
27 
Introduction to Aud1o 
Compression and 
Representation 

25th International Conference on Computer Graphtcs and lnteracttve Techniques 

Exh1b1loon 21 23 July I 998 Conference 19 24 July 1998 

Orlando, Flor~da USA 

course notes 



27 
Introduction to Aud1o 
Compression and 
Representation 

Orgamzer and Lecturer 

Perry Cook 

Pnnceton Un1vers1ty 

25th International Conference on Computer Graph1cs and lnteract1ve Techn1ques 

Exh1b1t10n 21 23 July 1998 Conference 19 24 July 1998 

Orlando, Flonda USA 

course notes 



SIGGRAPH 1998 Course #27 

IntroductiOn to Aud1o CompressiOn and Representation 

Monday I 0 am noon 

Descnptmn 

Tius course bcgms wtth an muuducuon to wavcfonn snmphng and 
trnnsmiSSion and s10rngc ISsues followed by an mtroducuon 10 psycho 
acoustiCS that covers the urn que acUities and limns of the human audnory 
system Wavcfonn compressiOn model based speech compression and 
psychoacousucally based frequency domrun compressiOn algonthms nrc 
covered MIDI and other mus1c representation schemes nrc mtroduccd m 
the context of cxJstmg mus1c storage and man1pulauon 'iystcms as well ns 
potcnual future compression schemes Empha"s "on the tradcoffs of 
quahty compressed data s11c and Ocx1blc data man1pulauon C code 
examples nrc made avmlablc for vnnous compressiOn algonthms 

Prereqms1tes 

I nrmhnnty With the concepts of sampling and ahasmg Spcc11ic knowledge 
of rouncr or wavclettrnnsfonns 1s not reqUired but fnrmhanty w1th the 
umc and frequency domam representations of data IS helpful 

Top1cs Covered 

Stausucally based compressiOn of aud1o wavcfonn data IS bas1cally useless 
and los• less compreSSIOn of aud1o IS generally 1mposs1blc above the very 
lowest compressiOn rnuos Incorporation of psycho acousttc pnnc1plcs m n 
perceptually loss less system makes h1ghcr comprcss1on rnl!os poss1blc 
Sound examples nrc played to demonstrate the tradeoffs of d1ffcrcnt 
nlgonthms and comprcsston ratios 

Orgamzer and Lecturer 

Perry Cook 
Pnnccton Umvcrsny 



Schedule 

I 0 00 Shon ovcrv1cw of compresSion m general 

I 0 05 Wavcfonn sampling storage and 1ransm1ssmn 

I 0 15 Psychoncousucs some limns of auduory perccpuon 

10 35 Sound and Mus1c Rcprcscnlallon MIDI General MIDI more 

I I 55 Survey of aud1o comprcss1on algonthms 
a) a law/u law 
b)ADPCM 
c) Perceptually based 1ransfonn coders 

(such as MPCG 2 AC213 etc ) 
d) Producuon model based coders 
c) The future parnmcltlc mulu model comprcssmn? 

II 25 Some dcuuls of two spcc1fic aud1o comprc>Mon algonlhms 
a) A productmn model based speech coder 
b) A pcrccplually based 1ransfonn coder 

II 45 Wrap up 
a) bibliography of references 
b) source code on CDROM 

Presenter 810 

Perry R Cook 
AsSIStanl Professor 
Dcpanmcnl of Computer Sc1cncc 

also Dcpanmcnt of Mus1c 
Pnncc!On Umvcrslly 
35 Olden Slrccl Pnnccton NJ 08544 
609 258 4951 fax 609 258 1771 
prc@cs pnncc!On cdu 

Perry Cook rccc1ved a BAm mus1c from the Umvcrsuy of M1ssoun at Kansas Cuy Conscrvnlory of Mus1c 
a BSCC from !he Un1vcrs1IY of M1ssoun Engmccnng School and Masters and PhD degrees 1n Elccltlcal 
Engmccnng from Smnford Un1vcrs11y H1s research ccnlcrcd on compUicr mus1c vocal ncousucs and 
sound •ynlhcs1s He served as Tcchmcal D1rcc1or for !he Center for Computer Research m Mus1c and 
Acousucs rcscarch1ng the computer Slmulnuon of mustcal tnstrumcntct and the stng•ng vmcc controllers 
for real 11mc mus1c synthc•IS and performance and aud1o comprcssmn He has consulted and worked m the 
areas of DSP 1magc compression mus1c synlhcs1s and speech proccssmg for NeXT McdiD V1s1on and 
olhcr compan1cs Perry Ulughlthe aud1o secuon of the course m compressiOn at SIGGRAPH 94 and 95 He 
also organ11.cd !he course m Sound for Computer GraphiCS at SIGGRAPH 96 He IS currently AssiStant 
Profes.or of Computer Sc1cncc w11h aJmnt appomltncntm Mus1c at Pnnceton Umvcrslly rcscarchmg 
human computer Interfaces for the con1rol of sound and mus1c sound synlhcs1s aud1tory d1splay and 
•mmcrs•vc sound cnvuonmcnts 

II 



Table of Contents 

I Course Notes 

a) CompressiOn and sound bas1cs Page I 
b) Psychoacoustics Page 5 
c) Models of sound Page 9 
d) MIDI and event based compressiOn Page II 
c) T1me domam waveform compressiOn Page 13 
f) Frequency domrun compress1on Page 14 
g) Producuon model based compressiOn Page 16 
h) Two spcc11ic compressors Page 18 
1) References Page 19 
J) Source code 'ummary Page 23 

II ANSI C Source Code 

readme txt Overv1ew of all li les Page 24 

quanuze c Quantu.cs file to the number of spcc11ied b1t' Page 25 

Slglaw4 c 4-bll exponentls1gn compressor P.1ge 26 
deslgla4 c decompressor for above Page 27 

mulaw8c 8 bll mu law log compressor Page 28 
demulaw8 c decompressor for above Page 29 

acpdmcod c 4 bll adapuve delta compressor Page 30 
adpcmdec c decompressor for above Page 32 

s1gxfor8 c 8-b1t block adapuve transform coder Page 33 
s1gxmv8 c decompressor for above Page 35 
s1gxfor4 c 4-bll block .1dapt1ve transform coder Page 36 
s1gxmv4 c decompressor for above Page 38 
flnrx4 c Hanley Transform code used by above Page 40 

litlpc c Lmear Prcd1cUve speech Coder Page 42 
lpcresyn c resyntheSIS model for above Page 46 

StnCS C make some sme waves for testmg Page 48 
byteswap c swap bytes for lntei/Motorola (other/other) Page 49 
d1ffmce c form d1fference between two Iiles Page 50 

Ill 



~· 
Introduction to Audio 

Compression and 
Representation 

PerryR Cook 

Prmceton Computer Sc1ence 

{also MUSIC) 

Aud1o Compression Overview ~· 1--
• Compression m General 

• Waveform Samplmg, Storage, etc 

• L1m1ts of Human Aud1o Perception 

• Sound and Mus1c Representation 

• Audio Compress1on Techmques 

• Two Contrastmg Compressors 

• References and Resources 
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Compression in General: 
Why Compress? ~· 

So Many B1ts, So Little Ttme (Space) 

• CD aud1o rate 2 * 2 * 8 * 44100 = 1,411,200 bps 

• CD aud1o storage 10,584,000 bytes I m1nute 

• A CD holds only about 70 m1nutes of aud1o 

• An ISDN hne can only carry 128,000 bps 

Secunty Best compressor removes all that 1s 
recogmzable about the ongmal sound 

Graphics people eat up all the space 

Compression in General ~· 
Class1cal Data Compression V1ew. 

Take advantage of 

• Redundancy/Correlation 

• Stat1st1cs (Local/ Global) 

• Assumptions I Models 

Problem Much of th1s doesn't work 
directly on sound waveform data 
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Waveform Sampling 

>: and Playback 
r-

• Sample and Hold 

Sample Rate vs Altasmg 

• Quanttze 

WordStze vs Quanttzatton Notse 

• Reconstruct Hold and Smooth {ftlter) 

Ftlter Order vs Error and Latency 

Waveform Sampling: 
Quantization ~· r-

Quanttzatton 

Introduces 
Quanhzer 

~ X l.+£ 
Notse 

~ .r~~r)~ 
I I 

Examples. 16, 12, 8, 6, 4 btt mustc 

16, 12, 8, 6, 4 btt speech 
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Audio Compression >: r-
L1m1ts of Human Percept1on 
- T1me, Frequency, Amplitude, Maskmg, etc 

Survey of Aud1o Compress1on Techmques 
- Perception-Based Compression 

- Production-Based Compression 
- (Event-Based Compress1on) 

Two Spec1f1c Compression Algorithms 
- Production Model-Based Speech Coder 

- Frequency Transform (Subband) Coder 

Views of Sound ~· 
- Sound 1s Perce1ved Perception-Based 

Psychoacoust1cally Motivated Compression 

- Sound IS Produced Production-Based 
Phys1cs/Source Model Motivated Compression 

- Mus1c(Sound) 1s Performed/Published/Represented 
Event-Based Compression 

- Sound 1s a Waveform I Stat1st1cal D1stnbut1on I etc 
(these are not very good 1deas m general, 

unless we get lucky (LPC)) 
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Psychoacoustics ~ 
L1m1ts of Human Heaflng 

- T1me Doma1n Cons1derat1ons 

-Frequency Doma1n (Spectral) Cons1derat1ons 

-Amplitude vs Power 

- Maskmg 1n T1me and Frequency Domams 

-Sampling Rate and S1gnal Bandwidth 

Limits of Human Hearing ~ 
Time and Frequency 

Events longer than 0 03 seconds are resolvable m t1me 

shorter events are perce1ved as features m frequency 

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

"P1tch" IS PERCEPTION related to FREQUENCY 

Human P1tch Resolution IS about 40- 4000 Hz 
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Lim1ts of Human Hearing ~ r-
Amplttude or Power??? 

