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1. Audio Formats Reference

This is my collected notes about the mandio formats and audio-related protocols implemented by
Python Audio Bols. Asit has outgravn its original place at the end of the manuafk khifted all the ref-
erence information to this document.

The reason that information is here instead of a web page is becaugpdset it for print densityl
like to have printed information on hand when working so that I'livagmper documents to reference,
scribble notes on, and shuffle around as needed. HTML is pretty lousy for that task sinceepheaves
what information will wind up on which page, ontonary pages that information will takin total. Type-
setting it by hand guaranteegeg/thing about a FLA frame will fit on a single page, for instandedon’t
want to print afy more pages than | ia ©, after all.



1.1. Basics
This section ceers the basics for parsing binary files.

1.1.1. Hexadecimal

In order to understand hexadecimals iitnportant to re-familiarize oneself with decimal, which
evayone reading this should be familiar with. In ordinary decimal numbers, there are a total of ten charac-
ters per digit: 0, 1, 2, 3, 4, 5, 6, 7, 8 andBecause there are ten, we'll call it base-10. So the number 675
is made up of the digits 6, 7 and 5 and can be calculated in the following way:

(6x100) +(7 x10N) + (5 x 1) =675

In hexadecimal, there are sixteen characters per digit: 0, 1, 2, 3,4, 5,6,7,8,9, A,B,C,D,Eand F
A, B, C, D, E and F correspond to the decimal numbers 10, 11, 12, 13, 14 and 15,vebgp&erause
there are sixteen, we’'ll call it base-16. So the number 2A3 is made up of the digits 2, A and 3 and can be
calculated in the following way:

(2x16%) +(10x 16 +(3x 16" =675

Why use headecimal? Theeason brings us back to binary file formats, which are made up of bytes.
Each byte is made up of 8 bits and caveha\alue from 0 to 255, in decimal. Representing a binary file in
hexadecimal means a byte requires exactly tigits with values from 0 to FFThat saes us a bt of space
versus trying to represent bytes in decimal.

Hexadecimal has another important property when dealing with binary data. Because each digit has
16 possible values, each hexadecimal digit represents exactly #6kit&").

Hexadecimal Corersion Table
Hex | Binary | Decimal| Hex | Binary | Decimal
0 |[00O0O 0 8 (1000 8
1 (0001 1 9 1001 9
2 |[0010 2 A |1010] 10
3 |[0011 3 B (1011 11
4 0100 4 C |[1100| 12
5 0101 5 D (1101 13
6 0110 6 E (1110 14
7 0111 7 F (1111 15

This makes it gry easy to go back and forth between hexadecimal and biRarynstance, les take the
byte 6A.

I/\A
l

/

01101010
Going from binary to hexadecimal is a simple matter génsing the process. Combining multiple bytes
into a single, larger number requires a similar method, but that brings us to endianness issues.



1.1.2. Endianness

You will need to knav about endianness giime a single value spans multiple bytes. Asxangle,
let’s take the first 16 bytes of a small RIFFAYE file:

524946 46 54 9b 12 00 57 4156 45 66 6d 74 20

The first four bytes are the ASCII string ‘RIFF’ (0x52 0x49 0x46 0x46). The next four bytes are a 32-bit
unsigned integer which is a sizalwe. Readindrom left to right, that value would be 0x549B1200hat’s
almost 1.5 gigbytes. Sinc¢his file is nowhere near that large, we're clearly not reading those bytes cor
rectly.

The ley is that RIFF VWAV E files are ‘little endian’.In plain English, that means weueat read in
those bytes from right to left. Thus, the value is actually 0x001298%ét’s a lttle over 1 megabyte,
which is closer to our expectations.

Remember that little endianverses the bytes, not the hexadecimal digits. Simphgrsing the
string to 0x0021B945 is not correct.

1.1.3. CharacterEncodings

Many audio formats store metadata, which contains information about thessemgé, artist, albm
and so forth. This information is stored as text, bstiitiportant to knes what sort of text in order to read
it and display it properly.

As an example, takthe simple character ‘é’. In latin-1 encoding, it is stored as a single byte OxE9.
In UTF-8 encoding, it is stored as the bytes OxC3A9. In UTF-16BE encoding, it is stored as the bytes
Ox00E?9.

Although decoding and encoding text is a compgbject bgond the scope of this document, you
must alvays be svare that track metadata may not be 7-bit ASCxt tend should handle it properly in
whatever encoding is supported by the metadata formasok to your programming tools for libraries to
assist in Unicode text handling.



1.1.4. PCM

Pulse-Code Modulation is a method for transforming an analog audio signal into a digital representa-
tion. It takes that signal, ‘'samples’ its intensity at discrete intervals and yields a stream of sigged inte
values. Byreplaying those values to a spenkt the same speed and intensitg§ose approximation of the
original signal is produced.

A 16-bit Sine Audio Wave
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Let's take ome example bytes from a CD-quality PCM stream:
1BO0043FF 1DO0O045FF 1COO4EFF 1E 0059 FF

CD-quality is 16-bit, 2 channel, 44100Hz. 16-bit means those bytes are split into 16-bit signed, little-
endian samples. Therefore, our bytes are actually the integer samples:

27 -189 29 -187 28 -178 30 -167

The number of channels indicatesshmary spealers the signal support® channels means the samples

are sent to 2 different spesxk. PCMinterleaves its samples, sending one sample to each channel simulta-
neously before moving on to the next set. In the case of 2 channels, the first sample is sent to the left
speaker and the second is sent to the right spe&8&eour stream of data moooks like:

left speakr | rightspeaker

27 |-189
29 |-187
28 |-178
30 |-167

44100Hz means those pairs of samples are sent at the rate of 44100 per $acsnour set of samples
takes precisely 1/11025th of a second when replayed.

A channel-independent block of samples is commonly referred to as a ‘frame’. In this example, we
have a ttal of 4 PCM framesHowever, the term ‘frame’ appears a lot in digital audio. It is important not
to confuse a PCM frame with a CD frame (a block of audio 1/75th of a second long), an MP3 frame, a
FLAC frame or awp other sort of frame.



1.2. RIFFWAVE

RIFF WAV E is the most common form of PCM containéhat that means is that the file is mostly
PCM data with a small amount of header data to tell applications what format the PCM datSincén.
RIFF WAV E originated on Intel processorsjeeything in it is little-endian.

1.2.1. theRIFF WAV E stream

Chunk ID (‘RIFF’ 0x52494646 Chunk Size (file size - 8) Chunk Data

0 31{32 63[64

*********** a1

RIFF Type (‘WAV E’ 0x57415645) Chunk Chunk !

64 %9 0N |

,,,,,,,,,,,,,,,,,, .

Chunk ID (ASCII Ext) Chunk Size Chunk Data |

31[32 63j¢4 _ _ _ _ _ _ __ _ ________ 1

‘Chunk Size’ is the total size of the chunk, minus 8 bytes for the chunk header.

1.2.2. thefmt chunk

Chunk ID (‘fmt ’* 0x666D7420)
0 31
Chunk Size (16 + extra)
32 63
Compression Code (0x0001) Number of Channels
64 79|80 95
Sample Rate
96 127
Average Bytes Per Second
128 159
Block Align Bits Per Sample
160 175176 191
\ Extra Format Byte Count I Extra Format Bytes \
g2 _______2n28_ o _______ 4

Average Bytes Per Second Sample Rate Number of Channels Bits Per Sample 8
Blodk Align = Number of Channels Bits Per Sample 8

1.2.3. thedata chunk

Chunk ID (‘data’ 0x64617461)
0 31
Chunk Size
32 63
PCM Data
64

‘PCM Data’ is a stream of PCM samples stored in little-endian format.



1.3. AIFF

AIFF is the Audio Interchange FileoFmat. Itis popular on Apple computers and is a precursor to
the more widespread AV E format. Allvalues in AIFF are stored as big-endian.

1.3.1. theAlFF stream

Chunk ID (‘FORM’ 0x464F524D) Chunk Size (file size - 8) Chunk Data
0 31|32 63|64

*********** nl
RIFF Type (‘AIFF’ 0x41494646)) Chunk Chunk !
64 %96 0N |
,,,,,,,,,,,,,,,,,, .
Chunk ID (ASCII Ext) Chunk Size Chunk Data |
0 31|32 63j¢4 _ _ _ _ _ _ __ _ ________ 1

1.3.2. theCOMM chunk

Chunk ID (‘COMM’ 0x434F4D4D)
0 31
Chunk Size (18)
32 63
Channels Total Sample Frames Sample Size
64 7980 111112 127
Sample Rate
128 207

The Sample Rate field is an 80-bit IEEE Standard 754 floating point value instead of the big-endian inte-
gers common to all the other fields.

1.3.3. theSSND chunk

Chunk ID (‘'SSND’ 0x53534E44)

Chunk Size

32 63

PCM Data

64




1.4. SunAU

The AU file format was imented by Sun Microsystems and also used on NeXT systaths.alues
in AU are stored as big-endian. It supports a wide array of data formats, includimg Ipgarithmic
encoding, but can also be used as a PCM container.

1.4.1. theAU stream

Header Info
191]192

1.4.2. theAU header

Magic Number (‘.snd’ 0x2e736e64)

31

32

Data Offset
63

64

Data Size
95

96

Encoding Format

127|

128

Sample Rate

159

160

Channels

191]

Encoding Formats

<
Q.
c
¢

format

8bit G.711 p-law

8-bit linear PCM

16-bit linear PCM

24-bit linear PCM

32-bit linear PCM

32-bit IEEE floating point
64-bit IEEE floating point
Fragmented sample data
DSP program

10 | 8-bitfixed point

11 | 16-bitfixed point

12 | 24-bitfixed point

13 | 32-bitfixed point

18 | 16-bitlinear with emphasis
19 | 16-bitlinear compressed

©Coo~NOULE, WNBE

20 | 16-bitlinear with emphasis and compression

21 | Musickit DSP commands

23 | 4-bitISDN u-lav compressed using the ITU-T G.721 ADPCM voice data encoding scheme

24 | ITU-TG.722 ADPCM

25 | ITU-TG.723 3-bit ADPCM
26 | ITU-T G.723 5-bit ADPCM
27 | 8-bitG.711 A-law




1.5. FLAC

FLAC is the Free Lossless Audio Codelt.compresses PCM audio data losslessly using predictors
and a residualFLACs are smaller than AVEs, contain checksumming to verify their igidy, contain
comment tags for metadata and are streamable.

Except for the contents of the VORBIS_COMMENT metadata bloodrything in FLAC is big-
endian.

1.5.1. theFLAC file stream

Header (‘fLaC’ 0x664C6143)| Metadata| Metadata Framg | Frame e
0 31|32

Last | Block Type Block Length Block Data }
0 1 718

31{32 ]

"Last" is O when there are additional metadata blocks and 1 when it is the final block before the the audio
frames. "BlockLength" is the size of the metadata block data tovigltet including the header.

Block Types
value type

STREAMINFO

1 | PADDING

2 | APPLICATION

3 | SEEKTABLE

4 | VORBIS_COMMENT
5

6

CUESHEET

PCTURE

7-126 | resergd
127 | invalid




1.5.2. FLAC metadata

1.5.2.1. thePADDING metadata block

Palding is simply a block full of NULL (0x00) bytes. Its purpose is to provide extra metadata space
within the FLAC file. By having a padding block, other metadata blocks can be grown or shrunk without
having to rewrite the entire FL@&\file by removing or adding space to the padding.

1.5.2.2. theAPPLICATION metadata block

Application 1D Application Data

31132

Application data is a general-purpose metadata block used &yetyvof different programs. Its contents
are defined by the ID.

1.5.2.3. theSEEKTABLE metadata block

Seekpoint Seekpoinf Seekpoing

143|144 281

Sample Number in Target Frame

0 63
Byte Offset to Frame Header
64 127
Samples in Target Frame
128 143

1.5.2.4. theSTREAMINFO metadata block

Minimum Block Size (in samples) Maximum Block Size (in samples)
1 31

516

Minimum Frame Size (in bytes) Maximum Frame Size (in bytes)
32 55|56 79
Sample Rate Channels Bits Per Sample
80 99|100 107103 107
Total Samples
108 143

MD5 Sum of PCM Data

144 271
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1.5.2.5. theVvORBIS_COMMENT metadata block

Vendor String Comment String Comment String

Total Comments
31

Vendor String

Vendor String Length
0 31

Comment String Lengtk-u Comment String
0 31|32

32 ?

The length fields are all little-endiarthe Vendor String and Comment Strings are all UTF-8 encoded.
Keys ae not case-sensit and may occur multiple times, indicating multiple values for the same fieid.
instance, a track with multiple artists mayéarore than on@&RTIST.

Comment Strings
key | value ley | \alue
ALBUM | album name ARIST | artisthame, band nhame, compasrthor, etc.
CONTACT | contact information COPYRIGHT | copright attribution
DATE | recordingdate DESCRIPTION| a short description
GENRE | ashort music genre labe ISRC | ISRCnumber for the track
LICENSE | licensenformation LOCAION | recordinglocation
ORGANIZATION | recordlabel PERFORMER| performer name, orchestra, aGteic.
TITLE | trackname TRAKNUMBER | thetrack number
VERSION | trackversion
1.5.2.6. thePICTURE metadata block
Picture Type  MIME Description Width Height | Color Depthl Color Count Data
0 3131 0 31/32 6364 95(96 127128

Picture Data

String Lengt+ String Data
0 31(32

String Length String Data
0 31|32

Picture Data Length
0 31|32

Picture Types
vaue | type vaue | type

0 | Cther 1| 32x32 pixels ‘file icon’ (PNG only)
2 | Cther file icon 3 | Cover (front)
4 | Cover (back) 5| Leaflet page
6 | Media (e.g. label side of CD 7 | Lead artist/ Lead performer / Solojst
8 | Artist/ Performer 9 | Conductor

10 | Band Orchestra 11| Composer

12 | Lyricist/ Text writer 13 | Recording location

14 | Duringrecording 15| During performance

16 | Movie / Video screen capturge 17 | Abright coloured fish

18 | lllustration 19| BandArtist logotype

20 | Publisher Studio logotype
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1.5.2.7. theCUESHEET metadata block

Catalog Number Lead-in Samples | is CDDA | NULL (0x00) | Track Count | Track ‘
0 24 089 315

1023 10: 1087 1088 1 3160 31673168 1

Track Offset | Track Number| ISRC Type |Pre-Emph.NULL (0x00) | Index Points| Index
0 63[64 71 170 279

72 167 168 169 280 287288~ |

Index Offset | Index Number| NULL (0x00)
0 63[64 7472 95|




1.5.3. FLAC decoding
A FLAC dream is made up of individual FIGAMrames, as follows:

-12-

Sync Code (Ox3FFE) Reserved (0x0) | Blocking Strategy
0 13 14 15
Block Size Sample Rate Channel Assignment Bits Per Sample| Padding
16 1920 2324 - 27|28 30 31
Sample/Frame Number, Block Size : Sample Rate CRC-8
32 39-870 7150 N 7/15(0 7
Subframe Subframe Padding CRC-16
7777777777777 1 _ _ o 15
Padglingl Subframe Type o Wasted Bits Per Sample
| Subframe Data w
L o o o o __ J
Bits Block Size SampleRate Channel Assignment Bits
(in samples) channels  assignment
0000 || gefrom STREAMINFO get from STREAMINFO 1 mono 0000
0001 || 192 88200 2 left, right 0001
0010|| 576 176400 3 left, right, center 001(¢
0011 || 1152 192000 4 left, right, back left, back right 00111
0100 || 2304 8000 5 left, right, centerback left, back right 010
0101 || 4608 16000 6 left, right, centerLFE, back left, back righ 0101
0110|| 8bit from end of header (+1)|| 22050 7 undefined 0114
0111 || 16bit from end of header (+1) 24000 8 undefined 0111
1000 || 256 32000 2 0 left, 1 diference 1000
1001 | 512 44100 2 0 difference, 1 right 1001
1010 || 1024 48000 2 0 average, 1 diference 1010
1011 | 2048 96000 resered 1011
1100 || 4096 get 8 bit from end of header (in kHz) reseav 1100
1101 || 8192 get 16 bit from end of header (in Hz) ressiv 1101
1110|| 16384 get 16 bit from end of header (in 10s of Hz) resdrv 1110
1111 32768 invalid resened 1111
Bits Per Sample Subframe Type
bits | persample bits type
000 | getfrom STREAMINFO 000000 | SUBFRAME_CONSANT
001 | 8 000001 | SUBFRAME_VERETIM
010 | 12 00001x | resered
011 | resered 0001xx | resered
100 | 16 001xxx | SUBFRAME_FIXEDxxx = Predictor Order,
101 | 20 01xxxx | resered
110 | 24 Ixxxxx | SUBFRAME_LPQxxxxx = LPC Order - 1)
111 | resered

Sample/Frame Number is a UTF-8 codedue. Ifthe blocking strat-
eqy is 0, it decodes to a 32-bit frame numbéfthe blocking strategy is
1, it decodes to a 36-bit sample number.

