—acodec This option lets you choo:t
the type of audio codec you want to use. e.g. if §oe using ffmpeg on

mp3 file, then it will need the audio codec libmgdle. You can specify

using-acode:! libmp3lame. Although, by default, ffmpeg tis care of the
codes you nee (by guessing it from the output file formebut if you

need anything differe, then go for this option.FFmpeg uses a defa
encoder for each audio stream, using the outpaieikension to guess t

encoder to use. This option lets youce FFmpeg to use a specific au

encoder rather than the default. The followingdgample will extract th

audio stream from a .flv video and save it as ap3.rfile using the
libmp3lameencodel

-acodec «encoder/decod>

ffmpeg -i myvidec.flv -acodec libomp3lame myaudio.n

Sometime you FFmpeg may be unable to correctly dkedbe input file
giving the error something like the followit

Error while decoding stream #0.0

In such cases you can force FFmpeg to use a gartidecoder to dece
the input file. The following example will force Ripeg to use the my
codec toe decode the input file au

ffmpeg acodec libmp3lamei myvideo.flv  myaudio.mp:

Note that the—acodecoption comes before the option when we want th
codec to apply to the input stream and comes #Hige—i option when we
want the codec to apply to the output stream. T® what codecs al
available on your system, issue the following comd:

ffmpeg <odec

Sometimesyou may want to complete disablethe audio recording for
which we can use th—-an option. This can besed to strip out an aud
stream from evideo file. When you use this option, all the other at
relaed attributes are cancelled out, which is fias they would not matt
without the audio. So for example you are wantisalole the audio from

video file and only copy the video stream, you uaa the following
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ffmpeg -i myvidec.flv -an out.flv

Another important option i—ar, the audiosampling frequenc This lets
you set the maximum sampling frequency of the awstream. Audic
sampling was discussed in Chapter 1. You can weseyition to reduce tt
sampling frequency to a lower value to reduce $§terage or Interne
bandwidth capéty. The default value is set at 44100Hz. The gaisl
given in Hz. So the following will resample the utpaudio to 11025H
with a single channel (mon

-ar <valuein Hz>

ffmpeg 1 myaudio.mp: -ar 11025 -ac 1 myaudio.mp

Note thatonce you have reduced the sampling frequency sditine @udic
data is lost. You cannot again resample it to ddmgvalue and expe
increase in the audio quali

2.1.6 Audio grabbing

Until now we have looked into how to transform éxig audiostream into
other formats. FFmpeg can also grab audio fromreatelevices such as
microphone. This can be useful if you need to r@doom your deskto
microphone or create a screencast. Note that fleviog command will
not work on a Windows macme. You need to have a Linux machine
correctly grab the mic audio. Enter the followingmanand at your Linu
prompt.

ffmpeg { oss -i /dev/dsp ./audio.wav

This will start recording the inptaudiofrom the mic to the‘audio.wav’
file. Once started you will need to press ‘q’ to stopréerding. We will
now look into the various options given abc

The option +denotes the format to be used for the input streEhere are
various formats FFmpeg supports; you can find traplete Ist by issuing
the following commani
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ffmpeg format:

Here we are using tF'oss' format, whiclstands for Open Sound Syst
input device.The Open Sound Syste(®SS) is an interface for maki
and capturing sound in Unix or Ui-like operating systems. In the Lini
kernel, there have historically been two unifornursd APIs. One is OS¢
the other is ALSA Advanced Linux Sound Architect). ALSA is
available forLinux only.

The device/dev/ds| is the default audio inpudevice in the Linux syster
It's connected to the main speakers and the primggrding source suc
as a microphoneThe system administrator can set /dev/dsp to |
symbolic link to the desired default devi

The ‘audio.wa file is where the recorded audio will be sa\

Another example- the following will record the mic audio tthe file
‘rec.flac’ in the currentirectory, this is a flac formdile.

ffmpeg { alsa -ar 48000 -i front ./rec.flac
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2.2

Some popular audio formats

AAC Advanced Audio Coding File - declared the new atfde standard
in 1997, designed to replace its predecessor, MP8ovides better quality
at lower bit rates, and its Apple’s standard iTuaers iPod audio format.

AIF(F) Audio Interchange File Format - developed by Etedt Arts and
Apple back in the '80s. AIFF files contain uncongsed audio, resulting
in large file sizes.

.m4a Apple Lossless - This file format uses losslesmp@ssions for
digital music.

.MP3 MPEG Layer 3 - the most popular digital-audio nougormat,
designed by a team of European engineers in 198trserve the quality
of a song while storing it in a small, compact.file

.OGG 0Ogg Vorbis - one of the most popular license-frepen-source
audio-compression formats. It's efficient for streag and compression
because it creates smaller files than MP3 whilentaaing audio quality.

.RA(M) Real Audio Media - developed by RealNetworks i93.9t has a
wide variety of uses, from videos to music, butnminly used for
streaming audio such as that from Internet racdibasts.

WAV Windows WAVE - IBM and Microsoft-developed formpbpular
audio format among PC computer users; it can hoth bompressed and
uncompressed audio.

WMA Windows Media Audio - designed by Microsoft to Be MP3
competitor, but with the introduction of iTunes aiftbds, it's fallen far
behind MP3 in popularity.
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2.3

Audio processing recipes

MP3 toAAC High Quality Stereo

ffmpeg 4 in.mp% -acodec aac -ac 2 -ar 480@b -192k out.at

MP3 toAAC High Quality 5.1

ffmpeg 4 in.mpZ -acodec aac -ac 6 -ar 480@b 448k out.at

Convertto low quality mp3 to preserve stor:

ffmpeg 1in.mp3-ab 64K out.mp3

MP3 to Vorbis OGG (can be played in HTML

ffmpeg 1 in.mp3-acodec vorbis -aq 50 out.ogg
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