audio interchange file format

wave file format

wave file format isafile format for storing digital audio (waveform) data. it supports avariety of bit resolutions, sample rates,
and channels of audio. thisformat is very popular upon ibm pc (clone) platforms, and is widely used in professiona programs
that process digital audio waveforms. it takes into account some pecularities of the intel cpu such as little endian byte order.

this format uses microsoft's version of the electronic arts interchange file format method for storing datain "chunks'.

data types

ac-like language will be used to describe the data structures in the file. afew extra data types that are not part of standard c, but
which will be used in this document, are:

pascal-style string, a one-byte count followed by that many text bytes. the total number of bytesin this data type should
be even. a pad byte can be added to the end of the text to accomplish this. this pad byte is not reflected in the count.

id achunk id (ie, 4 ascii bytes).

pstring

also note that when you see an array with no size specification (e.g., char ckdatd[];), thisindicates a variable-sized array in our c-
like language. this differs from standard c arrays.

constants

decimal values are referred to as a string of digits, for example 123, 0, 100 are all decimal numbers. hexadecimal values are
preceded by aOx - e.g., 0x0a, Ox1, 0x64.

data organization

al datais stored in 8-hit bytes, arranged in intel 80x86 (ie, little endian) format. the bytes of multiple-byte values are stored with
the low-order (ie, least significant) bytesfirst. data bits are as follows (ie, shown with bit numbers on top):

7 6 5 4 3 2 1 01514 13 12 11 10 9 8 23 22 21 20 19 18 17 16 31 30
29 28 27 26 25 24

Fom e Fom e Fom e ommm- -
_________________ +
long: | Isb byte 0 byte 1 byte 2
byte 3 nmsb |

Fom e Fom e Fom e ommm -
_________________ +
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file structure

awave fileisacollection of anumber of different types of chunks. thereisarequired format ("fmt ") chunk which contains
important parameters describing the waveform, such as its sample rate. the data chunk, which contains the actual waveform data,
isaso required. al other chunks are optional. among the other optional chunks are ones which define cue points, list instrument
parameters, store application-specific information, etc. al of these chunks are described in detail in the following sections of this
document.

all applications that use wave must be able to read the 2 required chunks and can choose to selectively ignore the optional
chunks. a program that copies a wave should copy all of the chunksin the wave, even those it chooses not to interpret.

there are no restrictions upon the order of the chunks within awave file, with the exception that the format chunk must precede
the data chunk. some inflexibly written programs expect the format chunk as the first chunk (after the riff header) although they
shouldn't because the specification doesn't require this.

here is agraphical overview of an example, minimal wavefile. it consists of a single wave containing the 2 required chunks, a
format and a data chunk.

riff wave chunk
groupi d "riff
rifftype "wave'

I

|

I

I

| | format chunk |
| | ckid = "fm ' |
I I I
|

|

I

I

|

| sound data chunk |
| ckid = "data' |
| |

a bastardized standard

the wave format is sort of a bastardized standard that was concocted by too many "cooks" who didn't properly coordinate the
addition of "ingredients’ to the "soup”. unlike with the aiff standard which was mostly designed by a small, coordinated group,
the wave format has had all manner of much-too-independent, uncoordinated aberrations inflicted upon it. the net result is that
there are far too many chunks that may be found in awave file -- many of them duplicating the same information found in other
chunks (but in an unnecessarily different way) simply because there have been too many programmers who took too many
liberties with unilaterally adding their own additions to the wave format without properly coming to a concensus of what
everyone else needed (and therefore it encouraged an "every man for himself" attitude toward adding things to this "standard").
one example is the instrument chunk versus the sampler chunk. another example is the note versus label chunksin an associated
datalist. i don't even want to get into the totally irresponsible proliferation of compressed formats. (i€, it seemslike everyone
and his pet dachshound has come up with some compressed version of storing wave data -- like we need 100 different ways to
do that). furthermore, there are lots of inconsistencies, for example how 8-bit datais unsigned, but 16-bit datais signed.

i've attempted to document only those aspects that you're very likely to encounter in awavefile. i suggest that you concentrate
upon these and refuse to support the work of programmers who feel the need to deviate from a standard with inconsistent,
proprietary, self-serving, unnecessary extensions. please do your part to rein in half-ass programming.

sample points and sample frames
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alarge part of interpreting wave files revolves around the two concepts of sample points and sample frames.

asample point is avalue representing a sample of a sound at a given moment in time. for waveforms with greater than 8-bit
resolution, each sample point is stored as a linear, 2's-complement value which may be from 9 to 32 bits wide (as determined by
the whitspersample field in the format chunk, assuming pcm format -- an uncompressed format). for example, each sample point
of a 16-bit waveform would be a 16-bit word (ie, two 8-bit bytes) where 32767 (0x7fff) is the highest value and -32768
(0x8000) isthe lowest value. for 8-bit (or less) waveforms, each sample point is alinear, unsigned byte where 255 is the highest
value and O is the lowest value. obviously, this signed/unsigned sample point discrepancy between 8-bit and larger resolution
waveforms was one of those "oops' scenarios where some microsoft employee decided to change the sign sometime after 8-bit
wave files were common but 16-bit wave files hadn't yet appeared.

because most cpu's read and write operations deal with 8-bit bytes, it was decided that a sample point should be rounded up to a
size which isamultiple of 8 when stored in awave. this makes the wave easier to read into memory. if your adc produces a
sample point from 1 to 8 bits wide, a sample point should be stored in awave as an 8-bit byte (ie, unsigned char). if your adc
produces a sample point from 9 to 16 bits wide, a sample point should be stored in awave as a 16-bit word (ie, signed short). if
your adc produces a sample point from 17 to 24 bits wide, a sample point should be stored in awave as three bytes. if your adc
produces a sample point from 25 to 32 bits wide, a sample point should be stored in awave as a 32-hit doubleword (ie, signed
long). etc.

furthermore, the data bits should be | eft-justified, with any remaining (ie, pad) bits zeroed. for example, consider the case of a 12-
bit sample point. it has 12 bits, so the sample point must be saved as a 16-bit word. those 12 bits should be left-justified so that
they become bits 4 to 15 inclusive, and bits 0 to 3 should be set to zero. shown below is how a 12-bit sample point with avalue
of binary 101000010111 is formatted left-justified as a 16-bit word.

12 bit sanple point is left justified ri ght nost
4 bits are
zer o padded

but note that, because the wave format uses intel little endian byte order, the Isb is stored first in the wave file as so:

bits 0 to 3 4 pad bits bits 4 to 11

for multichannel sounds (for example, a stereo waveform), single sample points from each channel are interleaved. for example,
assume a stereo (ie, 2 channel) waveform. instead of storing all of the sample points for the left channel first, and then storing al
of the sample points for the right channel next, you "mix" the two channels sample points together. you would store the first
sample point of the left channel. next, you would store the first sample point of the right channel. next, you would store the
second sample point of the left channel. next, you would store the second sample point of the right channel, and so on,
alternating between storing the next sample point of each channel. thisiswhat is meant by interleaved data; you store the next
sample point of each of the channelsin turn, so that the sample points that are meant to be "played” (ie, sent to a dac)
simultaneously are stored contiguously.
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the sample points that are meant to be "played” (ie, sent to a dac) simultaneously are collectively called a sample frame. in the
example of our stereo waveform, every two sample points makes up another sample frame. thisisillustrated below for that
stereo example.

sanpl e sanpl e sanpl e
frame O frame 1 frame n
| chl | ch2 | chl | ch2 | . . . | chl | ch2 |

| | = one sanpl e point

for a monophonic waveform, a sample frame is merely a single sample point (ie, there's nothing to interleave). for multichannel
waveforms, you should follow the conventions shown below for which order to store channels within the sample frame. (ie,
below, a single sample frame is displayed for each example of a multichannel waveform).

channel s 1 2
| left | right |
stereo | | |
I | I
1 2 3
| left | right | center |
3 channel | | | |
I I I I
1 2 3 4
| front | front | rear | rear |
quad | left | right | left | right
I I I I I
1 2 3 4
| left | center | right | surround]|
4 channel | | | | |
I | I | I
1 2 3 4 5 6
| left | left | center | right | right | surround
6 channel | center | | | center | | |

the sample points within a sample frame are packed together; there are no unused bytes between them. likewise, the sample
frames are packed together with no pad bytes.

note that the above discussion outlines the format of data within an uncompressed data chunk. there are some techniques of
storing compressed data in a data chunk. obviously, that data would need to be uncompressed, and then it will adhere to the
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above layout.

the format chunk

the format (fmt) chunk describes fundamental parameters of the waveform data such as sample rate, bit resolution, and how
many channels of digital audio are stored in the wave.