There is one Subframe per channel.

‘Wasted Bits Per Sample’ is typically a single bit set to 0, indicating no

which indicates hw mary bits are wasted per sample.

order to byte-align frames.

wasted bits per sample. If set to 1, a unary-encodsdevfollovs

Palding is added as needed between the final subframe and CRC-16 in
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1.5.3.1. theCONSTANT subframe

This is the simplest possible subframe. It consists of a single value whose size is equal to the frame’
‘Bits Per Sample’.For instance, a 16-bit frame woulduweaGCONSTANT subframes 16 bits in lengtilhe
value of the subframe is thale of all samples the subframe contains. An obvious use of this subframe is
to store an entire subfransehorth of digital silence (samples with a value of 0) very efficiently.

1.5.3.2. theVERBAT IM subframe

Samplg Samplg Samplg Sample

This subframes length is equal to the ‘Bits Per Sample’ multiplied by the fran®&ock Size'. Since it
does no compression whatgeeand simply stores audio samples as-is, this subframe is only suitable for
especially noisy portions of a track where no predictor can be found.

1.5.3.3. theFIXED subframe

Warm-Up Sample| Warm-Up Sample Residual
0

The number of wrm-up samples equals the ‘Predictor Order’ (which is encoded in the ‘Subfiqee. T

These samples are sent out as-isy #ire the subframe’‘starting point’ upon which further samplesild

when decompressing the stream. Determining the value of the current sample is then a matter of looking
backwards at previously decoded samples (arm-up samples), applying a simple formula on thalues

(which depends on the Predictor Order) and adding the residual.

Pg}rotl;gtror Calculation
0 Sample= Residug|
1 Sample= Sample_; + Residual
2 Sample=(2 x Sample_;) - Sample_, + Residual
3 Sample=(3 x Sample_;) - (3% Sample_,) + Sample_; + Residug|
4 Sample= (4 x Sample_;) — (6 x Sample_,) + (4 x Sample_;) — Sample_, + Residua|

Let's run through a simple example in which the Predictor Order isldte that residual does not
apply to warm-up samples. kdo extract the encoded residual will bevered in a later section.

Index || Residual Sample

(warm-up)10
1 10+1=11
2 11+2=13
13-2=11
1 N+1=12
-1 2-1=11

ar~rwWNEFEO
1
N
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1.5.3.4. theLPC subframe

Warm-Up Sample Warm-Up Sample Warm-Up Sample

QLP Precision | QLP Shift Needed| QLP Coefficient | QLP Coefficierg }
0 3|4 8|9 ?)

Residual

The number of warm-up samples equals the ‘LPC Order’ (which is encoded in the ‘Subjyyaei)e The
size of each QLP Codéient is equal to ‘QLP Precision’ number of bits, plus 1. The value of eaclii-Coef
cient is a signed two’s-complement integ&he number of Coefficients equals the ‘LPC Order’.

[Order-1 O
O 2 QLP Coefficientx Sample_;_; O
_[Qg i u i
Sample= O 2QLP shift Needed O * Residug|
g d
g u

Don't be intimidated by the if you're not math-inclined. It simply means we're taking the sum of the cal-
culated values from 0 to Order - 1, bit-shifting that sumdand added the residual when determining the
current sample. Much l&k the FIXED subframe, LPC subframes also contaarmvup samples which
sene as air calculations garting point.

In this xample, the LPC Order is 5, the QLP Shift Needed is 9 and the encoded Coefficients are as
follows:

QLP Coefficieny 1241
QLP Coefficient  -944
QLP Coefficieng 14
QLP Coefficieng 342
QLP Coefficient  -147

Index || Residual Sample

(warm-up)1033

(warm-up)1116

(warm-up)1257

(warm-up)1423

(warm-up)152

(1241 x 1529 + (-944 x 1423) + (14 x 1257) + (342 x 1116 + (<147 x 1063) = 798656
(798666 /2% =1559+11 =150

(1241 x 1570) + (-944 x 1529 + (14 x 1423) + (342 x 1257) +(-147 x 1116 = 790758
(790758 /2% =1544+ 79=1623

(1241 x 1623) + (944 x 157) + (14 x 1529 + (342 x 1423) + (-147 x 1257) = 8553%
(85856 /2°) =160 + 24 = 16

(1241 x 1694) + (944 x 16 B) + (14 x 1570) + (342 x 1529 + (-147 x 1423) = 9058
(90683 / 2°) =1769- 81 = 1688

(1241 x 1688)+ (944 x 1694) + (14 x 16 B) + (342 x 1570) + (<147 x 1529 = 8371
(83057 /2% =1622- 72 =155

a1 A WNPEFO

1

In this instance, division shouldvways round down andottowards zero. For example:—5 / 2t = -3
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1.5.3.5. theResidual

Though the FLA format allows for different forms of residual codingptierms of partitioned Rice
are the only ones currently supported. The difference between éhie twat when ‘Coding Method’ is O,
the Rice Parameter in each patrtition is 4 bits. When the ‘Coding Method' is 1, that parameter is 5 bits.

7777777777 1
Coding Method Patition Order Partition Partitiory }
12 56 4 N
Method = 0 Rice Parameter Escape Code Encoded Residual
0 314 8
Method = 1 Rice Parameter Escape Code Encoded Residual
0 45 o ____ 9

There arg™1tion Oer nymper of Rrtitions. Thenumber of decoded samples inatRion depends on the
its position in the subframe. The first partition in the subframe contains:

Frame’s Bock Sze[]

Total Samples O pPatitonOrder [} Predictor Order

Subsequent partitions contain:

Frame's Bock Sze
2Panition Order

Total Samples

Unless, of course, the Partition Order is 0. In that case:
Total Samples: Frame’s Bock 9ze — Predictor Order

since there is only one partition which takes up the entire block.

If all of the bits in ‘Rice Parameter’ are set, the partition is unencoded binary using ‘Escape Code’
number of bits per sample.
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1.5.3.5.1. Ricé&ncoding

The residual uses Rice coding to compress lots of mostly small values in a very small amount of
space. ® decode it, one first needs the Rice paramélake a wary-encodedaluet from the bit stream,
which are our most significant bits (MSB). Thendagarameter’ number of additional bits, which are our
least significant bits (LSB). Combine theasets into our n& value, making the MSB set as the high bits
and the LSB set as thendits. Bit O of this nav value is the sign bitlf it is O, the actual value is equal to
the rest of the bits. If it is 1, the actual value is equal to the rest of the bits, multiplied by -1 and minus 1.

This is less complicated than it sounds, s leih through an example in which the Rice parameter
is 1:

The Bit Stream
start end

_I o[ \,_o NG \49._\1 i \;___@ \

“MSB. LSB - MSB

unary-— encoded unary-— encoded unary— encoded unary-— encoded
vaIu vaIu valu vaIu
|: sign
value| 1 | 0 bit
value = 1 value = 2 value=-1-1 value=-0-1
==-2 =-1

Now, let's run through another example in which the Rice parameter is 4:

The Bit Stream
start

\0\0\0\0\1\0\1\0\1\0\1\0\1bhhMMMdMl\ \

L
vawe [1 0o 01 ]o |1 |5 o 1fojojo] [10]a]1]1]

value = -0x22 - 1 =-35 value = -0xA -1=-11 value =4 value =-0xB -1 =-12

\0\0\0\0\1\ \0\1\0\1\ \0 \1\ \0 Mh RMWM \M M ]

T In this instance, unary-encoding is a simple matter of counting the number of 0 bits before thbineThe
resulting sum is the value.
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1.5.3.6. Channels

Since most audio has more than one channel, it is important to understaRdAG handles putting
it back together When channels are stored independerdhe simply interleges them together in the
proper order Let's take an &ample of 2 channel, 16-bit audio stored this way:

Subframe 1 | Subframe 2 | Subframe 3 Subframe % | Subframe 2| Subframe 3

Subframe 1 | Subframe % | Subframe 2 | Subframe 3 | Subframe 3 | Subframe 3

This is the simplest casddowever, in the case of difference channels, one subframe will contain actual
channel data and the other channel will contain signéerelifce data which is applied to the first channel
in order to reconstruct both channel$.s very important to remember that the difference channel has 1
additional bit per sample which will be consumed during reconstructidiny 1 additional bit? Let’s take

an example where the left sampglealue is -30000 and the right samplealue is +30000. Storing this
pair as left + difference means the left sample remains -30000 and the difference is -60000

(-30000 — -60000 = +30000). -60000mit fit into a 16-bit signed ingeer Adding that 1 additional bit
doubles our range of values and thjust enough to a@r any possible difference betweendveamples.

Channel Calculation
Assignment|| Chann@ | Channel 1 Left Channel Right Channel
1000 left difference || left left — difference
1001 diference | right right + difference right
1010 mid side (((mid<< 1) | (side & 1)) +side) >>1  (((mid << 1) | (side & 1)) - side) >> 1

The mid channel case is another unusuekption. V¢'re prepending the mid channel with bit 0 from the
side channel, performing the addition/subtraction and then discarding that bit before assigning the results to
the left and right channels.

1.5.3.7. Wasted bits per sample

Though rare in practice, FLGAsubframes support ‘wasted bits per sample’. Put sintpgse vasted
bits are remeed during subframe calculation and restored to the subfrmateast significant bits as zero
value bits when it is returnediFor instance, a subframe with lasted bit per sample in a 16-bit FCA
stream is treated asviag only 15 bits per sample when reading warm-up samples and then all through the
rest of the subframe calculation. That wasted zero bit is then prepended to each sample prior to returning
the subframe.
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1.5.4. FLAC encoding

For the purposes of discussing FCAencoding, we’'ll assume one has a stream of input PE@Meg
along with the streara’sample rate, number of channels and bits per sample. Creating a valitifiteAs
then a matter of writing the proper file hegdeetadata blocks and FIGAframes.

7777777777 1

Header (‘fLaC’ 0x664C6143)| Metadata| Metadata Framg | Frame }

0 332 N ____ X 1
,,,,,,,,,,, 5 o

Metadata Header Block Data } Frame Header |Subframe|Subframg| ... |CRC-16
0 sus2 _ _ _ _ _ _ ____ J 0 48/124 o
Subframe Header Subframe data
0 718

1.5.4.1. Metadataheader

bits \alue

1 | Oif addition metadata blocks follg 1 if not
7 | Ofor STREAMINFO, 1 for PADDING, 4 for VORBIS_COMMENTc.
24 | thelength of the block data in bytes, not including the header

1.5.4.2. theSTREAMINFO metadata block

bits value

16 | theminimum FLAC frame size, in PCM framep
16 | themaximum FLAC frame size, in PCM framg
24 | theminimum FLAC frame size, in bytes
24 | themaximum FLAC frame size, in bytes
20 | thestreams sample rate, in Hz

3 | the streans channel count, minus one

5 | the streans ht-per-sample, minus one
36 | thestreams total number of PCM frames

128 | anMD5 sum of the PCM streasibytes

[7)

When encoding a FL& file, mary of these fields cannot be known in adege. Insteadyne must
keep track of those values during encoding and then rewrite the STREAMINFO block when finished.

1.5.4.3. theVORBIS_COMMENT metadata block

bits value

32% | \endor string length, in bytes
string lengthx 8 | vendor string data, as UTF-8 encoded text
32% | totalnumber of comment strings
32% | commenstring length, in bytes
string lengthx 8 | comment string as Ur'F-8 encoded text

Fields marked with f are little-endian integers.

1.5.4.4. thePADDING metadata block
This is simply an empty block full @x00 bytes.
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1.5.4.5. Frameheader

bits value
14 | Ox3FFE sync code
1 | Oreserved
1 | 0if the header encodes the frame numbef,it encodes the sample number
4 | this frames dock size, as encoded PCM framest
4 | this frames encoded sample ratet
4 | this frame$ encoded channel assignmentt
3 | this frames encoded bits per samplet
1 | 0 padding
8-56 | theframe numberor sample numbetUTF-8 encoded and starting from O
0/8/16 | thenumber of PCM frames (minus one) in this KLA&ame, if block size ix6 (8 bits) orOx7 (16 bits)
0/8/16 | thesample rate of this FL@ frame, if sample rate BxC (8 bits),0xD (16 bits) orOXE (16 bits)
8 | the CRC-8 of all data from the beginning of the frame header

The FLAC frames Hock size in PCM frames (called “channel independent sample§LAC's
documentation) is typically encoded in the 4 bit ‘block size’ field. But for odd-sized frames - which often
occur at the end of the stream - that value is stored as an 8 or 16d#t ifutkowing the UTF-8 encoded
frame number.

In addition, odd sample rataes are stored as 8 bit (in kHz), 16 bit (in Hz) or 16 bit (in 10s of Hz)
prior to the CRC-8, should a predefined value notaiedle.

Up until this point, nearly all of these fields can be filled from the PCM stream datass you'e
writing a variable block size encoder (which no one has), one should encode the frame number starting
from 0 in the frame header and choose a predefined block size for a&l#ed frames as possible.

1.5.4.6. Channehssignment

If the input stream has a number of channels other than 2, one has no dhéacstore them inde-
pendently If the number of channels equals 2, one can try all four possible assignmentsf@eftcé,
difference-right, mid-side and independent) and use the one which takes the least amount of space.

1.5.4.7. Subframeheader

bits alue

1 | 0 padding

6 | subframe type, with optional predictor order

1 | 0if no wasted bits per sample,if a unary-encoded number follows
0+ | thenumber of wasted bits per sample (minus one) encoded as unary

Subframe Type

bits type

000000 | SUBFRAME_CONSANT

000001 | SUBFRAME_VERETIM

00001x | resered

0001xx | resersd

001xxx | SUBFRAME_FIXED(xxx = Predictor Order)
01xxxx | resered

Ixxxxx | SUBFRAME_LPQxxxxx = Predictor Order - 1

T See table on page 12
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1.5.4.8. theCONSTANT subframe

If all the samples in a subframe are identical, one can encode them using a CONSTANT subframe,
which is essentially a single sample value that gets duplicated ‘block size’ number of times when decoded.

1.5.4.9. theVERBAT IM subframe

This subframe simply stores all the samples as-is, with no compression whatsbis a ‘fallback’
encoding method for when no other subframe makes ahtl ay smaller.

1.5.4.10. theFIXED subframe

This subframe consists of ‘predictor order’ number of unencodeunwip samples followed by a
residual. Determiningvhich predictor order to use on avgh st of input samples depends on their mini-
mum delta sum. This process is best explained by example:

index | sample | A° | A' | A2 | A® | A*
0 -40
1 41 | 41
2 -40 | -40 -1
3 -39 | -39 -1 0
4 -38 -38 | -1 0 0
5 -38 -38 0 -1 1 -1
6 -35 -35 -3 3 -4 5
7 -35 -35 0 -3 6 | -10
8 -39 -39 4 -4 1 5
9 -40 -40 1 3 -7 8
10 -40 | -40 0 1 2 -9
11 -39 | -39 -1 1 0 2
12 -38 | -38 -1 0 1 -1
13 -37 | -37 -1 0 0 1
14 -33 | -33 -4 3 -3 3
15 -36 | -36 3| -7 10 | -13
16 -35 | -35 -1 4 | -11 21
17 31| -31 -4 3 1| -12
18 -32 | -32 1| -5 8 -7
19 -33 | -33 1 0 -5 13
| sum | 579 | 26| 38 60| 111

Note that the numbers in italics play a part in the delta calculation to their nighdp hot figure into the
delta’s absolute value sum, belo

In this example,Al’s value of 26 is the smallesTherefore, when compressing this set of samples in
a AXED subframe, it best to use a predictor order of 1.

The predictor order indicates Wamary warm-up samples to takfrom the PCM streamDetermin-
ing the residual alues can then be done automatically based on the c8amnile and previously encoded
samples, or warm-up samples.

