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1. Free Lossless Audio Codec

FLAC compresses PCM audio data losslessly using predictors and a residual. FLACs con-
tain checksumming to verify their integrity, contain comment tags for metadata and are

stream-able.

Except for the contents of the VORBIS_COMMENT metadata block, everything in FLAC

is big-endian.

1.1. Metadata Blocks

0header (‘fLaC’)

31

Metadata Blocks

Blocko Blocka

last block
0

block type

block size

31

Metadata Block Data

‘last block’ of 1 indicates the block is the last one in the set of metadata blocks. ‘block size’
indicates the size of the metadata block data, not including its 32 bit header. ‘block type’
is one of the following:

block type

block

DO W N O

7-126
127

STREAMI
PADDING

NFO

APPLICATION
SEEKTABLE
VORBIS_.COMMENT
CUESHEET

PICTURE
reserved
invalid



1. Free Lossless Audio Codec

1.1.1. STREAMINFO

Blocko Block: Block:z Blocks Blocka Blocks Blocks

last block block type (0) block size (34)
0 1 718 31
minimum block size (in PCM frames) maximum block size (in PCM frames)
15| 16 31
minimum frame size (in bytes) maximum frame size (in bytes)
32 55| 56 79
sample rate channels (+ 1) bits per sample (+ 1)
80 99 | 100 102 | 103 107
total PCM frames
108 143
MD5 sum of PCM data
144 271

STREAMINFO must always be the first metadata block and always has a block size of 34
bytes. ‘minimum block size’ and ‘maximum block size’ indicate the length of the largest
and smallest frame in the stream, in PCM frames. For streams with a fixed block size
(which are the most common), these numbers will be the same. ‘minimum frame size’ and
‘maximum frame size’ indicate the size of the largest and smallest frame in the stream, in
bytes. ‘sample rate’, ‘channels’ and ‘bits per sample’ indicate the stream’s characteristics.
Finally, ‘MD5 sum’ is a hash of the stream’s raw decoded data when its PCM sample
integers are decoded to signed, little-endian bytes.



STREAMINFO example

1.1. Metadata Blocks

0j0000000000000O0O0
0000000 0001 00010
0001000.33“69.0000000’”
000100 ()m'm_nbuln‘:blgs% 000000
000000 5%'”5?%“% 000110
000001 10]000 00000
0010000101100010
0000101011000100
0100[001[01 1110000

0O000000000000100

total PCM frames

1010011011001100

total PCM frames

FA

F2

69 2F FD EC 2D 5B 30 01

MD5 sum

76 B4 62 88

7D 92

last block 0

block type 0

block size 34

minimum block size 4096
maximum block size 4096
minimum frame size 1542
maximum frame size 8546
sample rate 44100
channels 1

bits per sample 15
total PCM frames 304844

MD5 sum

not last block in set of blocks

STREAMINFO
bytes

PCM frames
PCM frames
bytes

bytes

Hz

+1=2
+1=16

FAF2692FFDEC2D5B300176B462887D92



1. Free Lossless Audio Codec

1.1.2. PADDING

Blocko

Block:

Block:z

Blocks

Blocka

Blocks

Blocks

last block
0

block type (1)

718

block size

31

NULL bytes

PADDING 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 FLAC file by removing or
adding space to the padding.

1.1.3. APPLICATION

Blocko Blocki Block2 Blocks Blocka Blocks Blocks |
last block block type (2) block size
0 1 8 31
application ID application data
31 32

APPLICATION is a general-purpose metadata block used by a variety of different programs.

Its contents are defined by the 4 byte ASCII Application ID value.

Fica CUE Splitter
Ftol flac-tools
aiff FLAC AIFF chunk storage

imag flac-image application for storing arbitrary files in APPLICATION metadata blocks

riff FLAC RIFF chunk storage

xmcd  xmcd

Table 1.1.: some defined application IDs



1.1.4. SEEKTABLE

1.1. Metadata Blocks

Blocko Blocki Block2 Blocks Blocka Blocks Blocks | .. 1|
last block block type (3) block size
0 718 31
Seekpointo Seekpoint: |
0 143 [ 144 I 87| o ___ |
sample number byte offset samples
0 63 | 64 127 | 128 143

There are block size =+ 18 seek points in the SEEKTABLE block. Each seek point indicates
a position in the FLAC stream. ‘sample number’ indicates the seek point’s sample number,
in PCM frames. ‘byte offset’ indicates the seek point’s byte position in the stream starting
from the beginning of the first FLAC frame (not the beginning of the FLAC file itself).
‘samples’ indicates the number of PCM frames in the seek point’s FLAC frame.

SEEKTABLE example

03 00 00 6C

block header

00 00 00 00 00 00 00 00

sample numbero

00 00 00 00

byte offseto

00 00 00 00

byte offseto

00 00 00 00 00 06

sample numbery

10 00

sampleso

BO 00|00 00

yte offsety

00 00 00 06

byte offset:

A7 EF|10 00

samplesi

00 00 00 00

sample numberz

00 OD 70 00

00 00 00 00

byte offset2

00 OD 6B F4{10 00|00 00

samples:

00 00 00 14

sample numbers

20 00|00 00

sample numiers

00 00 00 14 1F 7Aj10 00

byte offsets sampless

00 00 00 00

sample numbera

00 1A EO 00

sample numbera

00 00 00 00 00 1A E8 5F

byte offsets

10 00j00 00

safnple numbers

00 00 00 21

sample numbers

00 00 00 00 00 21

byte offsets

A0 00

A6 D310 00

sampless

1 | sample number; byte offset; samples;
0 0 0 4096
1 438272 436207 4096
2 880640 879604 4096
3 1318912 1318778 4096
4 1761280 1763423 4096
5 2203648 2205395 4096



1. Free Lossless Audio Codec

1.1.5. VORBIS_COMMENT

Blocko

Block:

Block:z Blocks

Blocka

Blocks

Blocks

last block
0

block type (4)

1

block size

31

vendor string length

vendor string
(vendor string length) bytes

comment string count

31

comment string lengtho
31

comment stringo
(comment string lengtho) bytes

comment string length:
3

1

comment string:

(comment string length:) bytes

The blue fields are all stored little-endian. Comment strings are "KEY=value" pairs where
KEY is an ASCII value in the range 0x20 through 0x7D, excluding 0x3D, is case-insensitive
and may occur in multiple comment strings. value is a UTF-8 value.

ALBUM
CATALOG
COMMENT

COPYRIGHT
DISCNUMBER
GENRE
PERFORMER
SOURCE MEDIUM
TRACKNUMBER

10

album name

CD spine number

a short comment
copyright attribution

disc number for multi-volume work

a short music genre label

performer name, orchestra, actor, etc.

CD, radio, cassette, vinyl LP, etc.
track number

ARTIST
COMPOSER
CONDUCTOR
DATE
DISCTOTAL
ISRC
PUBLISHER
TITLE
TRACKTOTAL

artist name

the work’s author

performing ensemble’s leader
recording date

disc total for multi-volume work
ISRC number for the track
album’s publisher

track name

total number of tracks



1.1. Metadata Blocks

VORBIS_COMMENT Example

04 00 00 7220 00 00 00|72 65 66 65 72 65 6E 63 ---r] ---lreferenc
block header vendor length vendor string
65 20 6C 69 62 46 4C 41 43 20 31 2E 32 2E 31 20 e ibFLAC 1.2.1
vendor string
32 30 30 37 30 39 31 37|04 00 00 00|0OB 00 00 00 20070917 - - - - -
vendor string count lengtho
41 4C 42 55 4D 3D 61 6C 62 75 6D|OD 00 00 00|54 ALBUM=al bum- - - -|T
commento length: conment:
52 41 43 4B 4E 55 4D 42 45 52 3D 31|10 00 00 00 RACKNUMBER=1}- - - -
comment: length2
54 49 54 4C 45 3D 74 72 61 63 6B 20 6E 61 6D 65 TI TLE=track name
comment2
12 00 00 00]41 52 54 49 53 54 3D 61 72 74 69 73 -+ - -JARTI ST=artis
lengths comments
74 20 6E 61 6D 65 t name

comments

vendor string : reference 1ibFLAC 1.2.1 20070917

commentg :  ALBUM=album
comment; : TRACKNUMBER=1
comments : TITLE=track name
comments : ARTIST=artist name

11



1. Free Lossless Audio Codec

1.1.6. CUESHEET

- 7 /1

Blocko Blocki Block2 Blocks Blocka Blocks Blocks |
last block block type (5) block size
0 1 8 31
catalog number lead-in samples is cdda NULL track count

0 1023 | 1024 1087 1088 1089 3159 | 3160 3167
Tracko Tracka Trackz Tracks |
ses J

offset number ISRC track type pre-emphasis | NULL

0 63 | 64 71| 72 167 168 169 170 279
index points Indexo Index: [
280 287 | 288 383 | 384 479 _ _ _ _ _ _ J

index offset index number NULL
63 | 64 711 72 95

12



1.1.7. PICTURE

1.1. Metadata Blocks

Blocko Blocka Blocka Blocks Blocka Blocks Blocks 1|
last E)Iock ) block type (6) . block size "
picture type
0 31
MIME type length MIME type
32 63 (MIME type length) bytes
description length description
0 31 (description length) bytes
width height color depth color count
0 31| 32 63 | 64 95 | 96 127
data length image data
128 159 (data length) bytes
picture type | type
0 | Other
1 | 32x32 pixels ‘file icon’ (PNG only)
2 | Other file icon
3 | Cover (front)
4 | Cover (back)
5 | Leaflet page
6 | Media (e.g. label side of CD)
7 | Lead artist / Lead performer / Soloist
8 | Artist / Performer
9 | Conductor
10 | Band / Orchestra
11 | Composer
12 | Lyricist / Text writer
13 | Recording location
14 | During recording
15 | During performance
16 | Movie / Video screen capture
17 | A bright colored fish
18 | Ilustration
19 | Band / Artist logotype
20 | Publisher / Studio logotype

13



1. Free Lossless Audio Codec

PICTURE Example

06 00 00 A6

00 00 00 03

00 00 00 09

69 6D 61 67

block header picture type MIME type length MIME type

65 2F 70 6E 67|00 00 00 00|00 OO 0O OBJOO 00 00

i mag

PN

MIME type description length width height
0C|00 00 00 08|00 00 00 00|00 00 00 7D|89 50 4E
heigh color depth color count data length image data
47 OD OA 1A OA 00 00 00 OD 49 48 44 52 00 00 00
image data
0B 00 00 00 OC 08 00 00 00 00 91 C2 18 42 00 00
image data
00 01 73 52 47 42 00 AE CE 1C E9 00 00 00 09 70
image data
48 59 73 00 00 OB 13 00 00 OB 13 01 00 9A 9C 18
image data
00 00 00 07 74 49 4D 45 07 DC 06 06 12 09 15 AO
image data
BE F4 34 00 00 00 OF 49 44 41 54 08 D7 63 F8 8F
image data
00 0C 83 80 OD 00 FD 8C 83 7D 88 42 FA 25 00 00
image data
00 00 49 45 4E 44 AE 42 60 82
image data
MIME type : "image/png"
description :  "" (empty string)
width : 11 pixels
height : 12 pixels

8 bits per channel
0 (not an indexed color image)
125 bytes

color depth :
color count :
data length :

14




1.2. FLAC Decoding

1.2. FLAC Decoding

The basic process for decoding a FLAC file is as follows:
Input: a FLAC encoded file
Output: PCM samples

file header < read 4 bytes
assert file header = "fLaC"
|get PCM frame count and MD5 sum from STREAMINFO metadata block|
skip remaining metadata blocks
initialize stream MD5
while PCM frame count > 0 do
|decode FLAC frame to 1 or more PCM frames|
deduct FLAC frame’s block size from PCM frame count
|update stream MD5 sum with decoded PCM frame data|
return decoded PCM frames

assert STREAMINFO MD5 sum = stream MD5 sum

File Header [Metadata Block:|Metadata Block:| ... |FLAC Frame:|FLAC Framez| ...
0 31| 32

All of the fields in the FLAC stream are big-endian[T]

!Except for the length fields in the VORBIS_.COMMENT metadata block. However, this block is not
needed for decoding.

