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(*) When does n! explodes: Write a MATLAB script findNO1.m to find the minimal
value of n such that n!>realmax. What is the value of n? What is the value of (n-1)! ?
(*) Basic function for both scalar and vector inputs: Write a MATLAB function
myFun01.m to evaluate the following expression:
0.5%exp(x/3)-x*x*sin(x)
where x is the input and y is the output of the function. You function should be
able to handle both the situations when x is a scalar or a vector. Please use the
following code segment to plot the expression:
x=0:0.1:10; plot(x, myFun01(x));
(**) Function for computing the Fibonacci number:
o Write a recursive function fibo.m to compute the Fibonacci sequence, which is
defined as follows:
fibo(n+2)=fibo(n+1)+fibo(n)
The initial conditions are fibo(1)=0, fibo(2)=1.
What is the value returned by fibo(25)?
Please use the commands tic and toc to measure the computation time of fibo(25).
If you don't know how to use tic and toc, please try "help tic" and "help toc" in
MATLAB command window. Please state the specs of your computer and the
computation time of fibo(25).
o If you have taken Discrete Mathematics, you should already known that the n-th
term of a Fibonacci sequence can be expressed as
fibo(n)={[(1+a)/2]"(n-1)-[(1-a)/2]*(n-1)}/a
where a is the square root of 5. Write a non-recursive function fibo2.m to
compute Fibonacci sequence according to the above expression.
o What is the value of fibo2(25)? Is it the same as fibo(25)?
o Compare the computation time of fibo2(25) and fibo(25).
o Please list the advantages and disadvantages of fibo.m and fibo2.m.
(**) Find the minimum of a matrix:
o Write a MATLAB function minxy.m which can find the minimal element in a
2-dimensional matrix:



[minValue, minindex] = minxy(matrix)
where matrix is a 2-d matrix, minValue is the minimal element of the input
matrix, and minindex is an integer vector of length 2 indicating the indices
of the minimal element. (In other words, matrix(minindex(1), minindex(2))
is equal to minValue.)
o Test you program by typing the following statement in MATLAB command window:
[minValue, minIndex]=minxy(magic(20))
What are the returned values of minValue and minindex?

e (*™) Function for ranking: We can use a vector to store the scores of midterm exam.
Please write a function ranking01.m that takes the score vector and return the ranking. For
instance, if x = [92, 95, 58, 75, 69, 82], the vector returned by ranking01(x) should be [2, 1,
6, 4, 5, 3], indicating 92 is ranked second, 95 is ranked first, etc. (If possible, please try
vectorized code instead of for/while loops.)

Chapter 3: Introduction to Audio Signals (F & /)
Audio signals are generally referred to as signals that are audible to humans. Audio signals
usually come from a sound source which vibrates in the audible frequency range. The vibrations
push the air to form pressure waves that travels at about 340 meters per second. Our inner ears
can receive these pressure signals and send them to our brain for further recognition.
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There are numerous ways to classify audio signals. If we consider the source of audio signals, we
can classify them into two categories:

e Sounds from animals: Such as human voices, dog's barking, cat's mewing, frog's
croaking. (In particular, Bioacoustics is a cross-disciplinary science, which
investigates sound production and reception in animals.)

« Sounds from non-animals: Sounds from car engines, thunder, door slamming,
music instruments, etc.
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If we consider repeated patterns within audio signals, we can classify them into another two
categories:

e Quasi-periodic sound: The waveforms consist of similar repeated patterns such
that we can perceive the pitch. Examples of such sounds include monophonical
playback of most music instruments (such as pianos, violins, guitars, etc) and
human's singing/speaking.

e Aperiodic sound: The waveforms do not consists of obvious repeated patterns so
we cannot perceive a stable pitch. Examples of such sounds include thunder
pounding, hand clapping, unvoiced part in a human's utterance, and so on.
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In principle, we can divide each short segment (also known as frame, with a length of about 20
ms) of human's voices into two types:

« Voiced sound: These are produced by the vibration of vocal cords. Since they are
produced by the regular vibration of the vocal cords, you can observe the
fundamental periods in a frame. Moreover, due to the existence of the
fundamental period, you can also perceive a stable pitch.

« Unvoiced sound: These are not produced by the vibration of vocal cords. Instead,
they are produced by the rapid flow of air through the mouse, the nose, or the
teeth. Since these sounds are produced by the noise-like rapid air flow, we can
not observed the fundamenta period and no stable pitch can be perceived.

It is very easy to distinguish between these two types of sound. When you pronunce an utterance,
just put your hand on your throat to see if you feel the vibration of your vocal cords. If yes, it is
voiced; otherwise it is unvoiced. You can also observe the waveforms to see if you can identify
the fundamental periods. If yes, it is voiced; otherwise, it is unoviced.
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The following figure shows the voiced sound of "ay" in the utterance "sunday".

Example 1Input file audiolntro/voicedShow01.m

figure;

[y, fs, nbits]=wavReadInt('sunday.wav');

subplot(2,1,1)

time=(1:length(y))/fs;

plot(time, y); axis([min(time), max(time), -2*nbits/2, 2"*nbits/2]);

xlabel("Time (seconds)’); ylabel(Amplitude’); title("'Waveforms of "sunday™);

frameSize=512;

index1=0.606*fs;

index2=index1+frameSize-1;

line(time(index1)*[1, 1], 2*nbits/2*[-1 1], 'color’, 'r");
line(time(index2)*[1, 1], 2*nbits/2*[-1 1], 'color’, 'r');

subplot(2,1,2);

time2=time(index1:index2);

y2=y(index1:index2);

plot(time2, y2, '.-"); axis([min(time2), max(time2), -2"*nbits/2, 2"nbits/2]);
xlabel("Time (seconds)’); ylabelAmplitude'); title("'Waveforms of the voiced "ay" in "sunday™);
Output figure
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You can easiy identify the fundamental period in the closeup plot.

On the other hand, we can also observe the unvoiced sound of "s" in the utterance "sunday", as

shown in the following example:

Example 2Input file audiolntro/unvoicedShow01.m

[y, fs, nbits]=wavReadInt('sunday.wav');

subplot(2,1,1)

time=(1:length(y))/fs;

plot(time, y); axis([min(time), max(time), -2”nbits/2, 2”nbits/2]);
xlabel('Time (seconds)’); ylabel('Amplitude"); title("Waveforms of "sunday");

frameSize=512;

index1=0.18*fs;

index2=index1+frameSize-1;

line(time(index1)*[1, 1], 2*nbits/2*[-1 1], ‘color', 'r");
line(time(index2)*[1, 1], 2*nbits/2*[-1 1], ‘color', 'r");
subplot(2,1,2);

time2=time(index1:index2);

y2=y(index1:index2);

plot(time2, y2, '.-"); axis([min(time2), max(time2), -inf inf]);
xlabel('Time (seconds)’); ylabel("Amplitude’); title("Waveforms of the unvoiced "s" in "sunday"");
Output figure
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In contract, there is no fundamental periods and the waveform is noise-like.