Prgﬂ;gtror Calculation
0 Residual = Sample
1 Residual = Sample — Sample_;
2 Residugl= Sample - ((2 x Sample_;) — Sample_.)
3 Residugl= Sample - ((3x Sample_;) — (3% Sample_,) + Sample_;)
4 Residugl= Sample - ((4 x Sample_;) — (6 x Sample_,) + (4 x Sample_;) — Sample_,)
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1.5.4.11. thd_PC subframe

Unlike the FIXED subframe which required only input samples and a predictor, bRI@rsubframes
also require a list of QLP coefficients, a QLP precision value of those coefficients, and a QLP shift needed
value.

Warm-Up Sample Warm-Up Sample Warm-Up Sample

QLP Precision QLP Coefficieng }
0 3

QLP Shift Needed
4 8

QLP Coefficient
9 ?

Residual

Determining these values for avgn input PCM signal is a somewhat complicated process which depends
on whether one is performing an exhaustiP mefficient order search or not:

Non-exhaustie farch Exhaustve sarch

Input PCM Input PCM
Yfindowng Windowing
Function Function
Wind;wr?;il MexLPC Drder 1 Windowed Max LPC Order + 1
’ Signal

Compute

E

]

Autocorrelation

Compute

[

Autocorrelation

)

Autocorrelated
Values

Max LPC Order

Compute
LP Coefficients

Max LPC Order

Estimate

Best Order < pits per Sample + 5

Autocorrelated
Values

Max LPC Order

~——Total Samples

Compute
LP Coefficients

LP o

Calculate

Coefficients
LP LPC Best Order )« Bits per Sample
Coefficients Order
LPC
Quantize QLP Coefficient Order
Coefficients Precision

QLP
Coefficients

Shift

QLP

Quantize
Coefficients

l«— QLP Coefficient
Precision

Shift

Coefficients
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1.5.4.11.1. Vihdowing

The first step in LPC subframe encoding is ‘windowing’ the input signal. Put sithfgyis a pro-
cess of multiplying each input sample by an egant value from the winde, which are floats from 0.0 to
1.0. Inthis case, the default is aikey window with a ratio of 0.5.A Tukey window is a @mbination of
the Hann and Rectangular wivag Theratio of 0.5 means thee05 samples in the Hann wingaqoer
sample in the Rectangular wingo

The Hann windw is defined by the function:

the Hann Window

2 n 0.9 /
hannf) = g —cos_ M | \\\

[Lkample count 1M

06 / \

The Rectangular windwois defined by the function:

multiplier
°
o

rectanglef) =1.0 /// \\
The Tukey window is defined by taking a Hann windo o 0 s s o \,‘gm
splitting it at the halfy point, and inserting a Rectangu-

lar window between the two.

the Rectangular Window

rectangle(x) ——

Let’s un through a short example with 20 samples:

. input Tukey windowed
index . .
sample winda signal

0 -40 x  0.0000 = 0.00
1 41 x 01464 = -6.00 °"
2 40 x  0.5000 = -20.00 .
3 39 x 0.8536 = -33.29
4 38 x  1.0000 = -38.00 S
5 38 x  1.0000 = -38.00
6 35 x  1.0000 = -35.00
7 35 x  1.0000 = -35.00 T  —
8 39 x  1.0000 = -39.00
9 40 x  1.0000 = -40.00 ”
10 40 x  1.0000 = -40.00 .
11 -39 x  1.0000 = -39.00 o]
12 -38 x  1.0000 = -38.00 fal
13 -37 x  1.0000 = -37.00
14 -33 x  1.0000 = -33.00
15 -36 x  1.0000 = -36.00 /
16 35 x 08536 = -29.88 e e e
17 -31 x 05000 = -15.50
18 32 x 01464 = -4.68
19 -33 x  0.0000 = 0.00
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1.5.4.11.2. Computingautocorrelation

Once our input samplesyeleen comerted to a windowed signal, we then compute the autocorrela-
tion values from that signal. Each autocorrelation value is determined by multiplying thessgngbles
by the samples of a laggedrsion of that same signal, and then taking the sum. The lagged signal is sim-
ply the original signal with ‘lag’ number of samples remfrom the beginning.

‘ -39.0 ‘ -38.0 ‘ -37.0 ‘ -37.0 ‘ -33.0 ‘ -36.0 ‘ -36.0 ‘ -36.0 ‘ -35.0 ‘ -31.0 ‘ -32.0 ‘ -33.0 ‘ windowed signal

X X X X X X X X X X X X lag 0 sum = 14979.0

‘ -39.0 ‘ -38.0 ‘ -37.0 ‘ -37.0 ‘ -33.0 ‘ -36.0 ‘ -36.0 ‘ -36.0 ‘ -35.0 ‘ -31.0 ‘ -32.0 ‘ -33.0 ‘ lag 0 signal

‘ -39.0 ‘ -38.0 ‘ -37.0 ‘ -37.0 ‘ -33.0 ‘ -36.0 ‘ -36.0 ‘ -36.0 ‘ -35.0 ‘ -31.0 ‘ -32.0 ‘ i windowed signal

X X X X X X X X X X x lag 1 sum = 13651.0
‘ -38.0 ‘ -37.0 ‘ -37.0 ‘ -33.0 ‘ -36.0 ‘ -36.0 ‘ -36.0 ‘ -35.0 ‘ -31.0 ‘ -32.0 ‘ -33.0 ‘ lag 1 signal
‘ -39.0 ‘ -38.0 ‘ -37.0 ‘ -37.0 ‘ -33.0 ‘ -36.0 ‘ -36.0 ‘ -36.0 ‘ -35.0 ‘ -31.0 ‘ : \ windowed signal

X X X X X X X X X X lag 2 sum = 12405.0
‘ -37.0 ‘ -37.0 ‘ -33.0 ‘ -36.0 ‘ -36.0 ‘ -36.0 ‘ -35.0 ‘ -31.0 ‘ -32.0 ‘ -33.0 ‘ lag 2 signal

The lagged sums from 0 to the maximum LPC order are our autocorrelati@sy Inthis exkample,
they are 14979.0, 13651.0 and 12405.0.
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1.5.4.11.3. LRcoefficient calculation

Calculating the LP co@€ients uses the Levinson-Durbin recuesirethod.t Ouiinputs areM, the
maximum LPC order minus 1, andautocorrelation values, fron{0) to r(M —1). Our outputs are, a list
of LP coefficient lists frongy; to a-ym), and E, a list of error values fronk, to E(y-1). Qr andxy, are
temporary values.

Initial values:

Eo=r(0)
D

11 — A1 — EO

With m = 2, the following recursie dgorithm is performed:

m-1
stepl. gpm=r(m)- Zl j(myf (M—1)

1=

Im
step2. Ky =
" Emy

step 3. amm=Km
step 4. &m = Qi) ~ Km@(m-iy(m-1) fori =1,i=2,..,i=m-1

step5. Ep = Epa -2
step 6. Ifm < M then incremenmto m+1 and return to step 1. ih= M then stop.

Let’s run through an example in whid? = 4, r(0) =1108, r (1) = 969D, r (2) = 8443 and r (3) = 7280:

E,=r(0) =110B
1) _ 96D _
8 =K== jop <0FB

E; = Eo(1 - 4,2 = 110B(L - 0. 87%?) = 2495

B =r()- i ar(2-i) = 8443 - (0.87%)9690 = -79.35

i=1
g -7935
=2 TP 5 ms
k2= E T a9

Aoy = Koy = -0. (18
ay, = ayy — kpay = 0.87% — (0. BB18(0.87%) = 0. V74
E, = E4(1 - k%) = 24951 - —0. (B1&) = 2492

G =r(3)- iaQr (3-i) = 7280 (0. 9074 (8443) + (-0. BB1§(9690) = —73 04

i=1
_ Q3 _ 7304 _
K=, = agp - 0@

ag3 = k3 = -0. @B
&3 = ayp — Kadyy = 0. 9074~ (-0. B)(-0. (818 = 0. V65
3 = 8y — K3dyp = —0. (B18— (0. @9B)(0. 9074 = -0. 052
E; = E,(1 - k3?) = 2492(1 - -0. 9?) = 2490
Ouir final values area;; = 0.87%
Ao = 0.074 Ay = -0. B18
3 = 0. 065 doz = —-0. @052 dzz = -0. 2B
E; =2495 E, =2492 E;=2490
These values lva been rounded to the nearest significant digit and will not bexacet enatch to those gen-
erated by a computer.

T This algorithm is taken from http://www.engineer.tamuk.edu/SPark/chap7.pdf
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1.5.4.11.4. Besbvrder estimation

At this point, we hee an aray of prospectie LP mefficient lists, a list of error values and must
decide which LPC order to us@here are tw ways to accomplish this: we can either estimate the total
bits from the error alues or perform arxbaustve arch. Makinghe estimation requires the total number
of samples in the subframe, the numbendloead bits per order (by default, this is the number of bits per
sample in the subframe, plus 5), and an error scale constant in addition to the LPC error values:

In(2y?

Error Scale= ———————
2 x Total Samples

Once the error scale has been calculated, one can generate a ‘Bits per Residual’ estimation function which,
given an LPC Error value, returns what its name implies:
In(Error Scalex LPC Error)
2x1In(2)
With this function, we can estimatevihonary bits the entire LPC subframe will takor each LPC Error
value and its associated Order:

Bits per Residual(PC Error) =

Total Bits(LPC Error, Orden) = Saits per Residual(PC Error) x (Total Samples- Order)g+ (Order x Overhead Bits per Ordgr

Picking the best LPC Order is then domdaustvely by calculating the total estimated bits for each error
value and using the order which uses the fewest.

1.5.4.11.5. Besvrder exhaustive farch

In a curious bit of recursion, finding the best order for an LPC subframe vighanstie sarch
requires taking each list of LP Coefficients calculatediptssly, quantizing them into a list of QLP Cdief
cients and a QLP Shift Needed value,t determining the total amount of bitsygathelical LPC sub-
frame uses and using the LPC order which uses the fewest.

Remember that building an LPC subframe requires thewlpvalues: LPC OrdeQLP Precision,
QLP Shift Needed and QLP Cfiefents along with the subfrange&amples and bits-pesample. Br each
possible LPC Ordethe QLP Shift Needed and the QLP Coefficient list values can be calculated by quan-
tizing the LP Codicients. QLPPrecision is the size of each QLP Gméént list value in the subframe
header Simply choose the field with the largest number of bits in the QLPfiCisit list for the QLP Pre-
cision value.

Finally, instead of writing theseypothetical LPC subframes directly to disk, one only has to capture
howv mary bits they woulduse. Thehypothetical LPC subframe that uses the fewest number of bits is the
one we should actually write to disk.

T Quantizing coefficients will be e@red in the next section.
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1.5.4.11.6. Quantizingoefficients

Quantizing coefficients is a process of taking a list of LP fidiefits along with a QLP Cdéfients
Precision value and returning a list of QLP Coefficients and a QLP Shift Neatled T hefirst step is
determining the upper and lower limits of the QLP Coefficients:

QLP coefficient maximum 2Pecision—1

QLP coefficient mininurs —2Precision

The next step is determining the maximum shift limit and minimum shift limit constants, which are what
their names imply:

max shift limit= 2QLP shiftlengthl _q = 551 _1 =24 -1 =16-1=15

min shift limit= —-(max shift limit-1) = -14
Now we determine the initial QLP Shift Needed value:

a LP ffici O
shift = precision— Dog(ma>(| i Coeflicient$))
0 0g(2) 0

where ‘shift’ is adjusted if necessary such thait shift limit< shift< max shift limit
Finally, we cetermine the QLP Coefficient values themselves via a small reguositine:

X(i) = E(i —1) + (LP Coefficientx 2sNi

QLP Coefficient= round(X(i))

E(i) = X(i) - QLP Coefficient

whereE(-1) = 0 and each QLP Coefficient is adjusted prior to calculating the B@xtalue such that:
QLP coefficient minimum QLP Coefficient< QLP coefficient maximum

The LPC OrderQLP Precision, QLP Shift Needed, and QLP Coefficientsemgkhe LPC subframe.
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1.5.4.11.7. CalculatingResidual
A number of varm-up samples equal to LPC Order are taken from the input PCM and the subframe’
residuals are calculated according to the following formula:

[Order -1 O
O 2 QLP Coefficientx Sample_;_; 0
g

Residugl = Sample - E i

2QLP Shift Needed 0
0 0
0 0

For example, gven the samples 1053, 1116, 1257, 1423, 1529, 1570, 1623, 1694, 1688 and 1550,
the coefficients:

QLP Coefficieng 1241
QLP Coefficient  -944
QLP Coefficieng 14
QLP Coefficieng 342
QLP Coefficient  -147

and a QLP Shift Needed value of 9, our residuals are as follows:

Index Sample Residual
0 (warm-up) 1053
1 (warm-up) 1116
2 (warm-up) 1257
3 (warm-up) 1423
4 (warm-up) 1529
1241 x 1529 +(—944 x 1423) + (14 x 1257) + (342 x 1116 + (147 x 1053 798656
1570 570—( 9+ )+ N+*( 9+( ):1570— =11
5 29 512
1623 | B3 - (1241 x 1570) + (944 x 1529 + (14 x 1423) + (342 x 1257) + (147 x 111§ 163 - 79073 —79
6 20 512
+ (- + + + (=
1694 | B94— (1241 x 162B) + (-944 x 157) + (14 x 1529 + (342 x 1423) + (147 x 1257) 1691 - 8553% 4
7 2 512
1241 x 1 -944 x 1 14x1 42 x 152 —147 x 142
1688 388—( X 169A) +(-944x 16 B) + (14 x 1570) + (342 x 1529 + ( X 3):1688_9(5859:_81
8 29 512
1241 x1 -944x 1 14x1 P2 x1 -147 x 152 n
9 1550 | B50- (L2 1688)+ (7944 %169 +( ’;9 628) + (32 x150) + (147 x1529 _ 83;52 =72
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1.5.4.12. theResidual

Given a gream of residual alues, one must place them in one or more partitions, each withrits o
Rice parameteend prepended with a small header:

Coding Method Patition Order Partition Partitiory ‘
12 56 4 N
Method = 0 Rice Parameter Escape Code Encoded Residual
0 314 8
Method = 1 Rice Parameter Escape Code Encoded Residual
0 45 o ____ 9

The residuak amding method is typically 0, unless one is encoding audio with more than 16 bdanper

ple and one of the partitions requests a Rice parameter highe¥th@ihe residual partition order is cho-

sen ghaustvely, which means trying all of them within a certain range (e.g. 0 to 5) such that the residuals
can be dividedwenly between them and then the partition order which uses the smallest estimated amount
of space is chosen.

Choosing the best Rice parameter is a matter of selecting the smallest value of ‘X’ such that:

residual count-1 .
sample counk 2* > > [residual|
i=0

Again, this is easier to understand with a block of example residuals, 19 in total:

index | residual | |residual |
0 -1 1
1 1 1
2 1 1
3 1 1
4 0 0
5 3 3
6 0 0
7 -4 4
8 -1 1
9 0 0
10 1 1
11 1 1
12 1 1
13 4 4
14 -3 3
15 1 1
16 4 4
17 -1 1
18 -1 1
| sum | 29

19 x 2° is not larger than 29.
19 x 2 is larger than 29, so the best Rice parameter for this block of residuals is 1.

