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Wave-Datei-Analyse via Fast Fourier Transformation

Grundlagen der Wave-Datei-Analyse und Implementation der
entsprechenden Algorithmen in Java
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1. EinfUhrung

Wave-Dateien enthalten gesampelte Daten, die in bestimmten Zéitdles gespeichert wurden.
Eine Fourier-Transformation tber diesen Daten verrat das Frequenz-Spektraogdende liegen-
den Wellen. Dies kann man effektiv Gber Fast Fourier Transformation (FFT) lahgisigren...

Dieses Ziel soll mit der Programmiersprache Jareeicht werden, da sie unabhéngig von der Plat-
form, flexibel und weit verbreitet ist. Aul3erdem ist so eine Integratioras Musitech-Projekt
maglich.

1 Java™ 2 SDK, Standard Edition (1.3.1_difygd://www.java.sun.com/ )
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Diese Ausarbeitung ist in drei Teile eingeteilt: Vortberlegungen und Felirensformation, Fast
Fourier Transformation und Wave-Datei-Analyse.

In dem Kapitel tber Voruberlegungen und Fourier-Transformation sollen die ggemtien Vo-
raussetzungen mathematischen Uberlegungen dargelegt werden.

In dem Kapitel Fast Fourier Transformation soll die Fast Fourier Transfom und ihre algorith-
mische Realisierung dargelegt und erlautert werden.

In dem Kapitel Wave-Datei-Analyse soll die Fast Fourier Transformdtarkret auf Wave-Datei-
en angewendet werden. Hohepunkt dieses Kapitel ist ein fertiges Stand-AlogrediBm, das eine
Wave-Datei einliest und die Analyse graphisch auf dem Bildschirm darstellt.

2. Vortberlegungen und Fourier-Transformation

2.1. Format und Wesen von Wave-Dateien

Wave-Dateien enthalten gesampelte Daten, wobei die einzelnen Westghew -128 und 127 (bei
8 Bit) bzw. -32768 und 32767 (bei 16 Bit) liegen. Zwischen den einzelnen Wergenlieonstante
Abstande, die nach folgender Formel errechenbar sind:

1

= 1

SamplingRate (1)

Die gesampelten Daten liegen pro Kanal je in sortierter Reihenfalginemint[] data vor.
Dazu gibt es eirfloat samplingRate . Die KlasseAudioData.java bietet diese Daten

praktisch an.

Letztlich bleibt noch zu bemerken, dass eine endliche Anzahl von Daten, jedoabf3@gMengen,
vorhanden sind. Pro aufgezeichneter Sekunde sind in der Regel zwischen 8000 und 44@00 Wert
gespeichert.

Diese Voruberlegungen werden zu spaterer Zeit gebraucht.

2.2. Grundlagen der Fourier-Transformation

Wie Fourier 1807 gezeigt ataft sich jede mdogliche periodische Schwingung auf einer Pefiiode
als eine unendliche Summe von Sinus- und Kosinus-Funktionen darstellen:

f(t)=2 (A, cosw, t+B, sinw, 1)
k=0
. 2mk 2)
mitw, = “——

T
undB,=0

Das Wichtigste ist es nun, die Koeffizient&aund B, von (2) zu berechnen, da sie die Funkti¢m
vollstandig festlegt. Dies geht, wie man durch arithmetische Operationem #@ign, so:

2 Sydney VisLab;1. The Fourier Series: Backgroundhttp://www.vislab.usyd.edu.au/CP3/Fourl/node2lh®.
Juni 2002.
3 Eine Periode ist der Zeitraum, in der sich einewitgung komplett wiederholt. Wenn z.B. zwei Schyuingen mit

50 Hz und 51 Hz sich Uberlagern ist diese Periackg etwa bei% Min. oder é Min., sondern bei 1 Min.
4 Tilman Butz:,Fouriertransformation fur FuBganger,Stuttgart und Leipzig 2000, S. 18-20.



Seite 3

2+T/2
Akz?f f (t)cosw, tdtfirk=0

-T/2
+T/2

_1
AO_T_Tf/2 f (t)dt 3)

2+T/2
Bkz?f f (t)sinew, tdtfir allek

-T/2

Mit der Formel (3) konnen wir nun prinzipiell die einzelnen Koeffizien#nund B, berechnen.
Diese sind schon das Frequenz-Spektrum der Schwingung, dief@ubaschrieben wird.

Die Euler'sche Identititat uns Sinus und Kosinus auch im komplexen Fall fassen
€*'=cosxt+isinet (4)

Wir kbnnen nun unsere Formel (2) komplex notieren:

f()=A+ D, C e

k==—o0
: 2k
mltwkZ? (5)
A —iB A +iB
k k k k
undC = AO,Csz,C_sz
Naturlich lassen sich dann auch die Koeffizier@gkomplex formulieren:
1 +T/2 _
C== f f(t)e ' dtfir—co<k<+oo (6)
T -T/2

Mit diesen Formeln haben wir jetzt also die Méglichkeit, die Frequenz-$gekeeller Schwingun-
gen (Formel (3)) sowie komplexer Schwingungen (Formel (6)) zu errechnese Bagmeln sind je-
doch auf kontinuierlichen Funktionen definiert und zudem mit simplen Algorithmen siain-
fach zu berechnen, es braucht schon Computer Algebra Systeme wie Mathgmaticliese Inte-
grale im allgemeinen Fall berechnen zu kénnen. Von zeitlicher Effizetman hier natirlich noch
weit entfernt.

2.3. Grundlagen der Fourier-Transformation auf gesampelten Daten

Die bisher betrachteten Formeln (3) und (6) beziehen sich auf kontinuierlicheidugrkt Bei
Wave-Dateien haben wir jedoch nur ,Stichproben®, die Samples, die gespesatdrim Folgen-
den sollen Sie alsf} bezeichnet werden. Das Frequenz-Spektrum soll i pezeichnet werden.
N ist dabei die Anzahl der Daten. Umformuliert lautet die Formel (6) fur das Spefhso®:

5 Wird in so ziemlich jedem Analysis I-Buch behandekemplarisch sei hier auf Peter Meyer-Niebgigralysis —
Vorlesung SS 200QUni Osnabrtick, 2000 verwiesen.

6 Wem komplexe Zahlen unbekannt sind, dem sei dieer@e Lektire des Anhangs tber komplexe Zahlen
empfohlen.

7 http://www.wolfram.com/

8 Tilman Butz:,Fouriertransformation fir Ful3géngerStuttgart und Leipzig 2000, S. 103.
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Diese endliche Summe kann man nun einfach mit simplen Algorithmen errechdem man eine
for -Schleife fur jedeg macht, die von 0 bidN-1 lauft. In jedem Durchlauf der Schleife musste
dann nur ein Sample-Wert mig +— multipliziert werden. Diese einzelnen Werte kénnen in kon-
stanter Zeit errechnet werden.

Wirde man diese Formel also direkt in einen Algorithmus umformulieren, wiate fasststellen,
dass er eine Laufzé&iwon ON?) hat (fir jedes deX j's miissen wiN kK's durchlaufen).

Daten Laufzeit
256 65536
512 262144
1024 1048576

2048 4194304

Uberlegungen von Cooley und Tuckey besagen, dass bei einer Fourier-Reihe der IdasgEré-
quenzspektrunir, = fy ist, und dass man aus zwei Transformationen gleichlanger Teil-Fougier-R
hen in einem Arbeitsgang (linearer Zeit) eine Gesamt-Transformatamhen kann. Wenn man also
Daten hat, deren AnzalN eine Zweier-Potenz ist, kann man einen Algorithmus der Laufzéit O(
log: N) schreiben.

Daten Laufzeit
256 2048
512 4608
1024 10240

2048 22528

Wie man sieht, ist die Laufzeit ungleich kirzer als bei dem oben nahe gel@gte)-Algorithmus.
Diese Idee fuhrt zur Fast Fourier Transformation.

3. Fast Fourier Transformation

3.1.public static void fourl(double data[], int nn, int

I Si gn)

Der zentrale Algorithmus einer Fast Fourier Transformation ist der, in deemndilnen eingegebe-
nen Sample-Daten in Gruppen von schon transformierten Daten Uberflihrt wBrdser Algorith-
mus ist in FastFourierTransformation.java die Methodepublic static void
fourl(double data[], int nn, int isign) , die aus der Sammlung Numerical Reci-
pies stamnif und von mir nach Java Ubersetzt wurde. Er ist in zwei Teile unterteilt, dé sor-
tiert die Daten um (,Bit reversal®), wahrend der zweite die eigentlicheéfeliransformation tber-
nimmt.

Die Daten werden wie folgt in den Algorithmus tbergeben:

9 Das sogenannte O-Kalkil ist eine Methode, Laudpeiton Programmen unabhangig von dem konkreten Gi@mp
System abzuschéatzen. Hierbei wird die AbhangigkeitLaufzeit von den eingegebenen Daten deutligheSauch:
Oliver Vornberger, Olaf Miller und Ralf KunzgAlgorithmen — Vorlesung im WS 2001/2002Dsnabrtick, 2001,
S. 53ff.

10 Numerical Recipies SoftwardlUMERICAL RECIPIES IN C: THE ART OF SCIENTIFIC COMTING",
Cambridge, 199Attp://www.nr.com/
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feiffff . fnfufc faa

ojof1j1/2/2, -2 |21

. 2N 2N 2N 2N
12 3 456 . 3 2 1

Hierbei istf, der reelle Teil und, der imaginare Teil der komplexen Z&fl

Die Parameter der Methodeurl sind:nn ist die Anzahl der DateN, isign= 1 bedeutet, dass
eine Fast Fourier Transformation gemacht werden sollisigth= -1 bedeutet, dass eine inverse
Fast Fourier Transformation gemacht werden soll, die Umkehrfunktion also.