#define formatid 'fnt ' /* chunkid for format chunk. note: there is a space at the
end of this id. */

typedef struct {

id chunki d;
| ong chunksi ze;
short wf or mat t ag;

unsi gned short wchannel s;

unsi gned | ong dwsanpl espersec;
unsi gned | ong dwavgbyt espersec;
unsi gned short wbl ockal i gn

unsi gned short whitspersanpl e;

/* note: there may be additional fields here, dependi ng upon wformattag. */

} format chunk;

theidisaways"fmt ". the chunksize field is the number of bytes in the chunk. this does not include the 8 bytes used by id and
sizefields. for the format chunk, chunksize may vary according to what "format" of wave fileis specified (ie, depends upon the
value of wformattag).

wave data may be stored without compression, in which case the sample points are stored as described in sample points and
sample frames. alternately, different forms of compression may be used when storing the sound data in the data chunk. with
compression, each sample point may take a differing number of bytes to store. the wformattag indicates whether compression is
used when storing the data.

if compression is used (ie, wformattag is some value other than 1), then there will be additional fields appended to the format
chunk which give needed information for a program wishing to retrieve and decompress that stored data. the first such
additional field will be an unsigned short that indicates how many more bytes have been appended (after this unsigned short).
furthermore, compressed formats must have a fact chunk which contains an unsigned long indicating the size (in sample points)
of the waveform after it has been decompressed. there are (too) many compressed formats. details about them can be gotten
from microsoft's web site.

if no compression isused (ie, wformattag = 1), then there are no further fields.

the wchannels field contains the number of audio channels for the sound. a value of 1 means monophonic sound, 2 means stereo,
4 means four channel sound, etc. any number of audio channels may be represented. for multichannel sounds, single sample
points from each channel are interleaved. a set of interleaved sample pointsis called a sample frame.

the actual waveform datais stored in another chunk, the data chunk, which will be described | ater.
the dwsamplespersec field is the sample rate at which the sound is to be played back in sample frames per second (ie, hertz). the
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3 standard mpc rates are 11025, 22050, and 44100 khz, although other rates may be used.

the dwavgbytespersec field indicates how many bytes play every second. dwavgbytespersec may be used by an application to
estimate what size ram buffer is needed to properly playback the wave without latency problems. its value should be equal to the
following formula rounded up to the next whole number:

dwsamplespersec * whlockalign
the wblockalign field should be equal to the following formula, rounded to the next whole number:
wchannels* (whitspersample % 8)

essentially, wblockalign is the size of a sample frame, in terms of bytes. (eg, a sample frame for a 16-bit mono wave is 2 bytes. a
sample frame for a 16-bit stereo wave is 4 bytes. etc).

the whitspersample field indicates the bit resolution of a sample point (ie, a 16-bit waveform would have wbitspersample = 16).

one, and only one, format chunk isrequired in every wave.

data chunk
the data (data) chunk contains the actual sample frames (ie, al channels of waveform data).

#define dataid 'data’" /* chunk id for data chunk */
t ypedef struct {

id chunki d;

| ong chunksi ze;

unsi gned char waveforndatal];
} dat achunk;

theid isaways data. chunksize is the number of bytes in the chunk, not counting the 8 bytes used by id and size fields nor any
possible pad byte needed to make the chunk an even size (ie, chunksize is the number of remaining bytes in the chunk after the
chunksize field, not counting any trailing pad byte).

remember that the bit resolution, and other information is gotten from the format chunk.
the following discussion assumes uncompressed data.

the waveformdata array contains the actual waveform data. the datais arranged into what are called sample frames. for more
information on the arrangment of data, see "sample points and sample frames".

you can determine how many bytes of actual waveform data there is from the data chunk's chunksize field. the number of
sample frames in waveformdatais determined by dividing this chunksize by the format chunk's wblockalign.

the data chunk is required. one, and only one, data chunk may appear in awave.
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another way of storing waveform data

so, you're thinking "this wave format isn't that bad. it seems to make sense and there aren't all that many inconsistencies,
duplications, and inefficiencies’. you fool! we're just getting started with our first excursion into unnecessary inconsistencies,
duplications, and inefficiency.

sure, countless brain-damaged programmers have inflicted literally dozens of compressed data formats upon the data chunk, but
apparently someone felt that even this wasn't enough to make your life difficult in trying to support wave files. no, some half-wit
decided that it would be a good idea to screw around with storing waveform data in something other than one data chunk.

typeid for thislist is'wavl'.

I strongly suggest that you refuse to support any wave file that exhibits this wave list nonsense. there's no need for it, and
hopefully, the misguided programmer who conjured it up will be embarrassed into hanging his head in shame when nobody
agrees to support his foolishness. just say "nooooo0o000000000! "

cue chunk

the cue chunk contains one or more "cue points' or "markers'. each cue point references a specific offset within the
waveformdata array, and has its own cuepoint structure within this chunk.

in conjunction with the playlist chunk, the cue chunk can be used to store looping information.
cuepoint structure

typedef struct {

| ong dwi dentifier;

| ong dwposi tion

id f ccchunk;

| ong dwchunkstart;

| ong dwbl ockstart;

| ong dwsanpl eof f set ;
} cuepoint;

the dwidentifier field contains a unique number (ie, different than the id number of any other cuepoint structure). thisis used to
associate a cuepoint structure with other structures used in other chunks which will be described | ater.

the dwposition field specifies the position of the cue point within the "play order” (as determined by the playlist chunk. see that
chunk for a discussion of the play order).

the fccchunk field specifies the chunk id of the data or wave list chunk which actually contains the waveform data to which this
cuepoint refers. if thereis only one data chunk in thefile, then thisfield is set to the id 'data’. on the other hand, if thefile
contains awave list (which can contain both 'data’ and 'sint’ chunks), then fccchunk will specify ‘data or 'sint' depending upon in
which type of chunk the referenced waveform datais found.

the dwchunkstart and dwblockstart fields are set to O for an uncompressed wave file that contains one 'data’ chunk. these fields
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are used only for wave files that contain awave list (with multiple 'data and 'sInt' chunks), or for a compressed file containing a
'data chunk. (actually, in the latter case, dwchunkstart is also set to 0, and only dwblockstart is used). again, i want to emphasize
that you can avoid all of this unnecessary crap if you avoid hassling with compressed files, or wave lists, and instead stick to the
sensible basics.

the dwchunkstart field specifies the byte offset of the start of the 'data’ or 'sint' chunk which actually contains the waveform data
to which this cuepoint refers. this offset isrelative to the start of the first chunk within the wave list. (ie, it's the byte offset,
within the wave list, of where the 'data or 'Iint' chunk of interest appears. the first chunk within the list would be at an offset of
0).

the dwblockstart field specifies the byte offset of the start of the block containing the position. this offset isrelative to the start
of the waveform data within the 'data or 'sint' chunk.

the dwsampleoffset field specifies the sample offset of the cue point relative to the start of the block. in an uncompressed file,
this equates to simply being the offset within the waveformdata array. unfortunately, the wave documentation is much too
ambiguous, and doesn't define what it means by the term "sample offset”. this could mean a byte offset, or it could mean
counting the sample points (for example, in a 16-bit wave, every 2 bytes would be 1 sample point), or it could even mean
sample frames (as the loop offsets in aiff are specified). who knows? the guy who conjured up the cue chunk certainly isn't
saying. i'm assuming that it's a byte offset, like the above 2 fields.

cue chunk

#define cueid 'cue ' [/* chunk id for cue chunk */

typedef struct {

id chunki d;
| ong chunksi ze;
| ong dwcuepoi nt s;

cuepoint points[];
} cuechunk;

theid isaways cue. chunksize is the number of bytes in the chunk, not counting the 8 bytes used by id and size fields.
the dwcuepoints field is the number of cuepoint structures in the cue chunk. if dwcuepointsisnot 0, it isfollowed by that many
cuepoint structures, one after the other. because al fieldsin a cuepoint structure are an even number of bytes, the length of any

cuepoint will always be even. thus, cuepoints are packed together with no unused bytes between them. the cuepoints need not be
placed in any particular order.

the cue chunk is optional. no more than one cue chunk can appear in awave.

playlist chunk

the playlist (plst) chunk specifies a play order for a series of cue points. the cue chunk contains all of the cue points, but the
playlist chunk determines how those cue points are used when playing back the waveform (ie, which cue points represent looped
sections, and in what order those loops are "played”). the playlist chunk contains one or more segment structures, each of which
identifies alooped section of the waveform (in conjunction with the cuepoint structure with which it is associated).

segment structure
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typedef struct {

| ong dwi dentifier;
| ong dw engt h;
| ong dwr epeat s;

} segnent;

the dwidentifier field contains a unique number (ie, different than the id number of any other segment structure). thisfield
should correspond with the dwindentifier field of some cuepoint stored in the cue chunk. in other words, this segment structure
contains the looping information associated with that cuepoint structure with the same id number.