Hint

You can also use CoolEdit for simple recording, replay and observation of audio signals.
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Audio signals actually represent the air pressure as a function of time, which is a continuous in
both time and signal amplitude. When we want to digitize the signals for storage in a computer,
there are several parameter to consider.

o Sample rate: This is the number of sample points per second, in the unit of Hertz
(abbreviated as Hz). A higher sample rate indicate better sound quality, but the
storage space is also bigger. Commonly used sample rates are listed next:

1. 8 kHz: Voice quality for phones and toys
2. 16 KHz: Commonly used for speech recognition
3. 44.1 KHz: CD quality

« Bit resolution: The number of bits used to represent each sample point of audio

signals. Commonly used bit resolutions are listed next:

1. 8-bit: The corresponding range is 0~255 or -128~127.

2. 16-bit: The corresponding range is -32768~32767.
In other words, each sample point is represented by an integer of 8 or 16 bits.
However, in MATLAB, all audio signals are normalized to floating-point number
within the range [-1, 1] for easy manipulation. If you want to revert to the original
integer values, you need to multiply the float-point values by 2*nbits/2, where
nbits is the bit resolution.

o Channels: We have mono for single channel and stereo for double channels.
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Let take my utterance of sunday for example. It is a mono recording with a sample rate of 16000
(16 KHz) and a bit resolution of 16 bits (2 bytes). It also contains 15716 sample points,
corresponding to a time duration of 15716/16000 = 0.98 seconds. Therefore the file size is about
15716*2 = 31432 bytes = 31.4 KB. In fact, the file size for storing audio signals is usually quite big
without compression. For instance:
« If we used the same parameters for a one-minute recording, the file size will be
60 sec x 16 KHz x 2 Byte = 1920 KB, close to 2 MB.
« For audio music in a CD, we have stereo recordings with a sample rate of 44.1
KHz, a bit resolution of 16 Bits. Therefore for a 3-minute audio music, the file size
is 180 sec x 44.1 KHz x 2 Byte x 2 = 31752 KB = 32 MB. (From here you will also
know the MP3 compression ratio is about 10.)
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3-2 Basic Acoustic Features (FLAEE S48

When we analyze audio signals, we usually adopt the method of short-term analysis since
most audio signals are more or less stable within a short period of time, say 20 ms or so. When
we do frame blocking, there may be some soverlap between neighboring frames to capture
subtle change in the audio signals. Note that each frame is the basic unit for our analysis. Within
each frame, we can observe the three most distinct acoustic features, as follows.

« Volume: This feature represents the loudness of the audio signal, which is
correlated to the amplitude of the signals. Sometimes it is also referred to as
energy or intensity of audio signals.

 Pitch: This feature represents the vibration rate of audio signals, which can be
represented by the fundamental frequency, or equivalently, the reciprocal of the
fundamental period of voiced audio signals.

« Timbre: This feature represents the meaningful content (such as a vowel in
English) of audio signals, which is characterized by the waveform within a
fundamental period of voice signals.

These three acoustic features can be related to the waveform of audio signals, as follows:
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Take human voices as an example, then the above three acoustic features will correlates to
some physical quantities:

e Volume: It correlates to the compression of your lungs. A large volume of audio
signals corresponds to a large compression.

« Pitch: It correlates to the vibration frequency of your vocal cord. A high pitch
corresponds to a high vibration frequency.

« Timbre: It correlates to the positions and shapes of your lips and tongue. Different
timbres corresponds to different positions and shapes of your lips and tongue.
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We shall explain methods to extract these acoustic features in the other chapters of this book. It

should be noted that these acoustic features mostly corresponds to human's "perception" and

therefore cannot be represented exactly by mathematical formula or quantities. However, we still

try to "quantitify" these features for further computer-based analysis in the hope that the used

formula or quantities can emulate human's perception as closely as possible.
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The basic approach to the extraction of audio acoustic features can be summarized as follows:

1. Perform frame blocking such that a strem of audio signals is converted to a set of
frames. The time duration of each frame is about 20~30 ms. If the frame duration
is too big, we cannot catch the time-varying characteristics of the audio signals.
On the other hand, if the frame duration is too small, then we cannot extract valid
acoustic features. In general, a frame should be contains several fundamental
periods of the given audio signals. Usually the frame size (in terms of sample



points) is equal to the powers of 2 (such as 256, 512, 1024 ,etc) such that it is
suitable for fast fourier transform.

2. If we want to reduce the difference between neighboring frames, we can allow
overlap between them. Usually the overlap is 1/2 to 2/3 of the original frame. The
more overlap, the more computation is needed.

3. Assuming the audio signals within a frame is stationary, we can extract acoustic
features such as zero crossing rates, volume, pitch, MFCC, LPC, etc.

4. We can perform endpoint detection based on zero crossing rate and volume, and
keep non-silence frames for further analysis.
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When we are performing the above procedures, there are several terminologies that are used
often:

e Frame size: The sampling points within each frame

« Frame overlap: The sampling points of the overlap between consecutive frames

o Frame step (or hop size): This is equal to the frame size minus the overlap.

« Frame rate: The number of frames per second, which is equal to the sample
frequency divided by the frame step.

Hint

Note that these terminologies are not unified. Some papers use frame step to indicate hop size or frame
rate instead. You should be cautious when reading papers with these terms.

For instance, if we have a stream of audio signals with sample frequency fs=16000, and a frame
duration of 25 ms, overlap of 15 ms, then

e Frame size = fs*25/1000 = 400 (sample points).

e Frame overlap = fs*15/1000 = 240 (sample points).

o Frame step (or hop size) = 400-240 = 160 (sample points).

e Frame rate = fs/160 = 100 frames/sec.
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« Frame size = fs*25/1000 = 400 &f.

« Frame overlap = fs*15/1000 = 240 2.

« Frame step (or hop size) = 400-240 = 160 #f.

e Frame rate = fs/160 = 100 frames/sec.