Die Daten werden im Feldata[]] zurlckgegeben, und zwar in folgendem Format:

f=0 =0 f=1/(NA) f=1/(NA) ... f=(N/2-1/(NA) f=(N/2-1/(NA)

1 2 3 4 N-1 N

f=+1/(24) f=+1/(24) f=-(N/2-1/(NA) f=-(N/2-1/(NA) ... f=-1/(NA) f:—ll(NA)‘
N+1 N+2 N+3 N+4 2N1 2N

Hierbei ist wiedef, der reelle Teil und, der imaginare Teil der komplexen Zdhl
Fur die Methoddourl selber, siehe Anhang.

3.2.public static void conpl exFFT(doubl e data[]) und
public static void conpl exFFTi nv(doubl e data[])

Aufmerksame Zeitgenossen haben sicherlich schon bemerkt, dass der Auffotivbn noch sehr

an C-Gepflogenheiten erinnert, indem z.B. zusatzlich die Datengrol3e éegegriss, die man in
Java ja durchdata.length zuverlassig herausfinden kann, und dass man zusatzlich mit einer
Variablen auswahlen muss, ob es sich um einer Fast Fourier Transforrodgomm eine inverse
Fast Fourier Transformation handelt. Zuletzt ist es noch uniblich in Javar-diaEs bei dem Index

1 beginnen, in der Regel beginnen sie hier schon beim Index 0. Hierzu habe icNletheiden ge-
schrieben, die die Methodeurl ummanteln. Die Daten beginnen jetzt beim Index O und die an-
deren Parameter werden automatisch gesstmlexFFT flhrt eine komplexe Fast Fourier Trans-
formation durch unccomplexFFTinv  eine komplexe inverse Fast Fourier Transformation. Die
Daten werden im Prinzip wie biurl (bergeben, nur dass hier der Index mit O beginnt:

ffEffff . fefv ] faa

ojof1/1/2/2, -2 |2 |1

-« 2N 2N 2N 2N-1
o012 3 45 . 4 3 2

Hierbei istf, der reelle Teil und, der imaginare Teil der komplexen Zadfl

Die zurlickgegebenen Daten sind analog formatiert.
Fur die MethodeomplexFFT undcomplexFFTinv  selber, siehe Anhang.

3.3. Reelle Fast Fourier Transformation

Eine reelle Fast Fourier Transformation ist nichts anderes als eine koengéest Fourier Transfor-
mation, wo alle imaginaren Teile dgr0. Demnach ist der Algorithmus fir die komplexe Fast Fou-
rier Transformation ausreichend fur die Behandlung reeller Fast Fouriasforanationen. Die Er-
gebnisse sind in diesem Fall jedoch komplex, wobei hier noch eine Phasenverschmebaimge-
baut ist. Diese kann man aber wieder raus rechnen, indem man den Betrag dendeonzablen
nimmt:

|2|= V%R (2)°+3(2)? 8)
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Zudem gilt nochF.=F\..* (komplex konjugiert)’. Deshalb braucht nur das positive Frequenzspek-
trum gespeichert zu werden. Somit kdnnen die kompldxgn demselben Arbeitsspeicher gespei-
chert werden, in dem die reelléneingegeben wurden. Zuletzt ist es noch méglich, zwei reelle FFT
in dem Algorithmus fur komplexe FFT gleichzeitig durchzufuhremofft() ). Somit kann man
also genauso effektiv reelle Fast Fourier Transformationen durchfihren wie kemplex

3.4.public static void real FFT(doubl e data[]) und public
static void real FFT(doubl e data[])
Auch fur die reelle Fast Fourier Transformation gibt es ummantelnde MethodenPbnzip ist

dasselbe wie besomplexFFT undcomplexFFTinv , wichtig ware nur noch, darauf hinzuwei-
sen, wie die Daten formatiert sein missen. Der Input ist folgendermalf3en:

folfy) ez P

0O 1 .. N-2 N1

Der Output ist wie folgt formatiert (fif=0 undf==1/(24) ist der imaginare Teil gleich 0):

f=0 f=%1/(24) f=1/(NA) f=1/(NA) ... f=(N/2-1)/(NA) f=(N/2-1)/(NA)

Hierbei istf, der reelle Teil und, der imaginare Teil der komplexen Zadfl

3.5. Zusammenfassende Dokumentation der Klasse
Fast Fouri er Transformati on. j ava

3.5.1.real FFT

public static void r eal FFT(double[]data)

Performs a Discrete Fast Fourier Transformatiothefrealdata[] . Please note thdata[] must have the length of a
power of 2, otherwise BlegalArgumentException is thrown.

The returned data is organizes as follows:

data[0] : real part af =0 (imaginary part=0)

data[l] :real part af =+/- 1/(2*Delta) (combined, imaginary part=0)
data[2] :real part af =1/(N*Delta)

data[3] :imaginary part at =1/(N*Delta)

aéta[z*i] : real part af =i/(N*Delta)
data[2*i+1] : imaginary part at =i/(N*Delta)

aéta[N-Z] : real part af =(N/2-1)/(N*Delta)
data[N-1] :imaginary part at =(N/2-1)/(N*Delta)

The other valued E-(N/2-1)/(N*Delta) ..-1/(N*Delta) ) can be calculated using the following symmetry:
F[N] = F[N-n]* (complex conjugation).

Please note that the data is not normalized - y@a no multiply each value with 1/N. For furthefoiration of this bug
in the "Numerical Recipes" algorithm s€éman Butz: "Fouriertransformation fiir FuRgéange8Btuttgart, Leipzig,
2000, p. 103

Parameters:
data[] - the real data array

Throws:
java.lang.lllegalArgumentException -ifdata]] does not have the length of a power of 2.

3.5.2. realFFTinv

public static void r eal FFTi nv(double[]data)

Performs an inverse Discrete Fast Fourier Transitiom of the reaflata[]] . Please note thdata]] must have the

11 Tilman Butz;,Fouriertransformation fiir FuRganger,*Stuttgart und Leipzig 2000, S. 26-27.
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length of a power of 2, otherwisdlgalArgumentException is thrown.

Parameters:
data[] - the real data array

Throws:
java.lang.lllegalArgumentException -ifdata[] does not have the length of a power of 2.

3.5.3. complexFFT

public static void conpl exFFT(double[]data)

Performs a Discrete Fast Fourier Transformatiothefcomplexdata]] . Please note thatta[]] must have the
length of a power of 2, otherwisdllegalArgumentException is thrown.

The returned data is organized as follows:
data[0] :real part af =0

data[l] :imaginary part at =0

data[2] :real part af =1/(N*Delta)
data[3] :imaginary part at =1/(N*Delta)

aéta[z*i] : real part af =i/(N*Delta)
data[2*i+1] : imaginary part at =i/(N*Delta)

data[N-2] :real part af =(N/2-1)/(N*Delta)

data[N-1] :imaginary part at =(N/2-1)/(N*Delta)
data[N] :real part af =+/- 1/(2*Delta) (combined)
data[N+1] :imaginary part at =+/- 1/(2*Delta)
data[N+2] :real part af =-(N/2-1)/(N*Delta)

data[N+3] :imaginary part at =-(N/2-1)/(N*Delta)

aéta[N+2*i] : real part af =-(N/2-i)/(N*Delta)
data[N+2*i+1] :imaginary part at =-(N/2-i)/(N*Delta)

aéta[Z*N-Z] : real part af =-1/(N*Delta)
data[2*N-1] :imaginary part at =-1/(N*Delta)

Please note that the data is not normalized - y®&a no multiply each value with 1/N. For furthefoiration of this bug
in the "Numerical Recipes" algorithm s€éman Butz: "Fouriertransformation fiir FuBgange8Btuttgart, Leipzig,
2000, p. 103

Parameters:
data[] - the complex data array - the complex part oheagnber follows directly after the real part.

Throws:
java.lang.lllegalArgumentException -ifdata[] does not have the length of a power of 2.

3.5.4. complexFFTinv
public static void conpl exFFTi nv(double[]data)

Performs an inverse Discrete Fast Fourier Transitiom of the complerata]] . Please note thaata]] must have
the length of a power of 2, otherwisdllagalArgumentException is thrown. This data is not normalized, you
need to multiply it withl/N .

The returned data is organized as follows:
data[0] :real partat =0
data[l] :imaginary part at =0

data[2*i] : real part at =i*Delta
data[2*i+1] : imaginary part at =i*Delta

aéta[Z*N-Z] : real part at =(N-1)*Delta
data[2*N-1] :imaginary part at =-(N*1)*Delta

Parameters:
data[] - the complex data array - the complex part oheagnber follows directly after the real part.

Throws:
java.lang.lllegalArgumentException -ifdata]] does not have the length of a power of 2.
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3.5.5. isPowerOf2

public static boolean i sPower O 2(longi)

Checks recursivly, if i is an integer power of 2.