the dwlength field specifies the length of the section in samples (ie, the length of the looped section). note that the start position
of the loop would be the dwsampleoffset of the referenced cuepoint structure in the cue chunk. (or, you may need to hassle with
the dwchunkstart and dwblockstart fields as well if dealing with awave list or compressed data).

the dwrepeats field specifies the number of timesto play the loop. i assume that a value of 1 means to repeat this loop once only,
but the wave documentation is very incomplete and omits this important information. i have no idea how you would specify an
infinitely repeating loop. certainly, the person who conjured up the playlist chunk appears to have no idea whatsoever. due to the
ambiguities, inconsistencies, inefficiencies, and omissions of the cue and playlist chunks, i very much recommend that you use
the sampler chunk (described later) to replace them.

playlist chunk

#define playlistid "plst" /* chunk id for playlist chunk */

typedef struct {

id chunki d;
| ong chunksi ze;
| ong dwsegnent s;

segnent segnents[];
} playlistchunk;

theid isaways plst. chunksize is the number of bytesin the chunk, not counting the 8 bytes used by id and size fields.

the dwsegments field is the number of segment structuresin the playlist chunk. if dwsegmentsisnot O, it is followed by that
many segment structures, one after the other. because all fields in a segment structure are an even number of bytes, the length of
any segment will always be even. thus, segments are packed together with no unused bytes between them. the segments need not
be placed in any particular order.

associated data list

the associated data list contains text "labels’ or "names" that are associated with the cuepoint structures in the cue chunk. in
other words, this list contains the text labels for those cuepoints.

again, we're talking about another imbedded iff list within the wave file. noooooooooooooo!!!! what'salist? alistissimply a
"master chunk” that contains several "sub-chunks'. just like with any other chunk, the "master chunk” has an id and chunksize,
but inside of this chunk are sub-chunks, each with its own id and chunksize. of course, the chunksize for the master chunk (ie,
list) includes the size of all of these sub-chunks (including their id and chunksize fields).
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the "type id" for the associated data list is"adtl". remember that an iff list header has 3 fields:

typedef struct {

id listid; [* "list" */
| ong chunksi ze; /* includes the type id bel ow */
id typei d; [* tadtl' */

} listheader;

there are several sub-chunks that may be found inside of the associated data list. the ones that are important to wave format have
ids of "labl", "note", or "Itxt". ignore the rest. here are those 3 sub-chunks and their fields:

the associated data list is optional. the wave documentation doesn't specify if more than one can be contained in awavefile.
label chunk

#define labelid 'labl' /* chunk id for |abel chunk */

t ypedef struct {

id chunki d;
| ong chunksi ze;
| ong dwi dentifier;
char dwt ext[];
} | abel chunk;

theidisawayslabl. chunksize is the number of bytes in the chunk, not counting the 8 bytes used by id and size fields nor any
possible pad byte needed to make the chunk an even size (ie, chunksize is the number of remaining bytes in the chunk after the
chunksize field, not counting any trailing pad byte).

the dwidentifier field contains a unique number (ie, different than the id number of any other label chunk). thisfield should
correspond with the dwindentifier field of some cuepoint stored in the cue chunk. in other words, this label chunk contains the
text label associated with that cuepoint structure with the same id number.

the dwtext array contains the text label. it should be a null-terminated string. (the null byte isincluded in the chunksize,
therefore the length of the string, including the null byte, is chunksize - 4).

note chunk

#define noteid 'note' /* chunk id for note chunk */

typedef struct {

id chunki d;

| ong chunksi ze;

| ong dwi dentifier;
char dwt ext[];

} not echunk;

the note chunk, whose id is note, is otherwise exactly the same as the label chunk (ie, same fields). see what i mean about
pointless duplication? but, in theory, a note chunk contains a"comment™ about a cuepoint, whereas the label chunk is supposed
to contain the actual cuepoint label. so, it's possible that you'll find both a note and label for a specific cuepoint, each containing
different text.
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labeled text chunk

#define labeltextid "Itxt" [/* chunk id for |abeled text chunk */

typedef struct {

id chunki d;
| ong chunksi ze;
| ong dwi dentifier;

| ong dwsanpl el engt h;
| ong dwpur pose;
short wcountry;

short w anguage;
short wdi al ect ;

short wcodepage;

char dwtext[];

} | abel t ext chunk;

theid isaways ltxt. chunksize is the number of bytesin the chunk, not counting the 8 bytes used by id and size fields nor any
possible pad byte needed to make the chunk an even size (ie, chunksize is the number of remaining bytes in the chunk after the
chunksize field, not counting any trailing pad byte).

the dwidentifier field is the same as the label chunk.

the dwsamplelength field specifies the number of sample points in the segment of waveform data. in other words, a labeled text
chunk contains alabel for a section of the waveform data, not just a specific point, for example the looped section of a
waveform.

the dwpurpose field specifies the type or purpose of the text. for example, dwpurpose can contain an id like "scrp” for script text
or "capt" for close-caption text. how isthisrelated to waveform data? well, it isn't really. it's just that associated data lists are
used in other file formats, so they contain generic fields that sometimes don't have much relevance to waveform data.

the weountry, wlanguage, and wcodepage fields specify the country code, language/dialect, and code page for the text. an
application typically queries these values from the operating system.

sampler chunk

the sampler (smpl) chunk defines basic parameters that an instrument, such as amidi sampler, could use to play the waveform
data. most importantly, it includes information about looping the waveform (ie, during playback, to "sustain" the waveform). of
course, as you've come to expect from the wave file format, it duplicates some of the information that can be found in the cue
and playlist chunks, but fortunately, in a more sensible, consistent, better-documented way.

#define sanplerid "snpl* [/* chunk id for sanpler chunk */

typedef struct {

id chunki d;
| ong chunksi ze;
| ong dwranuf act ur er;
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| ong dwpr oduct ;

| ong dwsanpl eperi od;

| ong dwm di uni tynot e;

| ong dwm di pi tchfracti on;
| ong dwsnpt ef or mat ;

| ong dwsnpt eof f set ;

| ong csanpl el oops;

| ong cbsanpl er dat a;

struct sanpl el oop | oops[];
} sanpl er chunk;

theid is aways smpl. chunksize is the number of bytesin the chunk, not counting the 8 bytes used by id and size fields nor any
possible pad byte needed to make the chunk an even size (ie, chunksize is the number of remaining bytes in the chunk after the
chunksize field, not counting any trailing pad byte).

the dwmanufacturer field contains the mma manufacturer code for the intended sampler. each manufacturer of midi products has
his own id assigned to him by the midi manufacturer's association. the high byte of dwmanufacturer indicates the number of low
order bytes (1 or 3) that are valid for the manufacturer code. for example, this value will be 0x01000013 for digidesign (the
mma manufacturer code is one byte, 0x13); whereas 0x03000041 identifies microsoft (the mma manufacturer code is three
bytes, 0x00 0x00 0x41). if the wave is not intended for a specific manufacturer, then this field should be set to 0.

the dwproduct field contains the product code (ie, model id) of the intended sampler for the dwmanufacturer. contact the
manufacturer of the sampler to ascertain the sampler's model id. if the wave is not intended for a specific manufacturer's
product, then this field should be set to O.

the dwsampleperiod field specifies the period of one sample in nanoseconds (normally 1/nsamplespersec from the format chunk.
but note that thisfield allows finer tuning than nsamplespersec). for example, 44.1 khz would be specified as 22675
(0x00005893).

the dwmidiunitynote field is the midi note number at which the instrument plays back the waveform data without pitch
modification (ie, at the same sample rate that was used when the waveform was created). this value ranges O through 127,
inclusive. middle c is 60.

the dwmidipitchfraction field specifies the fraction of a semitone up from the specified dwmidiunitynote. a value of 0x80000000
is 1/2 semitone (50 cents); a value of 0x00000000 represents no fine tuning between semitones.

the dwsmpteformat field specifies the smpte time format used in the dwsmpteoffset field. possible values are:

0 = no snpte offset (dwsnpteoffset should al so be 0)

24 = 24 franmes per second

25 = 25 franmes per second

29 = 30 franes per second with frame dropping ('30 drop')
30 = 30 frames per second

the dwsmpteoffset field specifies atime offset for the sampleif it isto be syncronized or calibrated according to a start time
other than 0. the format of this value is Oxhhmmssff. hh is a signed hours value [-23..23]. mm is an unsigned minutes value
[0..59]. ssisunsigned seconds value [0..59]. ff isan unsigned value [O..( - 1)].