-"Loudness" IS PERCEPTION related to POWER, 
not AMPLITUDE 

- Power 1s proportional to (Integrated) square of s1gnal 

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

- Waveform shape IS of little consequence Energy 
at each frequency, and how that changes m t1me, 
1s the most 1mportant feature of a sound 

Limits of Human Hearing ~· r-
Waveshape or Frequency Content?? 

-Here are two waveforms w1th 1dent1cal power spectra, 
and wh1ch are (nearly) perceptually 1dent1cal 

Wave 1 
~ n G n• G VI 

~ .,. ~ .,. ~ 
Yi 

Wave 2 hi~·"· A""'·"· "-" ··w ('\}\ ·"vl\r"' ·•· r.. A{\ .. ~. 1 0\IVlJ~V Vlf'JV\/V\1 V VY WI{(OVViJ 

Magmtude -~~~AA~AfiAA~ 
Spectrum 

of E1ther 
-~.=- : /l(Q-~ ~[ \[Q Vv \T\~ 
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Limits of Human Hearing ~ 
Maskmg m Amplttude, Time, and Frequency 

- Mask1ng 1n Amplitude Loud sounds 'mask' soft ones 

Example Ouant1zat1on No1se 

- Maskmg 1n t1me A soft sound JUSt before a louder 
sound IS more likely to be heard than If 1t IS JUSt after 
Example (and reason) Reverb vs "Preverb" 

- Mask1ng 1n Frequency Loud 'neighbor' frequency 

masks soft spectral components Low sounds 
mask higher ones more than h1gh maskmg low 

Limits of Human Hearmg ~ 
Maskmg m Amplitude 

IntUitively, a soft sound w111 not be heard 1f 

there IS a competmg loud sound Reasons 

• Gam controls 1n the ear 

stapedes reflex and more 

• Interaction (1nh1b1t1on) 1n the cochlea 

• Other mechamsms at h1gher levels 
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L1m1ts of Human Hearing ~· r-
Maskmg m T1me 

• In the t1me range of a few milliseconds 

• A soft event followmg a louder event tends to be 
grouped perceptually as part of that louder event 

• If the soft event precedes the louder event, 1t m1ght 
be heard as a separate event (become audible) 

L1mits of Human Hearing ~· 
Maskmg m Frequency 

Only one component 1n th1s spectrum IS 

audible because of frequency mask1ng 

.... 
>OdD 

\f 
60dD 

J ' ....... 
"""' 
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Sampling Rates ~· 
For Cheap Compression, Look at 

Lower~ng the Samplmg Rate F1rst 

441kHz 16 b1t =CD Quality 

8kHz 8 b1t 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) ~ Two (mamstream) v1ews of sound 
and thelf 1mpl1cat1ons for compression 

1) Sound IS Perceived 

The auditory system doesn't 
hear everythrng present 

-Bandwidth IS hm1ted 
- T1me resolution IS llm1ted 

- Maskrng rn all domarns 

2) Sound IS Produced 
-"Perfect" model could prov1de perfect compression 

9 



Perceptual Models ~ 
Exploit maskmg, etc , to d1scard 

perceptually lfrelevant mformat1on 

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

Benef1ts Generic, does not requiTe assumptions 
about what produced the sound 

Drawbacks Highest compression 1s d1ff1cutt to ach1eve 

Production Models ~· 
Build a model of the sound production 

system, then f1t the parameters 

• Example If s1gnal1s speech, then a well-
parameterezed vocal model can y1eld 
h1ghest quality and compress1on rat1o 

Benef1ts Highest poss1ble compress1on 

Drawbacks S1gnal source{s) must be 
assumed, known, or 1dent1f1ed 
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MIDI and Other 'Event' Models ~ 
Mus1cal Instrument D1g1tal Interface 

Represents Mus1c as Notes and Events 

and uses a synthesis engme to "render" 1t 

An Ed1t Dec1s1on J,1st (EDL) IS another example 

A history of source mateflals, transformations, 
and processmg steps IS kept Operations can 
be undone or recreated eas1ly Intermediate 
non-parametflc flies are not saved 

Event Based Compression ~ 
MIDI and Other Scoref1les 

• A Mus1cal Score IS a very compact 
representation of mus1c 

• Even the score 1tself can be compressed further 

Benefits H1ghest possible compression 

Drawbacks Cannot guarantee the "performance" 

Cannot assure the qual1ty of the sounds 

Cannot make arbitrary sounds 
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Event Based Compression ~ 
Enter General MIDI 

• Guarantees a base set of mstrument sounds, 

• and a means for addressmg them, 

• but doesn't guarantee any quality 

BeHer Yet, Downloadable Sounds 

• Download samples for mstruments 

• Benefits Does more to guarantee quality 

• Drawbacks Samples aren't reality 

Event Based Compression ~ f-
Downloadable Algor~thms 

• Specify the algorithm, 
the synthesis engme runs 1t, 

and we JUSt send parameter changes 

• Part of "Structured Aud1o" (MPEG4) 

Benef1ts Can upgrade algor~thms later 
Can Implement scalable synthesiS 

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

12 



Back to Waveforms ~· 
T1me Domam Waveform Compress1on 

• 11- Law Non-linear amplitude quant1zat1on 

• ADPCM Adaptive quant1zat1on level of 
changes (deltas) m s1gnal 

T1me Doma1n Log Amplitude ~· 
j.ila-Law More accuracy m low amplttudes, 

less m htgher amplttudes 
Decreases percetved quanttzatton notse 

OUTPUT 2 bit exponent only 
transfer curve 

11 

I 
Actual 8 blt11 law uses 

10 1 sign bit 3 exponent bits 

~ 
and 4 linear mantissa bits 

The common claim Ia that 
01 this scheme yields 4 bits 

of compression, 12 8 = 1 5 1 

DO INPUT 
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Adapt1ve Resolution: ADPCM ~· 
L1ke Log-Compressor, but b1t resolut1on 

changes as a result of recent s1gnal h1story 

S1gnal differences are compressed 
rather than s1gnal values 

Adaptmg the differences (deltas) y1elds 
Adaptive Delta PCM codmg, 
cla1med to do m 4 b1ts what p-law does m 8 

The Frequency Domain ~ 
Exploit spectral propert1es to 

1) Remove redundancy m s1gnal 

- slowly varymg nature of real-world s1gnals 

- per1od1c nature of many s1gnals 

2) "Manage" error so 1t 1s less perceptible 
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Transform (Subband) Coders ~· 
Spltt stgnal mto frequency subbands, 

then allocate btts to regtons adapttVely 

Loss/ess (variable b1t rate & comp rat1o) 

• Subbands use lower sampling rate (no advantage) 

• Bands w1th less 1nformat1on use less b1ts 

• Adaptive pred1ct1on 1nter/mtra bands 

Lossy (f1xed rate and rat1o) 

• F1x b1t rate, then put b1ts where ear IS most sens1t1ve 

Transform (Subband) Coders ~ 1-

Ftlter Bank Decomposttton And 
Processmg Can be Performed m the 

Frequency Domam xform 

~o!Jo,. Filler Bank 
Amp I ~ 0 otlme 

(FFT, etc) and/or ldBI Wave lei 

TtmeDomam 

(FIR Ftlterbank, 
lreq 

Wavelets, etc ) 
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+-T_r_a_n_s_fo_r_rn __ c_o_d_e_r_s ____________ ~)t: 
Can reduce perce1ved quant1zat1on no1se. 

• frequency domam mformat1on, plus 

• frequency maskmg knowledge 
~.-------------~-------------------

Production Models >: 
Build a parametrtc model of the 

production system, then e1ther 

Ftt the parameters to a gtven stgnal 

Use s1gnal processmg techmques to 
extract parameters 

Drtve the parameters dtrectly (no encoder?) 