15



1. Free Lossless Audio Codec

1.2.1. Reading Metadata Blocks

Input: the FLAC file stream
Output: STREAMINFO values used for decoding

repeat

last < read 1 unsigned bit

type <— read 7 unsigned bits

size < read 24 unsigned bits

if type = 0 then /* read STREAMINFO metadata block */

(read 5 unsigned bits) + 1
total PCM frames read 36 unsigned bits
MD5 sum read 16 bytes
else /* skip other metadata blocks */
L skip size bytes

bits per sample

minimum block size <« read 16 unsigned bits
maximum block size <+ read 16 unsigned bits
minimum frame size <+ read 24 unsigned bits
maximum frame size < read 24 unsigned bits
sample rate < read 20 unsigned bits
channels <+ (read 3 unsigned bits) + 1

—

F

<_

until last =1

minimum block size
maximum block size
minimum frame size
maximum frame size
return STREAMINFO «+ sample rate
channels

bits per sample
total PCM frames

MD5 sum
Metadata Blocko Metadata Block:
last type size metadata block data
0 1 718 31 32
type =0 minimum block size maximum block size
0 15| 16 31
minimum frame size maximum frame size
32 551 56 79
sample rate channels (+1) | bits per sample (+1)
80 99 | 100 102 | 103 107
total PCM frames MD5 sum
108 143 | 144 271

16



For example, given the metadata bytes:

1.2. FLAC Decoding

1/0000000/00000000
0000000 0001 00010
0001000”03260.0000000’”
000100 ()m'm_nbuln‘:blakfz) 000000
000000 Slaxllg’rbgkf(e) 000000
000011 0 0]0 00 00000
0000000000001100
0000101011000100
0100[001[0111100070

0O0000000000000O00O0

total PCM frames

0000000000110010

total PCM frames

6D 0B BO 09 54 CE B7 FB EE 43 6B B5 5A 83 97 A9
MD5 sum
last <« 0x1 = is last metadata block
size <« 0x0 = METADATA block
type <+ 0x22 = 34 bytes
minimum block size <+ 0x0100 = 4096 samples
maximum block size <+ 0x0100 = 4096 samples
minimum frame size <+ 0x00000C = 12 bytes
maximum frame size <+ 0x00000C = 12 bytes
sample rate <« 0xAC44 = 44100Hz
channels <« 0x1 = 1(+1)=2
bits per sample <« 0xF = 15(+1) =16
total PCM frames <+ 0x32 = 50
MD5 sum <+ 6DOBB0O0954CEB7FBEE436BB55A8397A9

17



1. Free Lossless Audio Codec

1.2.2. Decoding a FLAC Frame

Input: STREAMINFO values and the FLAC file stream
Output: decoded PCM samples

|read frame header to determine channel count, assignment and bits—per—sample|

foreach channel in channel count do

L |decode subframe to PCM samples based on its effective bits—per—sample|

byte-align file stream

verify frame’s CRC-16 checksum|

recombine subframes based on the frame’s channel assignment|

return samples

Frameo

Frame Header

_— o — et

18

sync code (Ox3FFE) reserved (0) blocking strategy
0 13 14 15
block size sample rate |channel assignment| bits per sample| padding
16 0 23| 24 27 | 28 30 31
sample/frame number block size | sample rate CRC-8
32 39-87 |0 - g/7/£5 |_0 0/7/15 | 0 7




1.2.3. Reading a FLAC Frame Header

Input: STREAMINFO values and the FLAC file stream
Output: stream information and subframe decoding parameters

blocking strategy
encoded block size
encoded sample rate

en
encoded

return frame header <+

sync code <+

coded channels
bits per sample

TTTTT

frame number
block size
sample rate
bits per sample
channel count
CRC-8

TTrTTTT

read 14 unsigned bits
assert sync code = 0x3FFE
skip 1 bit

read 1 unsigned bit

read 4 unsigned bits

read 4 unsigned bits

read 4 unsigned bits

read 3 unsigned bits

skip 1 bit

read UTF-8 value

decode encoded block size
decode encoded sample rate
decode encoded bits per sample
decode encoded channels
read 8 unsigned bits

verify CRC-8

block size
sample rate

bits per sample

encoded channels
channel count

Reading UTF-8 Frame Number

Input: FLAC file stream
Output: UTF-8 value as unsigned integer

total bytes + read unary with stop bit 0
value < read (7 - total bytes) unsigned bits
while total bytes > 0 do
continuation header < read 2 unsigned bits
assert continuation header = 2
continuation bits <— read 6 unsigned bits
value < (value x 2°) + continuation bits

total bytes < total bytes — 1

return va

lue

For example, given the UTF-8 bytes E1 82 84:

1.2. FLAC Decoding

11100001
10000010
10000100

UTF-8 value = 0001 000010 000100
= 0001 0000 1000 0100
= 0x1084
= 4228

19



1. Free Lossless Audio Codec

Decoding Block Size

encoded  block size (in samples) encoded  block size

0000 maximum block size from STREAMINFO 1000 256

0001 192 1001 512

0010 576 1010 1024
0011 1152 1011 2048
0100 2304 1100 4096
0101 4608 1101 8192
0110 (read 8 unsigned bits) + 1 1110 16384
0111 (read 16 unsigned bits) + 1 1111 32768

Decoding Sample Rate

encoded sample rate (in Hz) encoded sample rate
0000 from STREAMINFO 1000 32000
0001 88200 1001 44100
0010 176400 1010 48000
0011 192000 1011 96000
0100 8000 1100 (read 8 unsigned bits) x 1000
0101 16000 1101 read 16 unsigned bits
0110 22050 1110  (read 16 unsigned bits) x 10
0111 24000 1111 invalid

Decoding Bits per Sample

encoded  bits-per-sample ‘ ‘ encoded  bits-per-sample
000 from STREAMINFO 100 16
001 8 101 20
010 12 110 24
011 invalid 111 invalid

Decoding Channel Count and Assignment

channel
encoded count channel assignment
0000 1 front Center
0001 2 front Left, front Right
0010 3 front Left, front Right, front Center
0011 4 front Left, front Right, back Left, back Right
0100 5 L, fR, fC, back/surround left, back/surround right
0101 6 fL, fR, fC, LFE, back/surround left, back/surround right
0110 7 undefined
0111 8 undefined
1000 2 front Left, Difference
1001 2 Difference, front Right
1010 2 Mid, Side
1011 reserved
1100 reserved
1101 reserved
1110 reserved
1111 reserved

20



1.2. FLAC Decoding

Frame Header Decoding Example

FF F8

11111111111110/|0|0

sync code skip | b.s.

C9 18

1100/2001|0001j200/0

encoded block size encoded sample rate encoded channels encoded bps skip

00 C2

0000000011 000010O0

UTF-8 frame number CRC-8

sync code = Ox3FFE
encoded block size = 1100b
encoded sample rate = 1001b

encoded channels = 0001b

encoded bps = 100Db
frame number = 0
block size = 4096 samples
sample rate = 44100Hz
bits per sample = 16
channel count = 2
channel assignment = front left, front right

Calculating Frame Header CRC-8
Given a header byte and previous CRC-8 checksum, or 0 as an initial value:

checksum; = CRC8(byte xor checksum;_1)

0x70 0x7?71 0x?2 0x73 0x74 0x7?5 0x76 0x?7 0x78 0x?9 0x7A 0x?B 0x?C 0x7?D 0x?E 0x?F
0x07? 0x00 0x07 0x0E 0x09 0x1C 0x1B 0x12 0x15 0x38 0x3F 0x36 0x31 0x24 0x23 0x2A 0x2D
0x17? 0x70 0x77 Ox7E 0x79 0x6C 0x6B 0x62 0x65 0x48 0x4F 0x46 0x41 0x54 0x53 0x5A 0x5D
0x27? 0xEOQ 0xE7 OxEE 0xE9 0xFC O0xFB 0xF2 0xF5 0xD8 0xDF 0xD6 0xD1 0xC4 0xC3 0xCA 0xCD
0x37 0x90 0x97 0x9E 0x99 0x8C 0x8B 0x82 0x85 0xA8 OxAF 0xA6 0xA1 0xB4 0xB3 0xBA 0xBD
0x47 0xC7 0xCO 0xC9 0xCE 0xDB 0xDC 0xD5 0xD2 OxFF 0xF8 O0xF1 0xF6 0xE3 0xE4 O0xED OxEA

0x57 0xB7 0xBO 0xB9 OxBE 0xAB 0xAC 0xA5 0xA2 O0x8F 0x88 0x81 0x86 0x93 0x94 0x9D 0x9A
0x67 0x27 0x20 0x29 0x2E 0x3B 0x3C 0x35 0x32 Ox1F 0x18 Ox11 0x16 0x03 0x04 0x0D 0x0A
0x7? 0x57 0x50 0x59 O0x5E 0x4B 0x4C 0x45 0x42 Ox6F 0x68 0x61 0x66 0x73 0x74 0x7D 0x7A
0x87 0x89 0x8E 0x87 0x80 0x95 0x92 0x9B 0x9C 0xB1 0xB6 OxBF 0xB8 0xAD OxAA 0xA3 OxA4

0x97 0xF9 OxFE OxF7 0xFO 0xE5 0xE2 OxEB 0xEC 0xC1 0xC6 0xCF 0xC8 0xDD O0xDA 0xD3 0xD4
0xA? 0x69 0x6E 0x67 0x60 0x75 0x72 0x7B 0x7C 0x51 0x56 0x5F 0x58 0x4D Ox4A 0x43 0x44
0xB? 0x19 O0x1E 0x17 0x10 0x05 0x02 0x0B 0x0C 0x21 0x26 0x2F 0x28 0x3D 0x3A 0x33 0x34
0xC? 0x4E 0x49 0x40 0x47 0x52 0x55 0x5C 0x5B 0x76 0x71 0x78 OxT7F 0x6A 0x6D 0x64 0x63
0xD? 0x3E 0x39 0x30 0x37 0x22 0x25 0x2C 0x2B 0x06 0x01 0x08 0xOF Ox1A 0x1D 0x14 0x13
O0xE? OxAE 0xA9 0xAO 0xA7 0xB2 0xB5 0xBC 0xBB 0x96 0x91 0x98 0x9F 0x8A 0x8D 0x84 0x83
OxF? 0xDE 0xD9 0xDO 0xD7 0xC2 0xC5 0xCC 0xCB 0xE6 O0xE1 0xE8 OxEF OxFA 0xFD O0xF4 0xF3

checksumy = CRC8(FF xor 00) = F3 checksumgz = CRC8(18 xor E6) = F4
checksum; = CRC8(F8 xor F3) = 31 checksumy = CRC8(00 xor F4) = C2
checksumgy = CRC8(C9 xor 31) = E6 checksums = CRC8(C2 xor C2) = 00

Note that the final checksum (including the CRC-8 byte itself) should always be 0.

21



1. Free Lossless Audio Codec

1.2.4. Decoding a FLAC Subframe

Input: the frame’s block size and bits per sample, the subframe’s channel assignment and the
FLAC file stream

Output: decoded signed PCM samples

skip 1 bit

type/order < read 6 unsigned bits

if ((read 1 unsigned bit) = 1) then /* account for wasted bits */
| wasted BPS « (read unary with stop bit 1) + 1

else
| wasted BPS 0

if subframe’s channel assignment is difference or side then

‘ subframe’s BPS « frame header’s bits per sample — wasted BPS + 1
else

L subframe’s BPS <+ frame header’s bits per sample — wasted BPS

if type/order = 0 then
‘ sample <+ |decode CONSTANT subframe with block size, subframe's BPS |
else if type/order =1 then
| sample < [decode VERBATIM subframe with block size, subframe’s BPS |
else if 8 < type/order < 12 then
order < type/order — 8
‘ sample < [decode FIXED subframe with block size, subframe’s BPS, order |
else if 32 < type/order < 63 then
order < type/order — 31
‘ sample < [decode LPC subframe with block size, subframe’s BPS, order |
else
L undefined subframe type error

if wasted BPS > 0 then /* prepend any wasted bits to each sample */
for i +— 0 to block size do
L sample; < sample, x 2wasted BPS

return sample

Subframeo Subframe:

_— e = = o o= e b e

pad subframe type and order has wasted BPS| wasted BPS (+1
1 6 7

subframe data

22



1.2. FLAC Decoding

Decoding CONSTANT Subframe

Input: the frame’s block size, the subframe’s bits per sample
Output: decoded signed PCM samples

constant <— read (subframe’'s BPS) signed bits
for ¢ < 0 to block size do
L sample; <— constant

return sample

Subframeo Subframe: |
__________________ |
pad subframe type (0) has wasted BPS (0)
0 1 6 7
constant
subframe bps - 1

Decoding VERBATIM Subframe

Input: the frame’s block size, the subframe’s bits per sample
Output: decoded signed PCM samples

for ¢ < 0 to block size do
L sample; <— read (bits per sample) signed bits

return sample

Subframeo Subframe: |
____________ |
pad subframe type (1) has wasted BPS (0)
1 6
uncompressed sampleo uncompressed samplex uncompressed samplez |
subframe bps - 1 subframe bps - 1 subframebps-14

23



1.

Free Lossless Audio Codec

Decoding FIXED Subframe

Input: the frame’s block size, the subframe’s bits per sample and predictor order
Output: decoded signed PCM samples

for i <— 0 to order do
L sample; < read (subframe's BPS)

signed bits

/* warm-up samples */

residual + |read residual block with frame’s block size and subframe’s order |

switch order do

case (0

for i < 0 to block size do
| sample; < residual;

case 1
for i +— 1 to block size do
| sample; <— sample;_; + res

case 2
for i <+ 2 to block size do

case 3
for i + 3 to block size do

case 4
for i < 4 to block size do

return sample

idua|¢,1

L sample; < (2 x sample,_,) — sample;_, + residual;_

| sample; < (3 x sample, ;) — (3 x sample;_,) + sample; 5 + residual;_3

| sample; < (4 x sample; ;) — (6 x sample;_,) + (4 x sample, _,) — sample, _, + residual;_4

wasted BPS (+1) !