3.5.6. fourl

Parameters:
i - the long integer to be checked
public static void f our 1(double[]data,
intnn,
intisign)

Discrete Fourier transformation, as describeNUWMERICAL RECIPES IN C: THE ART OF SCIENTIFIC
COMPUTING (ISBN 0-521-43108-5), pp 507¥bu should not call this method but the capsaotathethods
realFFT ,realFFTinv , complexFFT andcomplexFFTinv

Original comment:

Replaceglata[1..2*nn] by its discrete Fourier transform,isign is input asl; or replaceslata[l..2*nn] by
nn times its inverse discrete Fourier transfornisign  is input asl . data is a complex array of lengtin or,
equivalently, a real array of leng#inn . nn MUST be an integer power of 2 (this is not checket).

Please note that the data feign = 1 is not normalized - you need to multiply each eahith 1/N. For further
information of this bug in the "Numerical Recip@tjorithm sed&ilman Butz: "Fouriertransformation fiir FuRgénger",
Stuttgart, Leipzig, 2000, p. 103

Parameters:
data[] - the data
nn - data size
isign - 1: discrete Fourier transformatiof, : inverse descrete Fourier transformation.

3.5.7. twofft

public static void t wof f t (double[]datal,

double[]data2,
double[]fft1,
double[]fft2,
intn)

Discrete Fourier transformation of two real arraiysultaniously, as described MUMERICAL RECIPES IN C: THE
ART OF SCIENTIFIC COMPUTING (ISBN 0-521-43108-p) 541 ff You should not call this method but the
capsulating methodgalFFT , realFFTinv , complexFFT andcomplexFFTinv

Original comment:

Given two real input arraygatal[1..n] anddata2[1..n] , this routine callfourl and returns two complex
output arraysift1[1..2n] andfft2[1..2n] , each of complex length (i.e., real lengti2*n ), which contain the
discrete Fourier transforms of the respectiaéa arraysn MUST be an integer power of 2.

Please note that the data feign = 1 is not normalized - you need to multiply each eahith 1/N. For further
information of this bug in the "Numerical Recipe@djorithm sedilman Butz: "Fouriertransformation fiir FuBganger",
Stuttgart, Leipzig, 2000, p. 103

Parameters:
datal[] - the data of the first function
data?[] - the data of the second function
fftd[] - the FFT of the first function
fft2[] - the FFT of the second function
n - data size

3.5.8. realft

public static void r eal f t (double[]data,

intn,
intisign)
Discrete Fourier transformation of one real aresydescribed iNUMERICAL RECIPES IN C: THE ART OF

SCIENTIFIC COMPUTING (ISBN 0-521-43108-5), pp 5L¥6u should not call this method but the capsntati
methodgealFFT ,realFFTinv , complexFFT andcomplexFFTinv

Original comment:
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Calculates the Fourier transform of a seh @éal-valued data points. Replaces the data (whkistored in array
data[1..n] by the positive frequency half of its complex Feutransform. The real-valued first and last comgas
of the complex transform are returned as elemdmi{1] anddata[2] |, respectivelyn must be a power of 2. This
routine also calculates the inverse transformadraplex data array if it is the transform of reatal (Result in this case
must be multiplied by 2/n.)

Please note that the data feign = 1 is not normalized - you need to multiply each eahith 1/N. For further
information of this bug in the "Numerical Recipe@djorithm sedilman Butz: "Fouriertransformation fiir FuBgéanger",
Stuttgart, Leipzig, 2000, p. 103

Parameters:
data[] - the data
n - data size

isign - 1: discrete Fourier transformatiof, : inverse descrete Fourier transformation.

4. Wave-Datei-Analyse

4.1. Daten-Analyse

Jetzt kommen die Voruberlegungen von oben wieder ins SpieinEinin eindouble zu tberfih-

ren ist durch implizite Typumwandlung kein Problem. Man braucht jetzt nur nocim dieé des
int]] , dessen Lange eine Zweier-Potenz ist, in ein neues double[] zu kopieren, durétaste
Fourier Transformation Algorithmus schicken, die Ergebnisse interpretigrd zurtickgeben. Die
Ergebnisse sollen in einem zweidimensionalen Feld gespeichert seiamnmmer eine Frequenz
mit ihrer Intensitat ist. Die Formel fur die Frequenzen ist, wie schon ofteéhet:
1 9)
MtA=—————
SamplingRate

Diese Aufgabe wird von der Methode public static double[][]
analyseWaveData(int[] data, int start, int end, float samplingRa-

te) in der DateiAnalyseWaveFile.java tubernommen. lhr wird eimt[]  mit Sample-Da-

ten Ubergeben, ein Index des ersten Samples und der Index nach dem letztem (Sardps&end-

start eine Zweierpotenz ist) und die Sampling-Rate der Daten. Zuriickgegeben iwidb e

ble[][] , das =-+1 Paare von Daten enthalt, fir jedes Paar im Index O die Frequenz und im In-
dex 1 die dazugehdrige Intensitat. Mit anderen Worten:

double[i][0] =Frequenz
double[i][1] =Intensitat bei Frequenz
miti =0... -+1

Der Code der MethodanalyseWaveData ist im Anhang. Die Abfragen am Anfang der Metho-
de dienen dazu, sie idiotensicher zu machen, dass selbst ein GAU sie problemlos benutzen kann.

4.2. Datei-Analyse

Um eine Wave-Datei zu analysieren braucht man nun nur noch die Samples aud/aueebDatei
auszulesen, sie in denalyseWaveData -Methode zu geben und die Analyse-Ergebnisse auszu-
geben. Hierzu eignet sich die KlasgaidioData.java . Wenn man eine neue Instanz dieser
Klasse erzeugt, kann man im Konstruktur @wma.io.File mitgeben, aus dem die Daten aus-
gelesen werden.

Das Resultat ist die Methoqmublic static double[][] analyseWaveFile(String
fname, double start sec, int lengthFFT, boolean leftChannel) . Hier
wird die Startposition in Sekunden anstelle von einem absoluten Index gefavdsmraktischer ist
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fur die Anwender ist. Da man bei manchen Dateien noch zwischen den Kanaleschetden
muss, ist noch der ParameteftChannel dabei, ist er wahr, wird der linke Kanal genommen,
ist er unwahr, wird der rechte Kanal genommen.

4.3. Visuelle Darstellung der Ergebnisse

Will man die Ergebnisse auf dem Bildschirm darstellen, bietet geh.awt.* an. Hierzu gibt

es die Klassé&requencyWindow.java , die ein simples Fenster ist, auf dem die Ergebnisse wie
auf einem Koordinatensystem dargestellt werden. In dieser Klasse istediedepublic void
paint(Graphics Q) das eigentlich interessante, in ihr wird das eigentliche Zeichnen tbernom-
men.

Bevor man dies machen kann, ist jedoch die Daten anzeigen kann, ist es zu empéahg loga-
rithmische Skala zu wahlen. Wahrend die errechneten Daten die absolutesitéiten sind, denken
wir Menschen in dB, was eine logarithmische Skala zu den absoluten Intensgé Zugleich soll-
te man noch eine Normierung vornehmen. Der dafir notwendige Code ist digger ( ist das
Feld mit den berechneten Daten):

/I logarithmic plot of data gets a better graph
for (inti=0; i < d.length; i++) {

d[i][1] = Math.log(d[i][1] / (double)fft_length);
} /I for

Dies alles ist in der Methodpublic static main(String[] argv) der KlasseWave-
FileAnalysis.java umgesetzt, man ruft sie auf, indem man

java WaveFileAnalysis dateiname start_sekunde lange_der_fft
eingibt, also z.B.:

java WaveFileAnalysis Ding.wav 0.2 256
Wichtig zu beachten: Die Benennung des Dateinamens folgt den Java-Konventionenhirdenic
Windows-Konventionen.

Als Ergebnis der oben genannten Befehlszeile mitDiag.wav , die mit Windows mitgeliefert
wird, liefert folgendes Fenster:

E\Eﬁ Frequency Analysis M=l
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5. Anhang
5.1. Java-Dateien

5.1.1. Fast Fouri er Transf ormati on. j ava

/ FastFourierTransformation.java /
/* Datum: 12. Januar 2002

* Autor: Christian Datzko

* Copyright: Christian Datzko, 2002

* E-Mail-Adresse: datzko@t-online.de

* Programmiersprache und -version: Java(TM) 2 SDK, Standard Edition (1.3.1_01)
*/

/**

* Basic routines for complex and real Fast Fourier Transformation. It is

* recommended to use the "safer" routines <CODE>realFFT</CODE>,

* <CODE>realFFTinv</CODE>, <CODE>complexFFT</CODE> and

* <CODE>complexFFTinv</CODE>. The basic algorithms come from <I>NUMERICAL
* RECIPES IN C: THE ART OF SCIENTIFIC COMPUTING (ISBN 0-521-43108-5)</I>.
* @author Christian Datzko