3-3 Human Voice Production (\EE [ 4)

The procedure from human voice production to voice recognition involves the following
steps:
1. Rapid open and close of your vocal cords (or glottis) to generate the vibration in
air flow.
Resonance of the pharyngeal cavity, nasal cavity, and oral cavity.
The vibration of air.
The vibration of the ear drum (or tympanum).
The reception of the inner ear.
. The recognition by the brain.
The following diagram demonstrate the production mechanism for human voices.
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The production mechanism of human voices.
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Due to the pressure of the glottis and the air pushed from the lungs, the vocal cords can open and
close very quickly, which generates vibrations in the air. The vibration is modulated by the
resonances of pharyngeal/nasal/oral cavities, forming different timbre of your voices. In other
words:

« The vibration frequency of the vocal cords determines the pitch of the voices.

e The positions/shapes of your lips, tongue, and nose determine the timbre.

e The compression from your lungs determine the loudness of the voices.
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The following figure demonstrates the airflow velocity around the glottis and the voice signals
measured around the mouth.
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Airflow velocity around the glottis and the resultant voices signals
You can observe the movement of the vocal cords from the following link:
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http://www.humnet.ucla.edu/humnet/linguistics/facilitiidemos/vocalfolds/vocalfolds.htm  (local
copy)

In fact, it is not easy to capture the movements of vocal cords due to its high frequency in

movement. So we need to have high-speed cameras for such purpose, for instance:

TRV S, SAHEARS, BAEHEE R RERE, Bl
http://www.kayelemetrics.com/Product%20Info/9700/9700.htm (local copy)

We can conceive the production of human voices as a source-filter model where the source is the

airflow caused by the vocal cords, and the filter includes the pharyngeal/nasal/oral cavities. The

following figure shows the representative spectrum for each stage:
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We can also use the following block diagram to represent the source-filter model of human voice
production:
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Block diagram representation of source-filter model
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In general, a regular vibration of the glottis will generate quasi-periodic voiced sounds. On the
other hand, if the source is irregular airflow, then we will have unvoiced sounds. Take the
utterance of "six" for example:
A, R B AR AR, T AR, W R R A AL AR, RIS 5
T, LURAIR 85 Tsix] Zyfdil:
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Unvoiced and voiced sounds
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We can clearly observe that "s" and "k" are unvoiced sounds, while "i" is a voiced sound.
Hor Ts] A Tk #OEMEREE, R T 2.
For Mandarin, almsot all unvoiced sounds happen at the beginning of a syllable. Take the
utterance of "i&" as in " % K" for example:

1. No vibration from the glottis. Close your teech and push forward your tongue tip

against the lower teeth to generate the unvoiced sound " { " by a jet of airflow.
2. Keep almost the sampe position but start glottis vibration to pronunce the voiced "
"

3. Keep glottis vibrate but retract your tongue to pronuced the final voiced "/.".
—Rm S, ORISR, Aeafr R, LR B [ ] Rl

1. BMAES), FNSRE, S, Eagsy, il L]

2. BHERL, BMEE), BT

3. BIAERF AR S, (R HEEA, W L] .
Hint
Just put your hand on your throat, you can feel the vibration of the glottis.
BRI E PR SRR, RO TR R MRRER B, BT LURSR BB PR R .
Here are some terminologies in both English and Chinese for your reference:
DATR & — 4842 5] () h o S R

1. Cochlea: Hif}

2. Phoneme: &#%. &1

3. Phonics: 5% B E IR AURE (LUE & A R0 1 80P 7 I 08

4. Phonetics: 5%

5. Phonology: # %4t shEfE &

6. Prosody: R, fERFL

7. Syllable: ¥

8. Tone: 5

9. Alveolar: it
1

4

0.Silence: ijFH



11.Noise: Hfill
12.Glottis: "]
13.larynx: MEHH
14.Pharynx: MNHEE
15.Pharyngeal: FHIE, 15 (1)
16.Velum: IX%H
17.Vocal chords: %
18. Glottis: %[
19.Esophagus: £
20.Diaphragm: F# b
21.Trachea: %%

Chapter 4: MATLAB for Audio Signal Processing
4-1 Introduction

The chapter introduces the functions within MATLAB that can be used for audio signal processing.
In particular, we shall cover the topics of how to read .wav files, how to play audio signals, how to
record from microphone, and how to save .wav files.

This chapter is a partial translation of the original tutorial in Chinese: 20- % il %7 . &5 R Hli%

i pdf] .

4-2 Reading Wave Files

On the Windows platform, the most common file extension for audio signals is "wav". MATLAB
can read such wave files via the command "wavread". The following example reads the wave file
"sunday.wav" and display its waveform directly.

Example 1Input file matlab4asp/readWave01.m

[y, fs]=wavread('sunday.wav');

sound(y, fs); % Playback of the sound data (#% 50t 5 51)
time=(1:length(y))/fs; % Time vector on x-axis (FF ] i (1) [7] #2:)
plot(time, y); % Plot the waveform w.r.t. time (2 H B[] Hl_E 9% )

Output figure
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In the above example, "fs" is the sample rate which is 11025 in this case. This indicates that
there are 11025 sample points per second when the clip was recorded. The vector "y" is a
column vector containing the sample points of the speech signals. We can use "sound(y, fs)"
to play the audio signals read from the wave file. "time" is a time vector in which each element
corresponds to the time of each sample point. Therefore we can plot "y" against "t" to show
the waveform directly.

Most audio signals are digitized to have a bit resolution of 8 or 16 bits. If we want to know the bit

resolution of the file "welcome.wav", we can use more output arguments to "wavread" to get the

information, such as

ly, fs, nbits]=wavread('sunday.wav');

Moreover, if we want to know the time duration of a stream of audio signals, we can use

"length(y)/fs" directly. The following example can obtain most of the important information of the

wave file "welcome.wav".

Example 2Input file matlab4asp/read\Wave02.m

fileName='welcome.wav';

[y, fs, nbits]=wavread(fileName);

fprintf('Information of the sound file "%s":\n', fileName);

fprintf('Duration = %g seconds\n', length(y)/fs);

fprintf('Sampling rate = %g samples/second\n’, fs);

fprintf('Bit resolution = %g bits/sample\n’, nbits);

Output message

Information of the sound file “welcome.wav”:

Duration = 1.45134 seconds

Sampling rate = 11025 samples/second

Bit resolution = 8 bits/sample

From the above example, it can be observed that all the audio signals are between -1 and 1.



However, each sample point is represented by an 8-bit interger. How are they related? First of all,
we need to know that
1. If a wave file has a bit resolution of 8 bits, then each sample point is stored as an
unsigned integer between 0 and 255 (= 248-1).
2. If a wave file has a bit resolution of 16 bits, then each sample point is stored as an
unsigned integer between -32768 (= 2*16/2) and 32767 (= 2*16/2-1).
Since almost all variables in MATLAB have the data type of "double", therefore all sample points
are converted into a floating-point number between -1 and 1 for easy manipulation. Therefore to
retrieve the original integer values of the audio signals, we can proceed as follows.
1. For 8-bit resolution, we can multiply "y" (the value obtained by wavread) by 128
and then plus 128.
2. For 16-bit resolution, we can multiply "y" (the value obtained by wavread) by
32768.
Here is an example.
Example 3Input file matlab4asp/read\Wave03.m
fileName="welcome.wav';
[y, fs, nbits]=wavread(fileName);
y0=y*(2"nbits/2)+(2"nbits/2); % YO is the original values stored in the wav file (yO /&5
St AFAE VR 22 P 4
difference=sum(abs(y0-round(y0)))
Output message
difference =

In the above example, the difference is zero, indicating the retrived y0 contains no fractional parts.
Moreover, to increase the generality, we use 2*nbits/2 directly instead of 128.