]

Subframeo Subframe:
pad type (1) order has wasted BPS
0 1 314 6 7
warm-up sampleo warm-up sample: warm-up samplez
0 subframe bps-1 | 0 subframe bps - 1 subframe bps - 1

residual block
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FIXED Subframe Decoding Example

Given the subframe bytes of a 16 bits per sample streamﬂ

1.2. FLAC Decoding

0

pad

001

type

001

order

12

asted

warm-up sampleo

00000000

00100101

warm-up sampleo

00000000

residual block

1011101101010010

residual block

1110001010010011

residual block

10101110

residual block

subframe type < FIXED
subframe order < 1
wasted BPS «+ 0

warm-up sample; < 37

1 || residual;_1 sample;
0 37
1 21371—-2=235
2 31354+3=38
3 -1138—-1=37
4 -5 | 37—-5=32
5 1]1324+1=33
6 -5 133—-5=27
7 41274+4=31
8 -2131—-2=29
9 -3129-3=26
10 1]264+1=27

2Decoding the residual block is explained on page
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1. Free Lossless Audio

Codec

Decoding LPC Subframe

Input: the frame’s block size, the subframe’s bits per sample and predictor order
Output: decoded signed PCM samples

for i <+ 0 to order do

L sample, < read (subframe's BPS) signed bits

QLP precision < (read 4 unsigned bits) + 1

QLP shift needed < max(read 5 signed bits , 0)]

for i <+ 0 to order do

L QLP coefficient; < read (QLP precision) signed bits

residual + Iread residual block with frame’s block size and subframe’s order

for i < order to block size do

order—1

5=0

QLP coefhaentj X sample

i—j—1

sample,

return sample

2QLP shift needed

“negative shifts are no-ops in the decoder

+ residual; —order

Subframeo

Subframe:

/* warm-up samples */

pad

type (1)

has wasted BPS

warm up sampleo
subframe bps - 1

warm up samples
subframe bps - 1

warm up sample2
subframe bps - 1

QLP precision

(+1)

3|a

QLP shift needed

QLP coefficiento

QLP precision - 1

QLP coefficient1

QLP precision - 1

QLP coefficientz

QLP precision - 1

re5|dual block

LPC Subframe Decoding Example

subframe type
subframe order
wasted BPS
QLP precision
QLP shift needed

TTTTT
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i | sample; QLP coefficient, residual,
gPC 0 43 1451 4
0 1 48 -323 0
2 50 -110 1
12
10 3 -2
4 -3




1.2. FLAC Decoding

44

00010/0]0000D00O0O0

o

O
Q
o

type and order asted warm-up sampleo

101011l00000000

warm-up sampleo warm-up samplex

110000/00000000

warm-up samplei warm-up samplez

1
0
0
0110010/1011|0101
0
1
0

warm-up sample: QLP precision (+1) QLP shift needed

1011010101111 171

QLP coefficiento QLP coefficient

0111101|11111100

QLP coefficienta QLP coefficientz

010/00000100100

QLP coefficientz residual block

100100110111010

residual block

| Ol k| O] O] O O] O

sample, < 43
sample; < 48
sample, < 50

sample, (1451 x 50) + (732;5 48) + (~110x43) | 5120% 455
sample, < :(1451 X 55) 4 (—32;: 50) + (=110 x 48): o -518()3;15: Lo—s7
cample, | (14517 57) + (—32;; 55) + (=110 x 50)— 1o _519(;4;2 159
sampleg | (1451 x 59) + (—32;: 5T) + (=110 x55) |, _ _6110124;_ -
sample, | (1451 x 57) + (73223 59) + (—110 x 57): s :5170?;?: 3 =3
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1. Free Lossless Audio Codec

Decoding Residual Block

28

Input: the frame’s block size and predictor order
Output: decoded signed residual values

coding method < read 2 unsigned bits
partition order < read 4 unsigned bits
140

for P 0 to 2partition order do

if coding method = 0 then

‘ Rice, < read 4 unsigned bits
else if coding method = 1 then

‘ Rice, < read 5 unsigned bits

else
L undefined residual coding method error
if p = 0 then

‘ partition residual count,, < |block size +

else
L partition residual count, < |block size + 2

2partition orderJ

partition orderj

/* read residual partitions */

— predictor order

if ((coding method = 0) and (Rice, = 15)) or ((coding method = 1) and (Rice, = 31)) then

escape code, < read 5 unsigned bits
for j < 0 to partition residual count, do

11 +1
else
for j < 0 to partition residual count, do
MSB; + read unary with stop bit 1
LSB; + read Rice, unsigned bits
unsigned; < MSB; x 2R 4+ | SB,
if (unsigned; mod 2) = 0 then

‘ residual; < unsigned, + 2
else
L residual; <— —|unsigned; +~2| — 1

| i+l

return residual

residual; < read escape codep signed bits

/* apply sign bit */



1.2. FLAC Decoding

FIXED or LPC subframe data

0coding method
1

partition order
2

5

partitiono

partition1

method = 0

Rice parameter
0 3

method = 1

Rice parameter
4

encoded residuals

encoded residuals

As an example, we’ll decode 10 residual values from the following bytes:

00/0000(0010{1|1 1|0 1|1
coding partition order Rice parameter MSBo LSBo MSB1 LSB1
52 E2
0{1/{0 1{0 0 1|0 11|21 000 1
LSB: |MSB2|  LSB. MSBs LSBs  |MsBs|  LsBs MSBs LSBs
10 0 1|0 0|11 1{0 1|0 1{1]|1 O
LSBs MSBs LSBs _ |MmsB/|  LsBs MSBs LSBs _ |MSBs|  LSBo
coding method <+ 0
partition order <+ 0
Rice parameter <+ 2
MSBO — 0 MSB5 — 2
LSBy <« 3 LSBs «+ 1
unsigned, <+ 0x2*>+3=3 unsigned; <« 2x2°+1=9
residualp <+ —[3+2]—-1=-2 residuals <+ —|9+2]—-1=-5
LSB1 — 2 LSBG — 0
unsigned, <+ 1x22+2=6 unsigned, + 2x22+0=38
residualy, <+ 6+-2=3 residualg <+ 8+-2=4
MSBQ < 0 MSB7 < 0
LSBQ < 1 LSB7 — 3
unsigned, ¢+ 0x2*2+1=1 unsigned, <+ 0x2?2+3=3
residualy, + —|[1+2]—1=-1| residualy + —|3+2]-1=-2
MSBg — 2 MSBg — 1
unsigned, <+ 2x2°+1=9 unsignedg <+ 1x2°+1=5
residualy <+ —|9+2]—-1=-5 residualsy <+ —|5+2]—-1=-3
MSB4 < 0 MSBQ < 0
LSB4 — 2 LSBQ — 2
unsigned, + O0x22+2=2 unsigned, + 0x22+2=2
residualy <« 2=+-2=1 residualg <« 2=+-2=1

for a final set of residuals: -2, 3, -1, -5, 1, -5, 4, -2, -3 and 1.
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1. Free Lossless Audio Codec

1.2.5. Calculating Frame CRC-16

CRC-16 is used to checksum the entire FLAC frame, including the header and any padding
bits after the final subframe. Given 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; = CRC16(byte xor (checksum; ;1 > 8)) xor (checksum;_; < 8)

(1.1)

and the checksum is always truncated to 16-bits.

0x70 0x71 0x72 0x73 0x74 0x7?5 0x76 0x?7 0x78 0x79 0x7A 0x7B 0x7?C 0x7?D 0x7E 0x?F
0x07 0000 8005 800f 000a 801b 001e 0014 8011 8033 0036 003c 8039 0028 802d 8027 0022
0x1? 8063 0066 006¢c 8069 0078 807d 8077 0072 0050 8055 805f 005a 804b 004e 0044 8041
0x27 80c3 00c6 00cc 80c9 00d8 80dd 8047 0042 00£0 80£f5 80ff 00fa 80eb 00ee 00e4 80el
0x37 00a0 80ab 80af 00aa 80bb 00be 00b4 80b1l 8093 0096 009¢c 8099 0088 808d 8087 0082
0x47 8183 0186 018c 8189 0198 819d 8197 0192 01b0 81b5 81bf O1lba 8lab Olae 0lad 8lal
0x57 01e0 81leb 8lef Olea 81fb O1fe 01f4 81f1 81d3 01d6 01dc 81d9 01c8 81cd 81c7 01c2
0x67 0140 8145 814f 014a 815b 015e 0154 8151 8173 0176 017c¢ 8179 0168 816d 8167 0162
0x77 8123 0126 012c 8129 0138 813d 8137 0132 0110 8115 811f O1la 810b 010e 0104 8101
0x87 8303 0306 030c 8309 0318 831d 8317 0312 0330 8335 833f 033a 832b 032e 0324 8321
0x97 0360 8365 836f 036a 837b 037e 0374 8371 8353 0356 035c¢ 8359 0348 834d 8347 0342
0xA? 03c0 83ch 83cf 03ca 83db 03de 03d4 83d1 83f3 03f6 03fc 83f9 03e8 83ed 83e7 03e2
0xB? 83a3 03a6 03ac 83a9 03b8 83bd 83b7 03b2 0390 8395 839f 039a 838b 038e 0384 8381
0xC? 0280 8285 828f 028a 829b 029e 0294 8291 82b3 02b6 02bc 82b9 02a8 82ad 82a7 02a2
0xD? 82e3 02e6 02ec 82e9 02£8 82fd 82f7 02f2 02d0 82d5 82df 02da 82cb 02ce 02c4 82c1
0xE? 8243 0246 024c 8249 0258 825d 8257 0252 0270 8275 827f 027a 826b 026e 0264 8261
0xF? 0220 8225 822f 022a 823b 023e 0234 8231 8213 0216 021c 8219 0208 820d 8207 0202

For example, given the frame bytes: FF F8 CC 1C 00 CO EB 00 00 00 00 00 00 00 00,

the frame’s CRC-16 can be calculated:

Thus, the next two bytes after the final subframe should be 0xF0 and 0x93. Again, when the checksum bytes are run

checksumg = CRC16(0xFF xor (0x0000 > 8)) xor (0x0000 < 8) = CRC16(0xFF) xor 0x0000 = 0x0202
checksum; = CRC16(0xF8 xor (0x0202 >> 8)) xor (0x0202 < 8) = CRC16(0xFA) xor 0x0200 = 0x001C
checksumy = CRC16(0xCC xor (0x001C > 8)) xor (0x001C < 8) = CRC16(0xCC) xor 0x1C00 = 0x1EA8
checksums = CRC16(0x1C xor (0x1EA8 >> 8)) xor (0x1EA8 < 8) = CRC16(0x02) xor 0xA800 = 0x280F
checksumy = CRC16(0x00 xor (0x280F >> 8)) xor (0x280F < 8) = CRC16(0x28) xor 0xOF00 = 0xOFFO
checksums = CRC16(0xC0 xor (0xOFFO >> 8)) xor (0xOFF0 < 8) = CRC16(0xCF) xor 0xF000 = 0xF2A2
checksumg = CRC16(0xEB xor (0xF2A2 > 8)) xor (0xF2A2 < 8) = CRC16(0x19) xor 0xA200 = 0x2255
checksum7 = CRC16(0x00 xor (0x2255 > 8)) xor (0x2255 <« 8) = CRC16(0x22) xor 0x5500 = 0x55CC
checksumg = CRC16(0x00 xor (0x55CC > 8)) xor (0x55CC < 8) = CRC16(0x55) xor 0xCCO0 = OxCDFE
checksumg = CRC16(0x00 xor (0xCDFE >> 8)) xor (0xCDFE <« 8) = CRC16(0xCD) xor OxFE0O = 0x7CAD
checksumig = CRC16(0x00 xor (0x7CAD > 8)) xor (0x7CAD < 8) = CRC16(0x7C) xor 0xADOO = 0x2COB
checksumj; = CRC16(0x00 xor (0x2COB > 8)) xor (0x2C0B < 8) = CRC16(0x2C) xor 0x0BOO = 0x8BEB
checksumiz = CRC16(0x00 xor (0x8BEB >> 8)) xor (0x8BEB < 8) = CRC16(0x8B) xor 0xEBOO = 0xE83A
checksumi3 = CRC16(0x00 xor (0xE83A >> 8)) xor (0xE83A < 8) = CRC16(0xE8) xor 0x3A00 = 0x3870
checksumi4 = CRC16(0x00 xor (0x3870 > 8)) xor (0x3870 < 8) = CRC16(0x38) xor 0x7000 = 0xF093

through the checksumming procedure:

the result will also always be 0, just as in the CRC-8.