Examples Rule system to dnve speech synthesizer 

MIDI f1le to dnve mus1c synthesizer 
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Speech Coders (productton) ); 
Assume speech IS produced by a source-f11ter 

system (vocal folds/no1se + vocal tract tube) 

Identify filter, type of source, then code parameters 

flll!o,,, 
SOUHCI 

Hllt-H 

ll _/\_/\_ ~ ~~ 

~~~ 
~ 

lill!l!o, , 

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

Future: Multi-Model 
Parametric Compressors? ~· 

Analysis front end 1dent1f1es source(s) 

Aud1o 1s (separated and) sent to opt1mal model(s) 

Benef1ts 

H1gh compression \• OICe k Codrd 

Other knowledge Audio I Wmds !\j;; 
1..1!4 Select 

Drawbacks Algorithm I Strmgs I 
We don't know how 

!samples I 
to do all th1s yet 
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Two Contrastmg Compressors 
~ f-

A s1mple speech coder 

o Assume 1nput 1s 8kHz, 16 b1t 

o 18 5 1 RatiO 

o 7000 bps 

A s1mple transform coder 

• Assume mput ts 22kHz, 16 btt 

• 2 (or 4) 1 Ratto 

• 176,400 (or 88200) bps 

An LPC Speech Coder ~· f-
Ten pole Lmear Pred1ct1ve speech Coder 

o Frame rate IS 30 frames I second(@ SK sampling rate) 

o Frame s1ze 1s 30 ms 

o Source IS encoded as pulse train or wh1te no1se 

o LPC coett1c1ents quantized to 2 bytes each (20 total) 

• Source type coded 1n 1 b1t (p1tchedlno1se) per frame 

o Source amplitude stored 1n one float per frame 

o Source p1tch stored 1n one float per frame 

• Total transm1ss1on rate 7000 bps (18 51 rat1o) 
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A Cheap Transform Coder ~·r 
FHT-based Delta Block Adapttve 

Log Amplttude Transform Coder 

• 64 pomt (32 subbands) FHT Frame (3 ms @ 22kHz) 

• Frame rate IS 344 frames/second 

• Deltas of s1gnal are used 

• 4 (or 8) b1t logar1thm1c compression of each band 

• Each block peak IS detected and stored as a short mt 

• Compress1on IS 2 (or 4) 1 (plus Silence) 
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Source Code ~· f-
Quant1zat1on Program (N b1t) 

MuLaw Coder/Decoder (8 B1t) 

S1gLaw Coder/Decoder (4 b1t) 

ADPCM Coder/Decoder (4 b1t) 

Xform Coder/Decoder (4 and 8 b1t) 

LPC Speech Coder/Decoder 

Ut111t1es 
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Source Code Examples m ANSI C 

II readme.txt 

I******************************************************** I 
/*** Compression ana utility source code for ***/ 
/*** SXGGRAPB 1998 audio compression course ***/ 
/*** by Perry R Cook, Princeton oniversity ***/ 
/*** ***/ , .. . , .. . , .. . 

These all operate on raw 16 bit mono files 
or the compressed versions of same 

***/ 
***/ . .. , , ..................................•...••..••..•.....•.•. , 

quantize c 

aiglaw4 c 
deaigla4 c 

mulaw8 c 
demulaw8 c 

acpdmcod c 
adpcmdec c 

aigxfor8 c 
aigxinv8 c 
aigxfor4 c 
aigxinv4 c 
fhtrx4 c 

II Quantizes file to the number of specified bits 

II 4-bit exponent/sign compressor 
II decampressor for above 

II 8-bit mu-law log compressor 
II decampressor for above 

II 4-bit adaptive delta compressor 
II decompreaaor for above 

II 8-bit block adaptive transform coder 
II decompreaaor for above 
II 4-bit block adaptive transform coder 
II decompressor for above 
II Hartley Transform code used by above 

fitlpc c // 
lpcreayn c // 

Linear Predictive speech Coder 
resynthesis model for above 

sines c 
byteawap c 
diffrnce c 

II make some sine waves for testing 
II swap bytes for Xntel/Motorola (other/other) 
II form difference between two files 

Source Sound Filea1 

\sounds\speech raw 
\aounda\muaic raw 

II teat speech at 8kHz, 16 bit 
II teat music at 33kHz, 16 bit 
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II quant1ze.c 

, •.......................•....••.....................•... , 
1••• Quantization demonstration code for •••1 
1••• BXGGRAPB 1998 audio compression course •••1 
1••• by Perry R Cook, Princeton University •••1 
1••• This program takes a 16 bit linear signed •••1 
1••• headerleee file and quantizes it to the •••/ 
1••• specified number of bite Xt does not •••/ 
1••• compress the file, but just quantizes it •••/ 
1••• for quality comparison purposes •••1 , ..........................................•.•........... , 
#include <etdio h> 
#includa <etdlib h> 
#include <math h> 
#include <string h> 

void e=_meg ( I 
( 

fprintf(etde=,•ueeage• quantize numBite iaputFile outputFile\n\n"ll 
) 

void main(int argc, char •argv[]) ( 
FILE *file_in,•file_outJ 

) 

int num_bite1 
short datal 
float temp,temp2J 

if (argcaa4) ( 
file_in a fopen(argv[2],•rb")l 
file_out a fopen(argv[3],•wb")l 
num_bite a atoi(argv[1])1 
num_bite a 16 - num_bitBI 
temp a pow{2 O,num_bite) 1 
if (file_in && file_out) ( 

while(fread(&data,2,1,fi1e_in)) ( 
temp2 a (float) data I tempJ 

data a temp21 
data *a tempJ 

fwrite{&data,2,1,file_out)J 
) 

) 
else ( 

fprintf(etde=,•Fi1e troubles 

) 

) 
fcloee(file_in)J 
fcloee(fi1e_out)l 

else ( 
e=_msg( I 1 

exit(O)J 
) 
exit(O)J 

25 
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II S1glaw4.c 

, .•....•..•.................•...................•..••.... , 
I*** 4 bit log compression code for ***I 
I*** SXGGRAPB 1998 audio compression course ***I 
/*** by Perry R Cook, PrincetOD University ***/ 
I*** This program takes a 16 bit linear signed ***I 
I*** headerless file and compresses it 4•1 ***I 
I*** oae desigla4 c to decompress files ***I 
I*** The scheme here is exponent-only ~coding ***/ 
I*** which would be reallY cheag in hardware ***I , ........................... ~ .....•...................... , 
Oinclude <atdio h> 
Oinclude <atdlib h> 
Oinclude <math h> 
linclude <string h> 

void main(ahort aracl char *argv[]) ( 
FXLE *file in,*f le out; 
unsigned sliort data:out; 
short i,data_in[4] a (0 0); 
short BDalut; 
float exponent; 
short ExpaO,SignaO; 

if (argcaa3) ( 

file_in a fopen(argv[1lj"rb")! 
file out a fopen(argv[2 , •wb• 1 
if (!ile_in && file_out ( 

while(fread(&data_in,2,4,file_in)) ( 
data out a 0; 
for TiaO;i<4;i++) ( 

abslut a aba(data in[i])l 
Sign a (data in!iT<O); 
if (abslut<2S6) ( 

Exp a 0; 
) 
else ( 

exponent a log(abslut)llog(2 
Exp a exponent - 8; 

0); 

!ata_out a data out + (Exp<<(i*4))1 
if (Sign) T 

if (iaaO) 
data out a data_out I 8 I 

else if (iaa1) 
data out a data_out 1 128; 

else if (iaa2) 
data out a data_out 1 20481 

else if (iaa3) I 
data_out a data_out Ox8000; 

II Absolute of data 
II Sign of data 

II Log base 2 
II Like division 
II in linear apace 

II Pack nyhbles 
II Set eign bit 

) 

!write(&data_out,2,1,file_out); 
) 

II write out in seta of 4 

) 

) 
else ( 

fprintf(atderr,•File troubles Check names, paths, etc \n"ll 

~closelfile_in)! 
fcloae file_out 1 

) 
else ( 

fprintf(atderr,•format 
) 
exit(Oll 

ia1 aiglaw4 inputFile outputFile\n")l 
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II des1gla4.c 

, ..............•.•.••.•••....•••......................... , 
/*** 4 bit log decompression code for ***/ 
/*** SIGGRAPB 1998 audio compression course ***/ 
