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This course begins with an introduction 10 waveform samphing and
transmussion and storage 1ssucs followed by an introducuon to psycho
acoustics that covers the umque acuitics and limits of the human auditory
sysiem Waveform compression mode! based speech compression and
psychoacoustically bascd lrequency domain compression algonthms are
covered MIDI and other music representation schemes are introduced 1n
the context of exisung music siorage and manipulation systems as well as
potenual futurc compresston schemes Emphasis is on the tradeof(s of
quality compressed data sizc and flexible data mampulaton C code
examples arc made available for vanous compression algonthms
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I amibanty with the coneepis of sampling and aliasing Speeific knowledge
of Founer or wavelet transforms 1s not required but farmhbanty with the
ume and frequency domain represcentations of dawa 1s helpful

Topics Covered

Stausucally based compression of audio waveform data 1s basically uscless
and loss less compression of audio 1s generally impossible obove the very
lowest compression rauos [ncorporauon of psycho acoustic principles in a
perceptually loss less system makes higher compression ralios possible
Sound examples arc played to demonstrate the tradeofTs of different
algonthms and compression ratios
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Compression in General: .
Why Compress? 1’

So Many Bits, So Little Time (Space)
e CDaudiorate 2*2*8* 44100 =1,411,200 bps
* CD audio storage 10,584,000 bytes / minute
e A CD holds only about 70 minutes of audio
 An ISDN lhine can only carry 128,000 bps

Security Best compressor removes all that 1s
recognizable about the original sound

Graphics people eat up all the space

Compression in General ¢

Classical Data Compression View.

Take advantage of

* Redundancy/Correlation
e Statistics (Local / Global)

» Assumptions / Models

Problem Much of this doesn’t work
directly on sound waveform data




Waveform Sampling

and Playback x

e Sample and Hold

Sample Rate vs Aliasing
* Quantize

Word Size vs Quantization Noise
e Reconstruct Hold and Smooth (fiiter)

Filter Order vs Error and Latency

Waveform Sampling:
Quantization x

Quantization

Quantizer

Introduces .

X a@ Ate

Noise £(rror)
Avf—\ !
_n_l_.lu—u—

Examples. 16, 12, 8, 6, 4 bit music
16, 12, 8, 6, 4 bit speech
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Audio Compression

Limits of Human Perception
- Time, Frequency, Amplhtude, Masking, etc

Survey of Audio Compression Techniques
— Perception-Based Compression

- Production-Based Compression

- (Event-Based Compression)

Two Specific Compression Algorithms
— Production Model-Based Speech Coder
- Frequency Transform (Subband) Coder

Views of Sound x

- Sound i1s Perceived Perception-Based
Psychoacoustically Motivated Compression

— Sound 1s Produced Production-Based
Physics/Source Model Motivated Compression

- Music(Sound) 1s Performed/Published/Represented
Event-Based Compression

- Sound 1s a Wavetorm / Statistical Distribution / etc
(these are not very good 1deas in general,
unless we get lucky (LPC))
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Psychoacoustics

Limits of Human Hearing

—Time Domain Considerations

- Frequency Domain (Spectral) Considerations
— Amplitude vs Power

—Masking in Time and Frequency Domains

— Sampling Rate and Signal Bandwidth

o 9

Limits of Human Hearing

Iyl

Events longer than 0 03 seconds are resolvable /n time
shorter events are perceived as features in frequency

Time and Frequency

20 Hz < Human Hearing < 20 KHz
(for those under 15 or so)

“"Pitch” 1s PERCEPTION related to FREQUENCY
Human Pitch Resolution 1s about 40 - 4000 Hz




Limits of Human Hearing

Amphitude or Power???

X
-“Loudness” 1s PERCEPTION related to POWER,
not AMPLITUDE

— Power 1s proportional to (integrated) square of signal

- Human Loudness perception range 1s about 120 dB,
where +10db =10 x power =20 x amplitude

- Waveform shape 1s of little consequence Energy
at each frequency, and how that changes in time,
1s the most important feature of a sound

o ®

Limits of Human Hearing h’

Waveshape or Frequency Content??

- Here are two waveforms with identical power spectra,
and which are (nearly) perceptually identical

[ T N W

wave 1 vV LA 'l VA A

Wave 2 MWWt A e A W

Magnitude
Spectrum |

of Either ~ 7 ¢ 7 7 N
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Limits of Human Hearing k’

Masking in Amphitude, Time, and Frequency

—Masking in Amplhitude Loud sounds ‘mask’ soft ones
Example Quantization Noise

—Masking in time A soft sound just before a louder
sound 1s more likely to be heard than if it 1s just after
Example (and reason) Reverb vs “Preverb”

—Masking in Frequency Loud ‘neighbor’ frequency
masks soft spectral components Low sounds
mask higher ones more than high masking low

Limits of Human Hearing

Masking in Amplitude

Intuitively, a soft sound will not be heard If
there 1s a competing loud sound Reasons

¢ Gain controls in the ear
stapedes reflex and more
e Interaction (inhibitton) in the cochlea

e Other mechanisms at higher levels




Limits of Human Hearing b’

Masking in Time

* In the time range of a few milliseconds

* A soft event following a louder event tends to be
grouped perceptually as part of that louder event

 |f the soft event precedes the louder event, it might
be heard as a separate event (hecome audibie)

Limits of Human Hearing x’

Masking in Frequency

Only one component in this spectrum i1s
audible because of frequency masking

- I\
/1A




Sampling Rates x

For Cheap Compression, Look at
Lowering the Sampling Rate First

44 1kHz 16 bit = CD Quality
8kHz 8 bit MuLaw = Phone Quality

Examples
Music 44 1, 32, 22 05, 16, 11 025kHz
Speech 44 1, 32, 22 05, 16, 11 025, 8kHz

Views of Sound (revisited) e

Two (mainstream) views of sound
and their implications for compression

1) Sound is Perceived
The auditory system doesn’t
hear everything present

- Bandwidth 1s limited
~Time resolution i1s imited
-Masking in all domains

2) Sound 1s Produced
- "Perfect” model could provide perfect compression




Perceptual Models

Exploit masking, etc , to discard

perceptually irrelevant information

e Example Quantize soft sounds more accurately,
loud sounds less accurately

Benefits Generic, does not require assumptions
about what produced the sound

Drawbacks Highest compression is difficult to achieve

Production Models

X

Build a model of the sound production
system, then fit the parameters

e Example If signalis speech, then a well-
parameterized vocal mode| can yield
highest quality and compression ratio

Benefits Highest possible compression

Drawbacks  Signal source(s) must be
assumed, known, or identified

10



MIDI and Other ‘Event’ Models x

Musical Instrument Digital Interface
Represents Music as Notes and Events

and uses a synthesis engine to “render” it

An Edit Decision List (EDL) 1s another example

A history of source materials, transformations,
and processing steps is kept Operations can
be undone or recreated easily Intermediate
non-parametric files are not saved

Event Based Compression

MIDI and Other Scorefiles

* A Musical Score 1s a very compact
representation of music

¢ Even the score itself can be compressed further

Benefits Highest possible compression

Drawbacks Cannot guarantee the “performance”
Cannot assure the quality of the sounds

Cannot make arbitrary sounds

11



U]
L

Event Based Compression ¢
Enter General MIDI

» Guarantees a base set of instrument sounds,
» and a means for addressing them,

* bhut doesn’t guarantee any quality

Better Yet, Downloadable Sounds

* Download samples for instruments

» Benefits Does more to guarantee quality

e Drawbacks Samples aren’t realty

o ®
Event Based Compression ¢

Downloadable Algorithms

* Specify the algorithm,
the synthesis engine runs it,

and we just send parameter changes

* Part of “Structured Audio” (MPEG4)

Benefits Can upgrade algorithms later

Can implement scalable synthesis

Drawbacks Different algorithm for each class of sounds
(but can always fall back on samples)