30

checksumis = CRC16(0xFO xor (0xF093 >> 8)) xor (0xF093 < 8) = CRC16(0x00) xor 0x9300 = 0x9300
checksumig = CRC16(0x93 xor (0x9300 > 8)) xor (0x9300 < 8) = CRC16(0x00) xor 0x0000 = 0x0000



1.2. FLAC Decoding

1.2.6. Recombining Subframes

Input: the frame’s block size and channel assignment, a set of decoded subframe

sampleq]
Output: a list of signed PCM frames per channel

if 0 < encoded channels < 7 then /* independent */
channel count < encoded channels + 1
for ¢ < 0 to channel count do

for i <+ 0 to block size do
| channel. ; < subframe, ;

else if encoded channels = 8 then /* left-difference */
for i < 0 to block size do

channely ; < subframeg ;

channely ; < subframeg ; — subframey ;

else if encoded channels =9 then /* difference-right */
for i + 0 to block size do

channely ; < subframeg ; + subframey ;

channely ; < subframe; ;

else if encoded channels = 10 then /* mid-side */
for i <— 0 to block size do
channely ; < [(((subframeg ; x 2) + (subframe; ; mod 2)) + subframe; ;) + 2]
channel; ; < [(((subframeg ; x 2) + (subframe; ; mod 2)) — subframe; ;) + 2]

return channel

“subframe, , indicates the yth sample in subframe z
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1. Free Lossless Audio Codec

1.2.7. Updating Stream MD5 Sum

Input: the frame’s signed PCM sampleq]
Output: the stream’s updated MD5 sum

for i <— 0 to block size do
for ¢ < 0 to channel count do
bytes <— channel. ; as signed, little-endian bytes
update stream’s MD5 sum with bytes

return stream’s MD5 sum

“channel. ; indicates the ith sample in channel ¢

For example, given a 16 bits per sample stream with the signed sample values:

i | channely ; channel; ;
0 1 -1
1 2 -2
2 3 -3

are translated to the bytes:

i | channely ; channel; ;
0 01 00 FF FF
1 02 00 FE FF
2 03 00 FD FF

and combined as:

01 00 FF FF 02 00 FE FF 03 00 FD FF

whose MD5 sum is:

E7482£6462B27EE04EADC079291C79E9
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1.3. FLAC Encoding

1.3.

The basic process for encoding a FLAC file is as follows:

Input: PCM frames, various encoding parameters:
possible values

parameter

FLAC Encoding

typical values

block size

maximum LPC order
minimum partition order
maximum partition order
maximum Rice parameter
try mid-side

try adaptive mid-side

QLP precision

exhaustive model search

Output: an encoded FLAC file

"fLaC" — write 4 bytes

a positive number of PCM frames
integer between 0 and 32, inclusive
integer between 0 and 16, inclusive
integer between 0 and 16, inclusive

14 if bits-per-sample < 16, otherwise 30
true or false

true or false

7
8
9
10
11
12
13

if 0 < block size < 192

if 192 < block size < 384
if 384 < block size < 576
if 576 < block size < 1152
if 1152 < block size < 2304
if 2304 < block size < 4608
if block size > 4608

true or false

fwrite placeholder STREAMINFO metadata block|

write PADDING metadata block

initialize stream’s MD5 sum
while PCM frames remain do

take block size PCM frames from the input

update the stream’s MD5 sum with that PCM data

1152 or 4096
0, 6, 8 or 12
0

3,4,50r 6

encode a FLAC frame from PCM frames using the given encoding parameters|

update STREAMINFQO’s values from the FLAC frame
return to the start of the file and rewrite the STREAMINFO metadata block

31

File Header [Metadata Block:|Metadata Blockz| ... |FLAC Frame:
0 32

FLAC Framez| ... !

All of the fields in the FLAC stream are big-endian.
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1. Free Lossless Audio Codec

1.3.1. Writing Placeholder Metadata Blocks

Input: input stream’s attributes, a default block size

Output: 1 or more metadata blocks to the FLAC file stream

0 — write 1 unsigned bit

0 — write 7 unsigned bits

34 — write 24 unsigned bits

block size — write 16 unsigned bits

block size — write 16 unsigned bits

0 — write 24 unsigned bits

0 — write 24 unsigned bits

sample rate — write 20 unsigned bits
channel count — 1 — write 3 unsigned bits
bits per sample — 1 — write 5 unsigned bits
0 — write 36 unsigned bits

0 — write 16 bytes

1 — write 1 unsigned bit
1 — write 7 unsigned bits
4096 — write 24 unsigned bits

/* is last block

/* STREAMINFO type

/* STREAMINFO size

/* minimum block size
/* maximum block size
/* minimum frame size
/* maximum frame size

/* total PCM frames
/* stream’s MD5 sum

/* is last block
/* PADDING type
/* PADDING size

*/
*/
*/
*/
*/
*/
*/

*/
*/

*/
*/
*/

0 — write 4096 bytes /* PADDING’s data */
PADDING can be some size other than 4096 bytes. One simply wants to leave enough
room for a VORBIS_.COMMENT block, SEEKTABLE and so forth. Other fields such as
the minimum/maximum frame size and the stream’s final MD5 sum can’t be known in
advance; we’ll need to return to this block once encoding is finished in order to populate
them.

Metadata Blocko Metadata Block: |
________________ |
last type size metadata block data
0 1 718 31 32
type =0 minimum block size maximum block size
0 15| 16 31
minimum frame size maximum frame size
32 55| 56 79
sample rate channels (+1) | bits per sample (+1)
80 99 | 100 102 | 103 107
total PCM frames MD5 sum
108 143 | 144 271
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1.3.2. Updating Stream MD5 Sum

Input: the frame’s signed PCM input sampleq’|
Output: the stream’s updated MD5 sum
for i + 0 to block size do

for ¢ < 0 to channel count do

bytes <— channel. ; as signed, little-endian bytes
update stream’s MD5 sum with bytes

return stream’s MD5 sum

“channel. ; indicates the ith sample in channel ¢

1.3. FLAC Encoding

For example, given a 16 bits per sample stream with the signed sample values:

i | channely channely
0 1 -1
1 2 -2
2 3 -3

are translated to the bytes:

channely channely

1

0 01 00 FF FF
1 02 00 FE FF
2 03 00 FD FF

and combined as:

01 00 FF FF 02 00 FE FF 03 00 FD FF

whose MD5 sum is:

E7482£6462B27EE04EADC079291C79E9

This process is identical to the MD5 sum calculation performed during FLAC decoding,

but performed in the opposite order.
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1. Free Lossless Audio Codec

1.3.3. Encoding a FLAC Frame

36

Input: up to “block size” number
Output: a single FLAC frame

of PCM frames, encoding parameters

if channel count = 2 and (try mid-side or try adaptive mid-side) then

(average , difference)

calculate mid-side of channelp and channel1|

left subframe

encode channelp as subframe at bits per sample

right subframe

encode channel; as subframe at bits per sample

average subframe

encode average as subframe at bits per sample|

difference subframe

encode difference as subirame at (bits per sample + 1)|

independent
left/difference
difference/right
average/difference

A Y Y Y A

if try mid-side then

len(left subframe) + len(right subframe)

len(left subframe) + len(difference subframe)
len(difference subframe) + len(right subframe)
len(average subframe) + len(difference subframe)

if independent < min(left/difference , difference/right , average/difference) then

|Write frame header with channel assignment Ox1|

write left subframe
write right subframe
Ise if left/difference < mi

o

n(difference/right , average/difference) then

Iwrite frame header with channel assignment 0x8|

write left subframe

o

write difference subframe
Ise if difference/right < average/difference then

|Write frame header with channel assignment Ox9|

write right subframe
else

write difference subframe

|Write frame header with channel assignment OxA

write average subframe
write difference subframe

else if independent < average/difference then

|Write frame header with channel assignment 0x1

write left subframe
write right subframe
else

|Write frame header with channel assignment OxA|

write average subframe
write difference subframe

else

/* store subframes independently */

[write frame header with channel assignment channel count — 1|

for ¢ + 0 to channel count do

subframe. < [encode channel. as subframe at bits per sample|

L write subframe,

byte align the stream
[write frame’s CRC-16 checksum|




Calculating Mid-Side

Input: block size, 2 channels of PCM data
Output: 2 channels stored as average / difference

for i < 0 to block size do
average; < |(channely ; + channel; ;) = 2]
difference; < channelg ; — channel; ;

return (average , difference)

For example, given the input samples:

channelg ¢ < 10
channely ¢ < 15

Our average and difference samples are:

10+ 15
average; < { i J =12

differenceg < 10 — 15 = —5

1.3. FLAC Encoding

Note that the difference channel is identical for left-difference, difference-right and mid-side
channel assignments. For example, when recombined from left-differenceﬂ

sampley < 10
sample; «+ 10 — (=5) =15

difference-right:

sampleg <— =5+ 15 =10
sample; < 15

and mid-side:

sampley «— [(((12 x 2) 4+ (=5 mod 2)) + —5) + 2] = [((24+1—-5) = 2] =10
sample; - [(((12x 2)+ (—=bmod 2)) — —5) =2 =[((24+1+5)+2| =15

3See the recombining subframes algorithms on page
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1. Free Lossless Audio Codec

Writing Frame Header

Input: the frame’s channel assignment, the input stream’s parameters
Output: a FLAC frame header

0x3FFE — write 14 unsigned bits
0 — write 1 unsigned bit
0 — write 1 unsigned bit
encoded block size — write 4 unsigned bits
encoded sample rate — write 4 unsigned bits
channel assignment — write 4 unsigned bits
encoded bits per sample — write 3 unsigned bits
0 — write 1 unsigned bit
frame number — write [as UTF-8 encoded value]
if encoded block size = 6 then

‘ (block size — 1) — write 8 unsigned bits
else if encoded block size = 7 then

L block size — 1 — write 16 unsigned bits

if encoded sample rate = 12 then

‘ sample rate +~ 1000 — write 8 unsigned bits
else if encoded sample rate = 13 then

‘ sample rate — write 16 unsigned bits
else if encoded sample rate = 14 then

L sample rate = 10 — write 16 unsigned bits

CRC-8 « |calculate frame header’s CRC—8|
CRC-8 — write 8 unsigned bits

Encoding Block Size

38

Input: block size in samples
Output: encoded block size as 4 bit value

switch block size do

case 192 return 1

case 256 return 8

case 512 return 9

case 576 return 2

case 1024 return 10

case 1152 return 3

case 2048 return 11

case 2304 return 4

case 4096 return 12

case 4608 return 5

case 8192 return 13

case 16384 return 14

case 32768 return 15

otherwise
if block size < 256 then return 6

L else if block size < 65536 then return 7

else return 0

/* sync code */

/* blocking strategy */



1.3. FLAC Encoding

Encoding Sample Rate

Input: sample rate in Hz
Output: encoded sample rate as 4 bit value

switch sample rate do

case 8000 return 4

case 16000 return 5

case 22050 return 6

case 24000 return 7

case 32000 return 8

case 44100 return 9

case 48000 return 10

case 88200 return 1

case 96000 return 11

case 176400 return 2

case 192000 return 3

otherwise
if (sample rate mod 1000 = 0) and (sample rate < 255000) then return 12
else if (sample rate mod 10 = 0) and (sample rate < 655350) then return 14
else if sample rate < 65535 then return 13
else return 0

Encoding Bits Per Sample

Input: bits per sample
Output: encoded bits per sample as 3 bit value

switch bits per sample do
case 8 return 1
case 12 return 2
case 16 return 4
case 20 return 5
case 2/ return 6
otherwise return 0

Frameo Frame: |
_________________ |
Frame Header Subframeo Subframe: | byte-align |
. sync code (Ox3FFE) ; reserved (0) blocking strategy
1 14 15
block size sample rate |[channel assignment| bits per sample| padding
16 19 | 20 23| 24 27 | 28 30 31
sample/frame number block size | sample rate CRC-8
32 39-87 0______3/7/L5|_0______g/7/1_50 7
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1. Free Lossless Audio Codec

Encoding UTF-8 Frame Number

Input: value as unsigned integer
Output: 1 or more UTF-8 bytes

if value < 127 then
‘ value — write 8 unsigned bits
else
if value < 2047 then
‘ total bytes < 2
else if value < 65535 then
‘ total bytes < 3
else if value < 2097151 then
‘ total bytes < 4
else if value < 67108863 then
‘ total bytes « 5
else if value < 2147483647 then
L total bytes < 6

shift < (total bytes — 1) x 6

total bytes — write unary with stop bit 0

[value + 2" | — write (7 — total bytes) unsigned bits /* initial value */

shift < shift — 6

while shift > 0 do
2 — write 2 unsigned bits /* continuation header */
[value + 2°"" | mod 64 — write 6 unsigned bits /* continuation bits */
shift < shift — 6

For example, encoding the frame number 4228 in UTF-8:

total bytes < 3 1 1 1 O O O O 1
Shift 12 total bytes value -
3 — write unary with stop bit 1 :!'e ade? O Ocontgatigbitsol O
1 — write in 4 unsigned bits 1 O O O O 1 O 034
Shift — 12— 6 = 6 header: continuation bits:

2 — write in 2 unsigned bits

2 — write in 6 unsigned bits
shift <~ 6 -6 =20

2 — write in 2 unsigned bits

4 — write in 6 unsigned bits
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1.3. FLAC Encoding

Calculating CRC-8

Given a header byte and previous CRC-8 checksum, or 0 as an initial value:

checksum; = CRC8(byte xor checksum;_)