Remember that the Rice parametaraximum value is limited t@* using coding method 0, @&
using coding method 1.
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1.5.5. theChecksums

Calculating the frame headerCRC-8 and frame footes’ CRC-16 is necessary both for FCA
encoders and decoders, but the process is the same for each.
15.5.1. CRC-8

CRC-8 is used to checksum FCArame headersGiven a byte of input and the previous CRC-8
checksum, or 0 as an initial value, the current checksum can be calculated as follows:

checksum= CRC8pytexor checksumy)

CRC8
0x?0 |0x?1 0x?2 O0x?3 Ox74 O0x?§ Ox?6| Ox?7 |0x?8 Ox?9 Ox?A OxPB Ox?C Ox?D Ox?E| Ox?F

0x0? [|0x00 0x07
0x1? ||0x70 Ox77
0x2? ||OXEO OXE7
0x3? [|0x90 0x97
0x4? ||0xC7 OxCO

OE O0x09 Ox1
7E  0x79 Ox6
XKEE OXE9 OxRC OxFB OxF2 OxF5| O0xD8 |OxDF [0xD6 0xD1 0xC4 OxC3 OxCA OxCp
9E 0x99 Ox8C O0x8B| 0x82 | 0x85 |0xA8 OxAF O0xA6 OxAl 0xB4 O0xB3 OxBA| 0xBD
C9 OXCE OxDB 0OxDC O0xD5 0xD2 OxFF| OxF8 |OxF1 DxF6 OxE3 OxE4 OxED OxEA
0x5? ||0xB7 0xBO xB9 OxBE OxAB OxAC OxA% OxA2| Ox8F | 0x88 0Dx81 0x86 0xP3 0x94 O0x9D Ox9A
0x6? ||0x27 0x20 29 Ox2ZE Ox3B O0x3C| 0x35 | 0x32 |0Ox1F (x18 O0x11 Ox16 O0x03 0x04 | OxOD |Ox0A

0 0x1B| 0x12 | Ox15 |0x38 Ox3F 0x36 O0x31 0x24 0x23 | Ox2A |0x2D
0
©
0
0
©
0
0x7? ||0Ox57 0x50 0x59 Ox5E Ox4B O0x4C| O0x45 | Ox42 |Ox6F Qx68 O0x61 O0xG6 O0x73 O0x74 | Ox7D |Ox7A
(©
©
©
©
0
0
Q
0

0x6B| 0x62 | Ox65 |0x48 Ox4F 0x46 Ox41 0x54 0x53 | Ox5A |0x5D

L
L

0x8? [|0x89 Ox8E 87 0x80 O0x9% 0x92| O0x9B | 0x9C |0xB1 0xB6 OxBF 0xB8 OxAD OxAA OxA3 O0xA4
0x9? ||OxF9 OxFE XF7 OxFO OxH
0xA? ||0x69 Ox6E X67 O0x60 Ox7
0xB? ||0x19 X1E x17 OxL0 OxO

OXEZ OxEB| OxEC | OxC1l |0xC6 DxCF (OxC8 O0xDD O0XDA O0xD3 0xD4
0x72| Ox7B | Ox7C |0x51 0Ox56 Ox5F O0x38 Ox4D Ox4A| O0x43 | 0x44
0x02| OxOB | OXOC |0x21 0x26 Ox2F 0x28 Ox3[D Ox3A| 0x33 | 0x34
[0
[0

O UT—

0xC? ||OX4E Dx49 Ox40 Ox47 Ox52 O0x55| Ox5C | Ox5B |0x76 OQx71 78 Ox7F Ox6A O0x6D| 0x64 | Ox63
0xD? ||OX3E Dx39 O0x30 O0xB7 Ox22 0x25 0x2C | Ox2B |0x06 OQx01 08 OxOF Ox1A O0x1D| 0x14 | 0x13
OxE? ||OXAE DxA9 OxAO0 OxA7 OxB2 O0xBb OxBCG OxBB| 0x96 | 0x91 [x98 Ox9F OxBA 0x8D 0x84 0x83
OxF? ||OxDE DxD9 (xDO 0xD7 OxC2 O0xG5 OxCC OxCB OxE6| OxEl | OXE8 |OXEF OxFA OxFD OxF4 OxR3

o

A8
o

For example, gven the header bytes: OxFBxF8, 0xCC, 0x1C, 0x00 and 0xCO:
checksug= CRC80xFF xor0) = CRC8(0xFF)= 0xF3

checksum= CRC§OXF8 xor 0xF}= CRC8(0x0B)= 0x31
checksum= CRCOXCC xor 0x3) = CRC8(0XFD)= OXFD
checksum= CRC8O0X1C xor OXFI) = CRC8(OXE1)= OXA9
checksurp= CRCg0X00 xor 0XA9 = CRC8(0xA9)= 0x56

checksum= CRCOXCO xor 0x5¢ = CRC8(0x96)= OXEB

Thus, the next byte after the header should be OXEB. Furthermore, when the checksum byte itself is run
through the checksumming procedure:

checksup= CRCEOXEB xor OXEB = CRC8(0x00)= 0x00

the result will alvays be 0. This is a handyay to verify a frame headsrthecksum since the checksum of
the heades bytes along with the headerthecksum itself will alays result in 0.
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1.5.5.2. CRC-16

CRC-16 is used to checksum the entire ELffame, including the header andygadding bits after
the final subframeGiven a byte of input and the previous CRC-16 checksum, or 0 as an initial value, the
current checksum can be calculated as follows:

checksum= CRC16pytexor (checksum, > 8)) xor (checksum; < 8§
the checksum iswabys truncated to 16-bits.

CRC16

0x?0 0x?1 0x?2 X?3 0x?4 0x?5 0x? 0x?7 0x?8 0x?9 O0x?A 0x?B 0x?C X?D 0X?E OxPF

0x0? |Dx0000 (Qx8005 O0xBOOf O0xOQ0a 0x801b 0x00lel Ox0014 | 0x8011 px8033 0x0036 O0xQ03c 0x8039 0x0028 0x802d| 0x8027 |0x0022
0x1? |Dx8063 (x0066 0xD06c 0x8PE9 Ox00f8 0x807d O0x8077 | 0x0072 |0x0050 0x8055 OxBOSf Ox0(5a 0x804b 0x004e| 0x0044 |0x8041
0x2? |0x80c3 0Ox00c6 OxDPOcc 0x8(Qc9 0x00d8 O0x80dd| 0x80d7 | 0x00d2 Px00f0 0x80f5 Ox8Qff Ox00fa| Ox80eb |OxO0ee Ox00e4 0x80el

0x3? |Dx00a0 (Qx80a5 OxBOaf OxOQaa 0x80hb O0xO0bel Ox00b4 | 0x80bl Dx8093 0x0096 O0xQ09c 0x8(J99 0x0088 0x808d| 0x8087 |0x0082
0x4? |Dx8183 (x0186 0x0D18c 0x8[189 0x0198 0x819d 0x8197 | 0x0192 (0x01b0 0x81b5 OxBlbf OxOlba 0x8lap OxOlae| Ox0la4 |Ox8lal
0x5? |Ox0le0 (Qx8le5 OxBlef OxOlea O0x81fp OxOlfe | 0x01f4 (x81f1 0xBld3 0x01dé OxOldc 0x81d9 0x01c8 | 0x8lcd [x81c7 0x01c2

0x6? |0x0140 (Qx8145 O0xB14f O0x0l4a 0x815b 0x015e| O0x0154 | 0x8151 px8173 0x0176 O0xQ17c O0x8179 0x0168 0x816d| 0x8167 |0x0162
0x7? |Dx8123 (x0126 0xD12c O0x8129 O0x0138 0x813d 0x8137 | 0x0132 (0x0110 0x8115 OxB1lf OxOljla 0x810b 0x010e| 0x0104 |0x8101
0x8? |Dx8303 (x0306 0x030c 0x8B09 0x0318 0x831d 0x8317 | 0x0312 |(0x0330 0x8335 O0xB33f O0x033a 0x832b 0x032e| 0x0324 |0x8321
0x9? |Dx0360 (x8365 0xB36f O0x036a 0x837b 0x037e| O0x0374 | 0x8371 Px8353 0x0356 O0x035c O0x8359 0x0348 0x834d| 0x8347 |0x0342
OxA? ||0x03cO (x83c5 O0xB3cf O0x03ca O0x83dp 0x03de| 0x03d4 | 0x83d1 (x83f3 0xP3f6 0x03fc 0x83f9 0x03e8 | 0x83ed Dx83e7 0x03e2

O0xB? ||0x83a3 (x03a6 0x03ac 0x8Ba9 O0x03p8 0x83bd 0x83b7| 0x03b2 |0x0390 (x8395 0xB39f 0x039a 0x838b 0x038¢ 0x0384 | 0x8381
OxC? ||0x0280 (x8285 0x828f Ox028a 0x829b 0x029¢ 0x0294 | 0x8291 |(0x82b3 0Ox02b6 OxP2bc O0x82b9 0x02a8 O0x82ad 0x82a7 | Ox02a2
OxD? ||0x82e3 (x02e6 0x02ec Ox82e9 0x02f8 0x82fd| 0x82f7 |0x02f2 0x02d0 0x§2d5 0x82df 0x02da Ox82ch | Ox02ce [0x02c4 0x82cl

OxE? ||0x8243 (x0246 0x024c 0x8249 0x0258 0x825¢1 0x8257| 0x0252 |0x0270 (x8275 0xB27f 0x027a O0x826b 0x026e 0x0264 | 0x8261

OxF? |[0x0220 0Ox8225 0x822f 0x022a 0x823b 0x023¢ 0x0234 | 0x8231 px8213 0x0216 0x021c 0x8419 0x0208 0x820d 0x8207 | 0x0202
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For example, gven the frame bytes: OxFBxF8, 0xCC, 0x1C, 0x00, 0xCO, OXEB, 0x00, 0x00, 0x00, 0x00,
0x00, 0x00, 0x00 and 0x00, the fram€RC-16 can be calculated as follows:

checksugp= CRC180xFF xor(0 > 8)) xor (0 <« 8) = CRC16(0xFfy xor 0= 0x0202

checksum= CRC1§0xF8 xor(0x0202 > 8)) xor (0x0202<« 8) = CRC16(0xR) xor 0x0200= 0x001C
checksum= CRC1§0xCC xor(0x001C > 8)) xor (0x001Cx 8) = CRC16(0xC@g xor 0x1C00= Ox1EA8
checksum= CRC16§0x1C xor(0x1EA8 > 8)) xor (Ox1EA8<« 8 = CRC16(0x02 xor 0xA800= 0x280F
checksum= CRC160x00 xor(0x280F > 8)) xor (0x280F« 8) = CRC16(0x28 xor 0xOF00= OxOFFO0
checksum= CRC160xCO0 xor(0xOFFO > 8)) xor (OXOFFOx 8) = CRC16(0xCIy xor OxFO00= 0xF2A2
checksup= CRC180xEB xor(0xF2A2 > 8)) xor (0xF2A2<« 8 = CRC16(0x19 xor 0xA200= 0x2255
checksum= CRC160x00 xor(0x2255 > 8)) xor (0x2255« 8) = CRC16(0x22 xor 0x5500= 0x55CC
checksug= CRC1§0x00 xor(0x55CC > 8)) xor (0x55CC< 8) = CRC16(0x5% xor 0xCC00= 0xCDFE
checksup= CRC1§0x00 xor(0OXCDFE > 8)) xor (OXCDFE< 8) = CRC16(0xCD xor OXFEOO= 0x7CAD
checksurng = CRC160x00 xor(0x7CAD > 8)) xor (0x7CAD< 8 = CRC16(0x7¢ xor OxAD0O0O= 0x2C0B
checksum = CRC1§0x00 xor(0x2C0B > 8)) xor (0x2C0B< 8 = CRC16(0x2¢ xor 0xOB00= 0x8BEB
checksuny = CRC160x00 xor(Ox8BEB > 8)) xor (0xX8BEB< 8) = CRC16(0x8B xor OXEBOO= OXE83A
checksumy = CRC160x00 xor(OXE83A > 8)) xor (0XE83Ax 8) = CRC16(0xE® xor 0x3A00= 0x3870

checksum = CRC160x00 xor(0x3870 > 8)) xor (0x3870« 8 = CRC16(0x38 xor 0x7000= 0xF093

Thus, the next tev bytes after the final subframe should be 0xFO and 0x¥8gain, when the checksum
bytes are run through the checksumming procedure:

checksuny = CRC1§0xF0 xor(0xF093 > 8)) xor (0xF093« 8 = CRC16(0x0) xor 0x9300= 0x9300

checksumg = CRC1§0x93 xor(0x9300 > 8)) xor (0x9300« 8) = CRC16(0x0p xor 0x0000= 0x0000
the result will also abays be 0, just as in the CRC-8.



1.6. Monkey’s Audio
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Monkey's Audio is a lossless RIFF AV E compressar Unlike HLAC, which is a PCM compressor
Monkeys Audio also stores IFF chunks and reproduces the origid&lBAfile in its entirety rather than
storing only the data it contains. All of its fields are little-endian.

1.6.1. theMonkey’s Audio stream

415416 60%

1.6.2. theAPE Descriptor

APE Descriptof APE Header | Seektable | Header Data Framg | Frame
0

APEV2 Tag

ID (‘MA C’ 0x4D414320)

31(32

\ersion

63

Descriptor Bytes
64

95[96

Header Bytes

127

Seektable Bytes

128

159|160

Header Data Bytes

191

Frame Data Bytes
192

223|224

Frame Data Bytes (High)

255

256

Terminating Data Bytes

287

288

MD5 Sum

415

Version is the encoding softwaselersion times 1000. i.e. Moel¢s Audio 3.99 = 3990

1.6.3. theAPE Header

128

143|144

Compression Ll Format Flags

0 15|16 31
Blocks Per Frame

32 63
Final Frame Blocks

64 95

Total Frames
96 127
Bits Per Sample Channels

159

160

Sample Rate

191

‘Bits Per Sample’, ‘Channels’ and ‘Sample Rate’ are sgitamatory A ‘block’ refers to a group of sam-
ples to be sent across all channels gtane instant.For instance, a file with a sample rate of 44100 has
exactly 44100 blocks per secondgaadless of the number of channels or bits per sample. Calculating the

total length of the file is a matter of multiplying the number of frames by the number of blocks per frame

and adding anremaining blocks in the final frame.

Length in Seconds

((Total Frames-1) x Blocks Per Famé + Final Frame Blocks

Sample Rate
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1.6.4. theAPEV2 tag
The APEV2 tag is a little-endian metadata tag appended todyisrkudio files.

Header Itermy Item, Footer
0 250 0 0 255
Item Value Length
0 31
Flags
32 63
Item Key NULL (0x00)

64

| Item Value |

L e e e e = - |

Item Key is an ASCII string from the range 0x20 to Ox7Hem Value is typically a UTF-8 encoded
string, but may also be binary depending on the Flags.

Item Keys
key | value ley | walue
Abstract | Abstract Album | allum name
Artist | performingartist Bibliograply | Bibliography/Discography
Catalog | catalogumber Comment user comment
Composer| originatomposer Conductof conductor
Copyright | copyright holder Debut albm | delut album name
Dummy | placeholder EAN/UPC | EAN-13/UPC-A bar code identifier
File | filelocation Genre| genre
Index | indexes for quick access Introplay | characteripart of piece for intro playing
ISBN | ISBNnumber with check digit ISRC | InternationaBtandard Recording Number
Language| usebanguage(s) for music/spokeroms LC | Label Code
Media | sourcenedia Publicationright| publication right holder
Publisher | recordhbel or publisher Record Date  record date
Record Location| record location Related | locatiomf related information
Subtitle | tracksubtitle Ttle | tracktitle
Track | tracknumber Yar | releaseate
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1.6.5. theAPEv2 tag header/footer

Preamble (APEAGEX' 0x4150455441474558)
0 63!
Version (0xD0070000) Tag Sze
64 95[96 127,
Item Count Flags
128 159|160 191
Reserved
192 255

The format of the APEv2 header and footer are identixeg@ for one of the flagsVersion'’ is typically
2000 (stored little-endian)Tag Size’ is the size of the entire APEv2 tag, including the footerxolude
ing the header‘ltem Count’ is the number of individual tag items.

1.6.6. theAPEv2 flags
The ‘Flags’ field is used by both the APEv2 header/footer and the individual tag items.

Undefined (0x00) Encoding Read-Only
0 415 6 7
Undefined (0x00)
8 15
Undefined (0x00)
16 23
Container Header| Contains no Footer Is Header Undefined (0x00)
24 25 26 27 31
Encoding
bits | value
00 | UTF-8
01 Binary
10 | ExternakLink
11 Resered
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1.7. WavPack

WawPeack is a lossless audio format. It is a sequence afP&k blocks followed by an optional
APEV2 tag. Each block consists of one or more sub-blocks which contain the compressed audio data or
metadata. Albf its fields are little-endian.

1.7.1. theWavPack file stream

WawPak Block WawPak Block, WawPak Block, APEV2 Tag |
0

Block Header Sub Block Sub Block !

0 255|256

Sub-Block Heade  Sub-Block Length Sub-Block Data
0 718

15/31]




1.7.2. aWavPack block header

‘Block Size’ is the length of werything past eerything past
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Block ID ‘wvpk’ (0x7776706B)

31

32

Block Size

63

64

\ersion

Track Number

79[80 87|

Index Number

88 95|

96

Total Samples

127

128

Block Index

159

160

Block Samples

191

Floating Point Datdl
192

Hybrid Noise ShapinG@hannel Decorrelatic
193 194

Joint Stereo
195

n

204

Hybrid Mode Mono Output Bits-per-Sample
196 197 198 199
Left Shift Data (low) Final Block
200 202, 203
Initial Block #xtended Size Integé
207

Hbd. Noise BalancedHbd. Controls Bitrat
206

205

2I'S

Sampling Rate (low
208

209

Maximum Magnitude

211

212

Maximum Magnitude (cont.)