12




Back to Waveforms

Time Domain Waveform Compression

* u-Law Non-linear amplitude quantization

e ADPCM Adaptive quantization level of

changes (deltas) in signal

Time Domain Log Amplitude

wa-Law

less in higher amplitudes
Decreases perceived quantization noise

—

11 4

10 4

01

\ OUTPUT

2 bit exponent only
transfer curve

Actual 8 bit u law uses
1 sign bit 3 exponent bits

and 4 linear mantissa bits
The common clalm is that

this scheme yields 4 bits

of compression, 128=151

== [NPUT

More accuracy in low amplitudes,

13




Adaptive Resolution: ADPCM "g

Like Log-Compressor, but bit resolution
changes as a resuit of recent signal history

Signal differences are compressed
rather than signal values

Adapting the differences (deltas) yields
Adaptive Delta PCM coding,
claimed to do in 4 bits what u-law does in 8

The Frequency Domain

Exploit spectral properties to

1} Remove redundancy In signal
-~ slowly varying nature of real-world signals

— periodic nature of many signals

2) “Manage” error so it is less perceptible

14
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Transform (Subband) Coders x

Spiit signal into frequency subbands,
then allocate bits to regions adaptively

Lossless (variable bit rate & comp ratio)
+ Subbands use lower sampling rate (no advantage)
» Bands with less information use less bits

» Adaptive prediction inter/intra bands

Lossy (fixed rate and ratio)

* Fix bit rate, then put bits where ear 1S most sensitive

Transform (Subband) Coders

Filter Bank Decomposition And
Processing Can be Performed in the

xt
Frequency Domain Fiter Bonk " |\
A Ampl Ume
Wovelst

(FFT, etc ) and/or ld% 23088

Time Domain

(FIR Filterbank,

freq

Wavelets, etc )

15




Transform coders x

Can reduce perceived quantization noise.
» frequency domain information, plus

* frequency masking knowledge

o A
7

70 8z

Production Models

Build a parametric model of the
production system, then either

Fit the parameters to a given signal

Use signal processing techniques to
extract parameters

Drive the parameters directly (no encoder?)
Examples Rule system to dnve speech synthesizer

MIDI file to drive music synthesizer

16



Speech Coders (production) 1‘«

Assume speech is produced by a source-filter
system (vocal folds/noise + vocal tract tube)

identify filter, type of source, then code parameters

N [ S N S
Mg [T

Takes advantage of slowly varying nature of vocal tract
shape and other speech parameters

Future: Multi-Model
Parametric Compressors?

o @

|

Analysis front end identifies source(s)

Audio 1s (separated and) sent to optimal model(s)

Benefits

High compression

Voice | cotes

Other knowledge 7 Audlo
A‘;:lo Select Winds Out

Drawbacks — Algorithm

Strings

We don’t know how

Samples

to do all this yet

17



Two Contrasting Compressors S.

A simple speech coder

¢ Assume Input s 8kHz, 16 bit
* 185 1Ratio
e 7000 bps

A simple transform coder

* Assume input is 22kHz, 16 bit
e 2(or4) 1 Ratio
* 176,400 (or 88200) bps

o ®

NI

An LPC Speech Coder

Ten pole Linear Predictive speech Coder

Frame rate 1s 30 frames / second (@ BK sampling rate)
Frame size 1s 30 ms

Source 15 encoded as pulse train or white noise

LPC coefficients quantized to 2 bytes each (20 total)
Source type coded in 1 bit (pitched/noise) per frame
Source amplitude stored in one float per frame

Source pitch stored in one float per frame

Total transmission rate 7000 bps (18 5 1 ratio)

18



A Cheap Transform Coder x

FHT-based Delta Block Adaptive
Log Ampiitude Transform Coder

e 64 point (32 subbands) FHT Frame (3 ms @ 22kHz)

* Frame rate 1s 344 frames/second

» Deltas of signal are used

* 4 (or 8) bit loganthmic compression of each band

* Each block peak 1s detected and stored as a short int

e Compressionis 2 (or4) 1 (plus silence)

References and Resources x

General Psychoacoustics Books

Bregman, Auditory Scene Analysls, MIT Press, 1990
Dowling and Harwood, Music Cognition, Academic Preas, 1986

Handel, Listening an Introduction to the Perception of Auditory
Events, MIT, Cambridge, MA, 1989

McAdams and Bigand (eds ), Thinking in Sound the Cognitive
Psychology of Human Audition, Oxford Univ Press, NY, 1993

Pierce, The Sclence of Musical Sound, Freeman, New York, 1992

Roederer, Introduction to the Physics and Psychophysics of Music,
Springer-Verlag, New York, 1975
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References and Resources x

Critical Bands and Masking
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References and Resources x
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Source Code

Quantization Program (N bit)
Mulaw Coder/Decoder (8 Bit)
SigLaw Coder/Decoder (4 bit)
ADPCM Coder/Decoder (4 bit)
Xform Coder/Decoder (4 and 8 bit)
LPC Speech Coder/Decoder
Utilities

23




Source Code Examples in ANSI C

//

readme. txt

Iit.'tti'ttt'lit.‘.itt.i.it'ﬁtti.itttti.i't.'.itttt.ﬂ.ﬁ't't,

Jaen Compression and utility source code for ey
1% SIGGRAPH 1998 audio compression course ey
F okl by Perry R Cook, Princeton University ey
A LA LY
F Al These all operate on raw 16 bit mono files e/
P Al or the compressed versions of oame wew/
FEL L ehw/

’.ti.-l'.ti'-.I'.i-.‘-i.-.'.'Ii'l'..-‘.'.ii".i"itiii'.'-it-iil

quantize

siglawd c
desiglad

mulaw8 ¢
demulawd

acpdmcod
adpcmdec

aigxforse
sigxinve
sigxford
sigxinvd
fhtrxd c

fitlpec ¢
lpcresyn

gines ¢

bytegwap
diffrnce

c

00

nonan

/7

//
7/

/7
/7

/7
/7

/7
/!
//
7/
'y

Quantizes file to the number of apecified bits

4-bit exponent/sign compressor
decampressor for above

8-bit mu-law log compressor
decompressor for above

4-bit adaptive delta compressor
decompressor for above

B-bit block adaptive transform coder
decampressor for above
4-bit block adaptive transform coder
decompressor for above
Hartley Transform code used by above

Linear Predictive speech Coderx
resynthesis model for above

make some sine waves for teating
swap bytes for Intel/Motorola (cother/other)
form difference between two files

Source Sound Filea:

\sounds\speach raw
\sounds\music raw

16 bit
16 bit

/7
/1

tast speech at BkHz,
test muaic at 22kEz,

24



// Qquantize.cC

’ttiti.i.titﬁ..i.'il"itt.tt.ttt.ittti.t.'...'i.'..'i&tl.l

VA A Quantization demonatration code for weny
/uee BIGGRAPE 1958 audio compression course wen/
A LA by Perry R Cook, Princeton University ks
F AL A This program takes a 16 bit linear signed wawf
F A hd headerless file and quantizes it to the nw/
/rnw specified number of bite It does not e/
AL comprese the file, but Jjust quantizes it waw/
ke for guality comparison purposes e/

,ii-.t.ii.ittittiﬁ'.iiiii.-.i-iii-.i-i-Itiiﬁi‘i‘.i..i.i'.l

#include <stdio h>
#include <stdlib h>»
#include <math h>»

#iinclude <string h>

void err_mag()
{
fprintf (stderr, "useage: quantize numBits inputFlle ocutputFile\n\n®");

}

void main(int argc, char *argv([]) (
FILE *file_in,*file_out;
int num bite;
short dataj
float temp,templ;

1f (argccond) {
file_in = fopen{argv(2],=rb"),
file_out = fopen(argv([3l],“"wb®);
num_bits = atoi(argvill);
num_bits = 16 - num_bite;
temp = pow(2 0,num_bits));
if (file_in && file_out) {
while(fread(&data,2,1,£file_in)) {
temp2 o (float) data / temp;
data = temp2;
data *= temp;
fwrice(&data,2,1,£file_out);

}
}
elae {

fprincf(stderr,"File troubles Check names, patha, etc \n");
}

fclone{file_in);
fclose{file_out);
}
else (
err_mag():
axit{(0),
}
axit(0);



!/

l..t
’tit
,.t.
,t‘.
,.t.
,..i
,.t-
,tt-
LA 2 ]
Iiti

#iinc
f#iinc
#iinc
#inc

vold main{short

siglawd.c

tiiiitttiit..titttttttttittttitittttt...'i'i.l'*tittt,
4 bit log compression code for aeey
BIGGRAPH 1998 audio compression course wkd /s
Perry R Cook, Princeton University wwwf