0x?70 0x71 0x72 0x?73 0x74 0x?75 0x76 0x?7 0x78 0x79 0x7A 0x7B 0x?7C 0x?D 0x?7E 0x?F
0x07? 0x00 0x07 0x0E 0x09 0x1C 0x1B 0x12 0x15 0x38 0x3F 0x36 0x31 0x24 0x23 0x2A 0x2D
0x17? 0x70 0x77 0x7E 0x79 0x6C 0x6B 0x62 0x65 0x48 0x4F 0x46 0x41 0x54 0x53 0x5A 0x5D
0x27? 0xEO0 0xE7 OxEE 0xE9 0xFC 0xFB 0xF2 0xF5 0xD8 0xDF 0xD6 0xD1 0xC4 0xC3 0xCA 0xCD
0x37? 0x90 0x97 0x9E 0x99 0x8C 0x8B 0x82 0x85 0xA8 OxAF 0xA6 OxA1 0xB4 0xB3 0xBA 0xBD
0x47? 0xC7 0xCO 0xC9 0xCE 0xDB 0xDC 0xD5 0xD2 OxFF 0xF8 0xF1 0xF6 O0xE3 0xE4 OxED OxEA
0x57 0xB7 0xBO 0xB9 0xBE 0xAB 0xAC 0xA5 0xA2 0x8F 0x88 0x81 0x86 0x93 0x94 0x9D 0x9A
0x67 0x27 0x20 0x29 0x2E 0x3B 0x3C 0x35 0x32 0x1F 0x18 0x11 0x16 0x03 0x04 0x0D 0x0A
0x77? 0x57 0x50 0x59 0x5E 0x4B 0x4C 0x45 0x42 0x6F 0x68 0x61 0x66 0x73 0x74 0x7D 0x7A
0x87 0x89 0x8E 0x87 0x80 0x95 0x92 0x9B 0x9C 0xB1 0xB6 0xBF 0xB8 0xAD O0xAA 0xA3 0xA4

0x97 0xF9 OxFE OxF7 0xFO 0xES 0xE2 O0xEB O0xEC 0xC1 0xCé 0xCF 0xC8 0xDD 0xDA 0xD3 0xD4
0xA? 0x69 0x6E 0x67 0x60 0x75 0x72 0x7B 0x7C 0x51 0x56 0x5F 0x58 0x4D 0x4A 0x43 0x44
0xB? 0x19 0x1E 0x17 0x10 0x05 0x02 0x0B 0x0C 0x21 0x26 0x2F 0x28 0x3D 0x3A 0x33 0x34
0xC? 0x4E 0x49 0x40 0x47 0x52 0x55 0x5C 0x5B 0x76 0x71 0x78 0x7F 0x6A 0x6D 0x64 0x63

0xD? 0x3E 0x39 0x30 0x37 0x22 0x25 0x2C 0x2B 0x06 0x01 0x08 0xOF Ox1A 0x1D 0x14 0x13
0xE? OxAE 0xA9 0xAO0 OxA7 0xB2 0xB5 0xBC 0xBB 0x96 0x91 0x98 0x9F 0x8A 0x8D 0x84 0x83
0xF? 0xDE 0xD9 0xDO 0xD7 0xC2 0xC5 0xCC 0xCB 0xE6 0xE1 0xE8 O0xEF OxFA 0xFD 0xF4 0xF3

Frame Header Encoding Example
Given a frame header with the following attributes:

block size : 4096 PCM frames
sample rate : 44100 Hz
channel assignment : 1 (2 channels stored independently)
bits per sample : 16
frame number : 0

we generate the following frame header bytes:

11111111111110[0[0
1100/1001{000 1|100|0
00000000(11000010

Note how the CRC-8 is calculated from the preceding 5 header bytes:

checksumy = CRC8(FF xor 00) = F3 checksums = CRC8(18 xor E6) = F4
checksum; = CRC8(F8 xor F3) = 31 checksumy = CRC8(00 xor F4) = C2
checksumy = CRC8(C9 xor 31) = E6
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1.3.4. Encoding a FLAC Subframe

Input: block size, signed subframe samples, subframe’s bits per sample
Output: a FLAC subframe

if all samples are the same then
| return|[CONSTANT subframe using sample,|
else

wasted BPS «+ |calculate wasted bits per sample for samp|e|
if wasted BPS > 0 then
for i <~ 0 to block size do
L sample; < sample; -+ 2"asted BPS

subframe’s BPS < subframe’s BPS — wasted BPS
VERBATIM subframe «+ |build VERBATIM subframe from sample |
FIXED subframe < [build FIXED subframe from sample |

if mazimum LPC order > 0 then /* from encoding parameters */
LPC parameters < |compute best LPC parameters from sample |
LPC subframe « |build LPC subframe from LPC parameters

if 1en(VERBATIM subframe) < min(len(LPC subframe) , len(FIXED subframe)) then
‘ return VERBATIM subframe

else if len(FIXED subframe) < len(LPC subframe) then
‘ return FIXED subframe

else
L return LPC subframe

else

if 1en(VERBATIM subframe) < len(FIXED subframe) then
‘ return VERBATIM subframe

else
L return FIXED subframe

Calculating Wasted Bits Per Sample

Input: a list of signed PCM samples
Output: an unsigned integer

wasted bps < oo /* maximum unsigned integer */
for i <— 0 to block size do
L wasted bps « min(wasted(sample;) , wasted bps)

if wasted bps = co then /* all samples are 0 */
‘ return 0

else
| return wasted bps

where the wasted function is defined as:

00 ife=0
wasted(z) = ¢ 0 ifrmod2=1
1+ wasted(z +~2) ifzmod2=0
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1.3.5. Encoding a CONSTANT Subframe

Input: signed subframe sample, subframe’s bits per sample

Output: a CONSTANT subframe

0 — write 1 unsigned bit

0 — write 6 unsigned bits

0 — write 1 unsigned bit

sample — write (subframe’s BPS) signed bits
return a CONSTANT subframe

1.3. FLAC Encoding

/* pad */
/* subframe type */
/* no wasted BPS */

Subframeo Subframe: | ... |
__________________ I
pad subframe type (0) has wasted BPS (0)
0 1 6 7
constant

subframe bps - 1

1.3.6. Encoding a VERBATIM Subframe

Input: signed subframe samples, subframe’s bits per sample

Output: a VERBATIM subframe

0 — write 1 unsigned bit
1 — write 6 unsigned bits
0 — write 1 unsigned bit
for i <— 0 to block size do
L sample, — write (subframe’s BPS) signed bits

return a VERBATIM subframe

Subframeo Subframe:

/* pad */
/* subframe type */
/* no wasted BPS */

pad subframe type (1)

1

has wasted BPS (0)

uncompressed sampleo uncompressed sample1

subframe bps - 1 subframe bps - 1

uncompressed samplez |

subframe bps - 1
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1.3.7. Encoding a FIXED Subframe

Input: signed subframe samples, subframe’s bits per sample, wasted BPS
Output: a FIXED subframe

/* first decide which FIXED subframe order to use */
for i < 0 to block size do /* order 0 */
L residualg ; <— sample;

block size—1
total errorg «— > |residualg ;|

i=4
if block size > 4 then
for order < 1 to 5 do /* order 1-4 x/
for i + 0 to block size — order do
L residualorder ¢ <— residual(orger—1) (i+1) — residual order—1) 4
block size—order—1

total errororder +— > [residualorder 4
i=4—order

choose subframe order such that total errorgrger is smallest
else
L use subframe order 0

/* then return a FIXED subframe with that order */
0 — write 1 unsigned bit /* pad */
1 — write 3 unsigned bits /* subframe type */

order — write 3 unsigned bits
if wasted BPS > 0 then
1 — write 1 unsigned bit
(wasted BPS — 1) — write unary with stop bit 1
else
L 0 — write 1 unsigned bit

for ¢ + 0 to order do /* warm-up samples */
L sample, — write (subframe’s BPS) signed bits

|Write encoded residual block based on residualorger’s signed values|

return a FIXED subframe

Subframeo Subframe:
pad type (1) order has wasted BPS| wasted BPS (+1)
0 1 314 6 7
_
warm-up sampleo warm-up sample: warm-up samplez
0 subframe bps-1 | 0 subframe bps-1 | O subframe bps - 1

residual block
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FIXED Subframe Calculation Example

1.3. FLAC Encoding

Given the subframe samples: 18, 20, 26, 24, 24, 23, 21, 24, 23, 20:

order O | order 1 | order 2 | order 3 | order 4

residual, ¢ 18 2 4 -12 22
residual, 1 20 6 -8 10 -13
residual, 2 26 -2 2 -3 3
residual, 3 24 0 -1 0 6
residual, 4 24 -1 -1 6 -15
residual, 5 23 -2 5 -9 11
residual, ¢ 21 3 -4 2

residual, 7 24 -1 -2

residual, g 23 -3

residual, g 20
total error, 135 10 15 30 | 70

Note how the total number of residuals equals the total number of samples minus the
subframe’s order, to account for the warm-up samples. Also note that if you remove the
first 4 — order residuals and sum the absolute value of the remaining residuals, the result is
the ‘total error’ value used when calculating the best FIXED subframe order.
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1.3.8. Residual Encoding

46

Input: a set of signed residual values, the subframe’s block size and predictor order, minimum and
maximum partition order from encoding parameters
Output: an encoded block of residuals

/* calculate best partition order and Rice parameters for that order */
for o « minimum partition order to (mazimum partition order + 1) do
if (block size mod 2°) = 0 then
‘ (Rice, , partition, , partition size,) + Iencode residual partition(s) with order ol
else
L break

choose partition order o such that partition size, is smallest

if max(Rice,) > 14 then
‘ coding method + 1
else
L coding method < 0

/* write 1 or more residual partitions to residual block */
coding method — write 2 unsigned bits
o — write 4 unsigned bits
for p + 0 to 2° do
if coding method = 0 then
| Rice, , — write 4 unsigned bits
else
L Rice, p — write 5 unsigned bits

if p =0 then

| partition length, , < block size + 2° — predictor order
else

L partition length, , < block size + 2°

for i < 0 to partition length, , do /* write residual partition */
if partition,, , ; > 0 then

‘ unsigned, < partition,, , ; X 2
else

L unsigned; < (—partition, , ; —1) x 2+1
MSB; ¢ |unsigned, < 27|
LSB; < unsigned, — (MSB; x 2Rice)
MSB; — write unary with stop bit 1
LSB,;, — write Rice unsigned bits

return encoded residual block



1.3. FLAC Encoding

Encoding Partitions

Input: partition order o, predictor order, residual values, block size, maximum Rice parameter
Output: Rice parameter, residual partitions, total estimated size

partition size, < 0

for p < 0 to 2° do /* split residuals into partitions */
if p =0 then

‘ plength, , < block size + 2° — predictor order
else

| plength,, ,, < block size =+ 2°

partition, , <— get next plength, , values from residual

plength, ,,—1

partition sum, , + > |partition, , |
i=0
Rice, p <+ 0 /* compute best Rice parameter for partition */
while plength, , x 28 » < partition sum, , do
if Rice, , < maximum Rice parameter then
‘ Rice, p < Rice, p +1
else
L break

if Rice, » > 0 then /* add estimated size of partition to total size */
titi . titi . 4 14Ri | th partition sum,, p plength,, p
partition size, < partition size, +4+ ((1+Rice, ;) X plength,, )+ Reeo g1 0 | — 5
else

t partition size, < partition size, + 4 + plength,, , + (partition sum, , x 2) — L%J

return (Rice, , partition, , partition size,)

FIXED or LPC subframe data

coding method | partition order partitiono partition: |
0 112 516
2 b - - = J
method = 0 | Rice parameter | escape code encoded residuals
0 314 8
method =1 Rice parameter escape code encoded residuals
0 415 9
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Residual Encoding Example

Given a block size of 10 and the residuals 2, 6, -2, 0, -1, -2, 3, -1, -3:

for partition order = 0:

partitiony o < [2, 6, -2, 0, -1, -2, 3, -1, -3]
partition sumg ¢ <~ 2+6+24+0+14+2+34+14+3=20
Ricep o 1 (9x2° <20, 9x2' <20, 9x2%>20)

which is encoded to encoded residualsg ¢:

001/0/000000O01(0|0 12

27

MSBo LSBo MSB:1 LSB1 MSB:2 LSB2 | MSBs
O(1]/1]/0 1|1|l0 0 0 1/0|2|2|l0 0 1
LSBs | MSBa4| LSBa4 MSBs LSBs MSBe LSBs | MSB7 | LSB~ MSBs

1

LSBs

for partition order (porder) = 1:

partition; o < [2, 6, -2, 0]
partition sum; o <~ 2+6+2+0 =10
Rice; g1 (4x2°<10, 4x2' <10, 4% 22 > 10)

which is encoded to encoded residualsy go:

001/0/000000O01(0|0 1]2

MSBo LSBo MSB1 LSB1 MSB2 LSB2 | MSBs

LSBs

27

partition; ; «+ [-1, -2, 3, -1, -3]
partition sum; { <~ 1+2+3+14+3=10
Rice; 1+ 1 (4x2°<10, 4x2' <10, 4 x 22 > 10)

which is encoded to encoded residualsy 1:

1/1/0 1/1/0 0 0 1|0(1]|1]|0 O 1

MSBo| LSBo MSB:1 LSB: MSB: LSB2 | MSBs| LSBs MSB4 LSBa4

B3

Since partition order 0’s 33 bits, + 4 bits for one partition header, is smaller than partition
order 1’s 17 bits + 16 bits + 8 bits for two partition headers, the ideal partition order for
these residuals is 0.
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1.3. FLAC Encoding