We can also use the command "wavread" to read a stereo wave file. The returned variable will be
a matrix of 2 columns, each containing the audio signals from a single channel. Example follows.
Example 4Input file matlab4asp/read\Wave04.m

fileName="flanger.wav';

[y, fs]=wavread(fileName); % Read wave file (5EH 3 5UA#)

sound(y, fs); % Playback (#7875 )
left=y(:,1); % Left channel (/2% iE & :1)
right=y(;,2); % Right channel (477 1% &)

subplot(2,1,1), plot((1:length(left))/fs, left);
subplot(2,1,2), plot((1:length(right))/fs, right);
Output figure



In the above example, MATLAB will read the wave file "flanger.wav", play the stereo sound, and
plot two streams of audio signals in two subplots. Because the intnesities of these two channels
are more or less complemntary to each other, which let us have an illusion that the sound source
is moving back and forth between two speakers. (A quiz: how do you create such effect given a
stream of audio signals?)

If the wave file is too large to be read into memory directly, we can also use "wavread" to read a
part of the audio signals directly. See the following example.

Example 5Input file matlab4asp/readWave05.m

[y,fs]=wavread(‘welcome.wav', [4001 5000]); % Read 4001~5000 sample points (iEH & sl AE 25 4001 52
5000 &)

figure; plot(y)

Output figure
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The waveform in the above example represent the vowel of the second spoken Chinese
character "id1" in the original "#il)¢%". 1t is obvious that the waveform contain a fundamental
period of about 100 sample points, corresponding to a time duration of 100/fs = 0.0091 seconds =
9.1 ms. This corresponds to a pitch frequency of 11025/100 = 110.25 Hz. This pitch is pretty
close to two octave down the central la, or the 5th white key counting from the left.

DEF

DE FGAB DEF ABCl&D
The perception of pitch of human ear is proportional to the logrithm of the fundamental frequency.
The central la of a piano has a fundamental frequency of 440 Hz. One octave above it is 880 Hz,
while one octave below it is 220 Hz. Each octave in the piano keyboard contains 12 keys,
including 7 white keys and 5 black ones, corresponding to 12 semitones within a octave. If we
adopt the standard of MIDI files, the semitone of the central la is 69 with a fundamental frequency
of 440. Therefore we can have a formula that converts a frequency into a semitone:

semitone = 69 + 12*log,(freq/440)
The process of computing the pitch contour of audio signals is usually called "pitch tracking".
Pitch tracking is an important operation for applications such as text-to-speech synthesis, tone
recognition and melody recognition. We shall explain more sophisticated methods for pitch
tracking in the following chapters.
If we want to obtain more information about a wave file, we can retrieve it from the 4th output
arguments of the command "wavread", as follows.
Example 6Input file matlab4asp/read\Wave06.m
[y, fs, nbits, opts]=wavread(‘flanger.wav’);
opts.fmt
Output message

ans =




wFormatTag: 1
nChannels: 2
nSamplesPerSec: 22050
nAvgBytesPerSec: 88200
nBlockAlign: 4
nBitsPerSample: 16

In the above example, some quantities are explained next.
1. wFormatTag is the format tag of the wave file.
2. nChannels is the number of channels.
3. nSamplePerSec is the number of samples per second, which is equal to the
samping rate 22050.
4. nAveBytesPerSec is the number of bytes per second. In this case, since we have
two channels and the bit resolution is 2 bytes, therefore we have 22050*4 =
88200.
5. nBlockAlign is equal to the rato between nAveBytesPerSec and nSamplePerSec.
6. nBitsPerSample is the bit resolution.
Besides ".wav" files, MATLAB can also use the command "auread" to read the audio files with
extension ".au". You can obtain related online help by typing "help auread" within the MATLAB
command window.

4-3 Playback of Audio Signals

Once we can read the wave file into MATLAB, we can start process the audio signals by
modifying their intensities, or changing their sample rates, and so on. Once the audio signals are
processed, we need to play them for aural inspection. This section will introduce the MATLAB
commands for play audio signals.

The basic command for playing audio signals is "wavplay". The following example can load a
stream of audio signals from the file "handel.mat" and play the signal immediately.
Example 1Input file matlab4asp/wavPlay01.m

load handel.mat % Load the signals stored in handel.mat (G A fifi ££ A handel.mat 17 5))
wavplay(y, Fs); % Playback of the signals (#8357l

Since the volume of playback is determined by the amplitude of the audio signals, we can
change the amplitude to change the volume, as follows.
Example 2Input file matlab4asp/playVolume01.m
[y, fs]=wavread(‘welcome.wav');
wavplay(1*y, fs, 'sync’); % Playback with original amplitude (/% 1 %= K& E)
wavplay(3*y, fs, 'sync’); % Playback with 3 times the original amplitude (/% 3 %= 8K E1)
wavplay(5*y, fs, 'sync’); % Playback with 5 times the original amplitude (/% 5 %= g H 2 E1)

In the above example, we increase the amplitude gradually, so we can perceive the increasing
volume during playbacks. In particular, "wavplay" assume the input signals are between -1 and 1.
The the input signals are too large, we can hear "broken sound". To try out this for yourself, you
can try "wavplay(100*y, fs)" to hear the result. Moreover, we put an extra input argument 'sync' in



the above example. This will make "wavplay" to play the signals synchronously. That is, the
playback will not start until the previous playback is finished. We shall have more details later on.
Hint

In the above example, though we have increase the amplitude by a factor of 5, the intensity perceived by
our ears is not by the factor of 5. This serve to exemplify that the perception of volume is not proportional
linearly to the amplitude. In fact, it is proportional to the logrithm of the amplitude.

If we change the sample rate during playback, it will affect the time duration as well as the
perceived pitch. In the following example, we shall increase the sample rates gradually. So you
will hear a shorter sound with high-pitch, just like the sound from the Disney cartoon character
Donald Fauntleroy Duck.