This program takes a 16 bit lirear signed hwd/
headerless file and compresses it 4:1 il A
Use desiglad c to decompress files bl A
The scheme here is exponent- anl encoding odndad 4

which would be rea11¥'shan whw

E WAXe
LA T L T L Ly the ntt-t-t-tttttttttt--t.,

lude <satdio h>
lude <satdlib h>
lude «<math h>

lude <gtring h>

char *argv(]) (
PILE *€ile in, 3£ile out;

unsigned short data_out)

short data_in[(4] = (0 0}

short nﬁalut:

£loat exponent;

short Exp=0,8ign=0;

if (argce=sol) {

£ile_in o fopen(argv[l =rh*)
file ocut = fopenl 'wb';:
if (File_in && f£ile ou {
while(fread(cdata_in,2,4,file_1in)) {
data_out = 0;

for Tino;i<4;1++) i
ahslut = abs(dnta nfi)); // Absolute of data
data_in[iT«<0); // Bign of daata
1£ (aha ut<2§s) {
}
else {
exponent o log(abalut)/log{(2 0); // Log base 2
Exp o exponent - 8; // Like division
Aa // 1in linear space
ta_out o data_out + ( <<(i*d4)), // Pack bbles
if és(in ) 1 = /1! Bet sggn bit
out = data_out | 8;
else 1£ Tinnl)
data_out o data_ocut | 128;
else if Ti==2
data_ocut = data_out | 2048;
elge if Ti==3)
data_out © data_out | O0x8000;
}write(&dntn_uut,2,1,£11e_out): // write out in sets of 4

}
elee {
fprintf (stdarr,"File troubles Check names, paths, etc \n");

close(file_in)
fclome(file out‘;

}
elae {
fprintf(astderr,*format is: siglawd inputPFlle outputFile\n®);

%xit(ﬂ);

26



//

desiglad.c

,-.-i.-.iiiii.'-'-'.'ii'it.i.-itttittti‘-i-itt'.iittttiti.t’

,-i-
,-i-
,.t.
,-ii
,.ii
,t't
,.Qt
,.ﬁﬁ'

#iinc
#iinc
#inc
#inc

4 bit log decompression code for

SIGGRAPE 1998 audio compression course

by Perry R Cook, Princeton Univerasity
This program converts files created
with siglawd ¢ back into 16 bit linear
The schemes here is exponent- onl{ ancoding

which would be rea11¥_chen

(L 222X 2R AR 2R RRNS D)

lude <«<stdic h>
lude <stdlib h>
lude <math h>
lude <string h>

volid main(short argfilahar *argv(])) {

FILE *file in, _out;
gned short data_in;

ahort data out{ ] a {0 0};
short nib_da H
short Exp=0,8igns0;

if iargc==3) {
le_in = fopen(arwv{ll *rh");
fila out o openiarqvlz . "wb®);
if (Flle_in && file_out

while (fread(&data_ Ln,z 1,file 1n)) {

nib_data(0] data in &
nib_data[l] = data in">»> 4
nib_data[2] = (data_in »>

8}

& 15;
& 15;

nib_Adata[3] = (data_in »>> 12) & 15,

for (i=031<4;i+;

Exp
if (nib_data(i] &
S8ign a 1;
else
a 0Q;

it é?gign) { 0)

data_outi] = 0;
elpe
data_out[1} = 255

elae {
if { eal)
data_out | ] = 137
else if (Exp==1)
1 dggnTg:;[i% a 126
elae ==
data_out([i]) = 124

data_out[i] = 120

g dntn[i} & 7;
8)

pow(2,Exp) }

'.t,
'.t,
‘.tl
i.t/
itt,
tttl
ttt/

LA R 2 .ti-t-'.t..iit.i.'-ttt/

// Unpack nybbles

// QGet exponent
// Then check aign

// 2'a compliment junk

255;
255,
255;
255;

data_out([i] = 112 * 255;
data_out[i] = 96 * 255;
data_out[i] = 64 * 255,

data_out{i] = 0;

data_out[i]) = data_out[i)

}

%writa(dnta_out,z,d,file_out):

}
else {
fprintf(stderr, "File troubles

%close file_in);
fclose(file_out);

}
elese (

Check names,

| -32768; // Sign bit

paths, etc \n®);

fprintf(stderr, "format 1g desiglad inputFile outputFile\n");

}
aexit(0);
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// mulaw8.c

,i.i*'i.**ii’tt.ﬁt..i.‘tt.'tﬁ.t.ittttt.tiiiiii..'ti‘.t.tiil

Fhdd 8 bit log compression code for k)
faee SIGGRAPE 1998 audio compression course vwd
PR by Perry R Cook, Princeton University ks
fone This program takes a 16 bit linear sigmed Ty
funn headerless file and compresses it 2 1 Y
forn Use demulaw8 c to decompress f£iles ke y

,ttt.i.tt.tl’.it.t*'*ﬁ.i.it'...'tt.‘*'...ﬂ.'.'-.t-..'.i.ﬂ./

f#iinclude «<stdio

h>

#include <stdlib h>»
fiinclude «<math h>
#iinclude <string h>

void main(short

argc, char *argv([]) {

FILE *file_4in,*file_out;
unsigned short data_out,
short i,data_in(2];
unsigned short absalut,

float temp,scale,mu o 0 062;
short Sign=0;

if (argc==3)

file_in =

{

fopen (argvil], "rb");

file_out = fopen{argv[2),"wb");

scale = log{l 0 + mu};
if (£ile_in && file_out){
while(fread(&data_in,2,2,£1le_in)) { // Load two words
abslut o abs(data_in[0])); // Absolute of data
Sign = (data_in[0]<0); // 8ign of data
temp = log(l O + (mu * (float) abslut)); // Basic Mulaw
tamp /= scale, /7 equation
data_out = (unsigned short) temp; // Pack £irst byte
if (5ign) data_ocut = data_out | 128; // with sign bit
abglut = abs(data_in[1]);s // Abgolute of data
Bign = (data_in([1)<0); // 8ign of data
temp = log{(l 0 + (mu * (float) abslut}); // Basic Mulaw
temp /= scale; 17/ egquation
data_out = {(data_out << 8) // Pack
+ {unsigned short) temp; // second byte

}
}
else {

if (Bigm) data_out = data_out | 128; // with sign bit

fwrite(&data_out,2,1,file_out); // write ocut sets of 4

fprintf (stderr,"File troubles Check nameg, paths, etc \n");

}

fclose(flile_in);
fclose(file_out),

}
elee {

fprintf (stderr, "format is mulawB8 inputFile ocutputFile\n®);

}
exit(0);
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// demulawB.c

,.*.Qi...I‘Q"..."-'.iitt'..'*-'..ﬁ*.i'..t.'i*'*.'.iﬁ-i'-.‘,

fove 8 bit log decompression code for

fone SIGGRAPH 1998 audio compression courae
fone by Perry R Cook, Princeton University
VA Thie program converts files created

foee with mulaw8 ¢ back into 16 bit linear

.t./
.i’*,
-".,
.t.,
t't,

I-ittt.i.tit.i.it'.tt'it.i*t.*.t*t.".it'ﬁtiti.i.it.it.i.,

#include <stdio h>
#iinclude <stdlib h>»
#include <math h>»

#include <string h>

void main(short argc, char *argv([])
FILE *file_in,*file_out;
ungigned short data_in;
unsigned char char_data;
int i,
short data_out (2] = {0 0};
short Signe=0;
float temp,ocale,mu = 0 062;

if (argc=al) {
file_in = fopen(argv[l]l,*"rb"}

{

H

£file_out = fopen(argv(2],®*wb");

if (file _in && flle_out)({
scale = log{(l 0 + mu);

while(fread(&data_in,2,1,file_in)) {( // Read compressed

char data =~ data_in »> 8,

if (char_data & 128)