* @version 1.0

*/

public class FastFourierTransformation {

/**
* Performs a Discrete Fast Fourier Transformation of the real
* <CODE>data[]</CODE>.
* Please note that <CODE>data[]</CODE> must have the length of a power of
* 2, otherwise a <CODE>lllegalArgumentException</CODE> is thrown.<P>
* The returned data is organizes as follows:<BR>
* <CODE>data[0]</CODE>: real part at <CODE><|>f</I>=0</CODE> (imaginary
* part=0)<BR>
* <CODE>data[1]</CODE>: real part at <CODE><I>f</I>=+/- 1/(2*Delta)</CODE>
* (combined, imaginary part=0)<BR>
* <CODE>data[2]</CODE>: real part at <CODE><I>f</I>=1/(N*Delta)</CODE><BR>
* <CODE>data[3]</CODE>: imaginary part at <CODE><I>f</I>=1/(N*Delta)</CODE>
* <BR>
* ..<BR>
* <CODE>data[2*i]</CODE>: real part at <CODE><I>f</I>=i/(N*Delta)</CODE><BR>
* <CODE>data[2*i+1]</CODE>: imaginary part at <CODE><I>f</I>=i/(N*Delta)
* </CODE><BR>
* ..<BR>
* <CODE>data[N-2]</CODE>: real part at <CODE><I>f</I>=(N/2-1)/(N*Delta)
* </CODE><BR>
* <CODE>data[N-1]</CODE>: imaginary part at <CODE><|>f</I>=(N/2-1)/(N*Delta)
* </CODE><P>
* The other values (<CODE><I>f</I>=-(N/2-1)/(N*Delta)</CODE> ..
* <CODE>-1/(N*Delta)</CODE>) can be calculated using the following
* symmetry:<BR>
* <CODE>F[N] = F[N-n]*</CODE> (complex conjugation).<P>
* Please note that the data is not normalized - you need to multiply each
* value with 1/N. For further information of this bug in the "Numerical
* Recipes" algorithm see <I>Tilman Butz: "Fouriertransformation f&uuml;r
* Fué&szlig;g&auml;nger”, Stuttgart, Leipzig, 2000, p. 103</I>.
* @author Christian Datzko
* @version 1.0
* @param data[] the real data array
* @throws lllegalArgumentException if <CODE>data[][</CODE> does not have the
* length of a power of 2.
*/
public static void realFFT(double data[]) {
if (isPowerOf2(data.length)) {
double[] d = new double[data.length + 1];
d[0] = 0.0;
/I copy the array
for (inti = 0; i < data.length; i++) {
d[i + 1] = data[i];
} /I for
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/I call the fast fourier transformation algorithm
realft(d, d.length - 1, 1);
/I copy the array back
for (inti=1; i< d.length; i++) {
data[i - 1] = d[i];
} /I for
Y if
else
throw new lllegalArgumentException("The passed array does not have "
+ "the length of a Power of 2.");
} /I realFFT(double data[])

/**
* Performs an inverse Discrete Fast Fourier Transformation of the real
* <CODE>data[]</CODE>.
* Please note that <CODE>data[]</CODE> must have the length of a power of
* 2, otherwise a <CODE>lllegalArgumentException</CODE> is thrown.
* @author Christian Datzko
* @version 1.0
* @param data[] the real data array
* @throws lllegalArgumentException if <CODE>data[]</CODE> does not have the
* length of a power of 2.
*/
public static void realFFTinv(double data[]) {
if (isPowerOf2(data.length)) {
double[] d = new double[data.length + 1];
d[0] = 0.0;
/I copy the array
for (inti = 0; i < data.length; i++) {
d[i + 1] = data[i];
} /I for
/I call the fast fourier transformation algorithm
realft(d, d.length - 1, -1);
/I copy the array back
for (inti=1; i< d.length; i++) {
datali - 1] = d[i];
} /I for
I if
else
throw new lllegalArgumentException("The passed array does not have "
+ "the length of a Power of 2.");
} /I realFFTinv(double data[])

/**

* Performs a Discrete Fast Fourier Transformation of the complex

* <CODE>data[]</CODE>.

* Please note that <CODE>data[]</CODE> must have the length of a power of

* 2, otherwise a <CODE>lllegalArgumentException</CODE> is thrown.<P>

* The returned data is organized as follows:<BR>

* <CODE>data[0]</CODE>: real part at <CODE><I>f</I>=0</CODE><BR>

* <CODE>data[1]</CODE>: imaginary part at <CODE><|>f</I>=0</CODE><BR>

* <CODE>data[2]</CODE>: real part at <CODE><I>f</I>=1/(N*Delta)</CODE><BR>
* <CODE>data[3]</CODE>: imaginary part at <CODE><I>f</I>=1/(N*Delta)</CODE>
* <BR>

* ..<BR>

* <CODE>data[2*i]</CODE>: real part at <CODE><I>f</I>=i/(N*Delta)</CODE><BR>
* <CODE>data[2*i+1]</CODE>: imaginary part at <CODE><I>f</I>=i/(N*Delta)

* </CODE><BR>

* ..<BR>

* <CODE>data[N-2]</CODE>: real part at <CODE><I>f</I>=(N/2-1)/(N*Delta)</CODE>
* <BR>

* <CODE>data[N-1]</CODE>: imaginary part at <CODE><|>f</I>=(N/2-1)/(N*Delta)

* </CODE><BR>

* <CODE>data[N]</CODE>: real part at <CODE><I>f</|>=+/- 1/(2*Delta)</CODE>

* (combined)<BR>

* <CODE>data[N+1]</CODE>: imaginary part at <CODE><I>f</I>=+/- 1/(2*Delta)

* </CODE><BR>

* <CODE>data[N+2]</CODE>: real part at <CODE><I>f</I>=-(N/2-1)/(N*Delta)

* </CODE><BR>

* <CODE>data[N+3]</CODE>: imaginary part at

* <CODE><I>f</I>=-(N/2-1)/(N*Delta)</CODE><BR>

* ..<BR>
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* <CODE>data[N+2*i]</CODE>: real part at <CODE><I>f</|>=-(N/2-i)/(N*Delta)
* </CODE><BR>
* <CODE>data[N+2*i+1]</CODE>: imaginary part at
* <CODE><I>f</I>=-(N/2-i)/(N*Delta)</CODE><BR>
* ..<BR>
* <CODE>data[2*N-2]</CODE>: real part at <CODE><I>f</I>=-1/(N*Delta)</CODE>
* <BR>
* <CODE>data[2*N-1]</CODE>: imaginary part at <CODE><I>f</|>=-1/(N*Delta)
* </CODE>.<P>
* Please note that the data is not normalized - you need to multiply each
* value with 1/N. For further information of this bug in the "Numerical
* Recipes" algorithm see <I>Tilman Butz: "Fouriertransformation f&uuml;r
* Fué&szlig;g&auml;nger”, Stuttgart, Leipzig, 2000, p. 103</I>.
* @author Christian Datzko
* @version 1.0
* @param data[] the complex data array - the complex part of each number
* follows directly after the real part.
* @throws lllegalArgumentException if <CODE>data[][</CODE> does not have the
* length of a power of 2.
*/
public static void complexFFT(double datal]) {
if (isPowerOf2(data.length)) {
double[] d = new double[data.length + 1];
d[0] = 0.0;
/I copy the array
for (inti=0; i < data.length; i++) {
d[i + 1] = data[i];
} /I for
/I call the fast fourier transformation algorithm
fourl(d, (d.length - 1) / 2, 1);
/I copy the array back
for (inti=1; i< d.length; i++) {
data[i - 1] = d[i];
} /I for
Y if
else
throw new lllegalArgumentException("The passed array does not have "
+ "the length of a Power of 2.");
} /I complexFFT(double data[])

/**
* Performs an inverse Discrete Fast Fourier Transformation of the complex
* <CODE>data[]</CODE>.
* Please note that <CODE>data[]</CODE> must have the length of a power of
* 2, otherwise a <CODE>lllegalArgumentException</CODE> is thrown.
* This data is not normalized, you need to multiply it with
* <CODE>1/N</CODE>.<P>
* The returned data is organized as follows:<BR>
* <CODE>data[0]</CODE>: real part at <CODE><I>t</I>=0</CODE><BR>
* <CODE>data[1]</CODE>: imaginary part at <CODE><|>t</I>=0</CODE><BR>
* ..<BR>
* <CODE>data[2*i]</CODE>: real part at <CODE><I>t</I>=i*Delta</CODE><BR>
* <CODE>data[2*i+1]</CODE>: imaginary part at <CODE><I>t</I>=i*Delta</CODE><BR>
* ..<BR>
* <CODE>data[2*N-2]</CODE>: real part at <CODE><|>t</I>=(N-1)*Delta</CODE>
* <BR>
* <CODE>data[2*N-1]</CODE>: imaginary part at <CODE><I>t</|>=-(N*1)*Delta
* </CODE>.<P>
* @author Christian Datzko
* @version 1.0
* @param data[] the complex data array - the complex part of each number
* follows directly after the real part.
* @throws lllegalArgumentException if <CODE>data[][</CODE> does not have the
* length of a power of 2.
*/
public static void complexFFTinv(double data[]) {
if (isPowerOf2(data.length)) {
double[] d = new double[data.length + 1];
d[0] = 0.0;
/I copy the array
for (inti=0; i < data.length; i++) {
d[i + 1] = data[i];
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} /I for
/I call the fast fourier transformation algorithm
fourl(d, (d.length - 1) / 2, -1);
/I copy the array back
for (inti=1;i<d.length; i++) {
data[i - 1] = d[i];
} /I for
Y if
else
throw new lllegalArgumentException("The passed array does not have
+ "the length of a Power of 2.");
} /I complexFFTinv(double datal])

/**

* Checks recursivly, if i is an integer power of 2.
* @author Christian Datzko

* @version 1.0

* @param i the long integer to be checked

*/
public static boolean isPowerOf2(long i) {
if (1% 2==0) /l the last bit==0
return isPowerOf2(i / 2); /I iis power of 2 if i/2 is power of 2
else /I the last bit ==
if i==1) /2n0=1
return true;
else Il == 1+j*2 (j!=0)

return false;
} /1 isPowerOf2(long i)

/**

* Discrete Fourier transformation, as described in <I>NUMERICAL RECIPES IN

* C: THE ART OF SCIENTIFIC COMPUTING (ISBN 0-521-43108-5), pp 507 ff</I>.
* You should not call this method but the capsulating methods

* <CODE>realFFT</CODE>, <CODE>realFFTinv</CODE>, <CODE>complexFFT</CODE> and
* <CODE>complexFFTinv</CODE>.<P>

* Original comment:<BR>

* Replaces <CODE>data[1..2*nn]</CODE> by its discrete Fourier transform, if

* <CODE>isign</CODE> is input as <CODE>1</CODE>; or replaces

* <CODE>data[l1..2*nn]</CODE> by <CODE>nn</CODE> times its inverse discrete
* Fourier transform, if <CODE>isigh</CODE> is input as <CODE>-1</CODE>.