the csampleloops field is the number (count) of sampleloop structures that are appended to this chunk. these structures
immediately follow the chsamplerdata field. thisfield will be O if there are no sampleloop structures.
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the cbhsamplerdata field specifies the size (in bytes) of any optional fields that an application wishes to append to this chunk. an
application which needed to save additional information (ie, beyond the above fields) may append additional fields to the end of
this chunk, after all of the sampleloop structures. these additional fields are also reflected in the chunksize, and remember that
the chunk should be padded out to an even number of bytes. the chsamplerdata field will be O if no additional information is
appended to the chunk.

what follows the above fields are any sampleloop structures. each sampleloop structure defines one loop (ie, the start and end
points of the loop, and how many timesit plays). what follows any sampleloop structures are any additional, proprietary sampler
information that an application chooses to store.

sampleloop structure

t ypedef struct {
long dwi dentifier
l ong dwtype;
long dwstart;
| ong dwend;
long dwiraction;
| ong dwpl aycount;
} sanpl el oop;

the dwidentifier field contains a unique number (ie, different than the id number of any other sampleloop structure). thisfield
may correspond with the dwidentifier field of some cuepoint stored in the cue chunk. in other words, the cuepoint structure
which has the same id number would be considered to be describing the same loop as this sampleloop structure. furthermore,
this field corresponds to the dwindentifier field of any label stored in the associated data list. in other words, the text string
(within some chunk in the associated data list) which has the same id number would be considered to be thisloop's “name" or
"label".

the dwtype field is the loop type (ie, how the loop plays back) as so:

O - loop forward (normal)

1 - alternating | oop (forward/ backward)

2 - loop backward

3-31 - reserved for future standard types

32-? - sanmpler specific types (nmanufacturer defined)

the dwstart field specifies the startpoint of the loop. in other words, it's the byte offset from the start of waveformdata[], where
an offset of O would be at the start of the waveformdata[] array (ie, the loop start is at the very first sample point).

the dwend field specifies the endpoint of the loop (ie, a byte offset).

the dwfraction field allows fine-tuning for loop fractional areas between samples. values range from 0x00000000 to Oxffffffff. a
value of 0x80000000 represents 1/2 of a sample length.

the dwplaycount field is the number of times to play the loop. avalue of 0 specifies an infinite sustain loop (ie, the wave keeps
looping until some external force interrupts playback, such as the musician releasing the key that triggered that wave's
playback).

the sampler chunk isoptional. i don't know asif there is any limit of one per wavefile. i don't see why there should be such a
limit, since after all, an application may need to deal with several midi samplers.
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the instrument chunk format
the instrument chunk contains some of the same type of information as the sampler chunk. so what else is new?

#define instrunmentid '"inst' /* chunkid for instrunents chunk */

t ypedef struct {
id chunki d;
| ong chunksi ze;

unsi gned char unshi ftednote;

char fi netune;

char gai n;

unsi gned char | ownot e;

unsi gned char hi ghnot e;

unsi gned char | owel ocity;

unsi gned char hi ghvel ocity;
} instrunent chunk;

theidisawaysinst. chunksize should always be 7 since there are no fields of variable length.
the unshiftednote field is the same as the sampler chunk’s dwmidiunitynote field.

the finetune field determines how much the instrument should alter the pitch of the sound when it is played back. unitsarein
cents (1/100 of a semitone) and range from -50 to +50. negative numbers mean that the pitch of the sound should be lowered,
while positive numbers mean that it should be raised. while not the same measurement is used, this field serves the same
purpose as the sampler chunk's dwfraction field.

the gain field is the amount by which to change the gain of the sound when it is played. units are decibels. for example, Odb
means no change, 6db means doubl e the value of each sample point (ie, every additional 6db doubles the gain), while -6db
means halve the value of each sample point.

the lownote and highnote fields specify the suggested midi note range on a keyboard for playback of the waveform data. the
waveform data should be played if the instrument is requested to play a note between the low and high note numbers, inclusive.
the unshiftednote does not have to be within this range.

the lowvelocity and highvel ocity fields specify the suggested range of midi velocities for playback of the waveform data. the
waveform data should be played if the note-on velocity is between low and high velocity, inclusive. the rangeis 1 (lowest
velocity) through 127 (highest velocity), inclusive.

the instrument chunk is optional. no more than 1 instrument chunk can appear in one wave.

audio interchange file format (aiff)

audio interchange file format (or aiff) isafile format for storing digital audio (waveform) data. it supports a variety of bit
resolutions, sample rates, and channels of audio. thisformat is very popular upon apple platforms, and iswidely used in
professional programs that process digital audio waveforms.

this format uses the electronic arts interchange file format method for storing datain "chunks". you should read the article about
interchange file format before proceeding.
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data types

ac-like language will be used to describe the data structures in the file. afew extra data types that are not part of standard c, but
which will be used in this document, are:

80 bit ieee standard 754 floating point number (standard apple numeric environment [sane] data type extended). this
would be a 10 byte field.

pascal-style string, a one-byte count followed by that many text bytes. the total number of bytesin this datatype
pstring should be even. a pad byte can be added to the end of the text to accomplish this. this pad byte is not reflected in the
count.

extended

id achunk id (ie, 4 ascii bytes) as described in about interchange file format.

also note that when you see an array with no size specification (e.g., char ckdatd[];), this indicates a variable-sized array in our c-
like language. this differs from standard c arrays.

constants

decimal values are referred to as a string of digits, for example 123, 0, 100 are all decimal numbers. hexadecimal values are
preceded by aOx - e.g., 0x0a, Ox1, 0x64.

data organization

al datais stored in motorola 68000 (ie, big endian) format. the bytes of multiple-byte values are stored with the high-order (ie,
most significant) bytes first. data bits are as follows (ie, shown with bit numbers on top):

short: | nsb byte 0 | byte 1 | sb |

5 4 3 2 1 O

o e e e e oo oo o e e e e e oo - o e e e e e oo oo +---o - -
_________________ +
long: | nsb byte 0 byte 1 byte 2
byte 3 | sb |

o e e e a oo oo o e e e e e oo oo o e e e e o oo oo +---o--
_________________ +

file structure

an audio iff fileisacollection of anumber of different types of chunks. there is arequired common chunk which contains
important parameters describing the waveform, such asits length and sample rate. the sound data chunk, which contains the
actual waveform data, is also required if the waveform data has a length greater than O (ie, there actually is waveform datain the

file://ID|/Jesse's%20Document/WAV/WaveFileFormat.htm (15 / 36) [01/06/2003 00:09:12]



audio interchange file format

form). al other chunks are optional. among the other optional chunks are ones which define markers, list instrument parameters,
store application-specific information, etc. al of these chunks are described in detail in the following sections of this document.

al applications that use form aiff must be able to read the 2 required chunks and can choose to selectively ignore the optional
chunks. a program that copies aform aiff should copy al of the chunksin the form aiff, even those it chooses not to interpret.

there are no restrictions upon the order of the chunks within aform aiff.

here is agraphical overview of an example, minimal aiff file. it consists of asingle form aiff containing the 2 required chunks, a
common chunk and a sound data chunk.

formaiff chunk
ckid = "'fornm
forntype = "aiff’

I I
| |
I I
I I
| | common chunk | |
| | ckid = "comm | |
I I I I
I I
| |
I I
I I
| |

| sound data chunk |
| ckid = "ssnd" |
| |

sample points and sample frames
alarge part of interpreting audio iff files revolves around the two concepts of sample points and sample frames.

asample point is a value representing a sample of a sound at a given moment in time. each sample point is stored asalinear, 2's-
complement value which may be from 1 to 32 bits wide (as determined by the samplesize field in the common chunk). for
example, each sample point of an 8-bit waveform would be an 8-bit byte (ie, asigned char).

because most cpu's read and write operations deal with 8-bit bytes, it was decided that a sample point should be rounded up to a
size which isamultiple of 8 when stored in an aiff. this makes the aiff easier to read into memory. if your adc produces a sample
point from 1 to 8 bits wide, a sample point should be stored in an aiff as an 8-bit byte (ie, signed char). if your adc produces a
sample point from 9 to 16 bits wide, a sample point should be stored in an aiff as a 16-bit word (ie, signed short). if your adc
produces a sample point from 17 to 24 bits wide, a sample point should be stored in an aiff as three bytes. if your adc produces a
sample point from 25 to 32 bits wide, a sample point should be stored in an aiff as a 32-bit doubleword (ie, signed long). etc.

furthermore, the data bits should be | eft-justified, with any remaining (ie, pad) bits zeroed. for example, consider the case of a 12-
bit sample point. it has 12 bits, so the sample point must be saved as a 16-bit word. those 12 bits should be left-justified so that
they become bits 4 to 15 inclusive, and bits 0 to 3 should be set to zero. shown below is how a 12-bit sample point with avalue
of binary 101000010111 is stored left-justified as two bytes (ie, a 16-bit word).