/7

bytes

// Get firast byte
// Then check saign

Bign = 1;
else

Sign = 0;
char_data = char_data & 137; // Absolute data
tanp = (float) char_data * gcale; // Undo mulaw
temp ¢ (exp{temp) - 1 0} / muy l/ compresalion

if (8ign) temp = -temp;

data_out[0]) = temp;

char_data = data_in & 255;

if (char _data & 128)

g8ign o 1;
else
gign o 0;

char_data = char_data & 127; /
temp = (float) char_data * scale; /
temp = (axp(temp) - 1 0) / mu,; /
if (8ign) temp = -temp,

data_out[l) = temp,

/7

and add sign

// Get second byte
// Then check sign

fwrite(data_out,2,2,flle_out});

}

else {

fprintf (stderr,*File troubles

}
fclose({file_in);
fclose(file_out);

}
elae {

Check names,

Absolute data
Undo mulaw

compression
and add asign

paths, etc \n");

fprintf (stderr, "format is: demulawf inputFile cutputFile\n");

}
exit(0};
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// acpcmcod.c

,Ii.i.t'.t'.*.ﬁ'*.....tti-it...t.i.t*".'.*it..'.t.t.ttitl’/

fove 4 bit ADPCM compression code for wenf
fune SIGGRAPH 1998 audio compression course e/
PR by Perry R Cook, Princeton University wwe
PR This program takes a 16 bit linear signed LAY
fune headerless file and campresses it d4:1 wee)
frew Use adpcmdec ¢ to decampress filles eay

,I'.ttti.tt.ititit.ﬁi.'.t-t.i.it.i".it.i.ti.it.'tﬁt*titt./

f#iinclude <stdio h>
f#iinclude <stdlib h>
#iinclude <math h>

#include <atring h>

#define MAX_STEP 2048
#define MIN_STEP 16

void main(short argc, char r*argv([]) (
FILE *file_in,*file_out;
long is
ahort XHAT1la0,Xn,Dnj;
short deln,dell=8;
short deaelndec,delldec=8,1lnldec;
short lnls=l,sign, temp;
short datal(d];
unsigned short data_out,
float M[16] =

{C 909,0 909.,C 909,0 9509,1 21,1 4641,1 771561,2 143589,

0 909,0 909,00 909,0 509,11 21,1 4641,1 771561,2 143589},

float del_table[l6) = {0 0,0 25,0 5,0 75,1 0,1 25,1 5,1 75,
¢ 0,-0 25,-0 5,-0 75,-1 0,-1 25,-1 5,-1 75)});

if (argce=sl) {
file_in = fopen(argv(l),"rb");
file_out = fopen{argv[2],*wb"};
if (£ile_in && file_out) {

while(fread(&data,2,4,file_in)) {

data_out = 0;

for (leo0;4i<d;i++) {
Xn = dataf[i];
Dn = Xn - XHAT1;

deln = dell * M[1lnl);
temp = deln - MIN_STEP;
if (vemp<0) {

deln = MIN_STEP;
}
temp = MAX_STEP - deln;
if (temp<0) {

deln = MAX_STEP;
}
dell o deln;

lnl = 0;

tamp = Dnj;
if (temp<0) {

30

'y
/7

Form delta sigmal

Get now delta
delta < min 777
8kip 1 on positive
get it to min

delta > max ???
Skip 1 on poaitive
get it to max

Stash delta

to get flags
Skip on positive



lnl = 8; /7 Else get nagative

Dn o -Dn; ¥ bit in code word

}

temp = deln - Dn; r/ Check magnitude

if (temp<0) ( 1/ S8kip 2 on poaictive
1nl += 4; r set MSB in code word
Dn -= deln; Iy decrease magnitude

}

temp = deln*0 5 - Dn; /7 Check magnitude

if (temp<0) { 17/ Skip 2 on positive
lnl += 2; /7 set 25B in code word
Dn -= deln*0 5; /! decreage magnitude

}

temp = deln*D 25 - Dn; /7 Check magnitude

if (temp<0) { r/ Bkip 2 on pesitive
1nl += 1, /7 set LSB in code word

}

,*ttti‘ttttt.it.itt. DECODBR mTION t.t.tt*.*iittitttttt.,
lnldec = 1nl,

delndec = delldec * M[lnldec]; // form new delta

temp = delndec - MIN_STEP, // test against min

1f (temp<0} // Bkip 1 on posaitive
delndec = MIN_STEP; // 8et to min

temp = MAX_STEP - delndec; // test against max

if (temp<«<0) // 8kip 1 on positive
delndec = MAX_STEP; // Bet to max

delldec = delndec; // sBave delta

XHAT]1 +o delndec * del_table[lnldec]), // update sampla

if (XHAT1>32000 || XHAT1<-32000) // 8kip if no saturate
XHAT1 *= 0 95; // Elspe fix it

li"ttttt'."tittitttt.tti.t-..iii'..-ii-'l'-'tit.-'ti‘.i'.i..-iii’

data_out = (data_out << 4) + 1lnl;
}
fwrite(&data_out.2,1,file_out);
}
}
elee {
fprintf (stderr,*File troubles Check names, paths, etc \n");
}
fclose(file_in):
fcloge(file_out);
}
elge {
fprintf{stderr, "format ise: adpcmcod inputFile cutputFille\n\n®);
exit{0);
}
exit (0);
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// adpcmdec.c

,.....i.ii.i'i-'i..I.l'.i‘.'-"i't.-.'i'--'t.i-'t..i-'i-'.'.'.,

fanw 4 bit ADPCM deccmfression code for ey

F Al SIGGRAPH 1998 audio compression course bl 4

¥ kil by Perry R Cook, Princeton University bl 4

[une This program decumpresses files created wasy

,..ﬂ b¥ a c *ti,
L B 3

,..Q.ﬁ.. -i.i.ii.-.Qi.ﬁ'i‘i'*.-i.-'i*.t-i'-'i*.*.*.*,

#include <atdio h>»
#include <etdlib h»>
#include <math h>

#include <string h>

fidefine MAX_STEP 2048
#idefine MIN_STEP 16

void main(short argc, char *argvil) {
PILE ¢£ile. in, 3€ile_out;
long 1,
short anT1=o Xn,Dn,
short deln
short delndec delldec=8, lnldec;
short sign,temp,
short datal[d],
unsigned short data_in,
float M[lﬁ] o

{0 909,0 909, 909 0 509,1 21,1 4641,1 771561,2 143589,
909,0 909 0 909,0 909,1 21,1 4641,1 771561,2 143589);
float del tnbla[lG] e {0 0,0 25,0 5,0 75 10,1 25,1 5,1 75,
0 0,-0 25,-0 5,-0 75,~-1 0, 1 25 -1 5,-1 75},

if inrgc==3) {
le_in = fopen{argv([l],"rb"};
file out = fopeniargv[: 'wb'):
if (file_in && file out
while(fread{&data_in, 2 1,file_in}) (
for 11:0: <dji+s) {

nldec = data_1in >> 12; // Load data

data_in = data_in << 4,

delndec = delldec * M{lnldec]); // form new delta

t e delndec - MIN_STEP; // test against min

i Etemp(O) // B8kip 1 on positive
delndec = MIN_STEP // 8ot to min

temp = MAX STEP - deindec: // test against max

if (rvemp<0Y // B8kip 1 on positive
delndec = MAX_STEP, // Bet to max

delldec = delndec; // 8ave delta

XHAT1 += delndec * del_table([lnldec]; // update sample

if (XHAT1>32000 || XHAT1<-32000) // 8kip if no saturate
XHAT1 *= 0 95; // Else fix it

data[i] = XHAT1; // Output Samples
%write(&dntu.2.4.file_out).
}
elge {

fprintf (stderr,"File troubles Check names, paths, ete \n");

close(file_in);
fcloge(file_out);

else
fpf ?Ef(atderr.'format is adpcmdec inputFile outputFile\n\n®};
exit :

}
exit (0);
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//

sigxfor8.c

,i.i.ti*'t*ﬁ"tt....tt.tt.iiti.i'itiﬁ*ﬁ*t“t.t...i"-t.ﬁﬁﬁ,

,iti
,t.'
,i.*
,i.'
/i.t
li.t

Simple 8 bit Transform compresseion code for
SIGGRAPE 1998 audio compression course

by Porry R Cook, Princeton University
This program takes a 16 bit linear signed
headerless file and compresses it 2 1
Use sigxinv8 ¢ to decompress files