/*** by Perry R Cook, Princeton university ***/ 
/*** This program converts files created ***/ 
/*** with aiglaw4 c hack into 16 bit linear ***/ 
/*** The scheme here is exponent-only e~coding ***/ 
/*** which would be reallv chean in hardware ***/ , .•.......................•.•.•...•..•..........••••....• , 
linclude <atdio h> 
linclude <atdlib h> 
linclude <math h> 
linclude <string h> 

void main(ahort aracl char *argv[)) { 
FILE *file in,*f le_out; 
unsigned afiort data_in; 
int i, 
short data out!'l a {0 0}; 
short nib_a&ta 4 ; 
abort ExpaO,SignaO; 

if (argcaa3) { 
file_in a fopen(argv[1),*rb"); 
file out a fopen(argv[2),"wb"); 
if (file_in && file_out){ 

while(fread(&data_in,2,1,file_in)) { 
nib_data[O) a data_in & 15; // Unpack nybblea 

nib_data[1) a !data_in •• 'I & 15; 

} 

} 

} 
} 
else < 

nib_data[2) a data_in >> 8 & 15; 
nib_data[3) a data_in >> 12) & 15, 
for (ia0;i<4;i++) { 

Exp a nib_data[i) & 7; // Get exponent 
if (nib_data[i) & 8) // Then check sign 

Sign a 1; 
else 

Sign a 0; 
if (ISign) { 

if (ExpaaO) 
data_out[i) a 0; 

else 
data_out[i) a 255 * pow(2,Exp); 

} 
else { 
if (ExpaaO) 

data out[l) a 127 * 255; 
else if T&xpaa1) 

data out[i) a 126 * 255, 
else if T&xpaa2J 

data out[i) a 124 * 255; 
else if T&xpaa3) 

data out[i) a 120 * 255; 
else if T&xpaa4J 

data out[i) a 112 * 255; 
else if T&xpaa5) 

data out[i) a 96 * 255; 
else if T&xpaa6) 

data out[i) a 64 * 255, 
else if T&xpaa7) 

data_out[i) a 0; 
data_out[i) a data_out[i) 

} 

lwrite(data_out,2,4,file_out); 

II 2 'a coq>li.ment junk 

I -32768; // Sign bit 

fprintf(atderr,"File troubles Check names, paths, etc \n•)l 

lcloae!file_in); 
fcloae file_out); 

else ( 
fprintf(atderr,•format is deaigla4 inputFile outputFile\n"); 

) 
exit(O); 
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II mulaw8.c 

, .......•••................••••...............•.•........ , 
/*** 8 bit log compression code for ***/ 
/*** SXGORAPB 1998 audio compression course ***/ 
/*** by Perry R Cook, Princeton university ***/ 
1••• Thia program takes a 16 bit linear aignad •••1 
/*** headerless file and compresses it 2 1 ***/ 
/*** Use demulaw8 c to decompress files ***/ , ................•.•••.••..........•.••.•..............•• , 
@include <atdio h> 
@include <atdlib h> 
@include <math h> 
@include <string h> 

void main(ahort argc, char •argv[]) { 
FILE *file_in,•file_out; 

) 

unsigned abort data_out, 
abort i,data_in[2]; 
unaignad abort abalut, 
float temp,scale,mu a 0 0621 
abort SignaO; 

if (argcaa)) { 

file_in a fopen(argv[l],•rb")l 
file_out a fopan(argv[2],•wb")l 

scale a log(l 0 + mu); 
if (file_in && file_out){ 

while(fread(&data_in,2,2,file_in)) { 
abalut a abs(data_in[O]); 

II LOad two words 
II Absolute of data 
II Sign of data 

) 

) 
) 
elae { 

Sign a (data_in[O]<O); 
temp a log(l 0 + (mu • (float) abalut)); II Basic Mulaw 

II equation temp /a scale, 
data_out a (unsigned 
if (Sign) data_out a 

abort) temp; II Pack first byte 
data_out I 128; II with aign bit 

abalut a aba(data_in[l]); 
Sign a (data_in[l]<O); 
temp a log(l 0 + (mu • (float) 
temp I a scale 1 
data_out a (data_out << 8) 

II Absolute of data 
II Sign of data 

abalut))l II Basic Mulaw 
II equation 

+ (unsigned short) temp; 
II Pack 
II second byte 

with aign bit if (Sign) data_out a data_out I 128; II 

fwrite(&data_out,2,1,file_out); II write out aeta of 4 

fprintf(atderr,*File troubles Check names, paths, etc \n•); 
) 
fcloae(file_in); 
fcloae(file_out), 

else { 
fprintf(atderr,•format ia mulaw8 inputFile outputFile\n")l 

) 
exit(O); 
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II demulawB.c 

, ...............•......•.••••.•..••••..••.••••......•.... , 
/*** 8 bit log decompression code for ***/ 
/*** BIOGRAPH 1998 audio compression course ***/ 
/*** by Perry R Cook, Princeton University ***/ 
/*** This program converts files created ***/ 
1••• with mulaw8 c back into 16 bit linear •••1 , .........................•.....•........................ , 
§include <atdio h> 
§include <atdlib h> 
8include <math h> 
§include <string h> 

void main(short argc, char *argv[]) { 
FILE *file_in,*file_out; 

I 

unsigned short data_in; 
unsigned char char_data; 
int i; 
short data_out[2) ~ {0 0); 
short Sign~o, 
float temp,scale,mu ~ 0 062; 

if (argc~~JI { 
file_in ~ fopen(argv[1],•rb•); 
file_out ~ fopen(argv[2],•wb"); 
if (file_in && file_out){ 

scale~ log(1 0 + mu); 
while(fread(&data_in,2,1,file_in)) { II Read compressed 

I 

I 
I 
else { 

II bytes 
char data a data in >> 8, 
if (char_data & 12a1 

II Get first byte 
II Then check sign 

Sign ~ 1; 
else 

Sign ~ 0; 
char_data ~ char_data & 127; II 
temp ~ (float) char_data • scale; II 
temp ~ (exp(temp) - 1 0) I mu; II 
if (Sign) temp ~ -temp; II 
data_out [OJ ~ temp; 

Absolute data 
On4o mulaw 

compression 
an4 aM sign 

char_data ~ data_in & 255; 
if (char_data & 128) 

II Get second byte 
II Then check sign 

Sign ~ 1; 
else 

Sign ~ 0; 
char_data ~ char_data & 127; II 
temp ~ (float) char_data • scale; II 
temp a (exp(temp) - 1 0) I mu; II 
if (Sign) temp ~ -temp, II 
data_ out [1) a temp, 

fwrite(data_out,2,2,file_out); 

Absolute data 
unao mulaw 

compression 
an4 aM sign 

fprintf(stderr,•File troubles Check names, paths, etc \n•)l 
I 
fclose(file_in); 
fclose(file_out); 

else { 
fprintf(stderr,•format is: demulawa inputFile outputFile\n"); 

I 
exit(O); 
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II acpcmcod.c 

, ......•...•••.•...................•..•••••.............. , 
/*** 4 bit ADPCM compression code for ***/ 
/*** SXQQRAPB 1998 audio compression course ***/ 
/*** by Perry R Cook, Princeton University ***/ 
/*** This program takes a 16 bit linear signed ***/ 
/*** headerless file and compresses it 4a1 ***/ 
/*** Use adpcmdec c to decompress files ***/ , .................•.......•.•..••••..............•.••..•. , 
II include <stdio h> 
II include <stdlib h> 
II include <math h> 
II include <string h> 

lldefine MAX_ STEP 2048 
lldefine Ml:N_STEP 16 

void main(short argc, char *argv[)) ( 
Fl:LE *file_in,*file_out; 
long i; 
short XBATlaO,XD,DD; 
short deln,della8; 
short delndec,delldeca8,lnldecl 
short lnlal,sign,temp; 
short data[4) 1 
unsigned short data_out, 
float M[16) a 

(0 909,0 909,0 909,0 909,1 21,1 4641,1 771561,2 143589, 
0 909,0 909,0 909,0 909,1 21,1 4641,1 771561,2 143589); 

float del_table[16) a (0 0,0 25,0 5,0 75,1 0,1 25,1 5,1 75, 
o o,-o 25,-o 5,-o 75,-1 o,-1 25,-1 5,-1 7511 

if (argcaa3) ( 
file_in a fopen(argv[l],•rb")l 
file_out a fopen(argv[2],•wb")l 
if (file_in && file_out) ( 

while(fread(&data,2,4,file_in)) ( 
data_out a 01 
for (ia01i<41i++) ( 

ltn a data [i) I 
Dn a xn - XBATl1 

deln a dell* M[lnl); 
temp a deln - Ml:N_STEPI 
if (temp<O) ( 

deln a Ml:N_STEP 1 
) 
temp a MAX_STEP - deln1 
if (temp<O) ( 

deln a MAX_STEP; 
) 

dell a delnl 

lnl a O; 

temp a DD; 
if (temp<O) ( 
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II 

II 
II 
II 
II 

II 
II 
II 

II 

II 
II 

Form delta signal 

Get new delta 
delta < min ??? 