The 33 bit partition is packaged into a complete residual block in which:

partitiong g+ 2,

Riceg g <+ 1
partition order <+ 0
coding method <0

6,

-2,

o, -1, -2, 3,

-1, -3

coding

partition order

00/00O0O

0001

Rice pa

rameter

00

MSBo

1

LSBo

0

48

0

MSB1

00O0O1(0l0 1|1(2|0|1|1]0 1|7
000 1/0(1|1|00 1|1

Finally, we package these residuals into a FIXED subframe in which:

predictor order <
warm-up sample, <

1
18

0|0 O

1

pad subframe type

0

01

predictor order

12

asted

warm-up sampleo

00000000

00010010

warm-up sampleo

00

coding

0000O

partition order

H

0

5

ice parameter

01001

0|0

g

00001

0

Rice parametgr MSBo LSBo MSB:1 LSB1 MSB2
1{1|0|1|1|0 1|1]0 0 0 1|0|1|1|0
LSB2 | MSB3| LSBs | MSB4 | LSBa4 MSBs LSBs MSBs LSBs | MSB7| LSB7 | MSBs

01|1

S LSBs

Reducing our 10, 16-bit samples from a total of 160 bits down to only 67 bits - or about
40% of their original size.
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1. Free Lossless Audio Codec

1.3.9. Computing Best LPC Parameters

50

Input: signed subframe samples, encoding parameters
Output: LPC parameters

/* windowed sample count equals subframe sample count */
windowed
/* autocorrelation value count equals the maximum LPC order + 1 */

autocorrelation < [autocorrelate windowed |

if len(autocorrelation) > 1 and autocorrelation aren’t all 0.0 then

else

if not ezxhaustive model search then

return LPC parameters «—

(LP coefficients , error) «— [compute LP coefficients from autocorrelation |

/* from encoding parameters */
/* estimate which set of LP coefficients is the smallest and return those */
0 < lestimate best order from error, sample count and bits per sample|

LPC parameters,, < |quantize LP coefficients at order of

return LPC parameters,

else

/* build a complete LPC subframe from each set of LP coefficients and return
the parameters of the one which is smallest */
for o0 <~ 1 to mazimum LPC order + 1 do
LPC parameters, + |quantize LP coefficients at order of
L LPC subframe data, < [build LPC subframe from LPC parameters |

choose predictor order o whose LPC subframe data, block is smallest

return LPC parameters,

/* all samples are 0O, so return very basic coefficients */

predictor order <+ 0
QLP coefficients +  [0]

QLP precision <+ 2
QLP shift needed <« 0



1.3. FLAC Encoding

Windowing the Input Samples
Input: a list of signed input sample integers
Output: a list of signed windowed samples as floats

for 7 < 0 to block size do
L windowed; = sample; x tukey(i)
return windowed
The ‘Tukey’ function is defined as:

L [14cos (7 x (52525 1)) if0.<n< @1
tukey(n) = {1 if 20D < < (N-1)x(1-2
bx [14cos(rx (28n - 2+1))] #(V-1x(1-5)<n<(N-1)

Where N is the total number of samples and « is 1/2.

the Tukey Window

i | sample; | tukey(i) | windowed; T/ tukey() |

0 18 0 0.0 ol | \

1 20 41 8.2 / \

2 26 97 25.2 g o |
3 24 1 24.0 ol |
4 24 1 24.0 | \
5 23 1 23.0 oaf |
6 21 1 21.0 e
7 24 97 23.3 % 500 1000 1500 . pzl(;o:umherzsoo 3000 3500 4000
8 23 41 9.4

9 20 0 0.0
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Performing Autocorrelation

Input: a list of signed windowed samples, the maximum LPC order
Output: a list of signed autocorrelation values
for [ +— 0 to (max LPC order + 1) do

block size—[—1
autocorrelated; = > windowed; x windowed; ;
i=0
For example, given the windowed samples: 0.0, 8.2, 25.2, 24.0, 24.0, 23.0, 21.0,
23.3, 9.4, 0.0 and a maximum LPC order of 3:

0.0 x 0.0 = 0.00 0.0 8.2 | 25.2 | 24.0 | 24.0 | 23.0 | 21.0 | 23.3 | 9.4 0.0
8.2 X 8.2 = 67.24
25.2 x 25.2 =  635.04 . . . . . . . . . .
24.0 X 24.0 = 576.00
24.0 x 24.0 = 576.00 0.0 8.2 | 25.2 | 24.0 | 24.0 | 23.0 | 21.0 | 23.3 | 9.4 0.0
23.0 X 23.0 = 529.00
21.0 X 21.0 = 441.00
23.3 X 23.3 = 542.89
9.4 X 9.4 = 88.36
0.0 X 0.0 = 0.00
autocorrelatedy =  3455.53
0.0 X 8.2 = 0.00 ‘o.o ‘ 8.2 | 25.2 | 24.0 | 24.0 | 23.0 | 21.0 | 23.3 9.4‘ |
8.2 X 25.2 = 206.64 1 1 1 I 1 1 1 1 !
25.2 X 24.0 = 604.80 x x x x x x x x x
24.0 X 24.0 = 576.00 [
24.0 x 23.0 = 552.00 ‘s.z 25.2 | 24.0 | 24.0 | 23.0 | 21.0 | 23.3 | 9.4 ‘ o.o‘
23.0 x 21.0 =  483.00 "
21.0 X 23.3 = 489.30
23.3 X 9.4 = 219.02
9.4 X 0.0 = 0.00
autocorrelated; = 3130.76
0.0 X 25.2 = 0.00 0.0 8.2 | 25.2 | 24.0 | 24.0 | 23.0 | 21.0 | 23.3 | |
8.2 X 24.0 = 196.80 S ‘
25.2 X 24.0 = 604.80 * * * x x * * *
24.0 x 23.0 = 552.00 . 1
| | 25.2 24.0 24.0 23.0 21.0 23.3 9.4 0.0
24.0 X 21.0 = 504.00 [ (N
23.0 X 23.3 = 535.90
21.0 X 9.4 = 197.40
23.3 X 0.0 = 0.00
autocorrelateds = 2590.90
0.0 X 24.0 = 0.00 0.0 8.2 | 25.2 | 24.0 | 24.0 | 23.0 | 21.0 | | |
8.2 X 24.0 =  196.80 IR
256.2 x 23.0 = 579.60 ,________ ..~ .~ *» " " "”
24.0 X 21.0 = 504.00 | | | 24.0 | 24.0 | 23.0 | 21.0 | 23.3 | 9.4 | 0.0
24.0 x 23.3 =  559.20 77 s
23.0 X 9.4 = 216.20
21.0 X 0.0 = 0.00
autocorrelateds =  2055.80

Note that the total number of autocorrelation values equals the maximum LPC order + 1.
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1.3. FLAC Encoding

LP Coefficient Calculation

Input: a list of autocorrelation floats, the maximum LPC order
Output: a list of LP coefficient lists, a list of error values

Ko < autocorrelated; + autocorrelatedg
LP coefficiento o <+ ko
errory  +  autocorrelatedy x (1 — o?)

for i + 1 to max LPC order do
/* "zip" all of the previous row’s LP coefficients

and the reversed autocorrelation values from 1 to i + 1

into (c,a) pairs

¢ is autocorrelated;1; minus the sum of those multiplied (c,a) pairs */
q; < autocorrelated; 1
for j <+~ 0 to i do
L ¢i < qi — (LP coefficient(;_1) ; X autocorrelated; ;)

/* "zip" all of the previous row’s LP coefficients
and the previous row’s LP coefficients reversed into (c,r) pairs */
Ki = @i + error;_1
for j + 0 to i do
/* then build a new coefficient list of ¢— (k; *r) for each (c,r) pair */
L LP coefficient; ; <— LP coefficient(;_1) ; — (i x LP coefficient;_1y (;—;—_1))

LP coefficient; ; + k; /* and append k; as the final coefficient in that list */

error; < error;—1 x (1 — k;?)

return (LP coefficient , error)

Given a maximum LPC order of 3 and 4 autocorrelation values:

Ko 4— autocorrelation; < autocorrelationg
LP coefficienty g + ko
errorg < autocorrelationg x (1 — Ko”)
i=1
q1 + autocorrelationz — (LP coefficienty o X autocorrelation;)
K1 < @1 — errorg
LP coefficient; o < LP coefficienty o — (k1 x LP coefficientg o)
LP coefficient; 1 < &1
errory < errorg X (1 — /-@12)
1=2
g2 + autocorrelations — (LP coefficient; ¢ x autocorrelations + LP coefficient; 1 x autocorrelation;)
K2 <= @2 = errory
LP coefficientz o < LP coefficient; o — (k2 x LP coefficient; 1)
LP coefficientz 1 < LP coefficient; 1 — (k2 x LP coefficient; o)
LP coefficients 2 < k2

2
errorg < errory X (1 — K2”)
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Performing this calculation with the autocorrelation values 3455.53, 3130.76, 2590.90,
2055.80:

Ko <= 3130.76 = 3455.53 = 0.906
LP coefficientg o < 0.906
errorg  3455.53 x (1 — 0.906°) = 619.107
i=1
q1 < 2590.90 — (0.906 x 3130.76) = —245.569
K1 < —245.569 < 619.107 = —0.397
LP coefficient: o < 0.906 — (—0.397 x 0.906) = 1.266
LP coefficient; 1 <— —0.397
error;  619.107 x (1 — —0.397°) = 521.530
i=2
g2 < 2055.80 — (1.266 x 2590.90 + —0.397 x 3130.76) = 18.632
K2 < 18.632 < 521.53 = 0.036
LP coefficient; ¢ < 1.266 — (0.036 x —0.397) = 1.28
LP coefficientz 1 + —0.397 — (0.036 x 1.266) = —0.443
LP coefficients 2 <— 0.036
errors + 521.53 x (1 — 0.036%) = 520.854

With the final result of:

order LP coefficients
1] 0.906
211.266 -0.397
311.280 -0.443 0.036

and error values: 619.107, 521.530, 520.854
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1.3. FLAC Encoding

Estimating Best Order

Input: floating point error values, block size, bits per sample,
QLP precision and maximum LPC order from encoding parameters
Output: the best estimated order value to use

log, (2)*
error scale « Block Size32

best subframe bits + maximum floating point
for i < 0 to max LPC order do
o+ 1+1
if error; > 0.0 then
header bits, < predictor order x (bits per sample + QLP precision)

. . 1 i |
bits per residual, < max ( o (error; X error scale) , 0.0>

/* current order */

log,(2)x2
subframe bits, «— header bits, + bits per residual,, x (block size — predictor order)
else if error; = 0.0 then
L return o

return o such as subframe bits, is smallest
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Quantizing LP Coefficients

56

Input: LP coefficients, a positive order value,
QLP precision from encoding parameters
Output: QLP coefficients as a list of integers,
QLP shift needed as a non-negative integer

| + maximum |[c| for ¢ in LP coefficientgger—1) o to LP coefficient order—1) order

QLP shift < (QLP precision — 1) — ([logy ()] — 1) — 1

if QLP shift > 2% — 1 then /* must fit into signed 5 bit field */
| QLP shift + 2 — 1

else if QLP shift < —(2%) then
L return error /* too much shift required for coefficients */

/* QLP min and max are the smallest and largest QLP coefficients that
fit in a signed field that’s "(QLP precision" bits wide */

QLP max < 2QLP precision—1 __ 1

QLP min « _(2QLP precision—l)

error <— 0.0

if QLP shift > 0 then

for i < 0 to order do
error < error + LP coefficientgrger—1 § X
QLP coefficient; < min(max(round(error) , QLP min) , QLP max)
error < error — QLP coefficient;

return (QLP coefficient , QLP shift)

else /* negative shifts are not allowed, so shrink coefficients */
for i < 0 to order do
error < error + LP coefficientoger—1 § + 2~ QLP shift
QLP coefficient; < min(max(round(error) , QLP min) , QLP max)
error < error — QLP coefficient;

return (QLP coefficient , 0)

2QLP shift




1.3. FLAC Encoding

For example, given the LP coefficients [1.280, -0.443, 0.036], an order of 3 and a
QLP precision 12:

I+ 1.280
QLP shift < 12 — [log,(1.280)] — 2 = 10
QLP max < 2047
QLP min < —2048
error <— 0.0
1=0
error < 0.0 + 1.280 x 2'° = 1310.72
QLP coefficienty + 1311
error < 1310.72 — 1311 = —0.28
1=1
error <— —0.28 + —0.443 x 2'% = —453.912
QLP coefficient; < —454
error < —453.912 — —454 = 0.088
1=2
error < 0.088 + 0.036 x 2'9 = 36.952
QLP coefficienty < 37
error < 36.952 — 37 = —0.048

Resulting in the QLP coefficients 1311, -454, 37 and a QLP shift of 10. These values, in
addition to QLP precision, are inserted directly into a desired QLP subframe header and
are also used to calculate its residuals.
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1. Free Lossless Audio Codec