*t"
tt*’
*ﬁ*,
'ﬁ.l
.i./
..t/

It.tiit.t-t.'.'ti'.tﬁ"..t.ti-tttttt.tti.t.tttﬁﬁ't....t.‘./

8inc
##inc
#inc
#inc

#inc

#def
#def

lude <stdlid h>
lude <stdio h>
lude <math h>

lude <amsert h>

lude "fhtrxd c"

ine FHT_LENGTH 64
ine POWER_OF_FOUR 23

main{int argc,char *argvi(])

{

FILE *filelIn,*fileOut,

short max, x_input (FHT_LENGTE];

float fmax, temp_float {FET_LENGTH];

signed char y_out [FHT_LENGTH];

int i, n_read;

extern void fhtRX4 (int powerOfFour, float *array);

if {argcl=3) {

fprintf (stderr, "usage %8 filein flleout\n",argv([0]);

exit{0);
}
fileIn = fopen(argv[l],“rb"};
if (1fileIn} {
printf("Input file problem\n®),
fclose(filelIn);

exit(o).
}
fileOut = fopen{(argv(2],"wb");
if (1f1lelut) {

printf ("Output file problem\n");
feclose{fileIn);
exit(0);
}

n_read = fread{x_input, 2, FET_LENGTH, filelIn};
while (n_read) {
for (i=n_read;i<FHT_LENGTH;i++)
x_input(i] = 0;

temp_flocat[0] = x_input(0];
max = abag(x_input(0]);
for (i=1;i«FHT_LENGTH;i++) {
if (max < abs(x_input(i)))
max = aba{x_input(i]);
temp_float[i] = x_input(i])] - x_input([i-1];

i3

/!
/7

//

/7
/1

/7

End Of rile
condition

first sample

compute block
dynamic range

spample deltas



i€ (max > B8) {

furite{&max, 2,1, file0ut); // write block max

fhtRX4 (POWER_OF_FOUR, temp_float); // do transform

fmax = fabg({temp_float[0])};

for (isl;i«FHT_LENGTH;i++) { // compute transform
if (fmax < fabas(temp float[i))) // maxjimum for code

fmax = fabas(temp float[i)); /7 normalization
}
for (i=0,1<FHT_LENGTH;i++} ( // pack data

y_out[i] = 137 * temp_floatc([i] / fmax;
}
fwrite(y_out,FET_LENGTH,1l,fileOut);
}

elae {
printf{(*"Zero Block Here\n");
max = 0 // SBpecial silence
fwrite(amax,2,1,£file0ut); /7 write block max

}
n_read = fread(x_input,2,FHT_LENGTH,fileIn);
}

fclose(filelIn);

feclose(fileOut);
return;
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// BigxinvB8.c

,*Q.Qt.t‘..t-'-t'-i....l-.t.t.i-ttt'i.t.ti.tit'tt.iit....'l

F Akl Bimple B8 bit Transform decompresgion code ey
F Al for SIGGRAPH 1998 audio compression ccursa ol 4
Jute by Perry R Cook, Princeton Univeraity LA LY
Jate This program eats the nybble packed data il )
P AR enerate b{ sigxfora ¢ and decomprespes il )
fhee nto a 16 bit near nigned headerlegs file s/

.t.tt.t.ii..ti.il‘tii.t.'ti/

,ﬁ'.Q.t.t.t'.t't.iit*'."ﬁt..tit

f#iinclude <atdlib h>
##include <satdio h>
##include <math h>

##include <aasert h>

fiinclude ="fhtrxd c*®

fidefine FHT_LENGTH 64
#define POWER_OF_FOUR 3

Tain(int argc,char *argv(])

FILE *filelIn, *£ileOut;

ghort x_out [FHT_ LENGTH] ;

float temp_float [FHT_LENGTH];

signed char y input [FHT_LENGTH];

float fmax, temp;

short mnx,ﬁirst_aample:

int n_read;

long I;

extern void fhtRX4(int powerOfFour, float *array),

if (argcle=ld) {
fprintf (stderr, "ugage %8 filein fileout\n",argv(0]);
exit(0);

ileIn = fopen(argv[l], "rb®);
if (1filelIn
grintfi'xnpuc file problem\n");
)filexn),

!

close
exitc (0

%ileo-ut = fopen{argv(2],*"wb"),
if (lfileOug?
Yrintf 'Out?ut file problem\n®);
fclose(fileIn);
exit(0),

n read o fread(&max,2,1,filelIn);
while (n_read) {
if (max) {
n_read = fread(y_ ipput,l,PHT_LENGTH,filelIn);
£6r (i=0;i<FHT LENGTH;i++)
tenp float{i] = y_input[il;

fhtRX4 (POWER_OQF FOUR, temp_float); // Back to time domain

fmax = temp_float[0];
for am. EroatTil o Lomm £loat[i-1)
emp oa +o temp oa =1},
if (Emax < fahs,tump_!lont[i];)
fmax = faba(temp float[il);

or (is0,i«FHT_LENGTH;l++) i
¥_out[l) = max * temp_float[i] / fmax; // rencrmalize

// integrate back
;; and remember peak

for renormalization

}
elee // 8Special Silence Code

{
for (i=0;i<PFHT_LENGTH;i++)
X_out[i) = ©O;

}
n_read o fread(&max,2,1,filelIn};
) fwrite(x_out,FET_LENGTE, 2, £i1e0ut};

fecleose{filelIn);

fclose(£ileOut),
return;
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//

l.i'l'
,.ti
,.Q.
,.t.
,-i.
,i.i
,ttﬁ
,.ﬁﬁ

#inc
#inc
#inc
#inc

sigxford.c

-'t-.'.i'-ttttti.tﬁt-itt.tt.ttit....tiiﬁ.t".ﬁﬁ..i-ii./

Simple 4 bit Transform compression code for el J

SIGGRAPH 1998 audio compression course LA

by Perry R Cook, Princeton University LA
This program takes a 16 bit linear signed wewny
headerlenss file and compresses it 4 1 wewf
Use sigxinvd c to decompress files wewy

t...'-.tii.itit.t..tit.iiiii'l"ti.it‘.‘.ii.i.itti.itti,

lude <stdlib h>
lude <stdio h»
lude <math h>

lude <assert h>

#include *"fhtrxd c*

#def
#def

ine PHT_LENGTH 64
ine POWER_OF_FOUR 3

main{int argc,char *argv(])

{

FILE *filelIn,*filagut;

short max, temp_word, x_input [FHT_LENGTE]:;

float fmax, temp_ float [FHT_LENGTH]);

signed char y_out [FHT_LENGTH] ;

jint abslut,Exp,Sign;

int i,n_read;

extern void fhtRX4 (int powerQfFour, float *array);

if (argct=3d) {
fprincf (stderr, "usage: %38 filein fileout\n",argv([0]),
exit(0);
}
£fileIn = fopen{argv([l],"rb"}:
if (1£ilelIn) {
printf("Input file problem\n");
fcloge(fileIn);
axit(0),
}
fileOut = fopen(argv(2),“"wb");
if (t1fileoOut) {
printf ("OCutput £ile problem\n®}),
feclose(filelIn);

exit(0);
}
n_read o fread(x_input,2,FET_LENGTH, fileIn);
while (n_read) {
for (ion_read;i<FHT LENGTH;i++) // End Of FPile
»x_input(i) = 0; I’/ condition
temp_ float({0) = x_input([0}; // store lat sample
max = abs(x_input([0]):
for (i=1;i<FHT_LENGTH;i++) { // compute block
if (max < abs{x_input([i})) // dynamic range

max = abs(x_input[i));
temp_float[i] = x_input([i) - x_input(i-1]); // sample deltas
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}
fhtRX4 (POWER_OF_FOUR, temp float); // do transform
fmax = fabs(temp_ floac[0]):;

if (max > 8) {

furite(&max, 2,1, £ile0ut}; // write block max
for (i=1,i<PHT_LENGTH;i++) { // compute transform
if (fmax < faba(temp_float[i])) // maximum for
fmax o fabs(temp_£float[i]); 17/ normalization
}
for (ic0;i<PHT_LENGTH/2,1i++) { // pack data
temp_word = 255 * temp_float(2*l] / fmax;
abslut = aba({temp word), // Absolute of data
8ign = (temp_word«<0); // Bign of data
if (abslut < 1)
Exp o 0;
else
EXp = log{abalut)/logl(2 0); // Log base 2
y_out{i] = BExp << 4;
if (8ign) // SBet amign bit

y_out[i] = y _out[i]l | 128,

temp_word = 255 * temp_float[2*i+l] / fmax;

abalut = abs(temp_word); // Absolute of data
Sign = (temp_word<0); // Bign of data
if (abslut < 1)
Exp = 0,
elae
EXp = log(abslut)/log(2 0); // Log base 2
y_out[i) +o Exp;
1f (8ignm) // Bet sign bit
y_out[i] = y_out[i]l | 8;
}
}
alae {
max = 0; // Special zero
furite(&max,2,1,fileCut}; /7 write block max