Example 3Input file matlab4asp/playFs01.m

[y, fs]=wavread('welcome.wav");

wavplay(y, 1.0%fs, 'sync’); % Playback at the original speed (#&/5 1.0 1735 i {155 51)

wavplay(y, 1.2*fs, 'sync'); % Playback at 1.2 times the original speed (3&/8 1.2 53 5 1) 2% 510)
wavplay(y, 1.5*fs, 'sync'); % Playback at 1.5 times the original speed (3&/8 1.5 53 5 1) 25 510)
wavplay(y, 2.0*fs, 'sync'); % Playback at 2.0 times the original speed (3%&/5 2.0 53 5 1) 2% 510)

On the other hand, if we lower the sample rate gradually, we shall get longer and low-pitched
sounds. Eventually it will sound like a cow's sound.

Example 4Input file matlab4asp/playFs02.m

[y, fs]=wavread('welcome.wav");

wavplay(y, 1.0%fs, 'sync’); % Playback at the original speed (#&/5 1.0 135 & 1155 31)

wavplay(y, 0.9%fs, 'sync'); % Playback at 0.9 times the original speed (3%&/5 0.9 {53 5 ) 25 510)
wavplay(y, 0.8*fs, 'sync'); % Playback at 0.8 times the original speed (3%&/5 0.8 £ 5 1) 25 310)
wavplay(y, 0.6*fs, 'sync'); % Playback at 0.6 times the original speed (3%&/5 0.6 £ 5 1) 2 510)

If we want to keep the same time duration but increase or decreasing the pitch of audio signals,
then we need to perform pitch shift or pitch scaling. It is beyond the scope of this chapter and will
be explained in later chapters.

If we reverse the audio signals by multiplying by -1, the perception will be exactly the same as the
original. (This also serve to demonstrate that human's perception of audio is not affect by its
phase.) However, if the reverse the audio signals in time axis, then it will sound like a foreign
language. Pleae try the following example.

Example 5Input file matlab4asp/playReverse01.m

[y, fs]=wavread('welcome.wav");

wavplay(y, fs, 'sync’); % Playback of the original signal (3 5E 1) sl )

wavplay(-y, fs, 'sync’); % Playback of the up-down flipped signal (##_ L B3] ) 2 5k
)

wavplay(flipud(y), fs, 'sync’); % Playback of the left-right flipped signal (3% 51 1% H& {2
(1) B TE)

When playing a strem of audio signals, MATLAB has two modes when playing a stream of audio
signals, as follows.
1. Synchronous: MATLAB will stop all the other execution of commands until the
playback is finished.
2. Asynchronous: MATLAB will continue the execution of other commands while the
playback is proceeded.
The following example can be used to demonstrate these two modes of playback.



Example 6Input file matlab4asp/playSync01.m

[y, fs]=wavread(‘welcome.wav');

wavplay(y, 1.0*fs, 'sync’); % Synchronous playback ([F]5#& /5 1.0 535 5 1) 35 51)

wavplay(y, 0.8*fs, 'async’); % Asynchronous playback at 0.8 of the original speed (IE[F]25 4% 0.8 1%
R ) A

wavplay(y, 0.6*fs, 'async'); % Asynchronous playback at 0.6 of the original speed (IE[F25 4% 0.6 1%
U ) A

After executing the above example, you will hear a synchronous playback with two asynchronous
playbacks.

When we are using "wavplay(y, fs)", the data type of the variable "y" can assume one of the
following types: "double", "single”, "int16", "uint8". If the type of "double" is assumed, the range of
"y" has to be within -1 and 1. Any out-of-range elements of "y" will be clipped.

MATLAB has another similar command for playback: sound. Please try the following example.
Example 7Input file matlab4asp/playSync02.m

load handel.mat

sound(y, Fs); % Playback at the right sampling rate

sound(y, 1.2*Fs); % Playback at a faster sampling rate

In the above example, we will two playbacks with slow and fast paces. This is simply the default
mode of "sound" is asynchronous. Another similar command is "soundsc" which can scale up the
audio signals for better playback result. Example follows.

Example 8Input file matlab4asp/soundsc01.m

[y, fs]=wavread(‘welcome.wav');

sound(y, fs); % Playback of the original sound
fprintf('Press any key to continue...\n"); pause
soundsc(y, fs); % Playback of the sound after scaling

Output message
Press any key to continue...

The volume of the original "welcome.wav" is too small. After using "soundsc", the playback result
is much better.

4-4 Recording from Microphone

You can also use the MATLAB command "wavrecord" to read the audio signals from the

microphone directly. The command format is
y = wavrecord(n, fs);

where "n" is number of samples to be recorded, and "fs" is the sample rate. The following
example will record 2 seconds from your microphone.
Example 1Input file matlab4asp/wavRecord01.m
fs=16000; % Sampling rate (HUERSH3)
duration=2; % Recording duration (5 k5 i)
fprintf('Press any key to start %g seconds of recording...', duration); pause
fprintf('Recording...");
y=wavrecord(duration*fs, fs); % duration*fs is the total number of sample points
fprintf(‘'Finished recording.\n");



fprintf('Press any key to play the recording..."); pause
wavplay(y,fs);

(You need to execute the above program to see the recording procedure clearly.) In the above
example, "duration*fs" is the number of sample points to be recorded. The recorded sample
points are stored in the variable "y", which is a vector of size 32000x1. The data type of "y" is
double and the memory space taken by "y" is 256,000 bytes.
Hint
You can use the command whos to show the memory usage by all variables in the work space
Hint
The commands wayplay and wavrecord are only supported in Microsoft Windows platform.
In the previous example, the number of channels is 1 and the data type for sample points is
double. If we want to change these two default settings, we can introduce extra input arguments
to the command "wavrecord". A detailed format of "wavrecord" is:

y = wavrecord(n, fs, channel, dataType);
where "channel" (usually 1 or 2) is the number of recording channels, and "dataType" (such as
'double’, 'single’, 'int16', 'uint8') is the data type of the recorded sample points. Different data types
will require different amount of memory space. Example follows.
Example 2Input file matlab4asp/wavRecord02.m

fs=16000; % Sampling rate (HUEESEZ)
duration=2; % Recording duration (5% 5 )
channel=1; % Mono (H.1H)

fprintf('Press any key to start %g seconds of recording...", duration); pause

fprintf('Recording...");

y=wavrecord(duration*fs, fs, channel, 'uint8'); % duration*fs is the number of total sample
points

fprintf('Finished recording.\n’);

fprintf('Pressy any key to hear the recording..."); pause

wavplay(y,fs);

This example is almost the same as the previous one, except that the data type is 'uint8'. The

sample points are still kept in the variable "y" with the same size 32000x1. But the elements
within "y" are integers between 0 and 255. The memory space of "y" is now only 32000 bytes,
which is only 1/8 of that in the previous example.

Hint

You can use class(y) to display the data type of variable "y".

The following table shows the data types supported by the command wavrecord.