12 bit sanple point is left justified ri ght nost
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4 bits are
zer o padded

for multichannel sounds (for example, a stereo waveform), single sample points from each channel are interleaved. for example,
assume a stereo (ie, 2 channel) waveform. instead of storing all of the sample points for the left channel first, and then storing all
of the sample points for the right channel next, you "mix" the two channels sample points together. you would store the first
sample point of the left channel. next, you would store the first sample point of the right channel. next, you would store the
second sample point of the left channel. next, you would store the second sample point of the right channel, and so on,
alternating between storing the next sample point of each channel. thisiswhat is meant by interleaved data; you store the next
sample point of each of the channelsin turn, so that the sample points that are meant to be "played” (ie, sent to a dac)
simultaneously are stored contiguously.

the sample points that are meant to be "played” (ie, sent to a dac) simultaneously are collectively called a sample frame. in the
example of our stereo waveform, every two sample points makes up another sample frame. thisisillustrated below for that
stereo example.

sanpl e sanpl e sanpl e
frame O frame 1 frame n
| chl | ch2 | chl | ch2 | . . . | chl | ch2 |

| | = one sanpl e point

for amonophonic waveform, a sample frame is merely a single sample point (ie, there's nothing to interleave). for multichannel
waveforms, you should follow the conventions shown below for which order to store channels within the sample frame. (ie,
below, a single sample frame is displayed for each example of a multichannel waveform).

channel s 1 2
| left | right |
stereo | | |
| | |
1 2 3
| left | right | center |
3 channel | | | |
| | | |
1 2 3 4
| front | front | rear | rear |
quad | left | right | left | right
| | | | |
1 2 3 4
| left | center | right | surround]
4 channel | | | | |
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1 2 3 4 5 6
| left | left | center | right | right | surround |
6 channel | center | | | center | | |

the sample points within a sample frame are packed together; there are no unused bytes between them. likewise, the sample
frames are packed together with no pad bytes.

the common chunk

the common chunk describes fundamental parameters of the waveform data such as sample rate, bit resolution, and how many
channels of digital audio are stored in the form aiff.

#def i ne commonid ' comm /* chunkid for comon chunk */

typedef struct {

id chunki d;

| ong chunksi ze;

short nunthannel s;
unsi gned | ong nunsanpl ef ranes;
short sanpl esi ze;

ext ended sanpl er at e;

} commonchunk;

theid is always comm. the chunksize field is the number of bytesin the chunk. this does not include the 8 bytes used by id and
size fields. for the common chunk, chunksize should always 18 since there are no fields of variable length (but to maintain
compatibility with possible future extensions, if the chunksize is > 18, you should always treat those extra bytes as pad bytes).

the numchannels field contains the number of audio channels for the sound. a value of 1 means monophonic sound, 2 means
stereo, 4 means four channel sound, etc. any number of audio channels may be represented. for multichannel sounds, single
sample points from each channel are interleaved. a set of interleaved sample pointsis called a sample frame.

the actual waveform datais stored in another chunk, the sound data chunk, which will be described later.

the numsampleframes field contains the number of sample frames. thisis not necessarily the same as the number of bytes nor
the number of sample pointsin the sound data chunk (ie, it won't be unless you're dealing with a mono waveform). the total
number of sample points in the file is numsampl eframes times numchannels.

the samplesize is the number of bits in each sample point. it can be any number from 1 to 32.
the samplerate field is the sample rate at which the sound is to be played back in sample frames per second.

one, and only one, common chunk is required in every form aiff.
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sound data chunk
the sound data chunk contains the actual sample frames (ie, all channels of waveform data).

#defi ne sounddataid 'ssnd" [/* chunk id for sound data chunk */

t ypedef struct {
id chunki d;
| ong chunksi ze;

unsigned long offset;

unsi gned | ong bl ocksi ze;

unsi gned char waveforndatal];
} sounddat achunk;

theid isaways ssnd. chunksize is the number of bytes in the chunk, not counting the 8 bytes used by id and size fields nor any
possible pad byte needed to make the chunk an even size (ie, chunksize is the number of remaining bytes in the chunk after the
chunksize field, not counting any trailing pad byte).

you can determine how many bytes of actual waveform data there is by subtracting 8 from the chunksize. remember that the
number of sample frames, bit resolution, and other information is gotten from the common chunk.

the offset field determines where the first sample frame in the waveformdata starts. the offset isin bytes. most applications won't
use offset and should set it to zero. use for anon-zero offset is explained in "block-aligning waveform data’'.

the blocksize is used in conjunction with offset for block-aligning waveform data. it contains the size in bytes of the blocks that
waveform datais aligned to. as with offset, most applications won't use blocksize and should set it to zero. more information on
blocksize isin "block-aligning waveform data".

the waveformdata array contains the actual waveform data. the datais arranged into what are called sample frames the number
of sample frames in waveformdata is determined by the numsampleframes field in the common chunk. for more information,
see "sample points and sample frames".

the sound data chunk is required unless the numsampleframes field in the common chunk is zero. one, and only one, sound data
chunk may appear in aform aiff.

block-aligning waveform data

there may be some applications that, to ensure real time recording and playback of audio, wish to align waveform datainto fixed-
size blocks. this alignment can be accomplished with the offset and blocksize parameters of the sound data chunk, as shown
below.

[\\N\\ unused \\\\\| sanpl e franes [\N\\ unused \\\\\|
I I I I

<-- offset><- nunsanpl efranes sanple franmes>

| bl ocksi ze | | | |

| <- bytes>]| | | |

I I I I I
bl ock n-1 bl ock n bl ock n+1 bl ock n+2
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above, the first sample frame starts at the beginning of block n. thisis accomplished by skipping the first offset bytes (ie, some
stored pad bytes) of the waveformdata. note that there may also be pad bytes stored at the end of waveformdatato pad it out so
that it ends upon a block boundary.

the blocksize specifies the size in bytes of the block to which you would align the waveform data. a blocksize of O indicates that
the waveform data does not need to be block-aligned. applications that don't care about block alignment should set the blocksize
and offset to 0 when creating aiff files. applications that write block-aligned waveform data should set blocksize to the
appropriate block size. applications that modify an existing aiff file should try to preserve alignment of the waveform data,
although thisis not required. if an application does not preserve alignment, it should set the blocksize and offset to 0. if an
application needs to realign waveform datato a different sized block, it should update blocksize and offset accordingly.

the marker chunk

the marker chunk contains markers that point to positionsin the waveform data. markers can be used for whatever purposes an
application desires. the instrument chunk, defined later in this document, uses markers to mark loop beginning and end points.

amarker structureis as follows;

t ypedef short markerid;

typedef struct {

mar keri d id;

unsi gned | ong position;

pstring mar ker narne;
} marker;

theid isanumber that uniquely identifies that marker within an aiff. the id can be any positive non-zero integer, aslong as no
other marker within the same form aiff has the sameid.

the marker's position in the waveformdata is determined by the position field. markers conceptually fall between two sample
frames. amarker that falls before the first sample frame in the waveform datais at position O, while a marker that falls between
the first and second sample frame in the waveform datais at position 1. therefore, the units for position are sample frames, not
bytes nor sample points.

sanpl e franes

position O position 5 position 12
the markername field is a pascal-style text string containing the name of the mark.

note: some "ea iff 85" files store strings as c-strings (text bytes followed by a null terminating character) instead of pascal-style
strings. audio iff uses pstrings because they are more efficiently skipped over when scanning through chunks. using pstrings, a
program can skip over a string by adding the string count to the address of the first character. ¢ strings require that each
character in the string be examined for the null terminator.
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marker chunk format
the format for the data within a marker chunk is shown below.