* <CODE>data</CODE> is a complex array of length <CODE>nn</CODE> or,

* equivalently, a real array of length <CODE>2*nn</CODE>. <CODE>nn</CODE>
* MUST be an integer power of 2 (this is not checked for!).<P>

* Please note that the data for <CODE>isign = 1</CODE> is not normalized -

* you need to multiply each value with 1/N. For further information of this

* bug in the "Numerical Recipes" algorithm see <I>Tilman Butz:

* "Fouriertransformation f&uuml;r Fu&szlig;g&auml;nger", Stuttgart, Leipzig,

* 2000, p. 103</I>.

* @author Numerical Recipes Software (adapted by Christian Datzko)

* @version 1.0

* @param data[] the data

* @param nn data size

* @param isign <CODE>1</CODE>: discrete Fourier transformation,

* <CODE>-1</CODE>: inverse descrete Fourier transformation.

*/

public static void fourl(double data[], int nn, int isign) {

[* C-code:

#define SWAP(a, b) tempr=(a); (a)=(b); (b)=tempr;

void fourl(float datal], unsigned long nn, int isign) {
unsigned long n, mmax, m, j, istep, i;
double wtemp, wr, wpr, wpi, wi, theta;
/I Double precision for the
/I trigonometric recurrences.
float tempr, tempi;

n=nn<<1;

i= L

for(i=1;i<n;i+=2){ /I This is the bit-reversal section
if >1i){ /I of the routine.

SWAP(datalj], datali]); /I Exchange the two complex numbers.
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SWAP(data[j+1], data[i+1]);
I f
m=n>>1;
while (m >=2 &&j>m) {
= m;
m>>=1;
} /Il while
j = m;
} /I for
/I Here begins the Danielson-Lanczos section of the routine.
mmax = 2;
while (n > mmax) { /I Outer loop executed log2 nn times.
istep = mmax << 1;
theta = isign * (6.28318530717959/mmax);
/I Initialize the trigonometric
Il recurrence.
wtemp = sin(0.5*theta);
wpr = -2.0 * wtemp * wtemp;
wpi = sin(theta);
wr =1.0;
wi = 0.0;
for (m = 1; m <mmax; m +=2) { // Here are the two nested inner loops.
for (i=m;i<=n;i+=istep) {
j =1+ mmax; /I This is the Danielson-Lanczos
Il formula:
tempr = wr * data[j] - wi * datal[j + 1];
tempi = wr * data[j + 1] + wi * data[j];
data[j] = datali] - tempr;
data[j + 1] = datali + 1] - tempi;
datal[i] += tempr;
data[i + 1] += tempi;
} /I for
wr = (wtemp = wr) * wpr - wi * wpi + wr;
wi = wi * wpr + wtemp * wpi + wi;
} /I for
mmax = istep;
} I/ while
} /1 fourl(float datal], unsigned long nn, int isign)
*/
int n, mmax, m, j, istep, i;
double wtemp, wr, wpr, wpi, wi, theta;
/I Double precision for the
/I trigonometric recurrences.
double tempr, tempi;

n=nn<<1;
i= L
for(i=1;i<n;i+=2){ /I This is the bit-reversal section
if >1i){ /I of the routine.
double temp = data[j]; /I Exchange the two complex numbers.

data[j] = data[i];
data[i] = temp;
temp = data[j+1];
data[j+1] = data[i+1];
data[i+1] = temp;
I if
m=n>>1;
while (m >=2 &&j>m) {
= m;
m>>=1;
} /Il while
jr=m;
} /I for
/I Here begins the Danielson-Lanczos section of the routine.
mmax = 2;
while (n > mmax) { /I Outer loop executed log2 nn times.
istep = mmax << 1;
/I Initialize the trigonometric recurrence.
theta = isign * (2.0 * Math.Pl/mmax);
wtemp = Math.sin(0.5*theta);
wpr = -2.0 * wtemp * wtemp;
wpi = Math.sin(theta);
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wr =1.0;
wi = 0.0;
for (m = 1; m <mmax; m +=2) { // Here are the two nested inner loops.
for (i=m;i<=n;i+=istep) {
j =1+ mmax; /I This is the Danielson-Lanczos
Il formula:
tempr = wr * data[j] - wi * datalj + 1];
tempi = wr * data[j + 1] + wi * data[j];
data[j] = datali] - tempr;
data[j + 1] = datali + 1] - tempi;
datal[i] += tempr;
data[i + 1] += tempi;
} /I for
/I Trigonometic recurrence.
wr = (wtemp = wr) * wpr - wi * wpi + wr;
wi = wi * wpr + wtemp * wpi + wi;
} /I for
mmax = istep;
} I/ while
} /I fourl(float data[], long nn, int isign)

/**

* Discrete Fourier transformation of two real arrays simultaniously, as
* described in <I>NUMERICAL RECIPES IN C: THE ART OF SCIENTIFIC COMPUTING
* (ISBN 0-521-43108-5), pp 511 ff</I>.
* You should not call this method but the capsulating methods
* <CODE>realFFT</CODE>, <CODE>realFFTinv</CODE>, <CODE>complexFFT</CODE> and
* <CODE>complexFFTinv</CODE>.<P>
* Original comment:<BR>
* Given two real input arrays <CODE>datal[1..n]</CODE> and
* <CODE>data2[1..n]</CODE>, this routine calls <CODE>fourl</CODE> and
* returns two complex output arrays, <CODE>fft1[1..2n]</CODE> and
* <CODE>fft2[1..2n]</CODE>, each of complex length <CODE>n</CODE> (i.e.,
* real length <CODE>2*n</CODE>), which contain the discrete Fourier
* transforms of the respective <CODE>data</CODE> arrays. <CODE>n</CODE> MUST
* be an integer power of 2.<P>
* Please note that the data for <CODE>isign = 1</CODE> is not normalized -
* you need to multiply each value with 1/N. For further information of this
* bug in the "Numerical Recipes" algorithm see <I>Tilman Butz:
* "Fouriertransformation f&uuml;r Fu&szlig;g&auml;nger", Stuttgart, Leipzig,
* 2000, p. 103</I>.
* @author Numerical Recipes Software (adapted by Christian Datzko)
* @version 1.0
* @param datal[] the data of the first function
* @param data?2[] the data of the second function
* @param fft1[] the FFT of the first function
* @param fft2[] the FFT of the second function
* @param n data size
*/
public static void twofft(double datal[], double data2[], double fft1[],
double fft2[], int n) {
[* C-Code:

void twofft(float datal[], float data2[], float fft1[], float fft2[],
unsigned long n)

unsigned long nn3, nn2, jj, j;

float rep, rem, aip, aim;

nn3=1+(Nn2=2+n+n);

for (j=1, jj=2; j<=n; j++, jj+=2) { // Pack the two real arrays into one
fit1[jj-1]=datal[j]; /I complex array.
fft1[jj]=data2[j];

fourl(fftl, n, 1); /I Transform the complex array.
fft2[1]=fft1[2];
fft1[2]=fft2[2]=0.0;
for (j=3; j<=n+1; j+=2) {
rep=0.5%(fftL[j]+fftL[nn2-j]); // Use symmetries to separate the two
rem=0.5*(fft1[j]-fftl[nn2-]]); // transforms.
aip=0.5*(fft1[j+1]+fft1[nn3-j]);
aim=0.5*(fft1[j+1]-fft1[nn3-j]);
fft1[j]=rep; /I Ship them out in two complex arrays.
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fft1[j+1]=aim;
fftl[nn2-j]=rep;
fft1[nn3-j]= -aim;
fft2[j]=aip;
fft2[j+1]= -rem;
fft2[nn2-j]=aip;
fft2[nn3-j]=rem;
}

*/
int nn3, nn2, jj, j;
double rep, rem, aip, aim;

nn3 =1+ (nn2=2+n+n);
/I Pack the two real arrays into one complex array.
for =1,ji=2j<=n;j++, Jj += 2) {
fft1[jj - 1] = datal[j];
fft1[jj] = data2[j];
} /I for

fourl(fftl, n, 1); /I Transform the complex array.
fft2[1] = fft1[2];
fft1[2] = fft2[2] = 0.0;
for(j=3;j<=n+1;j+=2){
/I Use symmetries to separate the two transforms.
rep = 0.5 * (fft1[j] + fft1[nn2 - j]);
rem = 0.5 * (fft1[j] - fftl[nn2 - j]);
aip = 0.5 * (fft1[j + 1] + fft1[nn3 - j]);
aim = 0.5 * (fft1[j + 1] - fft1[nn3 - j]);
/I Ship them out in two complex arrays.
fftl[j] = rep;
fftl[j + 1] = aim;
fft1[nn2 - j] = rep;
fft1[nn3 - j] = -aim;
fft2[j] = aip;
fft2[j + 1] = -rem;
fft2[nn2 - j] = aip;
fft2[nn3 - j] = rem;
} /I for
} /1 twofft(double datal[], double data2[], double fft1[], double fft2[], long n);

/**

* Discrete Fourier transformation of one real array, as described in

* <I>NUMERICAL RECIPES IN C: THE ART OF SCIENTIFIC COMPUTING (ISBN
*0-521-43108-5), pp 513 ff</I>.