}

n_read = fread(x_input,2,FHT_LENGTH, fileln);
fwrite{y_out, FHT_LENGTH/2,1, fileCut);
}

fclopa(filelIn};

fclose(fileOut);
return,
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// sBagxinvd.c

,.-i-.....-'lt.'ti.-*'-t*ﬁﬁtt...t.t...t-ii.-i.-i.i.'.tﬁ.ﬂﬁ,

Fihohed 8imple 4 bit Tranaform decompresasion code WAL S
FA A for SIGGRAPH 1998 audio compression course www/
Jonw by Perry R Cook, Princeton University wan)
fune This program eatg the nybble packed data wawy
[aee generated by sigxford ¢ and decompresses it wawf
fone into a 16 bit linear signed headerless file wew/f

I.i’*‘tﬁ..Q‘i’ﬁ'.t.ﬁ..ttftttttttiI'.t'.iﬁ.ﬁ*tit'...t.t".ii.‘/

fiilnclude <atdlib h>
#include <atdio h>
#include <math h>

filnclude <aspert h>

#iinclude *"fhtrxd c*

#idefine FHT_LENGTH 64
#define POWER_OF_FOUR 3

main{int argc,char *argv{])
{
FILE *filalIn,*fileoOut;
short max, x_out [FHT_LENGTH];
float fmax, temp_float [FHT_LENGTH]:
signed char y input [FET_LENGTH]:
unsigned char temp_ byte;
short Exp=0,8ign=0;
int i, n_read;
extern void fhtRX4{int powerOfFour, float *array);

if (argcl=3) {
fprintf (stderr, *upage %8 filein flleout\n",argv([0])s
exit(0);
}
fileIn = fopen(argv(l].,"rb"),
if (1£ileln) {
printf(*Input file problem\n"),
€close(fileIn);

exit(0);
}
fileOut = fopen{argv(2}],"wb");
1f (1£1leQut) {

printf{"Output file problem\n®);
fclone(fileIn);
exit(0),
}

n_read = fread(amax,2,1,fileIn);
while (n_read) {
if (max) {
n_read = fread(y_input,l,FHT_LENGTH/2,fileIn);

for {(i=0,i<FHET_LENGTH/2;i++) {
temp_byte = (y_input[i] >> 4) & 15;
Exp = temp_byte & 7; // Get exponent
if (temp_byte & 8) // Then check signm
B8ign = 1;
else

K1)



8ign = 0;

temp_float[2*1]) = pow({2,Exp); // Bet log data
i1f (8igm) { // and add sign
temp_float[2*l] *= -1; /7 if needed

}

temp_byte = y input([i) & 15;

Exp = temp_byte & 7, // Get exponent
if {(temp_byte & 8) // Then check sign
Bign = 1,
elze
8ign = 0;
temp_float[2*i+1] = pow(2,Exp); // Bet log data
i1f (8ign) { // and add sign
temp_float[2*i+1l] *= -1; /7 if needed
}
}
fhtRX4 (POWER_OF_FOUR, temp_float); // back to time domain

fmax = temp_float[0];
for (i=1;1i<PHT_LENGTH;i++) |
temp_float[i] += temp_float[i-1]; // integrate bhack
if (fabs(tenp_float{i]) > fmax) // and remember peak
fmax = faba(temp_£float[i])): // for renormalization
}
for (i=0;i<PET_LENGTH;1++) {
x_out{i] o max * temp float([i]) / fmax; // renormalize
}
}
else { // Bpecial Bilence Code
for (ie0;i<FHT_LENGTH;i++)
¥_out[i) = 0;
}
n_read = fread(&max,2,1,fileIn),
fwrite{x_out, FHT_LENGTH, 2, £ileCut);
}

fclope(fileln),

fclone(£ileCut);
return)
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// fhtrxd.c

#define PI 3 141592654782
fidefine SQRT_TWO 1 414213562
#define TWOPI 6 283185309564

vold fhtRX4 (int powerOfFour, f£loat *array)
{

/* In place Fast Hartley Transform of floating point data in array
8ize of data array must be power of four Lots of gets of four
inline code statemants, 60 it is verbcocse and repstitive, but fast
A 1024 point FHT takes approximately 80 milliseconds on the NeXT
computer (not in the DSP 56001, just in compiled C as shown here)

The Fast Hartley Transform algorithm is patented, and is
documented in the book °"The Hartley Transform®, by Ronald N
Bracewell This routine was converted to C from a BASIC routine
in the above book, that routine Copyright 1985, The Board of
Trustees of Stanford Univergity ./

register int 3js=0,4i=0,k=0,L=0;

int ne=0,n4=0,481=0,42=0,43=0,484=0,d45=1, 46=20,47=0,d48-0,d49=0;

int L1=0,L2=0,L350,L4c0,L5=0,L620,L7=0,LEc0;

float r=0 03

float al=0,a2=0,a3=0;

float t=0 0,tl1les0 0,t2=0 0,t3=20 0,td4=0 0,tS5=0 0,t6=0 0,t7=0 0,t8=0 0O;
float t9=0 0,t0=0 0,

float ¢l1l,c2,c3,81,82,83;

n a pow(d 0 , (double) powerOfFour):
nd = n / 4;
r o SQRT_TWO,

] =1;
ie0;
while (i<n-1) {
144,
i€ (1i<3) {
t = array([j-1];
array(j-1] o array[i-1];
array[i-1] = t;
}
k o nd;

while ((3*k)<j) (
j -=3*Kx;
k /= 4;

}

J +e kj

}
for (i=0;i<nji +o 4) {
t5 = arrayl[il:;

t6 = arrayl[i+l);
t7 = arrayl[i+2);
t8 = array(i+3]);
tl = t5 + t£6;
t2 =0 t5 - t6,
tl = £7 + tB;
td = t7 - t8;

array[i] = t1 + t3;

array[i+1l] = t1 - t3;
array[i+2] = £2 + t4;
array[i+3) = t2 - td;

}

for (Le2;L<spowerOfFour;L++) (
4l o pow{(2 0 , L+L-3 0);
d42=41+d41;
di=da+dz;
dd4=423+d43;
d5=43+d43;
for (j=0;j<n;3 +o 45) {
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tS o arrayli],

t6 = array([j+d2);

t7 o array[j+d3];

t8 = array([j+d4d].:

tl = t5+t6;

t2 o t5-t6;

t3 = t7+t8;

td = t7-t8;

array[j} = tl1 + t3;
array[j+d2] o t1 - t3;
array[j+d3] = t2 + t4;
array[j+d4] = t2 - t4;
46 = j+dl,;

d7 = j+d41+42,

ds o j+d1+d43;

ds = j+dl+d4d;

tl = arrayl(ds);

t2 o array(d7] * r;

t3 o arrayl[ds];

td = array([d9) * r;
array[d6] = t1 + t2 + t3,
array([d7] = t1 - t3 + t4,
array(d8] = tl1 - £2 + t3;
array([d9] = tl1l - t3 - t4;

for (ksl;k<dl;k++) (

Ll & 3§ + k;

L2 = L1 + 43;

L3 = L1 + 43;

I4 = L1 + 44;

LS = § + 42 - k;
L6 = LS + 42;

L7 = LS + d3;

L8 = L5 + d4;

al = {float) k /
al o al + aly

ajd = al + a2y

cl = cos{al);

c2 = coa(al);

€3 o coa(ald);

8l = gin{al};

82 = sgin(a2};

83 o sin{a3);

t5 = array[L2] *
té o array([L3] *
t7 = array[l4] *
t8 = array[L6) *
t9 o array([L7] *
t0 = array([LO) *
tl = array([L5] -
t2 o array(L5] +
t3 = - tB8 - t0;
td = t5 - t7;
array[L5] = t1 +
array[L6] » t£2 +
array[L7}) = tl1 -
array([LB8) w t2 -
tl = array(Ll] +
t2 = array[Ll] -
tl = t8 - t0;

td = t5 + t73
array([Ll] = tl1 +
array{L2] = t2 +
array[L3] = t1 -
array[lLd] = t2 -

{£loat) 43 * PI;

el

c3
el
c2
c3
t9;
t9;

td;

td,
td;
t6;
té;

td;
td;
td;
t3;

[ I I O

array([L6]
arrayl[L7)
array [L8)
array[L2]
array[L3]
array([L4]
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al;
8d;
83;
8l;
¥ ¥
83;



// fitlpc.c

,.‘.t‘....'ti.*'i'..'.ii't-.-'...-'.'.'.'iii."i."..".".i.’