#define markerid ' mark' /* chunkid for marker chunk */

typedef struct {
id chunki d;
| ong chunksi ze;

unsi gned short numrarkers;
mar ker mar ker s[];
} marker chunk;

theid isaways mark. chunksize is the number of bytesin the chunk, not counting the 8 bytes used by id and size fields.

the nummarkersfield is the number of marker structuresin the marker chunk. if nummarkersisnot O, it isfollowed by that
many marker structures, one after the other. because al fieldsin amarker structure are an even number of bytes, the length of
any marker will always be even. thus, markers are packed together with no unused bytes between them. the markers need not be
placed in any particular order.

the marker chunk is optional. no more than one marker chunk can appear in aform aiff.

the instrument chunk

the instrument chunk defines basic parameters that an instrument, such as amidi sampler, could use to play the waveform data.
looping

waveform data can be looped, allowing a portion of the waveform to be repeated in order to lengthen the sound. the structure
below describes aloop.

typedef struct {
short pl aynode;
mar kerid begi nl oop;
mar kerid endl oop;

} 1 oop;

aloop is marked with two points, a begin position and an end position. there are two waysto play aloop, forward looping and
forward/backward looping. in the case of forward looping, playback begins at the beginning of the waveform, continues past the
begin position and continues to the end position, at which point playback starts again at the begin position. the segment between
the begin and end positions, called the loop segment, is played repeatedly until interrupted by some action, such asamusician
releasing akey on amusical controller.

sanpl e franes | | | <--

| oop segnent >| | | |

I
I
N N

begi n position end position
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with forward/backward looping, the loop segment isfirst played from the begin position to the end position, and then played
backwards from the end position to the begin position. this flip-flop pattern is repeated over and over again until interrupted.

the playmode specifies which type of looping is to be performed:

#defi ne nol oopi ng 0
#defi ne forwardl oopi ng 1
#def i ne forwardbackwar dl oopi ng 2

if nolooping is specified, then the loop points are ignored during playback.
the beginloop is a marker id that marks the begin position of the loop segment.

the endloop marks the end position of aloop. the begin position must be less than the end position. if thisis not the case, then
the loop segment has 0 or negative length and no looping takes place.

the instrument chunk format
the format of the data within an instrument chunk is described below.

#define instrunentid "inst' /[/*chunkid for instrunents chunk */

t ypedef struct {
id chunki d;
| ong chunksi ze;

char basenot e;
char det une;

char | ownot e;
char hi ghnot e;
char | owel ocity;

char hi ghvel oci ty;

short gain;

| oop sust ai nl oop;

| oop rel easel oop;
} instrunent chunk;

theidisawaysinst. chunksize should always be 20 since there are no fields of variable length.

the basenote is the note number at which the instrument plays back the waveform data without pitch modification (ie, at the
same sample rate that was used when the waveform was created). units are midi note numbers, and are in the range O through
127. middle c is 60.

the detune field determines how much the instrument should alter the pitch of the sound when it is played back. unitsarein
cents (1/100 of a semitone) and range from -50 to +50. negative numbers mean that the pitch of the sound should be lowered,
while positive numbers mean that it should be raised.

the lownote and highnote fields specify the suggested note range on a keyboard for playback of the waveform data. the
waveform data should be played if the instrument is requested to play a note between the low and high note numbers, inclusive.
the base note does not have to be within this range. units for lownote and highnote are midi note values.
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the lowvelocity and highvelocity fields specify the suggested range of velocities for playback of the waveform data. the
waveform data should be played if the note-on velocity is between low and high velocity, inclusive. units are midi velocity
values, 1 (lowest velocity) through 127 (highest velocity).

the gain is the amount by which to change the gain of the sound when it is played. units are decibels. for example, 0db means no
change, 6db means double the value of each sample point (ie, every additional 6db doubles the gain), while -6db means halve
the value of each sample point.

the sustainloop field specifies aloop that isto be played when an instrument is sustaining a sound.

the releasel oop field specifies aloop that is to be played when an instrument is in the rel ease phase of playing back a sound. the
release phase usually occurs after akey on an instrument is released.

the instrument chunk is optional. no more than 1 instrument chunk can appear in one form aiff.

the midi data chunk
the midi data chunk can be used to store midi data.

the primary purpose of this chunk isto store midi system exclusive messages, although other types of midi data can be stored in
the chunk as well. as more instruments come to market, they will likely have parameters that have not been included in the aiff
specification. the sys ex messages for these instruments may contain many parameters that are not included in the instrument
chunk. for example, a new midi sampler may support more than the two loops per waveform. these loops will likely be
represented in the sys ex message for the new sampler. this message can be stored in the midi data chunk (ie, so you have some
place to store these extraloop points that may not be used by other instruments).

#define mdidataid "mdi' /* chunkid for mdi data chunk */

t ypedef struct {
id chunki d;
| ong chunksi ze;

unsi gned char mdidata[];
} m di dat achunk;

theid is aways midi. chunksize is the number of bytesin the chunk, not counting the 8 bytes used by id and size fields nor any
possible pad byte needed to make the chunk an even size.

the mididatafield contains a stream of midi data. there should be as many bytes as chunksize specifies, plus perhaps a pad byte
if needed.

the midi data chunk is optional. any number of these chunks may exist in one form aff. if midi system exclusive messages for
several instruments are to be stored in aform aiff, it is better to use one midi data chunk per instrument than one big midi data
chunk for all of the instruments.

the audio recording chunk
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the audio recording chunk contains information pertinent to audio recording devices.

#define audi orecording id 'aesd /* chunkid for audio recordi ng chunk. */

typedef struct {
id chunki d
| ong chunksi ze;

unsi gned char aeschannel st at usdat a[ 24] ;
} audi or ecor di ngchunk;

theid is always aesd. chunksize should always be 24 since there are no fields of variable length.

the 24 bytes of aescchannelstatusdata are specified in the "aes recommended practice for digital audio engineering - serial
transmission format for linearly represented digital audio data", transmission of digital audio between audio devices. this
information is duplicated in the audio recording chunk for convenience. of general interest would be bits 2, 3, and 4 of byte O,
which describe recording emphasis.

the audio recording chunk is optional. no more than 1 audio recording chunk may appear in one form aiff.

the application specific chunk

the application specific chunk can be used for any purposes whatsoever by developers and application authors. for example, an
application that edits sounds might want to use this chunk to store editor state parameters such as magnification levels, last
cursor position, etc.

#define applicationspecificid "appl' /* chunkid for application specific chunk. */

t ypedef struct {

id chunki d;

| ong chunksi ze;

char appl i cationsi gnature[4];
char data[];

} applicationspecificchunk;

theid isaways appl. chunksize is the number of bytes in the chunk, not counting the 8 bytes used by id and size fields nor any
possible pad byte needed to make the chunk an even size.

the applicationsignature field is used by applications which run on platforms from apple computer, inc. for the apple i, thisfield
should be set to 'pdos. for the mac, thisfield should be set to the application's four character signature as registered with apple
technical support.

the datafield is the data specific to the application. the application determines how many bytes are stored here, and what their
purpose are. atrailing pad byte must follow if that is needed in order to make the chunk an even size.

the application specific chunk is optional. any number of these chunks may exist in a one form aiff.
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the comments chunk

the comments chunk is used to store commentsin the form aiff. standard iff has an annotation chunk that can also be used for
comments, but this new comments chunk has two fields (per comment) not found in the standard iff chunk. they are atime-
stamp for the comment and alink to a marker.

comment structure
acomment structure consists of atime stamp, marker id, and atext count followed by text.

t ypedef struct {
unsi gned long tinmestanp;

mar keri d mar ker ;

unsi gned short count;

char text[];
} comrent;

the timestamp indicates when the comment was created. on the amiga, units are the number of seconds since january 1, 1978. on
the mac, units are the number of seconds since january 1, 1904.

acomment can be linked to amarker. this alows applications to store long descriptions of markers as a comment. if the
comment is referring to a marker, then the marker field isthe id of that marker. otherwise, marker is 0, indicating that this
comment is not linked to any marker.

the count is the length of the text that makes up the comment. thisis a 16-bit quantity, allowing much longer comments than
would be available with a pstring. this count does not include any possible pad byte needed to make the comment an even
number of bytesin length.

the text field contains the comment itself, followed by a pad byte if needed to make the text field an even number of bytes.

comments chunk format

#defi ne commentid 'comt' [/* chunkid for comments chunk */

typedef struct {
id chunki d;
| ong chunksi ze;

unsi gned short nuntoments;
char comment s[];
} comment schunk;

theid is aways comt. chunksize is the number of bytesin the chunk, not counting the 8 bytes used by id and size fields.

the numcomments field contains the number of comment structures in the chunk. thisis followed by the comment structures,
one after the other. comment structures are always even numbers of bytesin length, so there is no padding needed between
structures.

the comments chunk is optional. no more than 1 comments chunk may appear in one form aiff.

file://ID|/Jesse's%20Document/WAV/WaveFileFormat.htm (25 / 36) [01/06/2003 00:09:12]



audio interchange file format

the text chunks, name, author, copyright, annotation

these four optional chunks are included in the definition of every standard iff file.