Space requirement per Range of the sample data
types sample

double 8 bytes/sample Real number within [-1, 1]

single 4 bytes/sample Real number within [-1, 1]

. Integer within [-32768, 32767] or [-27(nbits-1),
int16 2 bytes/sample 27 (nbits-1)-1]

uint8 1 byte/sample Integer within [0, 255] or [0, 2" nbits-1]

% 4 B




1. (*) Obtain info from a mono audio file: Write a MATLAB script that can read the
wave file "welcome.wav" and display the following information within this script.
a. Number of sample points.
b. Samping rate.
c. Bit resolution
d. Number of channels.
e. Time duration of the recording (in terms of seconds)

2. (*) Obtain info from a stereo audio file: Repeat the previous exercise with a
MATLAB program to obtain the same information from the wave file "flanger.wav".

3. (*) Wave recording: Write a MATLAB script to record 10 seconds of your utterance
such as "My name is Roger Jang and | am a senior student at the CS department of
National Tsing Hua University". Save your recording as myVoice.wav. Other recording
parameters are: sample rate = 16 KHz, bit resolution = 16 bits. Please use the script
print out answers to the following questions within the MATLAB window.

a. How much space is taken by the audio data in the MATLAB workspace?

b. What the data type of the audio data?

c. How do you compute the amount of the required memory from the recording
parameters?

. What is the size of myVoice.wav?

. How many bytes is used in myVoice.wav to record overheads other than the

audio data itself?

4. (*) Reverse playback: Write a MATLAB script to accomplish the following tasks:

a. Record your utterance of "we" and play it backwards. Does it sound like "you"?
(Please save the result to a wave file and demo its playback to the TA.)

b. Record your utterance of "you" and play it backwards. Does it sound like "we"?
(Please save the result to a wave file and demo its playback to the TA.)

c. Record your utterance of " i 3 2k K2k B i 1" (for Chinese students) or "We
are you" (for other students) and play it backwords. What does it sound like?
(Please save the result to a wave file and demo its playback to the TA.)

d. Can you think of any other utterances that sound meaningful when played
backwords?

5. (*) Audio signal manipulation: Write a MATLAB script to record your utterance of
"today is my birthday". Try to explain the playback effect you observe after you try the
following operations on the audio signals.

a. Multiply the audio signals by -1.

Reverse the audio signals in time axis.

Multiply the audio signals by 10.

Replace each sample by its square root.

Replace each sample by its square.

Clip the waveform such that sample data out of the range [-0.5, 0.5] are set to

zero.

g. Modify the waveform such that samples in the range [-0.5, 0.5] are set to zero;
samples out of the range [-0.5, 0.5] are moved toward zero by the amount 0.5.

6. (*) Audio signal grafting: Write a MATLAB script to accomplish the following tasks.
(You need to find the boundaries by trials and errors, and put the related boundary
indices into your MATLAB program for creating the required audio segments.)

o (For Mandarin-speaking student) Record your utterance of " # K2 % 3 2" and
save it to a file first.

o Q

~0oo0CT



a. If you connect the consonant part of "_X" to the vowel part of "&", can you
get the sound of "Hii"? (Please save the result to a wave file and demo its
playback to the TA.)

b. If you connect "#&" to the vowel part of "X", can you get the sound of " "?
(Please save the result to a wave file and demo its playback to the TA.)

o (For other students) Record your utterance of "keep it simple" and save it to a file.

a. Can you get the sound of "pimple" by connecting some portions of "Keep"
and "simple"? (Please save the result to a wave file and demo its
playback to the TA.)

b. Can you get the sound of "simplest" by connect some portions of your
recording? (Please save the result to a wave file and demo its playback to
the TA.)

7. (**) Experiments on the sample rate: Write a MATLAB script to record your
utterance of "my name is ***" with a sample rate of 32 KHz and 8-bit resolution. Try to
resample the audio signals at decreasing sample rates of 16 KHz, 8 KHz, 4 KHz, 2 KHz,
1 KHz, and so on. At which sample rate you start to have difficulty in understanding the
contents of the utterance?

8. (**) Experiments on adding noise: Write a MATLAB script to record your utterance of
"my name is ***" with a sample rate of 8 KHz and 8-bit resolution. We can add noise to
the audio signals by using the following program snippet:

9. k=0.1;

10. y2 =y + k*randn(length(y), 1); % Add noise
11. sound(y2, 8000); % Playback

12. plot(y2);

Increase the value of k by 0.1 each time and answer the following questions.
. At what value of K you start to have difficulty in understanding the content of the
playback?
a. Plot the waveforms at different values of k. At what value of k you start to have
difficulty in identifying the fundamental period of the waveform?

13.(**) Create the illusion of a moving sound source: In the previous exercise, you
have create myVoice.wav which is a mono audio file. Write a MATLAB script that can
read the audio data from myVoice.wav, duplicate the audio data to create a stereo
audio, and then modify the volume of each channels such that the playback can create
an illusion that the sound source is moving between your two speakers. (Hint: You can
observe the waveforms of the two channels in "flanger.wav".)

14.(**) Resample audio signals: Write a MATLAB script to resample the audio signals in
"sunday.wav" such that new waveform has a new sample rate of 11025. Plot these two
waveform in the suplot(2, 1, 1). Plot their absolute difference in subplot(2, 1, 2).

15.(*) EAE: SH MATLAB % /pBRES, EATSRE =80, SREmNER [EHK
SR ], HABEAAOE 16 KHz, i#th 2 8 iy, sHiff il /£ myVoice.wav
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A AR NEAT Py, E AT RO ?
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g. AR E RS IR[-0.5, O.5]HIAEr SR, & A AT SR TBOR 2
($ton: ®H2IMTRAH wavrecord, wavwrite, flipud, sign, sound %§. )
16.(*) FEANEBHBEISMEER: 55 MKE wavRead2.m, HVEM MATLAB NEE 1) &
% wavread.m AH[F], FIEUIT:
Ly, fs, nbits] = wavread2(‘file.wav');
ME— AN (R Bl,  2 PT fE [] Afe )  a BE E y SEREEUE, WR nbits J& 8, HI y MR ©HE
A =128 F| 127 2R W nbits & 16, & y ()& Bt e /A -32768 & 32767
Z e ($ern: RLZESCHEAR wavread() 1.
17.(*%) WHATEESLEHE: G55 MR buffer2.m, ﬁﬁ?ﬂltﬂf
framedY = buffer2(y, frameSize, overlap);
oy EFEaHSE, frameSize EFHEMIEEEL, overlap FIl & A #05 HE S8 ) 253,
framedY R —fEA 0, FAMEE R EHERESE, ATBRE R EHEMEH . Grdgsk
B A AN LLZE I — (A, RS BRiE s8Rl O A st T .
>> y=[123456789 1011 12 13 14];
>> buffer2(y, 4, 1)

ans =
1 4 7 10
2 5 8 11
3 6 9 12
4 7 10 13

7, RHIIE MR E buffer2.m A1 Signal Processing Toolbox (1 buffer ¥ ] A
2

18.(*) BUBRIREILE: S5 MATLAB H—/NBAEa, MATSRFD, SREmae [k
JEHAEAE | HO B . 32 KHz, T2 8 ufn,%ﬂ%g;ﬂﬁ%‘ﬁﬁi myVoice2.wav
R, &b %Tnﬂs)ﬁl_ﬁﬁi‘ﬁﬁﬂ‘x (Resample) , SEIUERAHREEN 16 KHz, 8 KHz, 4 KHz, 2
KHz .54, nﬁﬁﬁ%ﬂﬂib&ﬁiiﬁﬁ%ﬁﬁm PR A SEAN A S S (R