213]

214

Left Shift Data (high)

Reserved
216

Fdse Stereo
217

Use lIR

218

Reserved

219

Reserved
220

221

Sampling Rate (high)

223

224

CRC

255

the block heademinus 24 bytes.

Bits-per-Sample
bits | persample

00 8

01 16

10 24

11 32

Sampling Rate

bits rate|| bits rate
0000 6000|| 1000 32000
0001 8000|| 1001 44100
0010 9600|| 1010 48000
0011 | 11025| 1011 64000
0100 | 12000| 1100 88200
0101 | 16000| 11013 96000
0110 | 22050|| 1110 192000
0111 | 24000| 1111 resad

The ‘flags’ field is stored as a little-endian 32-bit inte-
ger Since some fields cross byte boundaries, their high and
low bits will be far apart when written in this format where the
bits are ordered the way theppear in the file.

The ‘Mono Output’ bit indicates the channel coulit.
1, this block has 1 channelf 0, this block has 2 channels.
For an audio stream with more than 2 channels, check the ‘Ini-
tial Block’ and ‘Final Block’ bits to indicate the start and end
of the channels. As an example:

Initial Block | Final Block | Mono Output| Channels
1 0 0 2
0 0 1 1
0 0 1 1
0 1 0 2
Total 6
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1.7.3. aWavPack sub-block header

Large Block |Actual Size 1 LegdNondecoder Data Metadata Function
0 1 2 3 7

Block Size

15/31

Block Data

If the ‘Large Block’ field is 0, the ‘Block Size’ field is 8 bits long. If itis 1, the ‘Block Size’ field is 24 bits
long. The'Block Size’ field is the length of ‘Block Data’, in 16-bit words rather than bytes. If ‘Actual Size
1 Less’ is set, that means ‘Block Data’ doésontain an een number of bytes; it is padded with a single
null byte at the end in order to fitf ‘Nondecoder Data’ is set, that means the decoder does wettha
understand the contents of this particular sub-block in order to decode the audio.
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1.8. MP3

MP3 is the de-facto standard for lossy audiois little more than a series of MPEG frames with an
optional ID3v2 metadata header and optional ID3v1 metadata footer.

MP3 decoders are assumed to be very tolerant of anything in the stream that Ido&slike an
MPEG frame, ignoring such junk until the next frame is found. Since MP3 filesrbagtandard container
format in which non-MPEG data can be placed, metadata such as ID3 tags are often made ‘sync-safe’ by
formatting them in a way that decoders wawnfuse tags for MPEG frames.

1.8.1. theMP3 file stream

ID3v2 Metadata MPEG Frame | MPEG Framg ID3v1 Metadata
0
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1.8.2. anMPEG frame header
Frame Sync (all set)
0 7
Frame Sync MPEG ID Layer Description Prot.
8 10/11 12|13 14 15
Bitrate Sampling Pad Private
16 19|20 21 22 23
Channel Mode Extension |Copyright| Original Emphasis
24 2526 27 28 29 30 31

Layer | frames abays contain 384 samples.

Layer Il and Layer Ill frames @lys contain 1152 samples.

To find the total size of an MPEG frame, use one of the following formulas:

. Layer |

. Layer II/1ll : Byte Length=

For example, an MPEG-1 Layer Ill frame with a sampling rate
of 44100, a bitrate of 128kbps and a set pad bit is 418 bytes

long, including the header.

:Byte Length=

144 % 128000
8= 400
MPEG ID Layer Description

bits | wersion bits | layer

00 | MPEG2.5 00 resered
01 | resered 01 | Layerlll
10 MPEG2 10 Layer Il
11 MPEG1 11 Layer |

If the ‘Protection’ bit is set, the frame header is followed by a

16 bit CRC.
Sampling

bits | MPEG-1| MPEG-2| MPEG-2.
00 44100 22050 11025
01 48000 24000 120009
10 32000 16000 8000
11 resered resered resered

Channel
bits | type
00 Stereo
01 | Jointstereo
10 Dualchannel stereo
11 Mono

12 x Bltr_ate N PadD X 4

U Sampling g

144 x B|t.rate + Pad

Sampling
Bitrate (in 1000 bits per second)
bits MPEG-1 | MPEG-1| MPEG-1 MPEG-2 MPEG-2
Layerl Layer-2 Layer-3 Layet | Layer2/3

0000 free free free free free
0001 32 32 32 32 8
0010 64 48 40 48 16
0011 96 56 48 56 24
0100 128 64 56 64 32
0101 160 80 64 80 40
0110 192 96 80 96 48
0111 224 112 96 112 56
1000 256 128 112 128 64
1001 288 160 128 144 80
1010 320 192 160Q 16 96
1011 352 224 192 17¢ 112
1100 384 256 224 192 128
1101 416 320 256 224 144
1110 448 384 320 25¢ 160
1111 bad bad bag bad bad
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1.8.2.1. theXing header

An MP3 frame header contains the trackmpling rate, bits-per-sample and number of channels.
However, because MP3 files are little more than concatenated MPEG frames, there is no obvious place to
store the traclk total length. Since the length of each frame is a constant number of samples, one can cal-
culate the track length by counting the number of franiéss method is the most accurate but is also quite
slow.

For MP3 files in which all frames kia the same bitrate - also ko as constant bitrate, or CBR files
- one can diide the total size of file (minus @ahD3 headers/footers), by the bitrate to determine its length.
If an MP3 file has no Xing header in its first frame, one can assume it is CBR.

An MP3 file that does contain a Xing header in its first frame can be assumedatdabée\bitrate,
or VBR. In that case, the rate of the first frame cannot be used as a basis to calculate the length of the
entire file. Instead, one must use the information from the Xing header which contains that length.

All of the fields within a Xing header are big-endian.

Header ‘Xing’ (0x58696E67)
0 31
Flags
32 63
Number of Frames
64 95
Bytes
96 127
TOC Entry; TOC Entry, TOC Entry; o0
128 135136 143144 919920
Quality
928 959
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1.8.3. thelD3v1 tag

ID3v1 tags are ery simple metadata tags appended to an MP3 file. All of the fields are fixed length
and the text encoding is undefined. There am wersions of ID3v1 tagsID3v1.1 has a track number
field as a 1 bytealue at the end of the comment field. If the byte just before the end is not null (0x00),
assume we're dealing with a classic ID3v1 tag without a track number.

Obviously ID3v1 tags are insufficient for gsmontrivial metadata.They are often still added for
compatibility reasons, hower.

1.8.3.1. ID3v1
Header ("AG’ 0x544147)
0 23
Track Title
24 263
Artist Name
264 503
Album Name
504 743
Year
744 775
Comment
776 1015|
Genre
1016 1023|

1.8.3.2. ID3v1.1

Header (‘"AG’ 0x544147)

0 23
Track Title
24 263
Artist Name
264 503
Album Name
504 743
Year
744 775
Comment NULL (0x00) | Track Number
776 9991000 10071008 1015
Genre
1016 1023|
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1.8.4. thelD3v2 tag

The ID3v2 tag was irented to address the deficiencies in the original ID3v1 £dbof its fields are
big-endian.

1.8.4.1. theD3v2 stream

**************** L
Header Extended ID3v2 Frame | ID3v2 Frameg I Pading |
0 o o _ 4ty R ]
1.8.4.2. ID3v2.2
1.8.4.2.1. thdD3v2.2 Header
ID ('ID3’ 0x494433) Version (0x0200)
0 23|24 39
Unsync |Compression NULL (0x00)
40 41 42 47
0x00 Size 0x00 Size J 0x00 Size J 0x00 Size
48 49 55 56 57 6 64 65 7 72 73 79

The single Size field is split by NULL (0x00) bytes in order to enaksync-safe’. Thais, no possible size
value will result in a false MP3 frame sync (11 bits set in a row).

1.8.4.2.2. ariD3v2.2 Frame

Frame ID
23

Size

47
‘ Frame Data ‘

Frame IDs that begin with the letter ‘T’ (0x54) are text frames. Theseeta additional text encoding

byte before the actual text data. All text strings are terminated by a null character (0x00 or 0x0000,
depending on the encoding).

Frame ID ‘TXX" (OX54XXXX)
0 23!

Size
24

47
Encoding Text !
48 55| 5

Encoding Byte| Text Encoding

0x00 | ISO-8859-1
0x01 | UCS-16
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1.8.4.2.3. ID3v2.Frame IDs

ID Description ID Description
BUF | Recommended buffer size CNT | Play counter
COM| Comments CRA | Audio encryption
CRM| Encrypted meta frame ETC | Eventtiming codes
EQU | Equalization GEO| General encapsulated object
IPL | Involved people list LNK | Linked information
MCI | Music CD Identifier MLL | MPEG location lookup table
PIC | Attached picture POP | Popularimeter
REV | Reverb RVA | Relatve wlume adjustment
SLT | Synchronized lyric/text STC | Synced tempo codes
TAL | Album/Movie/Shav title TBP | BPM (Beats Per Minute)
TCM | Composer TCO | Content type
TCR | Copyright message TDA | Date
TDY | Playlist delay TEN | Encoded by
TFT | File type TIM | Time
TKE | Initial key TLA | Language(s)
TLE | Length TMT | Media type
TOA | Original artist(s)/performer(s) TOF | Original filename
TOL | Original Lyricist(s)/text writer(s) TOR | Original release year
TOT | Original album/Movie/Shw title TP1 | Lead artist(s)/Lead performer(s)/Soloist(s)/Performing group
TP2 | Band/Orchestra/Accompaniment TP3 | Conductor/Performer refinement
TP4 | Interpreted, remixed, or otherwise modified byTPA | Pat of a set
TPB | Publisher TRC | ISRC (International Standard Recording Code)
TRD | Recording dates TRK | Track number/Position in set
TSI | Size TSS | Software/hardware and settings used for encoding
TT1 | Content group description TT2 | Title/Songname/Content description
TT3 | Subtitle/Description refinement TXT | Lyricist/text writer
TXX | User defined text information frame TYE | Year
UFIl | Unique file identifier ULT | Unsychronized lyric/text transcription
WAF | Official audio file webpage WAR| Official artist/performer webpage
WAS| Official audio source webpage WCM| Commercial information
WCP| Copyright/Legd information WPB| Publishers official webpage
WXX| User defined URL link frame
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1.8.4.2.4. thePIC Frame

‘PIC’ frames are attached pictures. This a#oan ID3v2.2 tag to contain a JPEG or PNG image,
typically of album artwork which can be displayed to the user when the track is played.

Frame ID ‘PIC’ (0x504943)
0 23!
Size
24 47
Text Encoding Image Format
48 5556 79
Picture Type Description }
80 8nes _ o ________ 2.

Text Encoding is the encoding of the Description fielts value is either 1ISO-8859-1 or UCS-16 - the

same as in text frames. Imagerfat is a 3 byte string indicating the format of the image, typically ‘JPG’
for JPEG images or 'PNG’ for PNG imageBescription is a NULL-terminated C-string which contains a
text description of the image.

Picture Types
vaue | type vaue | type

0 | Cther 1 | 32x32 pixels ‘file icon’ (PNG only)
2 | Other file icon 3 | Cove (front)
4 | Cove (back) 5| Leaflet page
6 | Media (e.g. label side of CD 7 | Lead artist/ Lead performer / Solojst
8 | Artist/ Performer 9 | Conductor

10 | Band Orchestra 11| Composer

12 | Lyricist/ Text writer 13 | Recording location

14 | Duringrecording 15| During performance

16 | Movie / Video screen capturg 17 | Abright coloured fish

18 | |lllustration 19| BandArtist logotype

20 | Publishef Studio logotype
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1.8.4.3. ID3v2.3

1.8.4.3.1. thdD3v2.3 Header

ID (‘ID3’ 0x494433) Version (0x0300)
0 23|24 39
Unsync | Extended [Experimental Footer NULL (0x00)
40 41 42 43 44 47
0x00 Size 0x00 Size 0x00 Size 0x00 Size
48 49 55 56 57 63 64 65 71 72 73 79

The single Size field is split by NULL (0x00) bytes in order to eniaksync-safe’. Thais, no possible size
value will result in a false MP3 frame sync (11 bits set in a row).

1.8.4.3.2. ariD3v2.3 Frame

Frame ID
0 31
Size
32 63
Tag Alter | File Alter | Read Only 0x00
64 65 66 67 71
CompressionEncryption| Grouping 0x00
72 73 74 75 79
\ Frame Data \
180 el J

Frame ID5s that begin with the letter ‘T’ (0x54) are text frames. Theseeta additional text encoding
byte before the actual text data. All text strings are terminated by a null character (0x00 or 0x0000,
depending on the encoding).

Frame ID ‘TXXX' (0X54XXXXXX)
0 31
Size
32 63
Tag Alter | File Alter | Read Only 0x00
64 65 66 67 71
CompressionEncryption| Grouping 0x00
72 73 74 75 79
Encoding Text \
80 8n8s 3

Encoding Byte‘ Text Encoding

0x00 | 1SO-8859-1
0x01 | UCS-16
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1.8.4.3.3. ID3v2.Frame IDs

ID Description ID Description
AENC | Audio encryption APIC | Attached picture
COMM Comments COMR| Commercial frame
ENCR | Encryption method registration EQUA| Equalization
ETCO | Eventtiming codes GEOB| General encapsulated object
GRID | Group identification registration IPLS | Involved people list
LINK | Linked information MCDI | Music CD identifier
MLLT | MPEG location lookup table OWNE| Ownership frame
PRIV | Private frame PCNT | Play counter
POPM| Popularimeter POSS | Position synchronisation frame
RBUF | Recommended buffer size RVAD | Relatve wlume adjustment
RVRB | Reverb SYLT | Synchronized lyric/text
SYTC | Synchronized tempo codes TALB | Album/Movie/Shav title
TBPM | BPM (beats per minute) TCOM| Composer
TCON | Content type TCOP | Copyright message
TDAT | Date TDLY | Playlist delay
TENC | Encoded by TEXT | Lyricist/Text writer
TFLT | File type TIME | Time
TIT1 Content group description TIT2 | Title/songname/content description
TIT3 Subtitle/Description refinement TKEY | Initial key
TLAN | Language(s) TLEN | Length
TMED | Media type TOAL | Original album/movie/sha title
TOFN | Original filename TOLY | Original lyricist(s)/text writer(s)
TOPE | Original artist(s)/performer(s) TORY | Original release year
TOWN]| File owner/licensee TPE1 | Lead performer(s)/Soloist(s)
TPE2 | Band/orchestra/accompaniment TPE3 | Conductor/performer refinement
TPE4 | Interpreted, remixed, or otherwise modified pyTPOS | Pat of a set
TPUB | Publisher TRCK | Track number/Position in set
TRDA | Recording dates TRSN | Internet radio station name
TRSO | Internet radio station owner TSIZ | Size
TSRC | ISRC (international standard recording code) TSSE | Software/Hardware and settings used for encoding
TYER | Year TXXX | User defined text information frame
UFID | Unique file identifier USER | Terms of use
USLT | Unsychronized lyric/text transcription WCOM Commercial information
WCOP| Copyright/Legd information WOAF| Official audio file webpage
WOAR| Official artist/performer webpage WOAS| Official audio source webpage
WORS| Official internet radio station homepage WPAY | Payment
WPUB| Publishers official webpage WXXX| User defined URL link frame
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1.8.4.3.4. theAPIC Frame
‘APIC’ frames are attached pictures.

Frame ID ‘APIC’ (0x41504943)
0 31!
Size
32 63!
Tag Alter | File Alter | Read Only 0x00
64 65 66 67 71
CompressionEncryption| Grouping 0x00
72 73 74 75 79
Text Encoding MIME Type \
80 87188 e ol 2‘
Picture Type Description |
0 7 ?
____________________________________________ _.
| Picture Data !
L - e e e e e - |

Text Encoding is the encoding of the Description fielts value is either 1ISO-8859-1 or UCS-16 - the
same as in text frames. MIMEype is a NULL-terminated, ASCII C-string which contains the inmge’
MIME type, such as ‘image/jpeg’ or ‘image/pndlescription is a NULL-terminated C-string which con-
tains a text description of the image.