#defi ne naneid ' nang' /* chunkid for nane chunk */
#defi ne naneid 'auth' /* chunkid for author chunk */
#define naneid '(c) ' /* chunkid for copyright chunk */
#defi ne naneid ' anno' /* chunkid for annotation chunk */

t ypedef struct {

id chunki d;
| ong chunksi ze;
char text[];

} t ext chunk;

chunksize is the number of bytesin the chunk, not counting the 8 bytes used by id and size fields nor any possible pad byte
needed to make the chunk an even size.

chunk precedence

several of thelocal chunks for form aiff may contain duplicate information. for example, the instrument chunk defines loop
points and some midi sys ex datain the midi data chunk may also define loop points. what happens if these loop points are
different? how is an application supposed to loop the sound? such conflicts are resolved by defining a precedence for chunks.
this precedence isillustrated below.

conmmon chunk hi ghest precedence

sound data chunk

mar ker chunk

i nstrunment chunk

comment chunk

nane chunk

aut hor chunk

I
copyri ght chunk

annot ati on chunk

audi o recordi ng chunk

m di data chunk
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application specific chunk | onest precedence

the common chunk has the highest precedence, while the application specific chunk has the lowest. information in the common
chunk always takes precedence over conflicting information in any other chunk. the application specific chunk awayslosesin
conflicts with other chunks. by looking at the chunk hierarchy, for example, one sees that the loop pointsin the instrument
chunk take precedence over conflicting loop points found in the midi data chunk.

it isthe responsibility of applications that write data into the lower precedence chunks to make sure that the higher precedence
chunks are updated accordingly (ie, so that conflicts tend not to exist).

errata

the appleiigs sampled instrument format also defines a chunk withid of "inst,” which is not the same as the aiff instrument
chunk. agood way to tell the two chunks apart in generic iff-style readers is by the chunksize fields. the aiff instrument chunk's
chunksize field is always 20, whereas the apple iigs sampled instrument format instrument chunk's chunksize field, for structural
reasons, can never be 20.

storage of aiff on apple and other platforms

on amacintosh, the form aiff, is stored in the data fork of an audio iff file. the macintosh file type of an audio iff fileis'aiff'. this
is the same as the formtype of the form aiff. macintosh applications should not store any information in audio iff file's resource
fork, asthisinformation may not be preserved by all applications. applications can use the application specific chunk, defined
later in this document, to store extra information specific to their application.

audio iff files may be identified in other apple file systems as well. on a macintosh under mfs or hfs, the form aiff is stored in the
datafork of afilewith file type"aiff." thisis the same as the formtype of the form aiff.

on an operating system such as ms-dos or unix, where it is customary to use a file name extension, it is recommended that audio
iff file names use ".aif" for the extension.

referring to audio iff

the official nameis "audio interchange file format". if an application needs to present the name of this format to a user, such as
ina"saveas..." dialog box, the name can be abbreviated to audio iff. referring to audio iff files by afour-letter abbreviation (ie,
"aiff") at the user-level should be avoided.

converting extended data to a unsigned long

the sample rate field in a common chunk is expressed as an 80 bit ieee standard 754 floating point number. thisisn't avery
useful format for computer software and audio hardware that can't directly deal with such floating point values. for this reason,
you may wish to use the following convertfloat() hack to convert the floating point value to an unsigned long. this function
doesn't handle very large floating point values, but certainly larger than you would ever expect atypical sampling rate to be. this
function assumes that the passed buffer arg is a pointer to the 10 byte array which already contains the 80-bit floating point
value. it returns the value (ie, sample rate in hertz) as an unsigned long. note that the fliplong() function is only of useto intel
cpu's which have to deal with aiff's big endian order. if not compiling for an intel cpu, comment out the intel_cpu define.

#define intel _cpu
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#i fdef intel _cpu

/* kkhkkkhkkkhhkkhhkkhhkhkkhkhkkhkkikkhhkihkkhkkhk*kx fllpl Ong() kkhkkkhkkhhkkhhkhkhkhkhkhkkhkkhhkhhkkhhkhkhkkikhkx*k

* converts a long in "big endian" format (ie, notorola 68000) to intel
* reverse-byte format, or vice versa if originally in big endian.

kkhkkkhhkkhhkkhhkhkhkhhkhkkhhkhhkhhkhhkhhkhkhhkhhkhhkhhkhhkhkkhkhkkhhkhhkhhkhhkhkkhkk kkk hkkhkkikkik kkk i,k k*x*% */

void fliplong(unsigned char * ptr)
{

regi ster unsigned char val;

/* swap 1lst and 4th bytes */
val = *(ptr);

“(ptr) = *(ptr+3);

*(ptr+3) = val

/* swap 2nd and 3rd bytes */
ptr += 1,
val = *(ptr);

*(ptr) = *(ptr+l1);
*(ptr+l1) = val

}
#endi f

/* kkhkkkhkkhkkhhkkhhkkhhkhkhkkhkhkkhkkkhkkhk*k fetchl Ong() kkhkkkhhkkhhkkhhkhkkhkhkkhkkhhkhhkhhkhhkhkkikkhkkhhkh*x

* fools the conpiler into fetching a long froma char array.
kkhkkkhhkkhkhkkhkhkhkkhkhhhkhhkhhkhhkhhkhkkhkhhhhhkhhkhhkhhkhkdhkhdhhkkhhkkhhkhhk hkhkkhkkhkk kkhkkikk k k) kk kxk,*x*% */

unsi gned | ong fetchl ong(unsigned long * ptr)

{
}

/* Rk I I R b b b R R S Convertf|Oat() ER R R S I b ok Sk kS kS S Rk e S kb

return(*ptr);

* converts an 80 bit ieee standard 754 floating point nunber to an unsi gned
* ] ong.

R R S S b b S S S S R S Sk b I b b S Rk kS S kO b S Rk S S b b S S S S b S R kb S S S */

unsi gned | ong convertfl oat(unsigned char * buffer)
{

unsi gned | ong nmanti ssa;

unsigned |long last = 0;

unsi gned char exp;

#i fdef intel _cpu
fliplong((unsigned |long *)(buffer+2));
#endi f

manti ssa = fetchl ong((unsigned long *)(buffer+2));
exp = 30 - *(buffer+1);
while (exp--)
{
| ast = manti ssa;
manti ssa >>= 1;
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}
if (last & 0x00000001) manti ssa++;

return(mantissa);

}

of course, you may need a complementary routine to take a sample rate as an unsigned long, and put it into a buffer formatted as
that 80-bit floating point value.

/* R I b I b S b b S b b S R R I Storel Ong() R R b b S b I S I S I R R R b b

* fools the conpiler into storing a long into a char array.
kkhkkkhhkkhhkhkkhkhkkhkhkhhkkhhkhhkhhkhkhkhkhhkkhhkhhkhhkhhkhkkhkkhhk hkhhkhkhkhkhkk kkhkk hkihkhkk ik k) kkikkik*k* */

voi d storel ong(unsigned |Iong val, unsigned long * ptr)

{
}

/* kkhkkkhkkhkkhhkkhhkhkkhkhkhkkhkkhhkhkkhkkh*k Storefloat() kkhkkkhkkhhkkhhkkhhkhhkhkkhkkhkkhhkhhkhkhkhkkhkhkhkx*k

* converts an unsigned long to 80 bit ieee standard 754 fl oating point
* nunber .

R R S S Sk b S S Sk R R S S Sk b I S b S S R R Ik S S S b b S S R S Sk S b S Rk kb S S S */

*ptr = val

voi d storefloat (unsigned char * buffer, unsigned |ong val ue)
{

unsi gned | ong exp;

unsi gned char i;

menset (buffer, 0, 10);

exp = val ue;

exp >>= 1,

for (i=0; i<32; i++) { exp>=1
i f (!'exp) break;

}

*(buffer+l) = i;
for (i=32; i; i--)
{

if (value & 0x80000000) break;
value <<= 1; } storelong(value, buffer+2); #ifdef intel_cpu fliplong((unsigned
long *)(buffer+2)); #endif }

multi-sampling

many mdi sanplers allow splitting up the mdi note range into smaller ranges (for
exanpl e by octaves) and assigning a

different waveformto play over each range. if you wanted to store all of those
waveforms into a single data file, what

you would do is create an iff list (or perhaps cat if you wanted to store fornms other
than aiff in it) and then include an

enbedded formaiff for each one of the waveforms. (ie, each waveformwould be in a
separate formaiff, and all of these

formaiffs would be in a single list file).
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content-type: text/htm; charset=iso-8859-1; name="new wave riff chunks. htnf

content-disposition: inline; filenane="new wave riff chunks. htni

content-base: "file:///d|/sourcel/sound/format/new20w
ave%20ri f f %20chunks. ht ni'

X-m nme- aut oconverted: from8bit to quoted-printable by skynet.usb.ve id taa05017

new wave riff chunks

added: 05/01/92
author: microsoft, ibm

most of the information in this section comes directly from the ibm/microsoft riff standard document.

the wave form is defined as follows. programs must expect (and ignore) any unknown chunks encountered, as with all riff
forms. however, <'fmt'-ck> must always occur before , and both of these chunks are mandatory in a wave file.