F Al Linear Prediction (LPC) analysis code for ke /
P S8IGGRAPH 1998 audio compreassion coura aay
F Akl by Perry R Cook, Princeton Univergity ey
foew This program takea a 16 bit linear signed whey
ikl headerless file and compresses it 18:1 kel )
P Parameters assumes 8K sampling rate, for wha
F Rkl other sampling rates, adjuast block, hop., www )/
FALA and possibly order accordingly whey
F il Use lpcresyn c to decompress files LAY

,.'i-.'.'...'.".i".'-.'*i’-i"..i't."-it.t.ittitttttti.‘ttt.itti,

fiinclude <sgtdioc h>
#iinclude <fcntl h>
¢include <string h>
#iinclude <math h>

#idefine MAX_BLOCK 1024
#define MAX_ORDER 30

main(ac,av)
short ac;
char *av[];

extern float autocorr({short size, float *data,float *result);

axtern short minvert(short aize, float mat (] [MAX_ORDER])};

extern float lpc_from_data{short order, short size, float *data,
float *coeffs);

extern float predict(short order, short hop_size,float *data, float
*coeffa);

short short_data[MAX BLOCK];

float data[MAX_BLOCK)={0 0},pred_coeffs|[MAX_ ORDER],

short out_coeffs(MAX_ORDER];

FILE *filein,*filecut;

short n_read;

short 1i,j.block_size, hop_size,order;

long time = 0;

float pitch,power, temp;

if (ac=s=3) (
order = 10;
block_size = 512;
hop_size = 256;
filein = fopen{(av(l],*rb*),
if (£filein) {
fileout = fopen{av[2],"wh");
fwrite(&order,2,1,fileout),
fwrite(&hop_aiza,2,1,£fileocut);
n_read o fread{short_data,2,block_size,filein);
for (i=0;i<block_size,i++) data[i] = short_datali];
while (n_read) {
pitch = lpc_from_data{order+l,block_size,data,pred_coeffa),
power = predict(order,hop_size,data,pred_coeffs);
time += hop_size:
for (i=s0;i<block_size-hop_size;i++)
data(i] = datalhop_size+i];
n_read = fread(short_data,2,hop_size,filein);
for (i=hop_sizeji<block_size;i++)
data[i] = short_data(i-hop_size];
fwrite(apitch,4,1,fileocut);
fwrite(&power,4,1,filecut);
for (job,j<oxrder;j++) {
temp = 32767 0 * pred_coeffa{]j] / (float) order;
out_coeffs(j]) = temp;
}
fwrite(kout_coeffa, 2,0rder,fileout};
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fclose(filein);
fclope(fileout);
}

else
printf ("I couldn't £ind your input filelll\n");
}
ealse
printf({"Format is fitlpc infile outfile lpci\n®),
return;

}

Jewesssssexrsr Thig forms the autocorrelation function

tttt'..i'.,

/uwssesswess pAlpo does pltch detection (not very well) weessssay

float autocorr{short asize,float *data,float *result)
{

long i.3.k,

float temp,norm;

for (1=0;1<ize/2;1i++) {
regult(i] = 0 O,
for (3e03j<siza-1-1;j++) {
result[i] += data[i+]] * data(]]:
}

}
temp = result([0];
J o size*0 04,
while (result(jl<temp && j < size/2) {
temp = resgult(jl;
J += 1
}
temp = 0 03
for (iejji<aize*d 5;1++) {
if (;eauit[i]>temp) {
= 1;
temp = regult[i];
}

}
norm = 1 0 / (£loat) mize;
k e giza/2,

for (i=0;i<size/2;1++) result([i] *= (float) (k -
if ({(result[]j] / result(0]) < 0 &) F = O,
if (3 > sizeas4) § = 0y
return (float) j;
}

/ewessseas Bruyte Force Gaugse-Jordan Matrix Inversion

short minvert (short size,float mat (] [MAX_ORDER])
{

short item, row,col,rank,t2;

float temp,res[MAX_ORDER] [MAX_ORDER];

short ok, zerorow;

for (rowemljrow<e=pize;row++) {
for (colsljcol<caizejcol++)
/7 fprintf(stdout,” %f ",mat([row] [col]l);

if (rown=acol}
res[row] [col) = 1 O;
alse
res[row] [col]l = 0 0;
}
17/ fprintf (atdout, "\n");

}
for (item=1;itamc<=mgize;item++) {
if (mat([item] (item]==0) {
for (rowcmitem;row<csize,row++) {
for (col=l;col<aoaize;col++) {

i) * norm;

.t.t....ii,

mat {item] [col) = mat[item] [col] + mat([row] (col],
rea[item] [col] v reas[item] [ceol] + resi{row] [coll;
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,t

*/

}

}

for (rowoitem;row<cpglzejrow++) {
tempomat (row)] (item];
if (temp!=0)
for (colcljcol<=piza;col++) {
mat [row) [col] = mat[row] [col] / temp;
reg[row] [col] = res(row] [col] / temp;

}
}
}
if (itemli=gize) {
for (rowoitem+l;row<=pizejrow++) {
tempemat [Tow] [item];
if (templi=0) {
for (colsl;col<csizejcol++) {
mat (row] [col] = mat([row] [col] - mat[item] [col]:
res[row] [col] = res(row] ([col] - res[item] [col],
}
}
}
) }
for (iteme=2;item<=gize, item++) {
for (rowoljrow<item;row++) {
temp = mat[row][item];
for (col=l,col«<caiza;col++) {
mat [row] [col)] = mat(row)] (col] - temp * mat[item) [col]l;s
res[row] [col] = res[row][col] - temp * res[item] [col]);
}
}
}
ck = TRUE,
rank = 0;

for (rowsl,row<=gize;row++) {

zerorow = TRUE;

for {(colel;col<=gizajcol++) {
if {(mat[row] [(col]!=0) zerorow = FALSE;
t2 o (mat(row] {col] + 0 5);
if (row==colg&t2!ol) ok = FALSE;
t2 o fabs(mat(row) [col}*100 0);
if (rowlccolg&t2!=0) ok = FALSE;

}
if (lzerorow) rank += 1;

}
1£ {10k} {
fprintf (stdout, "Matrix Not Invertible\n®"};
fprintf (atdout, "Rank is Only %i of %i\n®",rank,size);

}

for (rowol,row<=glze;row++) (
for (colel;col<apizejcol++) {
mat [row) (col] = res[row] [col],
}

}
return rank;

/eenwweusssres predictor Coeffs from a block of data tebasseane)

float lpc_from_data(short order, short size, float *data, float *coeffa)

{

float r_mat [MAX_ ORDER] [MAX_ ORDER];
short 1,3;

float pitch;

float corr[MAX_BLOCK];

pitch = autocorr(size, data,corr);

for (iesl;icorder;i++) (
for (jelj;jc<order;j++) r_mat[li]([j] = corrlabe{i-j)],
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minvert (order-1,r_mat);
for (icD;i<order-1;i++) {
coeffs[i] = 0 0,
for (je0;j<order-1;j++) (
coaffa[i) +o r_mat[i+1)[j+1])] * corr[l+]):