Skip 1 on positive 
set it to min 

delta > max ??? 
Skip 1 on positive 
set it to max 

Stash delta 

to set flags 
Skip on positive 



lnl Cl a, II Else set negative 
on a -on, II bit in code word 

) 

temp a deln - Dn; II Check magnitude 
if (temp<O) { II Skip 2 on positive 

lnl +e~ 41 II set MSB in code word 
Dn -a deln; II decrease magnitude 

) 

temp e1 deln*O 5 - Dn; II Check magnitude 
if (temp<O) { II Skip l on positive 

lnl +• 21 II set lSB in code word 
Dn -e~ deln*O 5; II decrease magnitude 

) 
temp Cl deln*O l5 - Dn; II Check magnitude 
if (temp<O) { II Skip l on positive 

lnl +a 1, II set LSB in code word 
) 

/******************* DECODER EMULATrON *********************/ 

lnldec a lnl, 

delndec a del1dec * M[ln1dec); II form new delta 
temp a delndec - MJ:N_STEP, II test against min 
if (temp<O) II Skip 1 on positive 

delndec a MXN_STEP; II set to min 
temp a MAX_STEP - delndec; II test against max 
if (temp<O) II Skip 1 on positive 

delndec a MAX_STEP; II set to max 
del1dec a delndec; II save delta 

XBAT1 +a delndec * del_table[ln1dec), //update sample 

if (XBAT1>3l000 I I XBAT1<-3l000) II 
XBAT1 *a 0 95; // 

Skip if no saturate 
Else fix it 

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

) 

) 

data_out a (data_out << 4) + ln1; 
) 

fwrite(&data_out,l,1,file_out); 
) 

) 
else { 

fprintf(stderr,*Vile troubles 
) 

fclose(file_in); 
fclose(file_out); 

Check names, paths, etc \n•)l 

else { 
fprintf(stderr,•format isa adpcmcod inputVile outputVile\n\n"); 
exit(O); 

) 

exit(O); 
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II adpcmdec.c 

, •..........................•.•..•....•••..••.•..•..••••• , 
/*** 4 bit ADPCM dec~ression code for ***/ 
/*** SIGORAPB 1998 audio compression course ***/ 
/*** by Perry R Cook, Princeton University ***/ 
/*** This program decompresses files created ***/ 
/*** bv adgcmcod c ***/ , .......• ~ ...•...................•...................•.•• , 
linclude <atdio h> 
linclude <atdlib h> 
linclude <math h> 
linclude <string h> 

ldefine MAX_STEP l048 
ldefine MXN_STEP 16 

void main(ahort arac
1 

char *argv[] l ( 
FXLE *file_in,*f le_out; 
long i, 
short XBATlaO,Xn,Dn; 
abort deln; 
abort delndec,delldeca8,ln1dec; 
short sign, temp, 
abort data [4], 
unsigned short data_in. 
float M[16] a 

(0 909,0 909,0 909,0 909,1 l1,1 4641,1 771561,l 143589, 

} 

0 909,0 909,0 909,0 909,1 l1,1 4641,1 771561,l 143589}; 
float del_table[16] a (0 0,0 l5,0 5,0 75,1 0,1 l5,1 5,1 75, 

o o.-o l5,-o 5,-o 75,-1 o,-1 l5,-1 5,-1 75}, 

if (argcaa3) ( 
file_in a fopen(argv[1],"rb"ll 
file out a fopen(argv[ll·"wb"ll 
if (file_in && file_out ( 

} 

} 

while(fread(&data_in,l,1,file_in)) ( 
for (iaO;i<4;i++) ( 

} 

1n1dec a data_in >> ll; 
data_in a data_in << 4, 

delndec a delldec * M[lnldec]; 
t~ a delndec - MXN_STEP; 
if (temp<O) 

delndec a MXN_STEPi 
temp a MAX STEP - de ndec 1 
if (temp<OT 

delndec a MAX_STEP, 
del1dec a delndec; 

II Load data 

II form new delta 
II teat against min 
II Skip 1 on positive 
II aet to min 
II teat against max 
II Skip 1 on positive 
II aet to max 
II aave delta 

XBATl +a delndec • dal_table[ln1dec]; II update sample 

if (XBAT1>3l000 I I XBAT1<-3l000) II Skip if no saturate 
XBATl *a 0 95; II Elae fix it 

data[i] a XHATl; 

lwrite(&data,l,4,file_out), 

II OUtput Samples 

alae ( 
fprintf(atderr,"File troubles 

lcloae(file_in); 
fcloae(file_out); 

Check names, paths, etc \n•); 

else ( 

} 

fprintf(atderr,•format is adpcmdec inputFile outputFile\n\n"ll 
exit(O); 

exit(O); 
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II s1gxfor8.c 

, ......•.•••••.••••................•••••..............••• , 
/*** S~le 8 bit Transform compression code for ***/ 
/*** S%GGRAPB 1998 audio compression course ***/ 
/*** by Perry R Cook, Princeton university ***/ 
t••• This program takes a 16 bit linear signed •••t 
/*** headerless file and ccmpresses it 2 1 ***/ 
/*** Use sigxinv8 c to decompress files ***/ , •...•....................••.•...............•••.•....... , 
II include <stdlib h> 
II include <stdio h> 
II include <math h> 
II include <assert h> 

II include *fhtrx4 c• 

lldefine FBT_LENQTII 64 
#define POWER_Ol"_l"'t1R 3 

main(int argc , char • argv I l I 
{ 

l"XLE *fileXn,•fileout, 
short max, x_input[FBT_LENGTB]; 
float fmax, temp_float[FBT_LENGTB]; 
signed char y_out(FBT_LENGTB]; 
int i, n_read; 
extern void fhtRX4(int powerofl"our, float •array); 

if (argcla3) { 
fprintf(stderr,•usage %s filein fileout\n",argv[O]); 

exit(O); 
) 
fileXn a fopan(argv(l],"rb"); 
if (lfileXn) { 

) 

printf(•xnput file problem\n"), 
fclose(fileXn) 1 

exit(O), 

fileOUt a fopan(argv[2],•wb")1 
if (lfileOUt) { 

) 

printf("OUtput file problem\n"); 
fclose(fileXn); 
exit(O); 

n_read a fread(x_input,2,l"BT_LENGTB,fileXn); 
while (n_read) { 

for (ian_read;i<l"BT_LENGTB;i++) 
x_input[i] a 0; 

temp_float(O] a x_input[O]; 
max a abs(x_input(O]); 
for (ial;i<l"BT_LENGTB;i++) { 

if (max < abs(x_input[i])) 
max a abs(x_input[i])l 

temp_float(i] a x_input(i] - x_input(i-1]; 
) 
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II End Of l"ile 
II condition 

II first sample 

II compute block 
II dynamic range 

II sample deltas 



) 

if (max > 8) ( 
fwrite(&max,2,l,fileOUt); 
fbtRX4(POWER_OF_FOOR,temp_float); 
fmax a fabs(temp_float[O]); 
for (ial;i<FHT_LENGTB;i++) ( 

) 

if (fmax < fabs(temp_float[i])) 
fmax a fabs(temp_float[i]); 

II write block max 
II do transform 

II computs transform 
II maximum for code 
II normalization 

for (iaO,i<FHT_LENGTB;i++) ( II pack data 
y_out[i) • 127 • temp_float[i] I fmax; 

) 

) 

fwrite(y_out,FHT_LENGTB,l,fileOUt); 
) 

else ( 

) 

printf("Zero Block Bere\n"); 
max a o, 
fwrite(&max,2,l,fileOUt); 

n_read a fread(x_input,2,FBT_LENGTB,filein); 

fclose(filein); 
fclose(fileOUt); 
return; 
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II s1gx1nv8.c 

, ••••..........•.....••.................•.•••.••••....... , 
1••• Simple 8 bit Transform decompression code •••1 
/*** for SIGGRAPB 1998 audio compression course ***/ 
/*** by Perry R Cook, Princeton University ***/ 
/*** This program eats the nybble packed data ***/ 
/*** generated by sigxfor8 c and decompresses ***/ 
I*** into a 16 blt linear aianed headerleaa file •••1 , •••••..•..........••.•....•...•..................••.••.. , 
Oinclude <stdlib h> 
Oinclude <stdio h> 
Oinclude <math h> 
Oinclude <assert h> 

Oinclude "fhtrx4 c• 

Odefine FHT_LENGTB 64 
ldefine POWER_OF_FOUR 3 

main(int argc,char •argv[]) 
( 

) 

FILE *fileXn,•fileOUt; 
short x_out[FHT_LENGTB]; 
float tamp_float[FHT_LENGTB]; 
signed char y_input[FHT_LENGTB]; 
float fmax tamp; 
short max,first_aample; 
int n read; 
long r, 
extern void fhtRX4(int powerofFour, float •array), 

if (argcl~3l ( 
fprintf(stderr,•usage %a filsin fileout\n",argv[O])I 

exit(O); 

~ileXn ~ fopen(argv[l],•rb")l 
if (lfileXn) ( 

printf!"Xnput fils problem\n")l 
fclose fileXn), 
exit(O)I 

lileOUt ~ fopen(argv[2],•wb"), 
if (lfileOUt) 1 

) 

printf1"0Utput f le problem\n")l 