Picture Types
vaue | type vaue | type

0 | Cther 1 | 32x32 pixels ‘file icon’ (PNG only)
2 | Other file icon 3 | Cove (front)
4 | Cove (back) 5| Leaflet page
6 | Media (e.g. label side of CD 7 | Lead artist/ Lead performer / Solojst
8 | Artist/ Performer 9 | Conductor

10 | Band Orchestra 11| Composer

12 | Lyricist/ Text writer 13 | Recording location

14 | Duringrecording 15| During performance

16 | Movie / Video screen capturg 17 | Abright coloured fish

18 | lllustration 19| BandArtist logotype

20 | Publishef Studio logotype
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1.8.4.4. 1D3v2.4

1.8.4.4.1. thdD3v2.4 Header

ID (‘ID3’ 0x494433) Version (0x0400)
0 23|24 39
Unsync | Extended [Experimental Footer NULL (0x00)
40 41 42 43 44 47
0x00 Size 0x00 Size 0x00 Size 0x00 Size
48 49 55 56 57 63 64 65 71 72 73 79

The single Size field is split by NULL (0x00) bytes in order to eniaksync-safe’. Thais, no possible size
value will result in a false MP3 frame sync (11 bits set in a row).

1.8.4.4.2. ariD3v2.4 Frame

Frame ID
0 31
0x00 Size 0x00 Size 0x00 Size 0x00 Size
32 33 39 40 41 47 48 49 55 56 57 63
0x00 Tag Alter | File Alter | Read Only 0x00
64 65 66 67 68 71
0x00 Grouping 0x00 CompressionEncryption| Unsync |Data Length
72 73 74 75 76 77 78 79
\ Frame Data

Frame ID5s that begin with the letter ‘T’ (0x54) are text frames. Theseeta additional text encoding

byte before the actual text data. All text strings are terminated by a null character (0x00 or 0x0000,
depending on the encoding).

Frame ID ‘TXXX' (0X54XXXXXX)
0 31
0x00 Size 0x00 Size 0x00 Size 0x00 Size
32 33 39 40 41 47 48 49 55 56 57 63
0x00 Tag Alter | File Alter | Read Only 0x00
64 65 66 67 68 71
0x00 Grouping 0x00 CompressionEncryption| Unsync |Data Length
72 73 74 75 76 7 78 79
Encoding Text \
80 87|88

Encoding Byte| Text Encoding

0x00
0x01
0x02
0x03

ISO-8859-1
UTF-16
UTF-16BE
UTF-8
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1.8.4.4.3. ID3v2.4rame IDs

ID Description ID Description
AENC | Audio encryption APIC | Attached picture
ASPI | Audio seek point index COMM Comments
COMR| Commercial frame ENCR/| Encryption method registration
EQU2 | Equalisation (2) ETCO | Eventtiming codes
GEOB| General encapsulated object GRID | Group identification registration
LINK | Linked information MCDI | Music CD identifier
MLLT | MPEG location lookup table OWNE| Ownership frame
PRIV | Private frame PCNT | Play counter
POPM| Popularimeter POSS | Position synchronisation frame
RBUF | Recommended buffer size RVA2 | Relatve wlume adjustment (2)
RVRB | Reverb SEEK | Seek frame
SIGN | Signature frame SYLT | Synchronised lyric/text
SYTC | Synchronised tempo codes TALB | Album/Movie/Shav title
TBPM | BPM (beats per minute) TCOM| Composer
TCON | Content type TCOP | Copyright message
TDEN | Encoding time TDLY | Playlist delay
TDOR | Original release time TDRC | Recording time
TDRL | Release time TDTG | Tagging time
TENC | Encoded by TEXT | Lyricist/Text writer
TFLT | File type TIPL | Involved people list
TIT1 Content group description TIT2 | Title/songname/content description
TIT3 Subtitle/Description refinement TKEY | Initial key
TLAN | Language(s) TLEN | Length
TMCL | Musician credits list TMED | Media type
TMOO| Mood TOAL | Original album/movie/sha title
TOFN | Original filename TOLY | Original lyricist(s)/text writer(s)
TOPE | Original artist(s)/performer(s) TOWN| File owner/licensee
TPE1 | Lead performer(s)/Soloist(s) TPE2 | Band/orchestra/accompaniment
TPE3 | Conductor/performer refinement TPE4 | Interpreted, remixed, or otherwise modified by
TPOS | Pat of a set TPRO | Produced notice
TPUB | Publisher TRCK | Track number/Position in set
TRSN | Internet radio station name TRSO | Internet radio station owner
TSOA | Album sort order TSOP | Performer sort order
TSOT | Title sort order TSRC | ISRC (international standard recording code)
TSSE | Software/Hardware and settings used for encodin§SST | Set subtitle
TXXX | User defined text information frame UFID | Unique file identifier
USER | Terms of use USLT | Unsynchronised lyric/text transcription
WCOM Commercial information WCOP| Copyright/Legd information
WOAF| Official audio file webpage WOAR| Official artist/performer webpage
WOAS| Official audio source webpage WORS| Official Internet radio station homepage
WPAY| Payment WPUB| Publishers official webpage
WXXX| User defined URL link frame
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1.8.4.4.4. theAPIC Frame
‘APIC’ frames are attached pictures.

Frame ID ‘APIC’ (0x41504943)

0 31

0x00 Size 0x00 Size 0x00 Size 0x00 Size
32 33 39 40 41 47 48 49 55 56 57 63

0x00 Tag Alter | File Alter | Read Only 0x00

64 65 66 67 68 71
0x00 Grouping 0x00 CompressionEncryption| Unsync |Data Length

72 73 74 75 76 77 78 79
Text Encoding MIME Type \
80 87188 e ol 2‘
Picture Type Description |
0 7 ?
____________________________________________ _‘
| Picture Data !
L - e e e e e - |

Text Encoding is the encoding of the Description field. Its value is either ISO-8859-1, UTF-16 or UTF-8 -
the same as in text frameBIIME Type is a NULL-terminated, ASCII C-string which contains the imgage’
MIME type, such as ‘image/jpeg’ or ‘image/pndlescription is a NULL-terminated C-string which con-
tains a text description of the image.

Picture Types
vaue | type vaue | type

0 | Cther 1 | 32x32 pixels ‘file icon’ (PNG only)
2 | Other file icon 3 | Cove (front)
4 | Cove (back) 5| Leaflet page
6 | Media (e.g. label side of CD 7 | Lead artist/ Lead performer / Solojst
8 | Artist/ Performer 9 | Conductor

10 | Band Orchestra 11| Composer

12 | Lyricist/ Text writer 13 | Recording location

14 | Duringrecording 15| During performance

16 | Movie / Video screen capturg 17 | Abright coloured fish

18 | lllustration 19| BandArtist logotype

20 | Publishef Studio logotype
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1.9. OggVorbis

Ogg Vorbis is Vorbis audio in an Ogg contain€gg containers are a series of Ogg pages, each con-
taining one or more segments of data. All of the fields within Ogg Vorbis are little-endian.

1.9.1. theOgg file stream

Ogg Page Ogg Page

1.9.2. anOgg page

Ogg Pagg

Magic Number ‘OggS’ (0x4F676753)

31

Version (0x00)

32 39[40

Header Type

47

48

Granule Position

111

112

Bitstream Serial Number

143

144

Page Sequence Number

175

176

Checksum

207,

Page Segments
21

Segment Length
16 223

208 g2

Segment Length \
224 23

Segment

Segmeryt

Header Type
bits | pageype
001 | Continuation
010 | Bainning of Stream
100 | Endof Stream

Granule position is a time mark In the case of
Ogg Vorbis, it is the sample count.

Bitstream Serial Number is an identifier for the
given hitstream which is unique within the Ogg
file. For instance, an Ogg file might contain both
video and audio pages, intened. The Ogg
pages for the audio will ka a dfferent serial
number from those of the video so that the
decoder knows where to send the data of each.

Page sequence number is an gee counter
which starts from 0 and increments 1 for each
Ogg page. Multiple bitstreams will ha sparate

sequence numbers.

Checksum is a 32-bit checksum of the entire Ogg
page.

The Page Sgments value indicates Wwomany
segments are in this Ogg pageach segment will
have an 8-bit length. If that length is 255, it indi-
cates the next geent is part of the current one
and should be concatenated with it when creating
paclets from the sgments. Inthis way, packets
larger than 255 bytes can be stored in an Ogg
page. Ifthe final segment in the Ogg page has a
length of 255 bytes, the packet it is a part of con-
tinues into the next Ogg page.
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1.9.3. Oggoackets

,,,,,,,,,,,,,, 5
Ogg Page Ogg Page Ogg Page |
,,,,,,,,,,,,,, |
Segsggeqt Seg]srsréerg Segsrsr;erg Segsrsr;erl‘t Seg]srsr;er},t Se%gergt Segegr;er}t
Packet Packet Packef
30B 1060B 60B

This is an example Ogg stream to illustratea key points about the format. Note that Ogg pages may

have acne or more segments, and packets are composed of one of more segments, yet the boundaries
between packets are segments that are less than 255 bytes long. Which segment belongs to which Ogg
page is not important for building packets.

1.9.4. theldentification packet

The first packt within a Vorbis stream is the Identification packThiscontains the sample rate and
number of channelsVorbis does not hee a lits-persample field, as samples are stored internally as float-
ing point values and are ogated into a certain number of bits in the decoding proc@&sesfind the total
samples, use the Granule Position value in the stegfamal Ogg page.

Type (0x01) Header ‘vorbis’ (0x766F72626973)
0 718 55
Vorbis version (0x00000000) Channels
56 87|88 95
Sample Rate
96 127
Maximum Bitrate
128 159
Nominal Bitrate
160 191
Minimum Bitrate
192 223
Blocksize Blocksize Framing flag (0x01)
224 227228 231232 239




1.9.5. theComment packet
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The second packet within a Vorbis stream is the Comment packet.

Type (0x03
0 7|8

Header ‘vorbis’ (0x766F72626973)
5

5[56

Comment Data

Framing (Ox1
0 7

Vendor String

0

Total Comments
31

Comment String

Comment String

Vendor String

Comment String Leng Comment String

Vendor String Length
0

31|32

0 31|32

2

The length fields are all little-endian. Thendor String and Comment Strings are all UTF-8 encoded.
Keys ae not case-sensi# and may occur multiple times, indicating multiple values for the same fieid.
instance, a track with multiple artists mayéarore than on@&RTIST.

Comment Strings
key | value ley | \alue
ALBUM | album name ARIST | artisthame, band name, compasrthor, etc.
CONTACT | contact information COPYRIGHT | copright attribution
DATE | recordingdate DESCRIPTION| a short description
GENRE | ashort music genre labe ISRC | ISRCnumber for the track
LICENSE | licensenformation LOCAION | recordinglocation
ORGANIZATION | recordlabel PERFORMER| performer name, orchestra, aGteic.
TITLE | trackname TRAKNUMBER | thetrack number
VERSION | trackversion




1.10. OggSpeex
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Ogg Sper is Jpex audio in an Ogg containerSpee is alossy audio codec optimized for speech.
All of the fields within Ogg Speesare little-endian.

How Ogg containers break up data packets ingmssnts and pages has already been explained in the
Ogg Vorbis section. Therefore, | shall weodrectly to the Ogg Speeackets themselves.

1.10.1. theHeader packet

The first packet within a Speatream is the Header pastk It contains the number of channels and
sampling rate.Like Vorbis, the number of bits per sample is generated during decoding and the total num-
ber of samples is pulled from the ‘Granule Position’ field in the Ogg stream.

Spe& String ‘Spee ' (0x5370656578202020)

63

64

Spe& Version

223]

224

Spe« Version ID

255

Header Size
256

287,

Sampling Rate

288 319

Mode

351

352

Mode Bitstream Version

383

Number of Channels

384 415

Bitrate

447

Frame Size
448

479

VBR

480 511

Frames Per Packet

543

Extra Headers

544

575

Reserved

576 607

Reservegd

639

1.10.2. theComment packet

The second packet within a Sgestream is the Comment packet.

Vendor String

0

Total Comments

Comment String

31

Comment String

Vendor String Length
0

31

32

Vendor String

?) 0

Comment String Leng Comment String

31)32

2

The length fields are all little-endian. Thendor String and Comment Strings are all UTF-8 encoded.
Keys ae not case-sensit and may occur multiple times, indicating multiple values for the same fiid.
instance, a track with multiple artists mayéarore than on@&RTIST.

Comment Strings

key | value ley | value
ALBUM | album name ARIST | artisthame, band name, compasithor, etc.
CONTACT | contact information COPYRIGHT | copright attribution
DATE | recordingdate DESCRIPTION| a hort description
GENRE | ashort music genre labe ISRC | ISRCnumber for the track
LICENSE | licensenformation LOCAION | recordinglocation
ORGANIZATION | recordlabel PERFORMER| performer name, orchestra, aGteic.
TITLE | trackname TRAKNUMBER | thetrack number
VERSION | trackversion
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1.11. OggFLAC

Ogg FLAC is a HAC audio stream in an Ogg containeAlthough it contains all the features of
natve ALAC, Ogg FLAC is rarely used as a standalone audio forniats more useful when interleed
with an Ogg video stream so that a movie can be presented with losslessHow@er, this section will
only deal with Ogg FLAC.

1.11.1. theOgg FLAC file stream

Ogg Page Ogg Page Ogg Page Ogg Page }
,,,,,,,,,,,,,,, J

Segment Segment | Segment Segment | Segment Segment | Segment
,,,,,,,,,,,, 5
STREAMINFO | Vorbis CommentMetadata | Metadata Framg | Frame |
,,,,,,,,,,,, J

1.11.2. theSTREAMINFO metadata packet

Paket Byte (0x7F) Signature ‘FLAC’ (0x464C4143)
0 718 39
Major Version (0x1) Minor Version (0x0)
40 47148 55
Header Packets FLAC Sgnature ‘fLaC’ (0x664C6143)
56 7172 103
Last Block (0) Block Type (0x0) Block Length
104 105 113112 135

Minimum Block Size (in samples) Maximum Block Size (in samples)
15 167

136 1/152

Minimum Frame Size (in bytes) Maximum Frame Size (in bytes)
1 215

168 91]192

Sample Rate Channels Bits Per Sample
216 235[236 234239 243
Total Samples
244 279
MD5 Sum of PCM Data
280 407

1.11.3. theMetadata packets

Subsequent FL& metadata blocks are stored 1 per mackEachcontains the 32-bit FL& metadata
block header in addition to the metadata itsdlfie VORBIS _COMMENT metadata block is required to
immediately follavthe STREAMINFO block, but all others may appear in aenler.
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1.12. M4A

MA4A is typically AAC audio in a QuickTime container stream, though it may also contain other for
mats such as MPEG-1 audio.

1.12.1. theQuickTime file stream

Atomy Atom, Atomg Atom, Atoms }
,,,,,,,, J
******** nl |
Atomy, Atom,, . | Atoms Atoms, . |
,,,,,,,, J |
******** nl
Atoms, Atoms, Atoms, Atoms, " \
,,,,,,,, J

Unlike ather chunked formats such as RIFRW¥, QuickTime’s &om chunks may be containers for other
atoms. Allof its fields are big-endian.

1.12.2. aQuickTime atom

Atom Length Atom Type

0 31[32 63
} Atom Data ‘

Atom Type is an ASCII string. Atom Length is the length of the entire atom, including the hédaditam
Length is 0, the atom continues until the end of the file. If Atom Length is 1, the atom haeraded
size. Thismeans there is a 64-bit length field immediately after the header which is the atal size.

Fase Atom Length (0x01) Atom Type
0 31|32 63
Atom Length
64 127
} Atom Data ‘

1.12.3. Containeratoms

There appears to be no flag or field to tell a QuickTime parser which of its atoms are containers and
which ones are notlnstead, one must check against a table of known container atom types. If an atom is
known to be a containgone can treat its Atom Data as a QuickTime stream and parse it in avedash-
ion.