?2lpovt>

riff( 'wave'

< fm'-ck>// format

[1 /1 fact chunk

[T // cue points

[1 /1 playlist

[1 // associated data |ist
) /'/ wave data

the wave chunks are described in the following sections.

fact chunk
the stores file dependent information about the contents of the wave file. this chunk is defined as follows:
?lgovt> fact( )

<dwsamplelength> represents the length of the data in samples. the <nsamplespersec> field from the wave
format header is used in conjunction with the <dwsamplelength> field to determine the length of the data in
seconds.

the fact chunk is required for all new wave formats. the chunk is not required for the standard wave_format_pcm
files.

the fact chunk will be expanded to include any other information required by future wave formats. added fields
will appear following the field. applications can use the chunk size field to determine which fields are present.

cue points chunk

the <cue-ck> cue-points chunk identifies a series of positions in the waveform data stream. the is defined as follows:
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?font> cue( // count of cue points

) // cue-point table

2font> struct {

dword dwnane;

dword dwposition;
fourcc fccchunk;
dword dwchunkstart;
dword dwbl ockstart;
dword dwsanpl eof f set ;

}

the <cue-point> fields are as follows:

field description
specifies the cue point name. each record must have a unigue
dwname .
dwname field.
specifies the sample position of the cue point. this is the sequential
dwposition sample number within the play order. see "playlist chunk," later in
this document, for a discussion of the play order.
fccchunk specifies the name or chunk id of the chunk containing the cue point.
specifies the position of the start of the data chunk containing the
dwchunkstart cue point. this should be zero if there is only one chunk containing

data (as is currently always the case).

dwblockstart

specifies the position of the start of the block containing the position.
this is the byte offset from the start of the data section of the chunk,
not the chunk's fourcc.

dwsampleoffset

specifies the sample offset of the cue point relative to the start of the
block.

examples of file position values

the following table describes the field values for a wave file containing a single 'data’ chunk:

cue point location field value
within pcm data fccchunk fourcc value 'data’.
dwchunkstart zero value.

file position of the sample (nblockalign
aligned bytes) relative to the start of the data
section of the 'data’ chunk (not the fourcc).

dwblockstart

sample position of the cue point relative to

dwsampleoffset the start of the 'data’ chunk.
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in all other 'data’

fccchunk fourcc value 'data’.
chunks

dwchunkstart zero value.

file position of the enclosing block relative to
the start of the data section of the 'data’
chunk (not the fourcc). the software can
begin the decompression at this point.

dwblockstart

sample position of the cue point relative to

dwsampleoffset the start of the block.

playlist chunk
the playlist chunk specifies a play order for a series of cue points. the is defined as follows:

?plst(
/I count of play segments
... )/l play-segment table

?struct {

dword dwname;
dword dwlength;
dword dwloops;

}

the <play-segment> fields are as follows:

field description

specifies the cue point name. this value must match one of the

dwname names listed in the cue-point table.
dwlength specifies the length of the section in samples.
dwloops specifies the number of times to play the section.

associated data chunk

the associated data list provides the ability to attach information like labels to sections of the waveform data stream. the is
defined as follows:

2font> list( "adtl'
/1 | abel
/'l note

} /] text with data | ength
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2font> | abl (

2font> not e(

font> |t xt(

label and note information

the 'labl' and 'note' chunks have similar fields. the 'labl' chunk contains a label, or title, to associate with a cue point. the 'note’
chunk contains comment text for a cue point. the fields are as follows:

field description

specifies the cue point name. this value must match one of the

dwname names listed in the cue-point table.

specifies a null-terminated string containing a text label (for the 'labl’

data chunk) or comment text (for the 'note’ chunk).

text with data length information

the "Itxt" chunk contains text that is associated with a data segment of specific length. the chunk fields are as follows:

field description
specifies the cue point name. this value must match one of the
dwname . ) .
names listed in the cue-point table.
dwsamplelength specifies the number of samples in the segment of waveform data.
specifies the type or purpose of the text. for example, can specify a
dwpurpose e . : . ' :
fourcc code like 'scrp' for script text or ‘capt’ for close-caption text.
specifies the country code for the text. see "country codes" for a
wcountry i
current list of country codes.
wlanguage, specify the language and dialect codes for the text. see "language
wdialect and dialect codes" for a current list of language and dialect codes.
wcodepage specifies the code page for the text.

inst (instrument) chunk

added: 12/29/92
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author: ibm
defined for: wave form

the wave form is nearly the perfect file format for storing a sampled sound synthesizer's samples. bits per
sample, sample rate, number of channels, and complex looping can be specified with current wave subchunks,
but a sample's pitch and its desired volume relative to other samples cannot. the optional instrument subchunk
defined below fills in these needed parameters:

|| 2font> inst(

the midi note number that corresponds to the unshifted pitch of the sample.

bunshiftednote valid values range from 0 to 127.

the pitch shift adjustment in cents (or 100ths of a semitone) needed to hit
chfinetune bunshiftednote value exactly. chfinetune can be used to compensate for
tuning errors in the sampling process. valid values range from -50 to 50.

the suggested volume setting for the sample in decibels. a value of zero
chgain decibels suggests no change in the volume. a value of -6 decibels
suggests reducing the amplitude of the sample by two.

blownote and bhigh the suggested usable midi note number range of the sample. valid values
note range from 0 to 127.

blowvelocity and the suggested usable midi velocity range of the sample. valid values range
bhighvelocity from 0 to 127.

smpl (sample) chunk

added: 11/09/93
author: digidesign, sonic foundary, turtle beach
defined for: wave form

the sampled instrument chunk describes the minimum necessary information needed to allow a sampling
keyboard to use a wave file as an instrument. samplers which require more information can save their extended
information in the sampler specific data section. the is defined as follows:

|| 2/f ont> smpl(

struct

dword dwi dentifier;
dword dw ype;
dword dwstart;

dword dwend;
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dword dwfraction;

dwor d dwpl aycount;

the chunk:

dwmanufacturer

dwproduct

dwsampleperiod

dwmidiunitynote

dwmidipitchfraction

dwsmpteformat

dwsmpteoffset

csampleloops

cbsamplerdata

specifies the mma manufacturer code for the intended target device. the
high byte indicates the number of low order bytes (1 or 3) that are valid for
the manufacturer code. for example, this value will be 0x01000013 for
digidesign (the mma manufacturer code is one byte, 0x13); whereas
0x03000041 identifies microsoft (the mma manufacturer code is three
bytes, 0x00 0x00 0x41). if the sample is not intended for a specific
manufacturer, then this field should be set to zero.

specifies the product code of the intended target device for the
dwmanufacturer. if the sample is not intended for a specific manufacturer's
product, then this field should be set to zero.

specifies the period of one sample in nanoseconds (normally
1/nsamplespersec from the waveformat structure for the riff wave file--
however, this field allows fine tuning). for example, 44.1 khz would be
specified as 22675 (0x00005893).

specifies the midi note which will replay the sample at original pitch. this
value ranges from 0 to 127 (a value of 60 represents middle ¢ as defined
by the mma).

specifies the fraction of a semitone up from the specified dwmidiunitynote.
a value of 0x80000000 is 1/2 semitone (50 cents); a value of 0x00000000
represents no fine tuning between semitones.

specifies the smpte time format used in the dwsmpteoffset field. possible
values are (unrecognized formats should be ignored):

0 - specifies no smpte offset (dwsmpteoffset should also be zero)

24 - specifies 24 frames per second

25 - specifies 25 frames per second

29 - specifies 30 frames per second with frame dropping (‘30 drop’)

30 - specifies 30 frames per second

specifies a time offset for the sample if it is to be syncronized or calibrated
according to a start time other than 0. the format of this value is
Oxhhmmssff. hh is a signed hours value [-23..23]. mm is an unsigned
minutes value [0..59]. ss is unsigned seconds value [0..59]. ff is an
unsigned value [0..( - 1)].

specifies the number (count) of records that are contained in the chunk. the
records are stored immediately following the cbsamplerdata field.

specifies the size in bytes of the optional . sampler specific data is stored
imediately following the records. the cbsamplerdata field will be zero if no
extended sampler specific information is stored in the chunk.

the structure:
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dwidentifier identifies the unique 'name' of the loop. this field may correspond with a
name stored in the chunk. the name data is stored in the chunk.
specifies the loop type:

0 - loop forward (normal)
1 - alternating loop (forward/backward)

dwtype 2 - loop backward
3-31 - reserved for future standard types
32-? - sampler specific types (manufacturer defined)

dwstart specifies the startpoint of the loop in samples.
specifies the endpoint of the loop in samples (this sample will also be

dwend
played).
allows fine-tuning for loop fractional areas between samples. values range

dwfraction from 0x00000000 to Oxffffffff. a value of 0x80000000 represents 1/2 of a
sample length.
specifies the number of times to play the loop. a value of 0 specifies an

dwplaycount N .
infinite sustain loop.

[N}
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