1.3.10. Encoding an LPC Subframe

Input: signed subframe samples, subframe order, QLP coefficients, QLP precision,

QLP shift needed, subframe’s bits per sample, wasted BPS

Output: an LPC subframe

0 — write 1 unsigned bit
1 — write 1 unsigned bit
(predictor order — 1) — write 5 unsigned bits

if wasted BPS > 0 then

1 — write 1 unsigned bit
(wasted BPS — 1) — write unary with stop bit 1

else

L 0 — write 1 unsigned bit

for ¢ < 0 to predictor order do
L sample; — write (bits per sample) signed bits

/* subframe type

/* warm-up samples

(QLP precision — 1) — write 4 unsigned bits

QLP shift — write 5 signed bits

for ¢ + 0 to predictor order do
L QLP coefficient; — write (QLP precision) signed bits

for ¢ <+ 0 to block size — predictor order do

predictor order—1

residual; < samplei—l—predictor order —

/* QLP coefficients

*/
*/

/* pad

*/

/* calculate signed residuals */

QLP coefficient; xsample
Jj=0

i+ predictor order—j—1

5QLP shift

write encoded residual block based on signed residual values

return LPC subframe

pad

subframe type (1)

subframe order (+

2

1)| has wasted BPS

6

warm up sampleo

subframe bps - 1

warm up sample

subframe bps - 1

warm up sample2
subframe bps - 1

—_ —_—- —_- —_- —_- —_- = o

—_

QLP precision +1)

3|4

QLP shift needed

QLP coefficiento

QLP precision - 1

QLP coefficient:

QLP precision - 1

QLP coefficientz

QLP precision - 1

re5|dual block
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LPC Subframe Residuals Calculation Example

samples :

order :

QLP precision :
QLP shift :

QLP coefficients :

residualy < 24 —

residual; <+ 24 —

residualy <+ 23 —

residualg <+ 21 —

residualy <+ 24 —

residuals + 23 —

residualg <+ 20 —

18, 20, 26, 24, 24, 23, 21, 24, 23,

3
12
10

1311, -454, 37

1311 x 26 + —454 x 20 + 37 x 18

210

210

210

210

210

210

210

1311 x 24 + —454 X 26 + 37 x 20 |
(1311 x 24 + —454 x 24 + 37 x 26
(1311 x 23 + —454 x 24 4 37 x 24 |
(1311 x 21 + —454 x 23 + 37 x 24 |
1311 x 24 + —454 x 21 4 37 x 23 |

11311 x 23 + —454 x 24 + 37 x 21 |

1.3. FLAC Encoding

20
_og— | P02 oy 95—
| 1024 |
20400
=24 || =24-19=
| 1024 | V=9
21530
‘_%__Tﬁi__%_21_2
PR o) S R T
| 1024 |
17977
=24 || =24-17=
| 1024 | =T
22781
=23 || =23-22=1
? | 1024 | 3
20034
=20— |2 =20-19=1
0 | 1024 | 019

Leading to a final set of 7 residual values: -1, 5, 2, 2, 7, 1, 1. Encoding them to a
residual block, our final LPC subframe is:

0

pad

1

type

00O

10

order (+1)

44

asted

000000000001 0010

warm-up sampleo

00000000

00010100

warm-up samplei

warm-up sample:

00000000

00011010

warm-up samplez

1011

QLP precision (+1)

01010

QLP shift needed QLP coefficiento

0101000

11111

QLP coefficiento

QLP coefficient:

111000111010

QLP coefficientz

0000001

00101

00

coding

g

00O

artition order

0001

Rice parameter

02

1

LSBo

000O0O

MSBo

1

82

LSB.

QLP coefficientz

0010

MSB: LSB2

01

MSBs

22

0

LSBs

00000001

MSB4

0 1{0(0 1

LSBs MSBs

0

LSBa4

0

LSBs

99




1. Free Lossless Audio Codec

1.3.11. Calculating Frame CRC-16

CRC-16 is used to checksum the entire FLAC frame, including the header and any padding
bits after the final subframe. Given 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; = CRC16(byte xor (checksum; ;1 > 8)) xor (checksum;_; < 8) (1.2)
and the checksum is always truncated to 16-bits.

0x70 0x71 0x72 0x73 0x74 0x7?5 0x76 0x?7 0x78 0x79 0x7A 0x7B 0x7?C 0x7?D 0x7E 0x?F
0x07 0000 8005 800f 000a 801b 001e 0014 8011 8033 0036 003c 8039 0028 802d 8027 0022
0x1? 8063 0066 006¢c 8069 0078 807d 8077 0072 0050 8055 805f 005a 804b 004e 0044 8041
0x27 80c3 00c6 00cc 80c9 00d8 80dd 8047 0042 00£0 80£f5 80ff 00fa 80eb 00ee 00e4 80el
0x37 00a0 80ab 80af 00aa 80bb 00be 00b4 80b1l 8093 0096 009¢c 8099 0088 808d 8087 0082
0x47 8183 0186 018c 8189 0198 819d 8197 0192 01b0 81b5 81bf O1lba 8lab Olae 0lad 8lal
0x57 01e0 81leb 8lef Olea 81fb O1fe 01f4 81f1 81d3 01d6 01dc 81d9 01c8 81cd 81c7 01c2
0x67 0140 8145 814f 014a 815b 015e 0154 8151 8173 0176 017c¢ 8179 0168 816d 8167 0162
0x77 8123 0126 012c 8129 0138 813d 8137 0132 0110 8115 811f O1la 810b 010e 0104 8101
0x87 8303 0306 030c 8309 0318 831d 8317 0312 0330 8335 833f 033a 832b 032e 0324 8321
0x97 0360 8365 836f 036a 837b 037e 0374 8371 8353 0356 035c¢ 8359 0348 834d 8347 0342
0xA? 03c0 83ch 83cf 03ca 83db 03de 03d4 83d1 83f3 03f6 03fc 83f9 03e8 83ed 83e7 03e2
0xB? 83a3 03a6 03ac 83a9 03b8 83bd 83b7 03b2 0390 8395 839f 039a 838b 038e 0384 8381
0xC? 0280 8285 828f 028a 829b 029e 0294 8291 82b3 02b6 02bc 82b9 02a8 82ad 82a7 02a2
0xD? 82e3 02e6 02ec 82e9 02£8 82fd 82f7 02f2 02d0 82d5 82df 02da 82cb 02ce 02c4 82c1
0xE? 8243 0246 024c 8249 0258 825d 8257 0252 0270 8275 827f 027a 826b 026e 0264 8261
0xF? 0220 8225 822f 022a 823b 023e 0234 8231 8213 0216 021c 8219 0208 820d 8207 0202

For example, given the frame bytes: FF F8 CC 1C 00 CO EB 00 00 00 00 00 00 00 00,

the frame’s CRC-16 can be calculated:

Thus, the next two bytes after the final subframe should be 0xF0 and 0x93. Again, when the checksum bytes are run

checksumg = CRC16(0xFF xor (0x0000 > 8)) xor (0x0000 < 8) = CRC16(0xFF) xor 0x0000 = 0x0202
checksum; = CRC16(0xF8 xor (0x0202 >> 8)) xor (0x0202 < 8) = CRC16(0xFA) xor 0x0200 = 0x001C
checksumy = CRC16(0xCC xor (0x001C > 8)) xor (0x001C < 8) = CRC16(0xCC) xor 0x1C00 = 0x1EA8
checksums = CRC16(0x1C xor (0x1EA8 >> 8)) xor (0x1EA8 < 8) = CRC16(0x02) xor 0xA800 = 0x280F
checksumy = CRC16(0x00 xor (0x280F >> 8)) xor (0x280F < 8) = CRC16(0x28) xor 0xOF00 = 0xOFFO
checksums = CRC16(0xC0 xor (0xOFFO >> 8)) xor (0xOFF0 < 8) = CRC16(0xCF) xor 0xF000 = 0xF2A2
checksumg = CRC16(0xEB xor (0xF2A2 > 8)) xor (0xF2A2 < 8) = CRC16(0x19) xor 0xA200 = 0x2255
checksum7 = CRC16(0x00 xor (0x2255 > 8)) xor (0x2255 <« 8) = CRC16(0x22) xor 0x5500 = 0x55CC
checksumg = CRC16(0x00 xor (0x55CC > 8)) xor (0x55CC < 8) = CRC16(0x55) xor 0xCCO0 = OxCDFE
checksumg = CRC16(0x00 xor (0xCDFE >> 8)) xor (0xCDFE <« 8) = CRC16(0xCD) xor OxFE0O = 0x7CAD
checksumig = CRC16(0x00 xor (0x7CAD > 8)) xor (0x7CAD < 8) = CRC16(0x7C) xor 0xADOO = 0x2COB
checksumj; = CRC16(0x00 xor (0x2COB > 8)) xor (0x2C0B < 8) = CRC16(0x2C) xor 0x0BOO = 0x8BEB
checksumiz = CRC16(0x00 xor (0x8BEB >> 8)) xor (0x8BEB < 8) = CRC16(0x8B) xor 0xEBOO = 0xE83A
checksumi3 = CRC16(0x00 xor (0xE83A >> 8)) xor (0xE83A < 8) = CRC16(0xE8) xor 0x3A00 = 0x3870
checksumi4 = CRC16(0x00 xor (0x3870 > 8)) xor (0x3870 < 8) = CRC16(0x38) xor 0x7000 = 0xF093

through the checksumming procedure:

the result will also always be 0, just as in the CRC-8.
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checksumis = CRC16(0xFO xor (0xF093 >> 8)) xor (0xF093 < 8) = CRC16(0x00) xor 0x9300 = 0x9300
checksumig = CRC16(0x93 xor (0x9300 > 8)) xor (0x9300 < 8) = CRC16(0x00) xor 0x0000 = 0x0000
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B.

License

N0l

THE WORK (AS DEFINED BELOW) IS PROVIDED UNDER THE TERMS OF THIS
CREATIVE COMMONS PUBLIC LICENSE (“CCPL” OR “LICENSE”). THE WORK IS
PROTECTED BY COPYRIGHT AND/OR OTHER APPLICABLE LAW. ANY USE OF
THE WORK OTHER THAN AS AUTHORIZED UNDER THIS LICENSE OR COPY-
RIGHT LAW IS PROHIBITED.

BY EXERCISING ANY RIGHTS TO THE WORK PROVIDED HERE, YOU AC-
CEPT AND AGREE TO BE BOUND BY THE TERMS OF THIS LICENSE. TO THE
EXTENT THIS LICENSE MAY BE CONSIDERED TO BE A CONTRACT, THE LI-
CENSOR GRANTS YOU THE RIGHTS CONTAINED HERE IN CONSIDERATION OF
YOUR ACCEPTANCE OF SUCH TERMS AND CONDITIONS.

B.1. Definitions

1.

“Adaptation” means a work based upon the Work, or upon the Work and other
pre-existing works, such as a translation, adaptation, derivative work, arrangement of
music or other alterations of a literary or artistic work, or phonogram or performance
and includes cinematographic adaptations or any other form in which the Work may
be recast, transformed, or adapted including in any form recognizably derived from
the original, except that a work that constitutes a Collection will not be considered
an Adaptation for the purpose of this License. For the avoidance of doubt, where the
Work is a musical work, performance or phonogram, the synchronization of the Work
in timed-relation with a moving image (“synching”) will be considered an Adaptation
for the purpose of this License.

. “Collection” means a collection of literary or artistic works, such as encyclopedias

and anthologies, or performances, phonograms or broadcasts, or other works or sub-
ject matter other than works listed in Section 1(f) below, which, by reason of the
selection and arrangement of their contents, constitute intellectual creations, in which
the Work is included in its entirety in unmodified form along with one or more other
contributions, each constituting separate and independent works in themselves, which
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B. License

66

together are assembled into a collective whole. A work that constitutes a Collec-
tion will not be considered an Adaptation (as defined below) for the purposes of this
License.

. “Creative Commons Compatible License” means a license that is listed at

http://creativecommons.org/compatiblelicenses|that has been approved by Cre-
ative Commons as being essentially equivalent to this License, including, at a mini-
mum, because that license: (i) contains terms that have the same purpose, meaning
and effect as the License Elements of this License; and, (ii) explicitly permits the reli-
censing of adaptations of works made available under that license under this License
or a Creative Commons jurisdiction license with the same License Elements as this
License.

. “Distribute” means to make available to the public the original and copies of the

Work or Adaptation, as appropriate, through sale or other transfer of ownership.

. “License Elements” means the following high-level license attributes as selected by

Licensor and indicated in the title of this License: Attribution, ShareAlike.

. “Licensor” means the individual, individuals, entity or entities that offer(s) the Work

under the terms of this License.

. “Original Author” means, in the case of a literary or artistic work, the individual,

individuals, entity or entities who created the Work or if no individual or entity can
be identified, the publisher; and in addition (i) in the case of a performance the actors,
singers, musicians, dancers, and other persons who act, sing, deliver, declaim, play
in, interpret or otherwise perform literary or artistic works or expressions of folklore;
(ii) in the case of a phonogram the producer being the person or legal entity who first
fixes the sounds of a performance or other sounds; and, (iii) in the case of broadcasts,
the organization that transmits the broadcast.