Known Container Atoms

dinf  edts imag imap mdia mdra minf meo
rmra  stbl trak tref udta  vnrp
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1.12.4. themdhd atom

The mdhd atom contains track information such as sampleseeond, track length and cre-
ation/modification times.

mdhd
mdhd Length ‘mdhd’ (0x6D646864)
0 31(32 63
Version (0x00) Flags (0x000000)
64 7472 95
Creation Date
96 127
Modification Date
128 159
Sample Rate
160 191
Track Length
192 223
Pad Language Quality
224 225 239|240 255
If version is 1, the date and length fields are 64-bit.
mdhd Length ‘mdhd’ (0x6D646864)
0 31[32 63
Version (0x01) Flags (0x000000)
64 7172 95
Creation Date
96 159
Modification Date
160 223
Sample Rate
224 255
Track Length
256 319
Pa Language Quality
320 321 335|336 351
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1.12.5. themp4a atom

Themp4aatom contains information such as the number of channels and b&aspte. Itcan be
found in thestsd atom, offset 8 bytes.

stsd
*********** A
stsd Length ‘stsd’ (0x73747364 Flags mp4a Atom !
0 31[32 6364 127 2 1
mp4a Length ‘mpda’ (0x6D703461)
0 31|32 63
Reserved (0x00000000)
64 95
Reserved (0x0000) Reference Index
96 111)112 127
Version (0x0000) Revision Leel
128 143|144 159
Audio Encoding Vendor
160 191
Channels Bits Per Sample
192 207|208 223

| Additional Data |
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1.12.6. themeta atom

The meta atom contains track metadata such as the track name, artist, album nanmegtatds
like aher QuickTme containers, except that it contains an additional 4 bytes prior to its QuickTime Atom

Data payload.

meta

Meta Length ‘meta’ (0x6D657461)NULL (0x00000000 Meta Data
31|32 6364 95

96

‘hdlr’ (0x68646¢72)| ‘ilst’ (0x696c7374) | ‘free’ (0x66726565)

‘nam’ (OxA96E616D) A RT' (0xA9415254) ‘trkn’ (Ox74726B6E) \

‘data’ (0x64617461 ‘data’ (0x64617461

‘data’ (0x64617461

The atoms withirlst  are all containers, each withdata atom of its n. Noticethatilst ’s sub-
atoms often hae mon-ASCIl Atom Type values - mgrere preceded by the 0xA9 byte. Such atoms are
human-readable.

Knownmeta Sub-Atoms
Atom Type He Description AtoniType Hex Description
aaid | 0x61616964 Artist Name alb| 0xA9616C62 | Album Name
akid | 0x616B6964 Alternative ID ? id | 0x61706964 Apple ID
ART | 0xA9415254 Performer Name cmi 0xA9636D74 | Comment
com | 0xA9636F6D | Composer cor | Ox636F7672 Cover Image
cpil | 0x6370696C Compilation cprt| 0x63707274 Copyright ?
day | OxA9646179 Date disk | 0x6469736B Disc X of Y
geid | 0x67656964 iTMS ID ? gnre | Ox676E7265 Genre
grp | 0xA9677270 Group ? nam| OxA96E616D | Track Name
plid | 0x706C6964 Purchase ID ? rtng Ox72746E67 Rating
stik | Ox7374696B Movie Type tmpo | 0x746D706F | Tempo
too | OXA9746F6F Encoder trkn| Ox74726B6E | Track Number
wrt | OxA9777274 Composer ----| 0x2D2D2D2D | iTunes-specifig

The data sub-atoms contain the actual metadata, natytallythat data is preceded by 8 bytes of addi-

tional information.

Data Length

‘data’ (0x64617461)

63
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1.12.6.1. therkn sub-atom
trkn is a binary sub-atom oheta which contains the track number.

trkn Length ‘trkn’ (0x74726B6E) Data Atom }
31{32 63) 6:

data Length ‘data’ (0x64617461)
0 31|32 63
Flags (0x00000000)
64 127
NULL (0x0000) Track Number Total Tracks NULL (0x0000)
128 143144 159160 179176 19]

1.12.6.2. thalisk sub-atom

disk is a binary sub-atom aheta which contains the disc humbeFor example, if the track
belongs to the first disc in a set ofotdiscs, the sub-atom will contain that information.

trkn Length ‘disk’ (0x6469736B) Data Atom }
32 63

0 31

data Length ‘data’ (0x64617461)
0 31|32 63
Flags (0x00000000)
64 127
NULL (0x0000) Disc Number Total Discs
128 143144 159[160 175
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1.13. Musepack

Musepack is a lossy audio format based on MP2 and designed for trangpdireames in tvo vari-
eties: SV7 and SV8 where ‘SV’ stands for Streaensibn. Theseontainer versions differ so heavily that
they must be considered separately from one another.

1.13.1. MusepacksV7
This is the earliest version of Musepack with wide support. All of its fields are little-endian.

1.13.1.1. theMusepack SV7 file stream

Musepack heade Frame Frame APEV2 tag
0 223

224

1.13.1.2. theMusepack SV7 header

Signature (‘MP+’ 0x4D502B) Version (0x07)
0 23|24 31
Frame Count
32 63
Max Level
64 79
Profile Link Sample Rate

80 83|84 85|86 87|
Intensity SterepMidside Stereq Max Band

88 89 90 95

Title Gain Title Peak
96 111112 127
Album Gain Album Peak
128 143[144 159
Unusued (0x00)
160 175
Last Frame Samples (low) True Gapless Unusued (0x00)
176 179 180 181 183
Fast Seeking Last Frame Samples (high)
184 185 191
Unknown Encoder Version

192 215|216 223

Each frame contains 1152 samples per channel. Therefore:
Total Samples: ((Frame Count-1) x 112) + Last Fame Samples
Musepack files alays hare exactly 2 channels andvedys hare 16 bits per sample.

Sampling Rate Profile
bits rate bits used profile bits used profile
00 44100 0000 | noprofile 0001 | Unstable/Experimental
01 48000 0010 | unused 0011  unusued
10 37800 0100 | unusued 0101  beldTelephone
11 32000 0110 | bele Telephone|| 0111 d&ephone
1000 | Thumb 1001 Radio
1010 | Standard 1011  Xtreme
1100 | Insane 1101 Braindead
1110 | abwe Braindead|| 1111| above Braindead
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1.13.2. MusepacksV8
This is the latest version of the Musepack stream. All of its fields are big-endian.

1.13.2.1. theMusepack SV8 file stream

‘MPCK'’ (0x4D50434B) Packet Packet APEV2 tag
0 31

32

Key Length Value
6 ?)

0 15]1

‘Key is a two character uppercase ASCII string (i.e. each digit must be between the characters 0x41 and
Ox5A, inclusve). ‘Length’is a variable length field indicating the size of the entire packet, including the
header This is a Nut-encoded field whose total size depends on whether the eighth bit of each byte is 0 or
1. Theremaining seen hits of each byte combine to form the fialdalue, which is big-endian.

1.13.2.2. Nut-encodedalues

1.0 Value 0to2' -2
0]1 7
2.1 Valug 0 Value, Oto -2
0]1 7 819 15
3.1 Valug 1 Value, 0 Valug Oto -2
0]1 7 819 15 16|17 23
4.1 Valug 1 Value, 1 Valug 0 Value, Oto28-2
0]1 7 819 15 16|17 23 24|25 31
Valug Value, Value Valug ~ Actual Value
6|7 13|14 20]21 27|

1.13.2.3. theSH packet
This is the Stream Headevhich must be found before the first audio packet in the Musepack file.

CRC32
0 31
Version (0x8) Sample Count Beginning Silence
32 3738 ?
Sample Rate Max Used Bands
0 2(3 7
Channels Mid Side Used Frame Count

8 11 12 13 15
‘CRC32' is a checksum ofverything in the is used to calculate the total number of frames per
headey not including the checksum itselfSam- audio packetNumber of Fames= 4Fame Counj

ple Count' is the total number of samples, as a
Nut-encoded alue. ‘Beginning Silence’ is the

number of silence samples at the start of the |bits | rate | bits| rate
stream, also as a Nut-encodedue. ‘Channels’ 000 | 44100/l o0o1l 4800
is the total number of channels in the stream, |g10| 37800/ 011l 3200
minus 1. ‘Mid Side Used’ indicates the channels
are stored using mid-side stereo. ‘Frame Count’

Sampling Rate

o O




-63-

1.13.2.4. theSE packet

This is an empty paekt that denotes the end of the Musepack streAndecoder should ignore
evaything after this packet, which allows for metadata tags such as APEv2 to be placed at the end of the
file.

1.13.2.5. theRG packet
This is ReplayGain information about the audio file.

Version (0x1)

Title Gain Title Peak

Album Gain Album Peak

40 55[56 71

1.13.2.6. theEl packet
This is information about the Musepack encoder.

Profile PNS Major Version
7

Minor Version Build
16 23|24 31
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2. FreeDB

Because compact discs do not usually contain metadata about track naomasnatbes and so
forth, that information must be retvied from an external source. FreeDB is a service which allows users

to submit CD metadata and to reteethe meta-data submitted by others. Both actions require gocgte

and a 32-bit disc ID nhumhewrhich combine to form a unique identifier for a particular CD.

The 32-bit disc ID is calculated from the total number of tracks, the track offsets (in CD sectors) and

the total length of the CD (in seconds).

In the case of CD submission, the genre is decided by the subrhittbe case of CD retnl, the
user must choose from a list of possible choices when there is a collision between 32-bit disc ID numbers.

The actual metadata is stored as XMCD files.

2.1. Native Protocol

FreeDBs mative protocol runs as a service on TCP port 8880. «;

After connecting, the client and server exchange a handsbaig the
‘hello’ command. The server will not do anything without this hand-
shake.

Next the client changes to protocol/é 6 with the ‘proto’ com-
mand. Thisis necessary because only the highest protocol supports
UTF-8 text encodingWithout this, ag characters not in the latin-1 set
will not be sent properly.

Once that is accomplished, the client should calculate the 32-bit
disc ID from the track information.

One then sends the 32-bit disc ID and additional disc information
to the server with the ‘query’ command to retdea Ist of matching
disc IDs, genres and titlesf there are multiple matches, the user must
be prompted to choose one of the matches.

When our match is known, the client uses the ‘read’ command to
retrieve the actual XMCD data.

Finally, the ‘close’ command is used toveethe connection and
complete the transaction.

Wi

M
\Cueﬂ[_hﬂl_l_o\.

M
W

Calculate
disc ID

ey

er
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2.1.1. TheDisc ID
FreeDB uses a big-endian 32-bit disc ID to differentiate one disc from another.

Offset Seconds Digit Sum Total Length in Seconds Track Count
7 2

0 8 3[24 31

‘Track Count’ is self-gplanatory ‘Total Length’ is the total length of all the tracks, not counting the
initial 2 second lead-in!Offset Seconds Digit Sum’ is the sum of the digits of all the glisatk offsets, in
seconds, and truncated to 8 biBemember to count the initial 2 second/150 frame lead-in when calculat-
ing offsets.

Example Audio Disc
Track Length Offset
Number | in Minutes:Seconds in Seconds in Frames in Minutes:Seconds  in Seconffsameés
1 337 217 16340 0:02 2 150
2 323 203 15294 3:39 219 16490
3 337 217 16340 7:03 423 31784
4 3:20 200 15045 10:41 641 48124
6340 +1529 +16340 + 15045
In this example, ‘Track Count’ is 4. ‘Total Length’J%'s 75 =840

There are 75 frames per secondt dtne must remember to count fractions of seconds when calculating the
total disc length. The ‘@$et Seconds Digit Sum’ is calculated by looking at the ‘Offset in Seconds’ col-
umn. Thosevalues are 2, 219, 423 and 641. One must &lkof those digits and add them, whictomks
outto2+2+1+9+4+2+3+6+4+1=34

This means our three values are 34, 840 and 4. In hexadecinyagréhex22, 0x0348 and 0x04.
Combining them into a single value yields 0x22034804. Thus, our FreeDB disc ID is ‘22034804".
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2.1.2. Initial Greeting

From server:

<code> <host> CDDBP server <version> ready at <datetime>

<code>

<hostname>
<version>
<datetime>

200 OK, reading/writing allowed
201  OK, read-only
432  No connections allowed: permission denied
433  No connections allowed: X users allowed, Y currentlyvacti
434  No connections allowed: system load too high

the serves host name

the serves version
the current date and time

2.1.3. Client-Sever H andshake

To server:

cddb hello <username> <hostname> <clientname> <version>

<username> login name of user
<hostname> host name of client
<clientname> name of client program
<version> version of client program
From server:

<code> hello and welcome <username>@<hostname> running <clientname> <version>

<code>

<username>

<hostname>
<clienthname>
<version>

200 handshak siccessful
402  already shook hands
431  handshak unsuccessful, closing connection
login name of user
host name of client
name of client program
version of client program
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2.1.4. SeProtocol Level

To server:
proto [level]

<level> \ protocol level as integer (optional)

From server:
<code> CDDB protocol level: <current>, supported <supported>

OR

<code> OK, protocol version now: <current>

200 displaying current protocol Vel
<code> 201 protocol level set
501 illegd protocol level
502  protocol level already at<current>
<current> the current protocol el of this connection
<supported> the maximum supported protocovét

2.1.5. CalculateDisc ID

To server:
discid <track count> <offset 1> ... <offset n> <total seconds>

<track count> number of tracks in CD

<offset> frame offset of each track

<total seconds> total length of CD in seconds
From server:

<code> Disc ID is <disc id>

200 disc ID calculated
500 syntax error
<disc id> 32-bit disc ID

<code>
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2.1.6. QueryDatabase

To server:
cddb query <disc id> <track count> <offset 1> ... <offset n> <total seconds>
<disc id> 32-bit disc ID
<track count> number of tracks in CD
<offset> frame offset of each track
<total seconds> total length of CD in seconds
From server:
<code> <category> <disc id> <disc title>

OR
<code> close matches found
<category> <disc id> <disc title>
<category> <disc id> <disc title>

<...>

OR
<code> exact matches found
<category> <disc id> <disc title>
<category> <disc id> <disc title>

<...>
200 Found exact match
211 Found inexact matches, list follows
<code> 202 No match found _
210 Found exact matches, list follows
403  Database entry corrupt
409 No handshake
<category> category string
<disc id> 32-bit disc ID
<disc title> disc title string




2.1.7. ReadXMCD Data

To server:
cddb read <category> <disc id>
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<category> category string
<disc id> 32-bit disc ID
From server:

<code> <category> <disc id>
# XMCD file data

# ..

210

401

<code> 402

403

409
<category> category string
<disc id> 32-bit disc ID

XMCD data follows
XMCD data not found
server error

database entry corrupt
no handshake

2.1.8. CloseConnection

To server:
quit

From server:

<code> <hosthame> <message>

<code> <message>

<hostname>

230 Closing
530 error,

connection. Goodbye.
closing connection.

servers host name
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2.1.9. ListGenres

To server:
cddb Iscat

From server:
<code> Okay category list follows (until terminating marker)
<category>
<category>
<...>

<code> 210 okay
<category> category string

2.1.10. ListMirrors

To server:
sites

From server:
<code> OK, site information follows (until terminating *.")
<site> <protocol> <port> <address> <latitude> <longitude> <description>

<...>
<code> 210 site i_nfo_rmation_follovys
401 no site informationailable
<site> internet address of site
<protocol> the protocol leel supported by the site
<port> internet port of site
<address> additional addressing required, or ‘-’ if none necessary
<latitude> latitude of site
<longitude> longitude of site
<description> short text description of site
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2.2. \\eb Protocol

FreeDB5s web protocol runs as a service on HTTP port 80web client POSTs data to a location,
typically: “cddb/cddb.cgi and retriges results. Thignethod is similar to the na#é protocol and the
returned data is identicaHowever, Snce HTTP POST requests are stateless, there is no separate ‘hello’,
‘proto’ and ‘quit’ commands; these are issued along with the primary server command or are implied.

POST Arguments
key value
hello <username> <hostname> <clienthame> <version>
proto <protocol level>
cmd | <server command>

For example, to gecute the ‘read’ command on disc ID ‘AABBCCDD’ in the ‘soundtrack’ gatg one
can post the following string:
cmd=read+soundtrack+aabbccdd&hello=username+hostname-+audiotools+1.0&proto=6
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2.3. XMCD

XMCD files are text files encoded either in UTF-8, 1SO-8859-1 or US-ASCII thgnh beith the
string ‘# XMCD'. Lines are delimited by either the OxOA character or the OxOD Ox0A characterAdair
lines must be less than 256 characters long, including delimiBlesk lines are prohibited. Lines that
begin with the # character are commentSuriously the comments themselves are expected by FreeDB
to contain important information such as tracksefs and disc lengthFortunately FreeDB clients can
safely ignore such information unless submittinga disc entry.

What we are interested in are tiEY=value pairs in the rest of the file.

key value

DISCID | a cmmma-separated list of 32-bit disc IDs

DTITLE | an artist name and album name, separated by ‘/
DYEAR| a4 dgit disc release year

DGENRE| the discs FreeDB category string

the track title, or

TITLE x | the track artist name and track title, separated by

X is an integer starting from 0

EXTD | exended data about the disc

extended data about the track

X is an integer starting from O

PLAYORDER a comma-separated list of track numbers

~

EXTTx

Multiple identical leys should hae their values concatenated (minus the newline delimiter), which
allows a single &y o havea value longer than the 256 characters line length.