* You should not call this method but the capsulating methods

* <CODE>realFFT</CODE>, <CODE>realFFTinv</CODE>, <CODE>complexFFT</CODE> and
* <CODE>complexFFTinv</CODE>.<P>

* Original comment:<BR>

* Calculates the Fourier transform of a set of <CODE>n</CODE>

* real-valued data points. Replaces the data (which is stored in array

* <CODE>data[1..n]</CODE> by the positive frequency half of its complex

* Fourier transform. The real-valued first and last components of the

* complex transform are returned as elements <CODE>data[1]</CODE> and
* <CODE>data[2]</CODE>, respectively. <CODE>n</CODE> must be a power of 2.
* This routine also calculates the inverse transform of a complex data

* array if it is the transform of real data. (Result in this case must be

* multiplied by 2/n.)<P>

* Please note that the data for <CODE>isign = 1</CODE> is not normalized -
* you need to multiply each value with 1/N. For further information of this

* bug in the "Numerical Recipes" algorithm see <I>Tilman Butz:

* "Fouriertransformation f&uuml;r Fu&szlig;g&auml;nger", Stuttgart, Leipzig,

* 2000, p. 103</I>.

* @author Numerical Recipes Software (adapted by Christian Datzko)

* @version 1.0

* @param data[] the data

* @param n data size

* @param isign <CODE>1</CODE>: discrete Fourier transformation,

* <CODE>-1</CODE>: inverse descrete Fourier transformation.

*/

public static void realft(double datal], int n, int isign) {

[* C-Code:
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#include <math.h>
void realft(float data[], unsigned long n, int isign)

void fourl(float data[], unsigned long nn, int isign);
unsigned long i, i1, i2, i3, i4, np3;
float c1=0.5,c2,h1r,h1i, h2r, h2i;
double wr, wi, wpr, wpi, wtemp, theta;
/I Double precision for the
/I trigonometric recurrences.
theta=3.141592653589793/(double) (n>>1);
/I Initialize the recurrence.
if (isign == 1) {
c2 =-0.5;
fourl(data, n>>1, 1);
}else {
c2=0.5;
theta = -theta;

wtemp = sin(0.5*theta);
wpr = -2.0*wtemp*wtemp;
wpi = sin(theta);

wr = 1.0+wpr;

wi = wpi;

np3 = n+3;

for (i=2; i<=(n>>2); i++) { [/l Case i = i done separately below.
i4 =1+ (i3=np3-(i2=1+(i1=i+i-1)));
hlr=c1*(data[il]+data[i3]); /I The two separate transforms are

hli=c1*(data[i2]-data[i4]); /I separated out of data

h2r= -c2*(data[i2]+data[i4]);

h2i=c2*(data[il]-data[i3]);

data[il]=h1r+wr*h2r-wi*h2i; /I Here they are recombined to form
data[i2]=h1li+wr*h2i+wi*h2r; /I the true transform of the original
data[i3]=h1r-wr*h2r+wi*h2i; /I real data.

data[i4]= -hli+wr*h2i+wi*h2r;

wr = (wtemp=wr)*wpr-wi*wpi+wr; // The recurrence.

wi = wi*wpr+wtemp*wpi+wi;

}
if (isign == 1) {
data[1] = (h1r=data[l])+data[2]; // Squeeze the first and last data to-
data[2] = (h1r-data[2]); I/ gether to get them all with the
} /I original array.
else {
data[1]=c1*((h1lr=data[1])+data[2]);
data[2]=c1*(h1lr-data[2]);
fourl(data,n>>1,-1); /I This is tie hinverse transform for
} I the case isign = -1.
}
*/
inti, i1, i2, i3, i4, np3;
double ¢1=0.5,c2,h1r,h1i, h2r, h2i;
double wr, wi, wpr, wpi, wtemp, theta;
/I Double precision for the
/I trigonometric recurrences.
theta=Math.PI / (double)(n >> 1); // Initialize the recurrence.
if (isign == 1) {
c2 =-0.5;
fourl(data, n >> 1, 1);
I if
else {
c2=0.5;
theta = -theta;
} 1 else
wtemp = Math.sin(0.5 * theta);
wpr = -2.0 * wtemp * wtemp;
wpi = Math.sin(theta);
wr = 1.0 + wpr;
wi = wpi;
np3=n+3;
for (i=2;i<=(n>>2);i++) { // Casei=idone separately below.
i4=1+(@{3=np3-(i2=1+(1=i+i-1)));
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hlr = cl * (data[il] + data[i3]); // The two separate transforms are
hli = cl * (data[i2] - data[i4]); // separated out of data
h2r = -c2 * (data[i2] + data[i4]);
h2i = c2 * (data[il] - data[i3]);

/l Here they are recombined to form the true transform of the original
/I real data.
data[il] = hlr + wr * h2r - wi * h2i;
data[i2] = hli + wr * h2i + wi * h2r;
data[i3]= h1r - wr * h2r + wi * h2i;
data[i4]= -hli + wr * h2i + wi * h2r;
/I The recurrence.
wr = (wtemp = wr) * wpr - wi * wpi + wr;
wi = wi * wpr + wtemp * wpi + wi;

} /I for

if (isign == 1) {
/I Squeeze the first and last data together to get them all with the
/ original array.
data[1] = (h1r = data[1]) + data[2];
data[2] = (h1r - data[2]);

Y if

else {
data[1] = c1 * ((h1r = data[1]) + data[2]);
data[2] = c1 * (h1r - data[2]);
fourl(data, n >> 1, -1); /I This is the hinverse transform for

} 1 else /l the case isign = -1.

} I realft(double data(], int n, int isign)
} /I FastFourierTransformation

5.1.2. WaveFi | eAnal ysi s

/ WaveFileAnalysis.java /

[* Datum: 12. Januar 2002

* Autor: Christian Datzko

* Copyright: Christian Datzko, 2002

* E-Mail-Adresse: datzko@t-online.de

* Programmiersprache und -version: Java(TM) 2 SDK, Standard Edition (1.3.1_01)

*/

import java.io.File;
import java.awt.event.*;

/**
* Some useful routines for frequency analysis of wave files.
*/

public class WaveFileAnalysis {

/**

* Shows a <CODE>FrequencyWindow</CODE> with the data <CODE>d</CODE>, the
* widht <CODE>width</CODE> and the height <CODE>height</CODE>.<P>

* When the window is closed <CODE>System.exit(0);</CODE> is called to quit

* the VM.

* @author Christian Datzko

* @version 1.0

* @param d[][] an array of pairs of data, where <CODE>d[i][0]</CODE>

* is a frequency and <CODE>d][i][1]</CODE> is an intensity. Assuming

* linearity between <CODE>i</CODE> and <CODE>data[i][0]</CODE>.

* @param width the width of the <CODE>FrequencyWindow</CODE>.

* @param height the height of the <CODE>FrequencyWindow</CODE>.

*/
public static void ShowAnalysisWindow(double[][] d, int width, int height) {
FrequencyWindow frame = new FrequencyWindow(d);
frame.addWindowListener(new WindowAdapter() {

public void windowClosing(WindowEvent ev) {

System.exit(0);

} /I windowClosing(WindowEvent ev)
} /l'inner class
);
frame.setSize(width, height);
frame.setVisible(true);
} /1 void ShowAnalysisWindow(double[][] d)
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/**

* Simply calls <CODE>ShowAnalysisWindow(double[][] d, int width, int
* height)</CODE> with <CODE>width</CODE> = 400 and <CODE>height</CODE> = 300.
* @author Christian Datzko

* @version 1.0

* @param d[][] an array of pairs of data, where <CODE>d[i][0]</CODE>
* is a frequency and <CODE>d][i][1]</CODE> is an intensity. Assuming
* linearity between <CODE>i</CODE> and <CODE>data[i][0]</CODE>.
*/

public static void ShowAnalysisWindow(double[][] d) {
ShowAnalysisWindow(d, 400, 300);

} /1 void ShowAnalysisWindow(double[][] d)

/**
* Analyses the wave file <CODE>fname</CODE> starting at
* <CODE>start_sec</CODE>, using <CODE>lengthFFT</CODE> samples.
* @author Christian Datzko
* @version 1.0
* @param fname a valid file name
* @param start_sec a valid time in seconds within <CODE>fname</CODE>
* @param lengthFFT length of the FFT array, must be a power of 2
* @param leftChannel <CODE>true</CODE>: analyse the left channel,
* <CODE>false</CODE>: analyse the right channel.
* @throws lllegalArgumentException
* @return double[][] contains <CODE>lengthFFT/2+1</CODE> pairs of data,
* <CODE>[i][0]</CODE> is a frequency, <CODE>[i][1]</CODE> the corresponding
* intensity.
*/
public static double[][] analyseWaveFile(String fname, double start_sec,
int lengthFFT, boolean leftChannel) {
AudioData d = new AudioData(new File(fname));
int start = (int)(start_sec * d.getSampleRate());
if (leftChannel)
return analyseWaveData(d.getLeftChannel(), start, start + lengthFFT,
d.getSampleRate());
else
return analyseWaveData(d.getRightChannel(), start, start + lengthFFT,
d.getSampleRate());
} /I analyseWaveFile(String fname, double start_sec, int lengthFFT,
/I boolean leftChannel)