19.(*) #EAMZE. S MATLAB & —/NBRRE, AT D, f%EIEI’JI*J?ﬁ% [ T2
R, /\EPﬂXﬁ% BHFIE 8 KHz, fNTRERE 8 fiyc. e Eial\sie e — AT &
Yy, BAM AT LU A1 07 A A A

20. k = 0.1;
21. y2 = y + kkrandn(length(y), 1); % B
Pk sound (y2, 8000) ; %

23. plot (y2) ;

H Ok fHi 0.1, 0.2, 0.3 S¢S I KIRy, 1208 R R 2 ik 2l R ASRY
coaa R Kk EAE 2 DIRE, PR AN H AR R TR A
a. M2 k fHEZ DR, IREEAHK y2 @é\—ﬁiﬁﬁ“%%%ﬂ%ﬁ? (Fa52, 1R
K y2 WIETEARR, IRCEHE A R A AT WA
24.(**) EFEUE: A interp1 84, %} myVoice2.wav E’Janﬂ TR, REIURRAR
FEERL 11025 Hz, Wik &5 R 17 myVoice3.wav.
5.(%) B REEREI: 7E FAIRISE S RARHORTE, &5 BATEE SR 280, BRI 3 FPRI
Gl
rHsR B [ R AR B R Eﬁf‘iﬂifﬁl%ﬁﬂl IR, SRAZ P IRHHEIR fi] Wi 2 s
IR — IR, A R B 22 i o AR AT DAGRE S 1) 45 T80 (R 5, RO iR S0 1 1) 80 1)
g ?
a. iR [we areyou] , fSEBCPE. SHICIE MBI, IRAE FRRIEIR [
il 24 Sz 1) FBTBC— IR, TR 5 A WRp JBR 22 031 o 25 AT JEE 52 1) 9 TR T [ 475 T3S 280 AR 1) P
T2 IO R S 2



CPEME: B EE ITA3IE sl it y, rTUMER flipud(y) 24T R EIIEEL fliplr(y)
M HEAT A B, D
26.(*) HalBIHEE 1: &5 MATLAB 5Eik N5 ZHIH:
C SEIEATERY, MUBRSER A 16 KHz, f#FTIER 16 Bits, S#Eief] =FF, 8 A
e [EHEREREAAR ], SEMIRE /N AT 2 ] BB R Sk il e 2R G TS K /N 2
a. sHEIN I, KT ARG RO Aig e GREEEAZ) , AHEBERIEES. &5
e HH A JR A TR P 2% 2
b. SEBIERIE, A RS Al GRIFEAS) , fAEREBICEER. 216
HEHE HH A JR A TR 2% 2
c. AmE TR M3 O 83 [ R] MRS (1), &AFHEE (K] &S
IR wav B, PR AR A F
d. #8 TR] PR CTO 838 1] R (1 L), gAg/H8 12 mE
T B wav K, FHERGE ARIEE A .
27.(*) HalEI#: 2. SN CoolEdit sR5EM b—E.
28. (") BEIESEEE. AR BB S R AR AR, SRR R A A RS )
G IR
. e IERE R flanger.wav [ZEATEE P L AR . A S AR IR E e HA
DR AR 3R IR, 8 AR U A A B I VR TR R R
#ifiiH load handel.mat ZREGA — & &l y MHEAHR Fs, i flanger.wav
7, A A A (S sk & handel.wav, (i H 5 B8 14 2 A
flanger.wav 1.
Chapter 5: Basic Features of Audio Signals (& 2R3 A4 0)

5-1 Volume (FE)

The loudness of audio signals is the most prominant features for human aural perception. In
general, there are several terms to describe the loudness of audio signals, including volume,
intensity, and energy. Here we use the term "volume" for further discussion. Volume is a basic
acoustic feature that is correlated to the sample amplitudes within each frame. Basically, there
are two methods to compute the volume of each frame:

1. The sum of absolute samples within each frame:
volume = Zi=1" |s|]
where s; is the i-th sample within a frame, and n is the frame size. This method requires
only integer operations and it is suitable for low-end platform such as micro-controllers.
2. 10 times the 10-based logorithm of the sum of sample squares:
volume = 10*log(Zi=1" si%)
This method requires more floating-point computations, but it is (more or less) linearly
correlated to our perception of loudness of audio signals. The quantity computed is also
referred as the "log energy" in the unit of decibels. More explanations about decibel can
be found in the page:
http://www.phys.unsw.edu.au/~jw/dB.html (local copy)
(e ARRESIGRE, XREA TR - [5B]  (ntensity) 2% [fgf=] (Energy) , I
A N T RRSR R O/ ARSEEL, FEAS B ARy 2T A
1. BRE S HE R A EHE AR AN SE R VAT R B, U SR GRS, A T MRS &
QI G D
2. BHEE AR TR, L 10 A BUE, FERbL 10: I8 149 2 2 LA
7> (Decibels) Z 847, & —EAHARERIME, HRAT& NH AR R/ NE S RS, LA
N HREEER I -
http://www.phys.unsw.edu.au/~jw/dB.html i 73
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Some characteristics of volume are summarized next.

 For recording in a common office using a uni-directional microphone, the volume of
voiced sounds is larger than that of unvoiced sounds, and the volume of unvoiced
sounds is also larger than that of environmental noise.

« Volume is greatly influenced by microphone setups, mostly the microphone gain.

« Volume is usually used for endpoint detection which tries to find the region of meanful
voice activity.