2.3.1. BNF

<XMCD file> ::= <header> <disc information> <file information> <blank> <data>
<header> ::= "# xmcd" <EOL> "#" <EOL>

<disc information> ::= "# Track frame offsets:" <EOL> <track offset>

<track offset> ::= "# " <offset> <EOL> | "# " <offset> <EOL> <track offset>
<offset> ::= [0-9]+

<file information> ::= <disc length> <blank> <revision> <processed by> <submitted via>
<disc length> ::= "# Disc length: " <seconds> " seconds" <EOL>

<seconds> ::= [0-9]+

<revision> ::= "# Revision: " <revision number> <EOL>

<revision number> ::= [0-9]+

<processed by> ::= "# Processed by: " <server name> <server version> <EOL>
<submitted via> ::= "# Submitted via: " <client name> <client version> <EOL>
<blank> ::= "#" <EOL> | "#" <EOL> <blank>

<data> ::= <key> "=" <value> <EOL> | <key> "=" <value> <EOL> <data>

<key> ::= [A-Z0-9]+

<value> ::= [UTF-8 value]+
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3. ReplayGain

The ReplayGain standard is designed to address the problem of highly variable music lokdness.
example, lets sssume we ha wo audio tracks, A and B, and that track B is much louder thanfA.
played in sequence, the listener wilvea scramble for the volume control once B starts in order i@ fza
comfortable gperience. ReplayGaisolves this problem by calculating theepall loudness of a track as a
delta (some posite a negdive rumber of decibels, in relation to a reference loudneksy. Thisdelta is
then applied during playback, which has the same effect as turning the volume up or down so that the user
doesnt haveto.

ReplayGain requires four floating-point values which are typically stored as metadata in each audio
track: ‘track @in’, a positve a negdive rumber of decibels representing the loudness delta of this particu-
lar track, ‘track peak’, the highest sample value of this particular track from a range of 0.0 to L, ‘alb
gan’, a positve a negdive rumber of decibels representing the loudness delta of thedrattke altum
and ‘album peak’, the highest sample value of the tsagitire album from a range of 0.0 to 1.0.

3.1. Applying ReplayGain

The user will be pected to choose whether to apply ‘album gain’ or ‘track gain’ during playback.
When listening to audio on an al-by-allum basis, album gain keeps quiet tracks quiet and loud tracks
loud within the context of that alm. Whenlistening to audio on a track-by-track basis, perhaps as a ran-
domly shuffled set, track gain keeps them all to roughly the same louddedsom an implementation
perspectie, a rogram only needs to apply thevgh gain and peak value to the stream being played back.
Applying the gain value to each input PCM sample is quite simple:

Output = Input x 109320
For example, if the gain is -2.19, each sample should be multipli@®@B32° or about0. 777.

If the gain is ngative, the PCM stream gets quieter than it was origindifythe gain is posite, the
PCM stream gets loudeHoweve, increasing the value of each sample may cause a problem if doing so
sends ay samples beyond the maximum value the stream can Hadexample, if the gain indicates we
should be multiplying each sample by 1.28 and we encounter a 16-bit input sample ahith af\82000,
the resulting output sample of 34560 is outside of the stee#vbit signed range (-32678 to 32767hat
will result in ‘clipping’ the audio peaks, which doessdund good.

Preventing this is what ReplayGampeak value is for; is the highest PCM value in the stream and
no multiplier should push that value beyond 1.0. Thus, if the peak value of a stream is 0.9765625, no
ReplayGain value should generate a multiplier higher than 102266&5 x 1. 24 =1. 0).



-74-

3.2. CalculatingReplayGain

As explained earlierReplayGain requires a peak and gain value which are split into ‘track’ and
‘album’ varieties for a total of fourThe ‘track’ values require the PCM data for the particular trackewe’
generating data forThe ‘album’ \alues require the PCM data for the entire album, concatenated together
into a single stream.

Determining the peak value is very straightfard. We dmply corvert each sample’value to the
range of 0.0 to 1.0 and find the highest value which occurs in the stfemrsigned samples, the cosr-
sion process is also simple:
| Input |

OUtput = 2bits per sample-1

Determining the gain value is a more complicated procéisgivolves running the input stream
through an equal loudness filtereaking that stream into 50 millisecond long blocks, and then determining
a final value based on the value of those blocks.

3.2.1. theEqual Loudness Filter

Because people ddrperceve dl frequencies of sounds asvirgg equal loudness, ReplayGain runs
audio through a filter which emphasizes ones we hear as loud and deemphasizes ones we hear as quiet.
This equal loudness filtering is actually comprised af $aparate filters: Yule and Butter (these are Infinite
Impulse Response filters named after their creators). Each works on a similar principle.

The basic premise is that each output sample isatefiiom multiplying ‘order’ number of prgéous
input samples by certain values (which depend on the fitet)order’ number of previous output samples
by a different set of values (also depending on the filter) and then combining the rékigtdilter is
applied independently to each channel. In purely mathematical terms, it loksdik

O i ] O O i-1 . O
Output =0 2 Input; x Input Filter; ] - > Output, x Output Filter,
[j=i—order O q:i—order U

‘Input Filter’ and ‘Output Filter’ are lists of predefinedlues. ‘Order’refers to the size of those lists.
When filtering at the start of the stream, treat samples before the beginning as 0.

Since this explanation is getting vague and theoreticas, hetye o to the filter values themseadg
and an gample of hav to goply them. Theres a bt of numbers here, each with a lot of digii3on't be
too concerned about the results of the math; focus instead on which sample value gets multiplied by which
filter value in order to yield the sums we need.



3.2.1.1. theYule Filter
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Yule Input Filter

Sample to Sample Rate

Multiply 48000Hz 44100Hz 32000Hz
Input; x 0.038575994352000001 0.054186564064300002 0.15457299681924
Input_; % -0.021603671841850001 -0.029110078089480001 -0.093310490563149995
Input_, x  -0.0012339531685100001 -0.00848709379851000060.062478801536530001
Input_3  x -9.2916779589999993e-05 -0.00851165645469000030.021635418887979999
Input_, % -0.016552603416190002  -0.0083499090493599996  -0.05588393329856
Input_s % 0.02161526843274 0.022452932533390001 0.047814766749210001
Input_g X -0.02074045215285 -0.0259633851291499980.0022231259774300001
Input_, % 0.005942980651249999Y 0.016248649629749999 0.031740925400489998
Input_g % 0.0030642802319099998  -0.00240879051584000010.013905894218979999
Input_g X 0.00012025322027 0.0067461368224699999 0.00651420667831
Input_4 X .0028846368391600001 -0.001877637773620.0088136273383899993

Yule Output Filter
Sample to Sample Rate
Multiply 48000Hz 44100Hz 32000Hz

Output-,  x -3.8466461711806699 -3.4784594855007098 -2.3789883497308399
Output_,  x 7.81501653005538 6.3631777756614802 2.8486815115632Y
Output_3  x -11.341703551320419 -8.5475152747187408 -2.6457717022982501
Output_,  x 13.055042193275449 9.4769360780128 2.236976574517130R
Output_s  x -12.28759895145294 -8.8149868137015499  -1.67148153367602
Output_g X 9.4829380631978992 6.8540154093699801 1.0059595480854699
Output_;  x -5.8725786177599897 -4.3947099607955904 -0.45953458054982999
Output_g X 2.7546586187461299 2.1961168489077401  0.16378164858596
Output_-g x -0.8698437659355100% -0.75104302451432003 -0.050320777171309998
Output-;o x  0.13919314567432001  0.13149317958807999 0.023478974070199998

3.2.1.2. theButter Filter

Butter Input Filter

Sample to Sample Rate

Multiply 48000Hz 44100Hz 32000Hz
Input; x 0.9862119246270799¢  0.98500175787241995 0.97938932735214002
Input -, x  -1.9724238492541599  -1.9700035157448399 -1.95877865470428
Input -, x 0.9862119246270799¢ 0.98500175787241995 0.97938932735214002

Butter Output Filter
Sample to Sample Rate
Multiply 48000Hz 44100Hz 32000Hz

Output_; x  -1.9722337291952701 -1.969778555826181.9583538097539801

Output_, x

0.97261396931305999

0.97022847566350001  0.95920349965458995
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3.2.1.3. &Filtering Example

When performing ReplayGain calculations, we'll start byvedimg all our samples to floating-point
values between -1.0 and 1.0his is a simple matter of dividing each sample2B§jPe-samplel g for
16-bit samples, divide each one by 32768.

Next, let's assume we hae a 4100Hz stream and our previous input and output samples are as fol-

lows:
Sample Input Output
89 | -0.00100708007812%5 -0.00045495715387008651
90 -0.0009765625 -0.00045569008938487577
91 | -0.00106811523437%5 -0.00044710087844377787
92 -0.0009765625 -0.00044127330865733358
93 -0.0009155273437% -0.00043189463254365861
94 -0.0009765625 -0.00041441662610518335
95 | -0.00100708007812%5 -0.00040230590245440639
96 -0.0009155273437% -0.0004015602553121/536
97 -0.0009155273437% -0.00040046613041640292
98 -0.0009155273437% -0.00039336026519054979
99 -0.0009765625 -0.00039087401794557448

If the value of sample 100 from the input stream is -0.00091552734308'F), heres how we calculate

output sample 100:

Sample Inpuvalue Yule Input Filter Result
90 -0.0009765625 x -0.00187763777362 =  1.8336306383007813e-06
91 | -0.001068115234375 x  0.0067461368224699999 = -7.2056515132583621e-06
92 -0.0009765625 x  -0.0024087905158400001 =  2.3523344881250001e-06
93 -0.00091552734375 x 0.016248649629749999 =  -1.4876083035049437e-05
94 -0.0009765625 x -0.025963385129149998 =  2.5354868290185545e-05
95 | -0.001007080078125 x 0.022452932533390001 = -2.2611901049861755e-05
96 -0.00091552734375 x  -0.0083499090493599996 =  7.6445700525146477e-06
97 -0.00091552734375 x  -0.0085116564546900003 =  7.7926542248748791e-06
98 -0.00091552734375 x  -0.0084870937985100006 = 7.770166441506958e-06
99 -0.0009765625 x -0.029110078089480001 =  2.8427810634257813e-05
100 | -0.00091552734375 x 0.054186564064300002 = -4.9609281064727785e-05
Input Values Sum = -1.3126881893131719e-05
Sample Outpu¥alue Yule Output Filter Result
90 | -0.00045569008938487577x  0.13149317958807999 =  -5.9920138759993691e-05
91 | -0.00044710087844377787x  -0.75104302451432003 =  0.00033579199600942429
92 | -0.00044127330865733358 x 2.1961168489077401 = -0.00096908774811563594
93 | -0.00043189463254365861 x -4.3947099607955904 = 0.0018980516436537679
94 | -0.00041441662610518335 x 6.8540154093699801 = -0.002840417941224044
95 | -0.00040230590245440639 x -8.8149868137015499 = 0.0035463212252098944
96 -0.0004015602553121536 x 9.4769360780128 = -0.0038055608710637796
97 | -0.00040046613041640292 x -8.5475152747187408 = 0.0034229903667417111
98 | -0.00039336026519054979 x 6.3631777756614802 = -0.0025030212972888127
99 | -0.00039087401794557448 x -3.4784594855007098 = 0.0013596394353585582
Output Values Sum =  0.00038478667052108985

-1.3126881893131719e-05 (input values sum) - 0.00038478667052108985 (output values sum) =
-0.000397913552414221%8utput sample 100).
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Were not quite done yetRememberReplayGains equal loudness filter requires both al&and
Bultter filter, in that order Here's aur set of previous Butter filter input and output values:

Sample Input Output
97 | -0.00040046613041640292 1.2422165031560971e-05

98 | -0.00039336026519054979 1.8657680223143899%e-05
99 | -0.00039087401794557448 2.0148828330135515e-05

Notice hav Butter’s input samples areufe’s autput samples. Thus, our next input sample to the Butter fil-
ter is -0.00039791355241422158. Calculating sample 100nsrgmilar process:

Sample Inpuwalue Butterlnput Filter Result
98 | -0.00039336026519054979x  0.98500175787241995 = -0.00038746055268985282
99 | -0.00039087401794557448x  -1.9700035157448399 = 0.0007700231895660934
100 | -0.00039791355241422158 x  0.98500175787241995 = -0.0003919455486092676
Input Values Sum = -9.38291173302702e-06
Sample OutpuValue ButterOutput Filter Result
98 | 1.8657680223143899e-05x  0.97022847566350001 = 1.8102212642317936e-05
99 | 2.0148828330135515e-05 x -1.96977855582618 = -3.968872996972396e-05
Output Values Sum = -2.1586517327406024e-05

-9.38291173302702e-06 (input values sum) - -2.1586517327406024e-05 (output values sum) =
1.2203605594379004e-Qdutput sample 100).
The output from the Butter filter is the final result of ReplayGaiguial loudness filter.
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3.2.2. RMSEnergy Blocks

The next step is to takaur stream of filtered samples and eem them to a list of blocks, each
1/20th of a second long=or example, a 44100Hz stream is sliced into blocks containing 2205 PCM frames
each.

We then figure out the total energwlue of each block by taking the Root Mean Square of the
block’s samples and carerting to decibels, hence the name RMSist, covert our floating-point samples
back into intger samples by multiplying each one 25{sPe-samplel - Next run those samples through the
following formulas:

lock Length-1 lock Length-1 ]
EP > Left Sampl¢? g EP Y Right Sampl¢ g
E x=0 0+ 3 y=0 0
0 Blodk Length 00 Blodk Length 0
O OO0 O
Block = 5

Block DB; =10 x log,(Block +107%)

For mono streams, use the samaue for both the left and right samples (this will cause the addition and
dividing by 2 to cancel each other out). As a partial examptahiimg 2205 PCM frames:

Sample | Leftvalue | LeftValue? | Right\Value | Rightvalue?
998 115 13225 -43 1849
999 111 12321 -38 1444

1000 107 11449 -36 1296

Left Valu€ Sum = 7106715 Right Valué Sum = 11642400

(7106715 /22(5) + (11642400 /22(5)
2

= 451

10 x log; (4251 +10%%) = 3628

Thus, the decibel value of this block is 36.28.

3.2.3. StatisticalProcessing and Calibration

At this point, weve orverted our stream of input samples into a list of RMS gyétocks. We row
pick the 95th percentile value as the audio streagpresentatie value. Thatmeans we first sort them
from lowest to highest, then pick the one at the 95% posittenexample, if we hae a ttal of 2400 deci-
bel blocks (from a 2 minute song), the value of block 2280 is our repregentati

Finally, we take the difference between a reference value of pink noise and our represevwthite
for the final gain &lue. Thereference pink noisealue is typically 64.82 dB. Therefore, if our representa-
tive value is 67.01 dB, the resulting gain value is -2.196832 — 67. (0L = —-2.19).
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4. Refelences

. The WaveFile Format

http://www.borg.com/~jglatt/tech/wave.htm

. Audio Interchange File Format
http://www.borg.com/"jglatt/tech/aiff.htm

. AU Audio File Format

http://www.opengroup.org/public/pubs/external/auformat.html

. FLAC Format Specification

http://flac.sourceforge.net/format.html
. APEvV2 Specification
http://wiki.hydrogenaudio.org/index.php?title=APEv2_specification
. WawPeack 4.0 File / Block Format

http://www.wavpack.com/file_format.txt

. MPEG Audio Compression Basics
http://www.dv.co.yu/mpgscript/mpeghdr.htm

. What is ID3v1
http://www.id3.org/ID3v1

. The ID3v2 Documents
http://www.id3.org/Developer_Information

. The Ogg File Format
http://en.wikipedia.org/wiki/Ogg#File_format

. Vorbis | Specification
http://xiph.org/vorbis/doc/Vorbis_|_spec.html

. Speex Documentation
http://www.speex.org/docs/

. Musepack Stream Version 7 Format Specification
http://trac.musepack.net/trac/wiki/SV7Specification

. Parsing and Writing QuickTime Files invia
http://www.onjava.com/pub/a/onjava/2003/02/19/qt_file_format.html

. 1SO 14496-1 Media Format

http://www.geocities.com/xhelmboyx/quicktime/formats/mp4-layout.txt

. FreeDB Information
http://www.freedb.org/en/download__miscellaneous.11.html
. ReplayGain
http://replaygain.hydrogenaudio.org