/**
* Analyses part (or all) of an array of integers from <CODE>start</CODE> to
* <CODE>end-1</CODE> with the specified sampling rate.
* @author Christian Datzko
* @version 1.0
* @param data[] array containing sampled data
* @param start start index
* @param end end index - 1 (<CODE>end-start</CODE> must be a power of 2)
* @param samplingRate the sampling rate of the sampled data
* @throws lllegalArgumentException
* @return double[][] contains <CODE>lengthFFT/2+1</CODE> pairs of data,
* <CODE>[i][0]</CODE> is a frequency, <CODE>[i][1]</CODE> the corresponding
* intensity.
*/
public static double[][] analyseWaveData(int[] data, int start, int end,
float samplingRate) {
/l what can happen...
if (start >= end)
throw new lllegalArgumentException("\"start\" must be higher then "
+ "\"end\".");
if (IFastFourierTransformation.isPowerOf2(end - start))
throw new lllegalArgumentException("Can only analyse data with the "
+ "length of a Power of 2.");
if (data == null)
throw new lllegalArgumentException("l need some data to analyse.");
if (end > data.length)
throw new lllegalArgumentException("\"data\" is too small.");

/I copy the data into a new array
int N = end - start;
double[] d = new double[N];
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for (inti = start, j = 0; i < end; i++, j++) {
d[j] = datali];
} /1 for

/I Fast Fourier Transformation does the wave file analysis
FastFourierTransformation.realFFT(d);

double[][] output = new double[N / 2 + 1][2];

/I get out F[N/2]

output[N / 2][0] = samplingRate / 2.0;
output[N / 2][1] = Math.abs(d[1]);
d[1]=0.0;

/I get out F[0]..F[N/2-1]
for (inti=0;i<d.length/2; i++) {
output[i][0] = (double)i * samplingRate / N;
output[i][1] = Math.sqgrt(d[i * 2] * d[i * 2] +
di*2+1]*d[i*2 + 1]);
} /I for
return output;
} /I analyseWaveData(int[] data, int start, int end, int samplingRate)

private static final String syntax_string = "WaveFileAnalysis: java "
+ "WaveFileAnalysis filename start_sec fft_length";
/I syntax for running this class

/**

* Small main method to test <CODE>WaveFileAnalysis</CODE>,

* <CODE>FastFourierTransformation</CODE> and <CODE>FrequencyWindow</CODE>.
* Run from command line with <CODE>java WaveFileAnalysis filename start_sec

* fft_length</CODE>.

* @author Christian Datzko

* @version 1.0

* @param argv[] passed array of parameters

*/

public static void main(String[] argv) {
if (argv.length!=3) {
System.out.printin(syntax_string);

Y if
else {
double start_sec = 0.0;
try {
start_sec = Double.parseDouble(argv[1]);
Y try

catch (NumberFormatException e) {
System.out.printin(e.getMessage());
System.out.printin(syntax_string);

} /I catch
int fft_length = 256;
try {
fft_length = Integer.parselnt(argv[2]);
Y try

catch (NumberFormatException e) {
System.out.printin(e.getMessage());
System.out.printin(syntax_string);
} /I catch
if (IFastFourierTransformation.isPowerOf2(fft_length)) {
System.out.printin(*fft_length must be an integer power of 2.");
System.out.printin(syntax_string);
Yif
else {
double[][] d = analyseWaveFile(argv[0], start_sec, fft_length, true);
/I logarithmic plot of data gets a better graph
for (inti=0; i < d.length; i++) {
d[i][1] = Math.log(d[i][1] / (double)fft_length);
} /I for
ShowAnalysisWindow(d);
} /I else
} 1 else
} /I main(String([] argv)
} /Il WaveFileAnalysis
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5.1.3. Fr equencyW ndow. | ava

/ FrequencyWindow.java /

/* Datum: 12. Januar 2002

* Autor: Christian Datzko

* Copyright: Christian Datzko, 2002

* E-Mail-Adresse: datzko@t-online.de

* Programmiersprache und -version: Java(TM) 2 SDK, Standard Edition (1.3.1_01)
*/

import javax.swing.*;
import java.awt.event.*;
import java.awt.Graphics;
import java.awt.Color;
import java.awt.Dimension;

/**
* This class is an object that is a window plotting frequency data.
*/

public class FrequencyWindow extends JFrame {
private boolean datalnitialized = false;
/I are the data fields initialized?
private double[][] frequencyTable; // all frequencies

private double min; // minimum value

private double max; /I maximum value

private int minWidth = 160; /I minimum output width
private int minHeight = 120; /I minimum output height

private Color backColor = Color.white;// standard color for background
private Color graphColor = Color.blue;// standard color for graph
private Color coordColor = Color.black;

/I standard color for coordinate system

private int spacelLeft = 10; Il space from the left
private int spaceRight = 10; /I space from the right
private int spaceTop = 29; /I space from the top
private int spaceBottom = 10; /I space from the bottom
/**

* This constructor gets you a window that plots <CODE>data[][]</CODE>.
* @author Christian Datzko
* @version 1.0
* @param data[][] an array of pairs of data, where <CODE>datal[i][0]</CODE>
* is a frequency and <CODE>data[i][1]</CODE> is an intensity. Assuming
* linearity between <CODE>i</CODE> and <CODE>data[i][0]</CODE>.
* @param title is a title string for the window.
*/
public FrequencyWindow(double[][] data, String title) {
super(title);
if (data != null) {
frequencyTable = data;
/l find min and max
if (data[0].length >= 2) {
min = max = data[0][1];
for (inti=1;i < data.length; i++) {
if (data[i][1] < min) {
min = data[i][1];
i if
else {
if (datali][1] > max) {
max = datali][1];
Y if
Y/ else
} /I for
datalnitialized = true;
Yif
else
datalnitialized = false;
Y if
else {
throw new lllegalArgumentException("Need some data to show.");
} 1 else
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} /I FrequencyWindows(String title)

/**

* This constructor calls <CODE>FrequencyWindow(double[][] data, String
* title)</CODE> with <CODE>title</CODE> = "Frequency Analysis".

* @author Christian Datzko

* @version 1.0

* @param data[][] an array of pairs of data, where <CODE>data[i][0]</CODE>
* is a frequency and <CODE>data[i][1]</CODE> is an intensity. Assuming
* linearity between <CODE>i</CODE> and <CODE>data[i][0]</CODE>.
*/
public FrequencyWindow (double[][] data) {

this(data, "Frequency Analysis");
} /I FrequencyWindow ()

/**
* Returns if the frequency data is initialized (this is when the constructor
* got a correct <CODE>double[][]</CODE> of data).
* @author Christian Datzko
* @version 1.0
* @return boolean data is initialized.
*/
public boolean isDatalnitialized() {
return datalnitialized;
} /1 boolean isDatalnitialized()

/**

* Sets minimum width of the frequency window
* @author Christian Datzko

* @version 1.0

* @param w must be larger than 0

*/
public void setMinWidth(int w) {
if (w>0){
minWidth = w;
Y if

} /1 void setMinHeight(int h)

/**
* Gets minimum width of the frequency window
* @author Christian Datzko
* @version 1.0
* @return minimum width
*/
public int getMinWidth() {
return minWidth;
}/1'int getMinWidth()

/**

* Sets minimum height of the frequency window
* @author Christian Datzko

* @version 1.0

* @param h must be larger than 0

*

/
public void setMinHeight(int h) {
if (h>0){
minHeight = h;
Y if

} /1 void setMinHeight(int h)

/**
* Gets minimum height of the frequency window
* @author Christian Datzko
* @version 1.0
* @return minimum height
*/
public int getMinHeight() {
return minHeight;
} /l'int getMinHeight()

/**

* Sets color for background of frequency graph
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* @author Christian Datzko
* @version 1.0
* @param ¢ some Color
*/
public void setBackgroundColor(Color c) {
if (¢ !=null) {
backColor =c;
Yif
} /1 void setBackgroundColor(Color c)

/**
* Gets color for background of frequency graph
* @author Christian Datzko
* @version 1.0
* @return background color of frequency graph
*/
public Color getBackgroundColor() {
return backColor;
} /1 void setBackgroundColor(Color c)

/**

* Sets color for coordinate system
* @author Christian Datzko

* @version 1.0

* @param ¢ some Color

*/
public void setCoordinateSystemColor(Color c) {
if (¢ !=null) {
coordColor =c;
Y if

} /1 void setCoordinateSystemColor(Color c)

/**

* Gets color for coordinate system

* @author Christian Datzko

* @version 1.0

* @return coordinate system color

*/

public Color getCoordinateSystemColor() {
return coordColor;

} /1 void setCoordinateSystemColor(Color c)

/**

* Sets color for frequency graph
* @author Christian Datzko

* @version 1.0
* @param ¢ some Color
*/
public void setGraphColor(Color c) {

if (¢ !=null) {

graphColor = c;

Y if

} /1 void setGraphColor(Color c)

/**

* Gets color for frequency graph
* @author Christian Datzko

* @version 1.0

* @return frequency graph color

*/

public Color getGraphColor() {
return graphColor;

} /1 void setGraphColor(Color c)

/**

* Sets space to be left between border of window and border of graph
* @author Christian Datzko