fclose(f leXn); 
exit(O); 

n read~ fread(&max,2,1,fileXn); 
wnile (n_read) ( 

if (max) ( 
n_read ~ fread(y_input

1
1,FHT_LENGTB,fileXn); 

for (i~O;i<FHT LENGTH; ++) 
tamp_floatlil ~ y_input£ill 

fhtRX4(POWER OF_FOOR,tamp_f oat); II Back to time domain 
fmax ~ tamp_float[O]; 
for (i~lli<FHT LENGTB;i++) ( 

tamp floatlil +~ tamp float[i-1], II integrate back 
if (fmax < faba!tamp_float[i]l) II and remember peak 

fmax ~ faba tamp_float[i] 1 II for renormalization 

lor (i~O,i<FHT LENGTB;i++) 1 
x_out[i] ~-max • tamp_float[ ] 

) 
) 
else 

for 
( 
(i~O;i<FHT_LENGTB;i++) 
x_out[i] ~ 0; 

} 
n_read D fread(&max,2,1,filein); 
fwrite(x_out,FHT_LENGTB,2,file0Ut); 

) 

fclose!fileXn); 
fclose fileOUt), 
return; 
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II S1gxfor4.c 

, .....•..•..•...........•••..•............•..•••......... , 
/*** SLmple 4 bit Transform compression code for ***/ 
/*** SXGORAPB 1998 audio compression course ***/ 
/*** by Perry R Cook, Princeton ODiversity ***/ 
/*** This program takes a 16 bit linear signed ***/ 
/*** headerless file and compresses it 4 1 ***/ 
/*** Use sigxinv4 c to decompress files ***/ 
/********************************************************/ 

Oinclude <atdlib h> 
Oinclude <atdio h> 
Oinclude <math h> 
Oinclude <assert h> 

Oinclude *fhtrx4 c• 

8define FBT_LENGTB 64 
8define POWER_OF_POOR 3 

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

FXLE *fileXn,*fileOUt; 
short max, temp_word, x_input[FBT_LENGTB)I 
float fmax, temp_float[FBT_LENGTB)I 
signed char y_out[FBT_LENGTB); 
int abalut,Exp,Signl 
int i,n_read; 
extern void fhtRX4 (int powerOfFour, float •array) 1 

if (argcl=l) ( 

) 

fprintf(atderr,•uaaga: %a filein fileout\n*,argv[O)), 
exit(O)I 

fileXn c fopen(argv[l),*rb*)l 
if (lfileXn) ( 

) 

printf(*Xnput file problem\n*)l 
fcloae ( fileXn); 
exit(O), 

fileOUt = fopen(argv[~).•wb*)l 
if (lfileOUt) ( 

) 

printf(*OUtput fila problem\n*), 
fcloae(fileXn) 1 

exit(O)I 

n_read c fread(x_input,~,FBT_LENGTB,fileXn)l 
while (n_read) ( 

for (icn_readli<FBT_LENGTB;i++) 
x_input[i) = 01 

II End Of Fila 

tamp_float[O) c x_input[O)I 
max= aba(x_input[O))I 
for ( i=l1 i<FBT_LENGTBI i++) ( 

if (max< aba(x_input[i))) 
max c aba (x_input [i)) 1 

II 

II 

II 
II 

condition 

store 1st sample 

compute block 
dynamic range 

tamp_float[i) c x_input[i) - x_input[i-1)1 // sample daltaa 
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} 

} 

} 

fhtRX4(POWER_OF_FOUR,temp_float)l 
fmax c fahs(temp_float[OJ); 

if (max > 8) { 
fwrite(&max,2,l,file0Ut); 

} 

for (icl,i<FBT_LENGTB;i++) { 

} 

if (fmax < fabs(temp_float[i))) 
fmax c fabs(temp_float[illl 

for (i=Oii<FBT_LENGTBI2,i++) { 
temp_word c 255 * temp_float[2*il I 
ahslut = ahs (temp_ word), 

} 

Sign c ( temp_word<O) 1 
if (ahslut < 1) 

Exp c 0; 
else 

Exp c log(abslut)llog(2 0); 
y_out[i) c Exp << 4; 
if (Sign) 

y_out [i) c y_out [il I 1281 

temp_word = 255 • temp_float[2*i+11 
ahslut = ahs(temp_word) 1 
Sign c (temp_word<O) 1 

if (abslut < 1) 
Exp a 0, 
else 

Exp c log(abslut)llog(2 0); 
y_out[i) += Exp; 
if (Sign) 

y_out [i) c y_out [il I 8; 

else { 

} 

max a 01 
fwrite(&max,2,1,fileOUt)l 

n_read = fread(x_input,2,FBT_LENGTB,filein); 
fwrite(y_out,FBT_LENGTBI2,1,fileOUt); 

fclose(filein); 
fclose(fileOUt); 
return, 
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II do transform 

II write block max 
II compute transform 
II maximum for 
II normalization 

II pack data 
fmax1 
II Absolute of data 
II Sign of data 

II LOg base 2 

II Set sign bit 

I fmax; 
II Absolute of data 
II Sign of data 

II LOg base 2 

II Set sign bit 

II Special zero 
II write block max 



II s1gx1nv4.c 

, ......................••••.•.......................••.•• , 
t••• Simple 4 bit Transform decompression coda ***/ 
/*** for SIGQRAPB 1998 audio compression course ***/ 
/*** by Perry R Cook, Princeton university ***/ 
t••• This program eats the nybble packed data ***/ 
/*** generated by sigxfor4 c and decompresses it ***/ 
t••• into a 16 bit linear signed headerleaa file •••t 
I******************************************************** I 

Oinclude <atdlib h> 
Oinclude <atdio h> 
Oinclude <math h> 
Oincluda <assart h> 

8include •fhtrx4 c• 

8define PBT_LENGTB 64 
8define POWER_OF_FOOR 3 

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

FXLE *fileXn,*fileOUt; 
short max, x_out[PBT_LENGTB); 
float fmax, temp_float[PBT_LENGTB); 
signed char y_input [PBT_LENGTB) 1 
unsigned char temp_byte1 
short Exp~O,SignaO; 
int i, n_read; 
extern void fhtRX4(int powerofFour, float •array); 

if (argcJa3) ( 
fprintf(atderr,•uaage %a filein fileout\n•,argv[O))I 

exit(O); 
) 

fileXn a fopen(argv[l),•rb•), 
if (JfileXn) ( 

) 

printf("XDput file problem\n•), 
fcloae ( fileXn) 1 
exit(O); 

fileOUt a fopen(argv[~],•wb")l 
if (JfileOUt) ( 

) 

printf("OUtput file problem\n")l 
fcloae ( fileXn) 1 
exit(O), 

n_read a fread(&max,l,l,fileXn); 
whila (n_read) ( 

if (max) ( 
n_read a fread(y_input,1,PBT_LENGTB/3,fileXn)l 
for (iaO,i<PBT_LENGTB/~;i++) ( 

temp_byte a (y_input[i) >> 4) & 
Exp a temp_byte & 71 
if (temp_byte & 8) 

Sign a 1; 
else 
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15; 
II 
II 

Get exponent 
Then check sign 



) 

) 

Sign = 0; 

temp_float[2*il = pow(2,Exp); 
if (Sign) ( 

temp_float[2*i] •= -1; 
) 

temp_byto = y_input[i] & 15; 
Exp = temp_byto & 7, 
if (temp_byto & 8) 

Sign = 1; 
else 

Sign = 0; 
temp_float[2*i+1] = pow(2,Exp); 
if (Sign) ( 

temp_float[2*i+1J •= -1; 
) 

fhtRX4 (POWER_OP' _FOUR, temp_float) 1 

fmax = temp_float[OJ; 
for (i=1;i<P'BT_LENGTB;i++) ( 

temp_float[i] += temp_float[i-1]; 
if (fabs(temp_float[i]) > fmax) 

fmax = fahs(temp_float[i])l 
) 
for (i=O; i<P'BT_LENGTB; i++) ( 

II Sot 
II and 
II 

log data 
add sign 
if needed 

II Get exponent 
II Then check sign 

II Set 
II and 
II 

log data 
add sign 
if needed 

II back to time domain 

II integrate bock 
II and remember peak 

II for renormalization 

x_out(i] = max • temp_float[i] I fmax; II renormalize 

) 

) 

) 

else ( 

) 

for (i=O;i<P'BT_LENGTB;i++) 
x_out[i] = 0; 

n_read ~ fread(&max,2,1,fileXn), 
fwrite(x_out,P'BT_LENGTB,2,file0Ut); 

fcloae ( file:tn), 
fcloae(fileOUt); 
return1 
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II fhtrx4.c 

ldefine PX 3 141592654782 
@define SQRT_TWO 1 414213562 
ldefine TWOPX 6 283185309564 

void fhtRX4(int powerOfFour, float •array) 
{ 

I* Xn plece Fast Bartley Transform of floating point data in array 
Size of data array must be power of four Lots of sets of four 
inline code statements, so it is verbose and repetitive, 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 Bartley Transform algorithm is patented, and is 
documented in the book *The Bartley Transform•, by Ronald N 
Bracewell This routine was converted to C from a BASXC routine 
in the above book, that routine Cepyright 1985, The Board of 
Trustees of Stanford University *I 

register int jaO,i=O,k=O,L=O; 
int naO,n4=0,dl=O,d2aO,d3=0,d4=0,d5=1,d6aO,d7=0,dB=O,d9aO; 