. “Work” means the literary and/or artistic work offered under the terms of this

License including without limitation any production in the literary, scientific and
artistic domain, whatever may be the mode or form of its expression including digital
form, such as a book, pamphlet and other writing; a lecture, address, sermon or other
work of the same nature; a dramatic or dramatico-musical work; a choreographic
work or entertainment in dumb show; a musical composition with or without words; a
cinematographic work to which are assimilated works expressed by a process analogous
to cinematography; a work of drawing, painting, architecture, sculpture, engraving
or lithography; a photographic work to which are assimilated works expressed by a
process analogous to photography; a work of applied art; an illustration, map, plan,
sketch or three-dimensional work relative to geography, topography, architecture or
science; a performance; a broadcast; a phonogram; a compilation of data to the extent


http://creativecommons.org/compatiblelicenses

10.

11.

B.2. Fair Dealing Rights.

it is protected as a copyrightable work; or a work performed by a variety or circus
performer to the extent it is not otherwise considered a literary or artistic work.

“You” means an individual or entity exercising rights under this License who has not
previously violated the terms of this License with respect to the Work, or who has
received express permission from the Licensor to exercise rights under this License
despite a previous violation.

“Publicly Perform” means to perform public recitations of the Work and to com-
municate to the public those public recitations, by any means or process, including
by wire or wireless means or public digital performances; to make available to the
public Works in such a way that members of the public may access these Works from
a place and at a place individually chosen by them; to perform the Work to the public
by any means or process and the communication to the public of the performances of
the Work, including by public digital performance; to broadcast and rebroadcast the
Work by any means including signs, sounds or images.

“Reproduce” means to make copies of the Work by any means including without
limitation by sound or visual recordings and the right of fixation and reproducing
fixations of the Work, including storage of a protected performance or phonogram in
digital form or other electronic medium.

B.2. Fair Dealing Rights.

Nothing in this License is intended to reduce, limit, or restrict any uses free from copyright
or rights arising from limitations or exceptions that are provided for in connection with the
copyright protection under copyright law or other applicable laws.

B.3. License Grant.

Subject to the terms and conditions of this License, Licensor hereby grants You a worldwide,
royalty-free, non-exclusive, perpetual (for the duration of the applicable copyright) license
to exercise the rights in the Work as stated below:

1.

2.

to Reproduce the Work, to incorporate the Work into one or more Collections, and
to Reproduce the Work as incorporated in the Collections;

to create and Reproduce Adaptations provided that any such Adaptation, including
any translation in any medium, takes reasonable steps to clearly label, demarcate
or otherwise identify that changes were made to the original Work. For example,
a translation could be marked “The original work was translated from English to
Spanish,” or a modification could indicate “The original work has been modified.”;
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3. to Distribute and Publicly Perform the Work including as incorporated in Collections;

and,

4. to Distribute and Publicly Perform Adaptations.

5. For the avoidance of doubt:

a) Non-waivable Compulsory License Schemes. In those jurisdictions in
which the right to collect royalties through any statutory or compulsory licensing
scheme cannot be waived, the Licensor reserves the exclusive right to collect such
royalties for any exercise by You of the rights granted under this License;

b) Waivable Compulsory License Schemes. In those jurisdictions in which the
right to collect royalties through any statutory or compulsory licensing scheme
can be waived, the Licensor waives the exclusive right to collect such royalties
for any exercise by You of the rights granted under this License; and,

¢) Voluntary License Schemes. The Licensor waives the right to collect royalties,
whether individually or, in the event that the Licensor is a member of a collecting
society that administers voluntary licensing schemes, via that society, from any
exercise by You of the rights granted under this License.

The above rights may be exercised in all media and formats whether now known or

hereafter devised. The above rights include the right to make such modifications as are
technically necessary to exercise the rights in other media and formats. Subject to Section
8(f), all rights not expressly granted by Licensor are hereby reserved.

B.4. Restrictions.

The license granted in Section 3 above is expressly made subject to and limited by the
following restrictions:

68

1. You may Distribute or Publicly Perform the Work only under the terms of this License.

You must include a copy of, or the Uniform Resource Identifier (URI) for, this License
with every copy of the Work You Distribute or Publicly Perform. You may not offer
or impose any terms on the Work that restrict the terms of this License or the ability
of the recipient of the Work to exercise the rights granted to that recipient under the
terms of the License. You may not sublicense the Work. You must keep intact all
notices that refer to this License and to the disclaimer of warranties with every copy
of the Work You Distribute or Publicly Perform. When You Distribute or Publicly
Perform the Work, You may not impose any effective technological measures on the
Work that restrict the ability of a recipient of the Work from You to exercise the
rights granted to that recipient under the terms of the License. This Section 4(a)
applies to the Work as incorporated in a Collection, but this does not require the



B.4. Restrictions.

Collection apart from the Work itself to be made subject to the terms of this License.
If You create a Collection, upon notice from any Licensor You must, to the extent
practicable, remove from the Collection any credit as required by Section 4(c), as
requested. If You create an Adaptation, upon notice from any Licensor You must, to
the extent practicable, remove from the Adaptation any credit as required by Section
4(c), as requested.

. You may Distribute or Publicly Perform an Adaptation only under the terms of: (i)
this License; (ii) a later version of this License with the same License Elements as this
License; (iii) a Creative Commons jurisdiction license (either this or a later license
version) that contains the same License Elements as this License (e.g., Attribution-
ShareAlike 3.0 US)); (iv) a Creative Commons Compatible License. If you license the
Adaptation under one of the licenses mentioned in (iv), you must comply with the
terms of that license. If you license the Adaptation under the terms of any of the
licenses mentioned in (i), (ii) or (iii) (the “Applicable License”), you must comply
with the terms of the Applicable License generally and the following provisions: (I)
You must include a copy of, or the URI for, the Applicable License with every copy
of each Adaptation You Distribute or Publicly Perform; (II) You may not offer or
impose any terms on the Adaptation that restrict the terms of the Applicable License
or the ability of the recipient of the Adaptation to exercise the rights granted to that
recipient under the terms of the Applicable License; (III) You must keep intact all
notices that refer to the Applicable License and to the disclaimer of warranties with
every copy of the Work as included in the Adaptation You Distribute or Publicly
Perform; (IV) when You Distribute or Publicly Perform the Adaptation, You may
not impose any effective technological measures on the Adaptation that restrict the
ability of a recipient of the Adaptation from You to exercise the rights granted to that
recipient under the terms of the Applicable License. This Section 4(b) applies to the
Adaptation as incorporated in a Collection, but this does not require the Collection
apart from the Adaptation itself to be made subject to the terms of the Applicable
License.

. If You Distribute, or Publicly Perform the Work or any Adaptations or Collections,
You must, unless a request has been made pursuant to Section 4(a), keep intact all
copyright notices for the Work and provide, reasonable to the medium or means You
are utilizing: (i) the name of the Original Author (or pseudonym, if applicable) if
supplied, and/or if the Original Author and/or Licensor designate another party or
parties (e.g., a sponsor institute, publishing entity, journal) for attribution (“Attribu-
tion Parties”) in Licensor’s copyright notice, terms of service or by other reasonable
means, the name of such party or parties; (ii) the title of the Work if supplied; (iii)
to the extent reasonably practicable, the URI, if any, that Licensor specifies to be
associated with the Work, unless such URI does not refer to the copyright notice or
licensing information for the Work; and (iv) , consistent with Ssection 3(b), in the
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case of an Adaptation, a credit identifying the use of the Work in the Adaptation
(e.g., “French translation of the Work by Original Author,” or “Screenplay based on
original Work by Original Author”). The credit required by this Section 4(c) may
be implemented in any reasonable manner; provided, however, that in the case of a
Adaptation or Collection, at a minimum such credit will appear, if a credit for all
contributing authors of the Adaptation or Collection appears, then as part of these
credits and in a manner at least as prominent as the credits for the other contributing
authors. For the avoidance of doubt, You may only use the credit required by this
Section for the purpose of attribution in the manner set out above and, by exercising
Your rights under this License, You may not implicitly or explicitly assert or imply
any connection with, sponsorship or endorsement by the Original Author, Licensor
and/or Attribution Parties, as appropriate, of You or Your use of the Work, without
the separate, express prior written permission of the Original Author, Licensor and/or
Attribution Parties.

4. Except as otherwise agreed in writing by the Licensor or as may be otherwise per-
mitted by applicable law, if You Reproduce, Distribute or Publicly Perform the Work
either by itself or as part of any Adaptations or Collections, You must not distort,
mutilate, modify or take other derogatory action in relation to the Work which would
be prejudicial to the Original Author’s honor or reputation. Licensor agrees that in
those jurisdictions (e.g. Japan), in which any exercise of the right granted in Section
3(b) of this License (the right to make Adaptations) would be deemed to be a distor-
tion, mutilation, modification or other derogatory action prejudicial to the Original
Author’s honor and reputation, the Licensor will waive or not assert, as appropriate,
this Section, to the fullest extent permitted by the applicable national law, to enable
You to reasonably exercise Your right under Section 3(b) of this License (right to
make Adaptations) but not otherwise.

B.5. Representations, Warranties and Disclaimer

UNLESS OTHERWISE MUTUALLY AGREED TO BY THE PARTIES IN WRITING,
LICENSOR OFFERS THE WORK AS-IS AND MAKES NO REPRESENTATIONS OR
WARRANTIES OF ANY KIND CONCERNING THE WORK, EXPRESS, IMPLIED,
STATUTORY OR OTHERWISE, INCLUDING, WITHOUT LIMITATION, WARRANTIES
OF TITLE, MERCHANTIBILITY, FITNESS FOR A PARTICULAR PURPOSE, NON-
INFRINGEMENT, OR THE ABSENCE OF LATENT OR OTHER DEFECTS, ACCU-
RACY, OR THE PRESENCE OF ABSENCE OF ERRORS, WHETHER OR NOT DIS-
COVERABLE. SOME JURISDICTIONS DO NOT ALLOW THE EXCLUSION OF IM-
PLIED WARRANTIES, SO SUCH EXCLUSION MAY NOT APPLY TO YOU.
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B.6. Limitation on Liability.

B.6. Limitation on Liability.

EXCEPT TO THE EXTENT REQUIRED BY APPLICABLE LAW, IN NO EVENT WILL
LICENSOR BE LIABLE TO YOU ON ANY LEGAL THEORY FOR ANY SPECIAL, IN-
CIDENTAL, CONSEQUENTIAL, PUNITIVE OR EXEMPLARY DAMAGES ARISING
OUT OF THIS LICENSE OR THE USE OF THE WORK, EVEN IF LICENSOR HAS
BEEN ADVISED OF THE POSSIBILITY OF SUCH DAMAGES.

B.7. Termination

1. This License and the rights granted hereunder will terminate automatically upon any
breach by You of the terms of this License. Individuals or entities who have received
Adaptations or Collections from You under this License, however, will not have their
licenses terminated provided such individuals or entities remain in full compliance
with those licenses. Sections 1, 2, 5, 6, 7, and 8 will survive any termination of this
License.

2. Subject to the above terms and conditions, the license granted here is perpetual (for
the duration of the applicable copyright in the Work). Notwithstanding the above,
Licensor reserves the right to release the Work under different license terms or to stop
distributing the Work at any time; provided, however that any such election will not
serve to withdraw this License (or any other license that has been, or is required to
be, granted under the terms of this License), and this License will continue in full
force and effect unless terminated as stated above.

B.8. Miscellaneous

1. Each time You Distribute or Publicly Perform the Work or a Collection, the Licensor
offers to the recipient a license to the Work on the same terms and conditions as the
license granted to You under this License.

2. Each time You Distribute or Publicly Perform an Adaptation, Licensor offers to the
recipient a license to the original Work on the same terms and conditions as the license
granted to You under this License.

3. If any provision of this License is invalid or unenforceable under applicable law, it
shall not affect the validity or enforceability of the remainder of the terms of this
License, and without further action by the parties to this agreement, such provision
shall be reformed to the minimum extent necessary to make such provision valid and
enforceable.
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4. No term or provision of this License shall be deemed waived and no breach consented

to unless such waiver or consent shall be in writing and signed by the party to be
charged with such waiver or consent.

. This License constitutes the entire agreement between the parties with respect to the

Work licensed here. There are no understandings, agreements or representations with
respect to the Work not specified here. Licensor shall not be bound by any additional
provisions that may appear in any communication from You. This License may not
be modified without the mutual written agreement of the Licensor and You.

. The rights granted under, and the subject matter referenced, in this License were

drafted utilizing the terminology of the Berne Convention for the Protection of Liter-
ary and Artistic Works (as amended on September 28, 1979), the Rome Convention
of 1961, the WIPO Copyright Treaty of 1996, the WIPO Performances and Phono-
grams Treaty of 1996 and the Universal Copyright Convention (as revised on July
24, 1971). These rights and subject matter take effect in the relevant jurisdiction in
which the License terms are sought to be enforced according to the corresponding
provisions of the implementation of those treaty provisions in the applicable national
law. If the standard suite of rights granted under applicable copyright law includes
additional rights not granted under this License, such additional rights are deemed to
be included in the License; this License is not intended to restrict the license of any
rights under applicable law.
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