* @version 1.0

* @param left space from left

* @param right space from right

* @param top space from top

* @param bottom space from bottom
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*/
public void setSpace(int left, int right, int top, int bottom) {
if ((left > 0 && right > 0 && top > 0 && bottom > 0)
&& (left + right < minWidth)
&& (top + bottom < minHeight)) {
spaceleft = left;
spaceRight = right;
spaceTop = top;
spaceBottom = bottom;
I if
} /1 void setSpace(int left, int right, int top, int bottom)

/**
* Gets space from left between between border of window and border of graph
* @author Christian Datzko

* @version 1.0

* @return space from left between between border of window and border of graph

*/

public int getSpaceLeft() {
return spaceletft;

} /l'int getSpaceLeft()

/**
* Gets space from right between between border of window and border of graph
* @author Christian Datzko
* @version 1.0
* @return space from right between between border of window and border of graph
*/
public int getSpaceRight() {
return spaceRight;
} /l'int getSpaceRight()

/**
* Gets space from top between between border of window and border of graph
* @author Christian Datzko
* @version 1.0
* @return space from top between between border of window and border of graph
*/
public int getSpaceTop() {
return spaceTop;
} /l'int getSpaceTop()

/**
* Gets space from bottom between between border of window and border of graph
* @author Christian Datzko

* @version 1.0

* @return space from bottom between between border of window and border of graph

*/

public int getSpaceBottom() {
return spaceBottom;

} /l'int getSpaceBottom()

/**
* Does the plotting section of the <CODE>FrequencyWindow</CODE>. This method
* is called each time the window is redrawn. You don't need to call this
* method.
* @author Christian Datzko
* @version 1.0
* @param g the graphics object to draw to
*/
public void paint(Graphics g) {
Dimension d = getSize();
if (d.width < minWidth) {
setSize(minWidth, d.height);
Y if
d = getSize();
if (d.height < minHeight) {
setSize(d.width, minHeight);
Y if
d = getSize();

/I delete old contents
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g.clearRect(1, 1, d.width, d.height);

/I draw coordinate system

if (datalnitialized) {
int w = d.width - spaceLeft - spaceRight - 1;
int h = d.height - spaceTop - spaceBottom - 1;

/I graph background

g.setColor(backColor);

g.fillRect(spaceLeft, spaceTop, d.width - spaceLeft - spaceRight,
d.height - spaceTop - spaceBottom);

/I coordinate system
g.setColor(coordColor);
int offsetY = (int)Math.round((double)h * (double)(max) /
(double)(max - min)) + spaceTop;
g.drawLine(spaceLeft, d.height - spaceBottom,
d.width - spaceRight - 1, d.height - spaceBottom);
g.drawLine(d.width - spaceRight - 6, d.height - spaceBottom - 5,
d.width - spaceRight - 1, d.height - spaceBottom);
g.drawLine(spaceLeft, spaceTop, spaceLeft, d.height - spaceBottom);
g.drawLine(spaceLeft, spaceTop, spaceLeft + 5, spaceTop + 5);

I/l graph
g.setColor(graphColor);
int x1, x2, y1, y2;
X2 = spaceleft;
y2 = (int)Math.round((double)h * (double)(max - frequencyTable[0][1]) /
(double)(max - min)) + spaceTop;
for (inti=1; i < frequencyTable.length; i++) {
X1 = X2;
x2 = (int)Math.round((double)(i * w) /
(double)(frequencyTable.length - 1)) + spaceLeft;
yl=y2;
y2 = (int)Math.round((double)h * (double)(max - frequencyTable[i][1]) /
(double)(max - min)) + spaceTop;
g.drawLine(x1, y1, x2, y2);
} /I for
I if
} /1 void paint (Graphics g)
} /I FrequencyWindow

5.1.4. Audi oDat a. j ava

import javax.sound.sampled.*;
import java.io.File;

public class AudioData {
private int[] leftChannel = null; // Sample-Daten des linken Kanals
private int[] rightChannel = null; // Sample-Daten des rechten Kanals

private int numChannels = 0; /I Anzahl der Kanéle

private long millis = 0; // Dauer in Millisekunden

private int sampleDepth = 0; // Bits pro Sample

private float sampleRate = 0; /I Samples pro Sekunde
private boolean valid = false; /I true, wenn Audiodaten gliltig

public AudioData(File audiofile) {
if (audiofile != null && audiofile.isFile()) try {
AudiolnputStream inputstream = AudioSystem.getAudiolnputStream(audiofile);
AudioFormat format = inputstream.getFormat();
numChannels = format.getChannels();
millis = (long)(1000 * inputstream.getFramelLength()/format.getFrameRate());
sampleDepth = format.getSampleSizelnBits();
sampleRate = format.getSampleRate();

int frameLength = (int)inputstream.getFrameLength();
leftChannel = new int[frameLength];
if (humChannels == 2)

rightChannel = new int[frameLength];

byte frame[] = new byte[format.getFrameSize()];
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if (sampleDepth == 16)
for (int i=0; i < frameLength; i++) {
inputstream.read(frame, 0, frame.length);
leftChannelli] = tolnt(frame[0], frame[1], format);

if (humChannels == 2)
rightChannel[i] = tolnt(frame[2], frame[3], format);
} /I for
Yif

else if (sampleDepth == 8) {
for (int i=0; i < frameLength; i++) {
inputstream.read(frame, 0, frame.length);
leftChannel[i] = tolnt(frame[0], format);
if (humChannels == 2)
rightChannel[i] = tolnt(frame[1], format);

} /I for
Yif
inputstream.close();
valid = true; /l wenn wir hier angekommen sind, wurden
/I gultige Audiodaten gelesen
i try

catch (Exception e) {
System.out.printin("Fehler beim Offnen von ™ + audiofile + ");
e.printStackTrace(),
} /I catch
} /I AudioData(File audiofile)

[* public void print() {
for (int i=0; i < leftChannel.length; i++) {
System.out.print(i + ": " + leftChannel[i]);
if (rightChannel != null)
System.out.printin(", " + rightChannel[i]);
} /I for
} /1 void print()
*/

public int getNumChannels() {
return numChannels;
} /1'int getNumChannels()

public long getMillis() {
return millis;
} /1'long getMillis()

public int[] getLeftChannel() {
return leftChannel;
} /1'int]] getLeftChannel()

public int[] getRightChannel() {
return rightChannel;
} /1'int]] getRightChannel()

public void setLeftChannel(int[] Ic) {
leftChannel = Ic;
} /1 void setLeftChannel(int[] Ic)

public void setRightChannel(int[] rc) {
rightChannel = rc;
} /1 void setRightChannel(int[] rc)

public boolean isValid() {
return valid;
} /1 boolean isValid()

public float getSampleRate() {
return sampleRate;
} /I float getSampleRate()

public int getSampleDepth() {
return sampleDepth;
} /I'int getSampleDepth()

/ wandelt ein einzelnes Byte gemafR angegebenem AudioFormat in eine Integer-
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Il Zahl um
protected static int tolnt(byte b, AudioFormat format) {
int res;
if (format.getEncoding() == AudioFormat.Encoding.PCM_UNSIGNED)
res = b & Oxff;
else
res = b;
if (format.getEncoding() == AudioFormat.Encoding.PCM_UNSIGNED)
res -= Ox7f;
return res;
} /1'int tolnt(byte b, AudioFormat format)

// wandelt ein Byte-Paar gemaf angegebenem AudioFormat in eine Integer-Zahl
/'um
protected static int tolnt(byte b1, byte b2, AudioFormat format) {
int upper_byte, lower_byte;
if (format.isBigEndian()) {
upper_byte = b1;
lower_byte = b2;
Y if
else {
upper_byte = b2;
lower_byte = b1,
} 1 else
int res = (upper_byte << 8) | (lower_byte & 0xff);
if (format.getEncoding() == AudioFormat.Encoding.PCM_UNSIGNED)
res -= Ox7fff;
return res;
} /1'int tolnt(byte b1, byte b2, AudioFormat format)

[* public static void main(String[] argv) {
AudioData ad = new AudioData(new File("c:\\windows\\media\\chord.wav"));
int left]] = ad.getLeftChannel();
int right[] = ad.getLeftChannel();
System.out.printin("Kandle: " + ad.getNumChannels());
for (int i=0; i < left.length; i++)
System.out.printin(left[i] + " " + right[i]);
} /1 void main(String[] argv)*/
} /I AudioData

5.2. Komplexe Zahlen*?

Fir die Gleichungx?=—1 gibt es in den reellen Zahldi keine Loésung. Da man aber mit dem Er-
gebnis einer solchen Gleichung in besonderen Féllen weiter rechnen mochterdefan einfach

ein besonderes Zeichen als Ergebrniis:\—1 . Somit kann man alle Wurzeln negativer Zahlen I6-
sen.

Mit diesem Zeichen kann man weiterrechnen, wie man weiter rechnen, avieemgewohnt ist, Ad-
dition und Subtraktion, Multiplikation und Division, die Ublichen Berechnungen kann maerwe
hin machen. Dabei gelten folgende Rechenregeln:

(a+bi)+(c+di)=(a+c)+(b+d)i
(a+bi)(c+di)=ac—b-d+(a-d+b-c)i (10)
la+bi|=Va’+ b’
(a+bi)*=(a—bi)
Man kann sich eine komplexe Zah=a+ bi gut in einem zweidimensionalen Koordinatensystem
vorstellen. Dann sind die oben genannten Rechenregeln auch sofort einsichtig.

12 Siehe auch: Peter Meyer-Niebgsynalysis — Vorlesung SS 2000Uni Osnabriick, 2000.
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