int Ll•O,L2aO,L3aO,L4=0,LSaO,L6aO,L7=0,LB=O; 
float r~:~O 0; 
float al=O,a2=0,a3=0; 
float taO O,tlaO O,t2=0 O,t3a0 O,t4a0 O,tS=O O,t6a0 O,t7=0 O,t8a0 0; 
float t9~o O,to~o o 1 
float cl,c2,c3,sl,s2,s3; 

n ~ pow(4 0 , (double) powerOfFour); 
n4 a n I 4; 
r ~ SQRT_TWO; 
j ~ 1; 
i ~ 0; 
while (i<n-1) ( 

i++, 
if (i<j) ( 

t ~ array[j-1]; 
array[j-1] ~ array[i-1]; 
array[i-1] ~ t; 

) 

) 
k a n4; 
while ( (3*k)<j) ( 

j -~ 3 • k; 
k 1~ 4; 

for (i~O;i<n;i +~ 4) { 
t5 ~ array[i]; 

) 

t6 ~ array[i+1]; 
t7 ~ array[i+2l; 
t8 ~ array[i+3]; 
t1 ~ t5 + t6; 
t2 a tS - t6, 
t3 ~ t7 + t8; 
t4 ~ t7 - t8; 
array[i] ~ t1 + t3; 
array[i+1l ~ t1 - t3; 
array[i+2] ~ t2 + t4; 
array[i+3] ~ t2 - t4; 

for (L~2;L<•power0fFour;L++) ( 
d1 ~ pow(2 0 , L+L-3 0); 
d2~d1+d1; 
d3~d2+d2; 
d4•d2+d3; 
d5~d3+d3; 
for (j~O;j<n;j +a d5) { 
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) 
) 

) 

tS a array[j]l 
t6 a array[j+4211 
t7 a array[j+d3]1 
tB • array[j+d4]1 
t1 a tS+t61 
t2 a tS-t61 
t3 a t7+t81 
t4 a t7-tBI 
array[j] a t1 + t31 
array[j+d2] a t1 - t31 
array[j+d3] a t2 + t41 
array[j+d4] a t2 - t41 
46 a :1+411 
47 a :1+41+421 
dB a :1+41+431 
49 a :1+41+441 
t1 a array[d6]1 
t2 a array[d7] • r; 
t3 a array[dBII 
t4 a array[d9] • r; 
array[d6] a t1 + t2 + t31 
array[d7] a t1 - t3 + t41 
array[d8] a t1 - t2 + t31 
array[d9] a t1 - t3 - t41 
for (ka11k<d1;k++) ( 

L1 a :1 + k1 
L2 a L1 + 421 
L3 a L1 + 431 
L4 a L1 + 441 
LS a :1 + 42 - k1 
L6 a LS + 421 
L7 a LS + 431 
LB a LS + 441 
a1 a (float) k I (float) 43 • PX1 
a2 a a1 + all 

) 

a3 a al + &31 
c1 a cos(al)l 
c2 • COB(a2)1 
c3 a cos(a3)1 
sl a sin(al)l 
s2 a sin(a2)1 
s3 a sin(a3)1 
tS a array[L2] • cl + array[L6] 
t6 a array[L3] • c2 + array[L7] 
t7 a array[L4] • c3 + array[LB] 
tB a array[L6] • cl - array[L2] 
t9 a array[L7] • c2 - array[L3] 
tO a array[L8] • c3 - array[L4] 
tl a array[LS] - t91 
t2 a array[LS] + t91 
t3 a - tB - t01 
t4 a tS - t71 
array[LS] a tl + t4; 
array[L6] a t2 + t31 
array[L7] a tl - t41 
array[LB] a t2 - t31 
tl a array[Ll] + t61 
t2 a array[Ll] - t61 
t3 a tB - t01 
t4 a tS + t71 
array[Ll] a tl 
array[L2] • t2 
array[L3] a tl 
array [L4] • t2 

+ t41 
+ t31 
- t41 
- t3; 
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II f1tlpc.c 

I******************************************************** I 
t••• Linear Prediction (LPC) analysis coda fer •••t 
/*** SXGGRAPB 1998 audio compression cours ***/ 
/*** by Perry R Cook, Princeton University ***/ 
t••• This program takes a 16 bit linear signed •••t 
/*** headerlesa file and compresses it 18zl ***/ 
/*** Parameters assumes SK sampling rate, for ***/ 
/*** other sa=pling rates, adjust block, hop, ***/ 
t••• and possibly order accordingly •••t 
/*** Use lpcresyn c to decompress files ***/ , ..................••.•.•••••.....•...................... , 
Oinclude <atdic h> 
linclude <fcntl h> 
Oinclude <string h> 
linclude <math h> 

Odefine MAX_BLOCR 10l4 
ldefine MAX_ORDER 30 

main(ac,av) 
short ac; 
char •av[); 

( 
extern float autocorr(short size,float *data,float *result); 
extern ahcrt minvert(ahcrt aize,flcat mat[) [MAX_ORDER)); 
extern float lpc_fram_data(short order, short size, float *data, 

float •cceffa); 
extern float predict(ahcrt crder,ahcrt hcp_aize,flcat *deta,flcat 

•cceffa); 
ahcrt ahcrt_data[MAX_BLOCK); 
float data[MAX_BLOCR)a{O O),pred_cceffa[MAX_ORDER), 
ahcrt cut_cceffa[MAX_ORDER); 
PXLE *filein,•filecut; 
short n_read; 
short i,j,block_size,hop_size,order; 
long time a 0; 
float pitch,power,temp; 

if (acaa3) { 
order a 101 
block_aize a Sll; 
hcp_aize a l56; 
filein a fcpen(av[l],•rb"). 
if (filein) { 

filecut a fcpen(av[l),"wb•); 
fwrite(&crder,l,l,filecut), 
fwrite(&hcp_aize,l,l,filecut); 

n_read a fread(ahcrt_data,l,blcck_aize,filein); 
fer (iaO;i<blcck_aize,i++) data[i) a ahcrt_data[i); 
while (n_read) { 

) 

pitch a lpc_frcm_data(crder+l,blcck_aize,data,pred_cceffa), 
power a predict(order,hop_size,data,pred_coeffs), 
t~e +a hop_size; 

fer (iaO;i<blcck_aize-hcp_aize;i++) 
data[i) a data[hcp_aize+i); 

n_read a fread(ahcrt_data,l,hcp_size,filein); 
fer (iahcp_aize;i<blcck_aize;i++) 

data[i) a ahcrt_data[i-hcp_aize); 
fwrite(&pitch,4,l,filecut); 
fwrite(&power,4,l,filecut); 

fer (jaO,j<crder;j++) { 
temp a 3l767 0 • pred_cceffa[jJ I (float) order; 
cut_cceffa[j) a temp1 

) 
fwrite(&cut_cceffa,l,crdar,filecut); 
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) 

fclose(filein) 1 
fclose(fileout)l 

) 
else 

) 
else 

printf(*I couldn't find your input filelll\n")l 

printf(*Format is fitlpc infile outfile lpc\n"), 
return; 

/*********** This forms the autocorrelation function **********/ 
/*********** Also does pitch detection (not very well) ********/ 

float autocorr(sbort size,float *data,float *result) 
( 

) 

long i,j,k, 
float temp,norm; 

for (i=O;i<sizel2;i++) ( 
result[i] = 0 01 
for (j=O;j<size-i-l;j++) 

result[i) += data[i+j] • 
( 

data[j]; 
) 

) 
temp= result[O); 
j a size*O 04, 
while (result[j]<temp && j < sizel2) 

temp= result[j]; 
j += 1; 

) 
temp = 0 o, 
for (i=j;i<size*O S;i++) ( 

if (result[i)>temp) ( 
j = i; 
temp= result(i]; 

) 
) 
norm = 1 0 I (float) size; 
k a size/2, 
for (i=O;i<sizel2;i++) result[i) *= 
if ((result[j] I result[O)) < 0 4) j 
if (j > sizel4) j = 0; 
return (float) j; 

( 

(float) (k - i) • norm; 
= 0; 

/******** Brute Force Gauss-Jordan Matrix Xnversion **********/ 

short minvert(short sizs,float mat[)[MAX_ORDER)) 
( 

short item,row,col,rank,t2; 
float temp, rBB [MAX_ ORDER) [MAX_ ORDER) 1 
short ok,zerorow; 

for (r~l;row<asize;row++) ( 
for (colal;col<aaize;col++) ( 

II fprintf(stdout,• %f •,mat[row) [col)); 
if (row==col) 

res[row) [col) = 1 01 
else 

res[row) [coli = 0 01 
) 
II fprintf(stdout,"\n")l 

) 
for (item=l;item<=size;item++) ( 

if (mat [item) [item) ==0) ( 
for (r~item;row<asize,row++) { 

for (colal;col<asize;col++) { 

) 

mat[item) [col) = mat[item) [col) + mat[row) [col], 
res [item) [col) = res [item) [col) + res [row] [col) 1 
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) 

) 
) 
for (r~itemJrow<asize;row++) ( 

temp"'"8t (row] [item]; 

) 

if (templaQ) ( 

) 

for (colaliCOl<asizeiCOl++) ( 

) 

mat(row] (col] a mat(row] (col] I temp; 
res(row] [col] a res(row] (col] I temp; 

if (itemlasize) ( 

) 

for (r~item+l;row<•size;row++) ( 

) 

tempamat (row] (item]; 
if (templaO) ( 

) 

for (colal;col<asize;col++) { 

) 

mat[row] (col] a mat(row] (col] - mat[item](col]; 
res (row] (col] a res (row] (col] - res (item] (col], 

for (itemal;item<asize,item++) ( 

) 

for (rowal;row<item;row++) ( 

) 

temp a mat (row] (item]; 
for (colal,col<aaize;col++) ( 

) 

mat(row] (col] a mat(row] (col] - temp • mat(item] (col]; 
res (row] (col] a res [row] (col] - temp • res [item] [col]; 

/* ok a TRUE, 

*I 

) 

rank a 0; 
for (rowvl,row<asize;row++) ( 

zerorow a TRO'E; 

) 

for (colal;col<asize;col++) ( 

) 

if (mat(row] [col] laO) zerorow a FALSE; 
tl a (mat(row](col] + 0 5); 
if (rowaacol&&tllal) ok a FALSE; 
tl a fabs(mat[row] (col]*lOO 0); 