}
}
return pitch;
}
J/essaraesrvas Tggt the prediction function bbbl AL ALY

float predict{short order,short hop size,float *data,float *coeffs)
{
short 1i,j,n_write;
double powear=Q 0;
float error, tmp;
float Ze [MAX_ORDER];
for (i=0;i<order;i++) Za[i] = data[order-i-1);
for (i-order;i<chop_size+order;i++) {
tmp = 0 0;
for (j=0,j<order;j++) tmp += Za[]]*coeffs(]j):
for {(jmorder-1;3>0;3--) Zsl[j] = Z8(j-11;
Zs[0] = datal(i),
error = data{i) - tmp;
power += @rror * arror,
}
error = sagrt(power);
error = erxor / (float) hop_size;
return error;
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// 1lpcresyn.c

,*...ti...t-i..l'.tti"ttﬁ.tttit-...'.-‘*.‘i...i't'i'.t*tﬁi,

t."
i-.’
...I
iti,
itt,
.i-,

ik Linear Prediction (LPC) resynthesis code
A for SIGGRAPH 1998 audio compression course
[eee by Perry R Cook, Princeton University
[eee This program takes an LPC comprassed file
o and decompresses it to 16 bit linear
T Use fitlpc ¢ to compress files
,tttit.i.'ﬁ..ﬂ'..'Q'....ttt.it.t.ﬁt.i’.t‘li-ii-ii'-.-it..'*tﬁtt/
#include <stdio h»
#include <stdlib h>
#include <fecntl h>
#include <string h>
#include <math h>
#define MAX_BLOCK 1024
#define MAX_ORDER 30
#define ONE_OVER_RANDLIMIT 0 00003052
main{ac,av)

ghort acj;

char *av|[];
{

float coeffe{MAX_ORDER].Zs[MAX_ORDER],output,input,last_input = 1;
short in_coeffao[MAX_ORDER];
FILE *filein,*fileocut;
short n_read;

short shortout;

long 4,3;

int

hop_size,order, ticker;

long time = 0;
float last_pitch = 100, pitch=100;
float temp;

if |

aca=sl) {

filein = fopen(av[l],"zrb");
if (filein) {

fileout = fopen(av(3], "wh");
n_read = fread(&order,1,2,£filein);
for (i1=0;1i<order;i++) 2Zo[i] = 0 O;
n_read = fread(&hop_size,2,1,filein);
n_read = fread(&pitch,4,1,fllein);
n_read o fread(&ipput,4,1,filein);
n_read = fread(in_coeffs,2,order,filein);
ticker = last_pitch;
while (n_read) {
for (ie0;ic<hop_size;i++) {
output = 0 0
if {(input < last_input)
last_input *= Q0 99;
if (input > last_input)
last_input *= 1 01;
if {(pitcho=0) /7
output = last_input * 40 0 *

Nolse Bource Input

{(randem(32768) - 163E4) * ONE_OCVER_RANDLIMIT),

else { r/
ticker -= 1;
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1f (ticker <= 0) {
ticker = last_pitch;
output = last_input * last_pitch * -3;

1if (pitch < last_pitch)
last_pitch *= 0 595;
1f (pitch » last_pitch)
last_pitch *= 1 005;
}
for (j=0;j<order;j++) { // Qet Filter Coeffs
temp = (f£loat) in_coeffe(j} / (float) 32767 0;
temp = temp * (float) order;
coeffg[i) = temp;
}
for (j=0;j<order;j++) // Do Prediction Filter
output +e= Zal[jl*coeffal(]j]l:
for (j=order-1,3>0;3--) 2Zs([j]l = Ze([di-1];
Za([0] = output;

if (abs(output)>32000) { // Check for Overload
if (output < 0) ocutput = -32000,
else output = 32000;

for (j=0;j<order;j++) Zs(j] *= 0 9;
}
shortout = output;
fwrite{&shortout,2,1,fileocut};
}
time += hop_size;
n_read o fread(&pitch,4,1,filein);
n_read = fread(&input,d,1,£filein),
n_read = fread(in_coeffs,2,order,filein);
}
fclose(filein),
fclose(£fileout);
}
elee
printf(*I couldn't find your imput filell!\n");
}
alse
printf ("Pormat is lpcreayn infile lpc outfile raw\n®);
return;
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// Bines.c

Ii.tti'i’.it*'it.'ﬁt'..i’Iﬁ'.Q*.t'..i.ﬁt.'.t...i..‘iﬁ..l

[frew Program to make sine waves of various vews
AR amplitudes and frequencies ey
P A For SIGGRAPH 1998 audio compression wee/
F Rkl course, by Parry R Cook, Princeton U wowf

/*i.ti*i.Q..I'i‘i-'l'.i.i-".i"i't'.l’".iti"..iti'tit.'/

f#iinclude <math h>
fiinclude <stdio h>

main() (
long 4i.,3;
short data;
FILE *fileQut;
float amp;

fileOut = fopen{"sines raw","wh");
for (j=15,3i>0;3--)} (
amp = pow(2 0, (float) J);
for (1=0,1<4096,1i++) {
data = amp * ein(0 04 * 1i);
furite(sdata,2,1,fileOut),

}
for (1i=20,1<4096;1i++) {
data o amp * sin(0 16 * 1),
fwrite({&data,2,1,file0ut),
}
for (1=0;1<4096;i++) {
data o amp * ain(0 64 * i),
fwrite(&data,2,1,file0ut);
}

}
fclose(fileOut);
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// Dbyteswap.c

#include <stdlib h>
#include <stdio h>
fiinclude <string h>

#define INT16 short
#define INT3I2 long

I.ttii..'iti.itﬁ'.tt’..t.'t'..t..'-'l.t..i*ii..ii.'i'titttt‘.,

F ki BYTE SWAP FOR MOTOROLA/INTEL COMPATABILITY ratve/

Itt.tii.titﬁ.itﬁ'.t.t.'tti.Q......‘i.tt*t-'.ittit.‘.'-it.,

INT16 byte_swap({INT1l6é number)
{
INT16 *temp,
char swapper([3];
temp = (INT1l6 *) swapper,
*temp = number;
swapper [2] = swapper(0];
gwapper [0] = swapper(l],
swapper[l] = pwapper([2];
raturn *temp;
}

void main{int argc, char *argv([]) (
FILE *file_in,*file_out;
INT16 data(512),

INT16 1,3,

if (argcle=3) {
printf (*useage: byte_swap infile outfile\n®"};
exit(0),

}
file_in = fopen(argv(l],®rb”);
if (£ile_in) {
file_out = fopen(argv([2],"wb"),
J o fread({data,2,5132,£file_in);
while (j>0) (
for (i=0;i<jsi++)
data(i] = byte_swap(data([i]);
fwrite(data,2,j,.file_out);
3 = fread(data,2,512,filae_in);
}
}
fclose(£file_in);
fclona(file_out);
exic(0);
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//

,.i.
I.i.
,.it
,-..
I-i.
,-i.
,.Q.
,.t.

diffrnce.c

it.ﬁtﬁi.i.i’.i"*.'iI'...Iii.it.'i.itttiit...it'itit.i.t,
Program computes difference between two veny
raw headerless £iles Good for determining eony
errorsg Won't necesgarily work for all wawy
compression algorithms (LPC for example) weey
for SIGGRAPH 1958 compression course veey

by Perry R Cook, Princeton University tany

t'tt'ti..t....it.ﬂ'.....t..t.’.i'.i..ﬁ.t..t.‘.....'....l

#include <stdio h»>

main(int argc, char *argv([]) ({

FILE *fileInl, *fileIn2, *fileOut;
short datal,data2;

fileInl = fopen{argv[l]).,"rb"):
fileIn2 = fopen{argv([2)."rb");
fileOut = fopen{argv[3i),"wb");
if (1fileInl || tfileIn2 || !£ileOut) {
princf("useage %5 inl raw in2 raw out raw\n",argv{(0]);
fclose(filelInl};
fclose(£1ilelIn);
fclose(fileOut),
}
while (fread({&damtal,2,1,fileInl) && fread(&data2,2,1,fileIn2))

datal = datal - data2,
furite{sdatal,2,1,fileCut),
}
fcloge(filelInl);
fcloge(£fileIn2);
fclose(fileOut),
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