if (rowlacol&&tllaO) ok a FALSE; 

if (lzerorow) rank +a l; 

if (lok) ( 

) 

fprintf(stdout,*Matrix Not Xnvertible\n*); 
fprintf(stdout,•Rank is Only %i of %i\n*,rank,size); 

for (rowvl,row<=size;row++) { 
for (colal;col<asize;col++) ( 

mat (row] (col] a res (row] (col]. 
) 

) 
return rank; 

/*********** Predictor Coeffs from a block of data **********/ 

float lpc_from_data(short order, short size, float *data, float •coeffs) 
( 

float r_mat [MAX_ ORDER] [MAX_ ORDER]; 
short i,j; 
float pitch; 
float corr[MAX_BLOCK]; 

pitch a autocorr(size, data,corr); 
for (ial;i<order;i++) ( 

for (jal;j<order;j++) r_mat(i] [j] a corr(abs(i-j)]; 
) 
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minvert(order-1,r_mat); 
for (iaO;i<order-1;i++) ( 

coeffs [i) a 0 0; 
for (ja0;j<order-1;j++) ( 

coeffs[i) +a r_mat[i+1) [j+1) * corr[1+j]; 
) 

} 
return pitch; 

} 

/*********** Teat the prediction function **********/ 

float predict(short order,short hop_size,float *data,float •coeffs) 
( 

} 

short i,j,n_write, 
double poweraO 0; 
float error,tmp1 
float Zs [MAX_ ORDER) ; 
for (iaO;i<order;i++) Zs[i) a data[order-i-1); 
for (iaorder;i<ahop_size+order;i++) ( 

} 

tmp a 0 0; 
for (jaO,j<order;j++) tmp +a Zs[j]*coeffs[j]; 
for (jaorder-1;j>O;j--) Zs[j] a Zs[j-1); 
Zs[O] a data[i], 
error a data[i) - tmp; 
power +a error * error, 

error a aqrt(power)l 
error a error I (float) hop_size; 
return error 1 
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II lpcresyn.c 

, •.•..............••.•...............•.•..••.........•.•• , 
1••• Linear Prediction (LPC) resynthesis code •••1 
/*** for SIQORAPB 1998 audio compression course ***/ 
/*** by Perry R Cook, Princeton university ***/ 
I""" This program takes an LPC compressed file •••1 
1••• and decompresses it to 16 bit linear •••1 
/*** Ose fitlpc c to compress files ***/ , .......•••.•••••............•.•••.............•••.••.•.. , 
linclude <stdio h> 
linclude <stdlib b> 
linclude <fcntl h> 
linclude <string h> 
linclude <math h> 

ldefine MAX_BLOCR 10~4 
ldefine MAX_ORDER 30 
ldefine ONE_OVER_RANDLXMIT 0 0000305~ 

main(ac,av) 
short ac; 
char •av[]l 

( 

float coeffs[MAX_ORDER],Zs[MAX_ORDER],output,input,last_input m 11 
short in_coeffs[MAX_ORDER]I 
FXLE •filein,•fileoutl 
short n_read; 
short shortcut; 
long i,j, 
int hop_size,order,ticker; 
long time a o, 
float last_pitch a 100, pitcha1001 
float te:mp1 

if (acaa3) ( 
filein a fopen(av[1],•rb")l 
if ( filein) ( 

fileout a fopen(av[~].•wb")l 

n_read ~ fread(&order,1,2,filein); 
for (ia01i<order1i++) Zs[i] a 0 01 
n_read a fread(&hop_size,~,1,filein)l 
n_read a fread(&pitcb,4,1,filein)l 
n_read a fread(&input,4,1,filein)l 

n_read a fread(in_coeffs.~.order,filein)l 
ticker a last_pitChl 
while (n_read) ( 

for (ia01i<hop_size1i++) ( 
output a 0 o, 

if (input < last_input) 
last_input •a 0 991 

if (input > last_input) 
last_input •a 1 011 

if (pitchaaO) 

else ( 

output a last_input • 40 
((random(3~768) - 16384) 

ticker -a 11 
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) 

) 

if (ticker <~ Ol ( 
ticker ~ last_pitch; 
output ~ last_input • last_pitch • -3; 

) 

) 

if (pitch < last_pitch) 
last_pitch ·~ 0 995; 

if (pitch > last_pitch) 
laat_pitch ·~ 1 005; 

for (j~O;j<order;j++l ( // 

) 

temp ~ (float) in_coeffa(jJ 
temp ~ temp * (float) order; 
coeffs[j) ~ temp; 

Qet Filter Coeffs 
1 (float) 3l767 0; 

for (j~O;j<order;j++) // Do Prediction Filter 
output+~ Zs[j)*coeffs[j); 

for (j~order-1,j>O;j--) Zs[j) ~ Zs[j-1); 
Zs(O) ~ output; 
if (ahs(output)>3l000) ( // Check for OVerload 

if (output < 0) output ~ -3l000, 
else output ~ 3l000; 

for (j~O;j<order;j++) Zs(j] ·~ 0 9; 
) 
shortcut a output, 

fwrite(&shortout,l,1,fileout); 

time +~ hop_aize; 
n_read ~ fread(&pitch,4,1,filein); 

n_read ~ fread(&input,4,1,filein), 
n_read ~ fread(in_coeffa,l,order,filein); 

) 
fclose(filein), 
fclose(fileout); 

) 
else 

) 
else 

printf(*I couldn't find your input filelll\n*)l 

printf(*Format is lpcresyn infile lpc outfile raw\n*); 
return1 
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II s1nes.c 

, ........•.•.....••.•..•••••......••............... , 
/*** Program to make sine waves of various ***/ 
/*** amplitudes and frequencies ***/ 
/*** For SZGGRAPB 1998 audio compression ***/ 
/*** course, by Perry R Cook, Princeton o ***/ , ..........................•.•..•...••.••.......... , 
Oinclude <math h> 
Oinclude <atdio h> 

main() ( 

) 

long i,j; 
abort data; 
FILE •fileOUt; 
float amp; 

fileOUt a fopen(•sines raw•,•wb•)l 
for (jalS,j>O;j--) ( 

amp a pow(~ O,(float) j); 
for (ia0,i<4096,i++) ( 

) 

data a amp • ain(O 04 • i); 
fwrite(&data,~,l,fileOUt), 

for (ia0,i<4096;i++) ( 

) 

data a amp • ain(O 16 • i), 
fwrite(&data.~.l,fileOUt), 

for (iaO;i<4096;i++) ( 
data a amp • ain(O 64 • i); 
fwrite(&data.~.l.fileOUt); 

) 
) 
fcloae(fileOUt); 
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II byteswap.c 

§include <etdlib h> 
§include <etdio h> 
§include <string h> 

§define ~NT16 short 
§define ~NT32 long 

I******************************************************** I 
/*** BYTE SWAP P'OR MOTOROLA/~NTEL COMPATAB~L~TY *****/ , •.............•...••.................•••..••............ , 
~NT16 byte_swap(~l6 number) 
( 

l 

~NT16 *temp, 
char swapper[3]1 
temp a (~NT16 *) swapper, 
*temp 1:1 number; 
swapper [ 2] a swapper [ 0] 1 
swapper [ 0 ] a swapper [ 1] , 
swapper [ 1] a swapper [ 2] 1 
return *temp; 

void main ( int argc, char • argv [ J ) ( 

l 

F~LE *file_in,*file_outl 
~NT16 data [ 512] , 
~NT16 i, j I 
if (argcla3) ( 

printf(•useage: byte_swap infile outfile\n")l 
exit(O), 

l 
file_in a fopen(argv[1],•rb")l 
if (file_in) ( 

file_out a fopen(argv[2],•wb•), 
j a fread(data,2,512,file_in)l 
while (j>O) ( 

for (ia01i<j1i++l 
data[i] a byte_swap(data[i])l 

fwrite(data,2,j,file_out)l 
j a fread(data,2,512,file_in)l 

l 
l 
fclose(file_in)l 
fcloae(file_out)l 
exit(O)I 
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II d1ffrnce.c 

, ......•••............................................... , 
/*** Program computes difference between two ***/ 
/*** raw headerless files Good for determining ***/ 
/*** errors Won't necessarily work for all ***/ 
/*** campression algorithms (LPC for example) ***/ 
/*** for BIOGRAPH 1998 compression course ***/ 
/*** by Perry R Cook, Princeton university ***/ 
/********************************************************/ 

Oinclude <stdio h> 

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

( 

) 

FILE *fileXnl, *fileXnl, *fileOUt; 
short dstal,datal; 

fileXnl a fopen(argv[l],•rb•); 
fileXnl a fopen(argv[l],•rb"); 
fileOUt a fopen(argv[J],•wb"); 
if (I fileXnl II I fileXnl II I fileOUt) ( 

printf(•useage %s inl raw inl raw out raw\n•,argv[O)); 
fclose(fileXnl); 
fclose(fileXnl); 
fclose(fileOUt), 

) 

while (fread(&datal,l,l,fileXnl) && fread(&dstal,l,l,fileXnl)) 

datal a datal - datal, 
fwrite(&datal,l,l,fileOUt), 

) 

fclose(fileXnl); 
fclose(fileXnl); 
fclose(fileOUt), 
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