» Before computing the volume, it is advised that the frame should be zero-justified (the
average value of the frame should be subtracted from each samples) to avoid the
common DC-bias due to hardware defects.

i HA N

o MR, AEE N E ARG B, R B SO AR

o s MEAHEMERITREE, 323028 T R E S EAR K .

o JH FHAE S BRI, AL TG BEEER BRI B A6 07 B A R B

o {ERTHRLAT BT SR IRk 2 2 Al SR IR~ 25048, LA S0 Al 9% I B W A% (DC Bias) TS S ER 7%

The following example demonstrate how to use these two mehtods for volume computation:
LT S5 Ay DL A 7 V25 A A3

Example 1Input file basicFeature/volume01.m

waveFile='sunday.wav';

frameSize=256;

overlap=128;

[y, fs, nbits]=wavReadInt(waveFile);
fprintf('Length of %s is %g sec.\n', waveFile, length(y)/fs);
frameMat=buffer(y, frameSize, overlap);
frameNum=size(frameMat, 2);
volumel=zeros(frameNum, 1);
volume2=zeros(frameNum, 1);
for i=1:frameNum

frame=frameMat(:,i);

frame=frame-mean(frame); % zero-justified
volumel(i)=sum(abs(frame)); % method 1
volume2(i)=10*log10(sum(frame.*2)); % method 2

end

time=(1:length(y))/fs;

frameTime=((0:frameNum-1)*(frameSize-overlap)+0.5*frameSize)/fs;

subplot(3,1,1); plot(time, y); ylabel(waveFile);

subplot(3,1,2); plot(frameTime, volumel, '.-"); ylabel("Volume (Abs. sum)');

subplot(3,1,3); plot(frameTime, volume2, '.-"); ylabel("Volume (Decibels)"); xlabel('Time (sec)");
Output message

Length of sunday.wav is 0.98225 sec.

Output figure
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Hint

Note that in the above example, we have use a function wavReadInt() which converts all the samples into
integer values. This function is available in the Audio Processing Toolbox.

The above two methods of computing volume are only an approximation to our perception of
loudness. However, the loudness is based on our perception and there could be significant
differences between the "computed loudness" and the "perceived loudness". In fact, the
perceived loudness is greatly affect by the frequcney as well as the timber of the audio signals. If
we plot the equal percieved loudness against sinusoidal signals of various frequencies, we will
have the following curves of equal loudness:

FEA b JRAMAE ] 2 AR R (R 9R5Y , AH I A A R R U, U R s k& i
NHHERE, MR RS IR e A K& 22, R TRy, TAMER [ E8EE ] &R A
H PRS0 8 oK ildn, NEBR FERAE A RISEAR 8, P 4B E8lg Eal e dEH A
—f%o AL H A TR (458 = ih4R | (Curves of Equal Loudness) # ik, mlhnf
LAFF S 1 — Rl -
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Curves of equal loudness determined experimentally by Fletcher, H. and Munson, W.A. (1933)
J.Acoust.Soc.Am. 6:59.

The above figure also shows the sensitivity of the human ear with respect to frequency, which is
simply the frequency response of the human ear. If you want to obtain the frequency response of
your ears, you can jumpt the the "Equal Loudness Tester" pages:
L TiTE il AR N B AN [ AR (0 1) S AR, T8 Rt N H SR 2 (Frequency
Response) . U1ARRESHENIR B O B2 AR 2, v LLRE A9 1 [Equal Loudness Tester |
Akl

000 10k 20k

http://www.phys.unsw.edu.au/~jw/hearing.html T i 5 43
Besides frequencies, the perceived loudness is also greatly influenced by the timbre. For
instance, we can try to pronounce several vowels using the same loudness level, and then plot
the volume curves to see how they are related to the timbre or shapes/positions of lips/tougue, as
shown in the following example.
TBIE R T ASRRAAR SN, WA N G O EGE AT I KEIE) A, #ilan, e LL
A AR R E 8 A S T A LU BELAL I B2 (YL 1L XL . T &L 1), REE
PSR AR AEEMA ST, BUEZ AT LUE A A SONE S A i B 4R
Example 2Input file basicFeature/volume02.m
waveFile="aeiou.wav’;
frameSize=512;
overlap=0;

[y, fs, nbits]=wavReadInt(waveFile);

fprintf('Length of %s is %g sec.\n', waveFile, length(y)/fs);
frameMat=buffer(y, frameSize, overlap);
frameNum=size(frameMat, 2);
volumel=frame2volume(frameMat, 1); % method 1
volume2=frame2volume(frameMat, 2); % method 2

time=(1:length(y))/fs;
frameTime=((0:frameNum-1)*(frameSize-overlap)+0.5*frameSize)/fs;
subplot(3,1,1); plot(time, y); ylabel(waveFile);

subplot(3,1,2); plot(frameTime, volumel, .-"); ylabel("Volume (Abs. sum)');



subplot(3,1,3); plot(frameTime, volume2, .-'); ylabel("Volume (Decibels)"); xlabel('Time (sec)");
Output message
Length of aeiou.wav is 5.337 sec.

Output figure
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Hint

In the above example, we have use a function frame2volume() which computes the volume using two
methods. This function is available in the Audio Processing Toolbox.

From the above example, you can observed that though the perceived loudness is the same, the
computed volumes depend a lot on the timbers. In fact, we can perform another experiment to
pronounce the same vowel but with different pitch to see how the perceived loudness depends on
the fundamental frequency. This is left as an exercise.

Since the perceived loudness is easily affected by the fundamental frequency as well as the
timber, we need to adjust the amplitudes accordingly when we are performing text-to-speech
synthesis or singing voice synthesis.

TE O EA S ZPVAFME ORI 528, DI AE AT w2 s & Ry, AR IS
WA S B RAREATARE,  BAAad il T B KBNS Dt

5-2 Zero Crossing Rate (iBZ %)

Zero-crossing rate (ZCR) is another basic acoustic features that can be computed easily. It is
equal to the number of zero-crossing of the waveform within a given frame. ZCR has the following
characteristics:

« In general, ZCR of both unvoiced sounds and environment noise are larger than voiced
sounds (which has observable fundamental periods).

e It is hard to distinguish unvoiced sounds from environment noise by using ZCR alone
since they have similar ZCR values.



« ZCR is often used in conjunction with the volume for end-point detection. In particular,
ZCR is used for detecting the start and end positings of unvoiced sounds.
« Some people use ZCR for fundamental frequency estimation, but it is highly unreliable
unless further refine procedure is taken into consideration.
%2 | (Zero Crossing Rate, f&# ZCR) &bl HHEd, SaliE#EEE MR, BAT5
FEE:
o MR, RN S KRB NG (AW i &, Blnsks) .
o SRR SR B Pl A IR T2 A AR, R B 1 0 A BR BRI M EL A IR (Y
EREEORES NS T
o JEH FHAE S BRI, AR5 ) A AL I S0 R RCAR A7 B A S R
o W JATAMGRISR A ERAE, (EARA S S, B LA A5 AT A g B
The following facts should be well understood when we try to implement ZCR:
1. If a sample is exactly located at zero, should we count it as zero crossing? Depending
on the answer to this question, we have two method for ZCR computation.
2. Most ZCR computation is based on the integer values of audio signals. If we want to do
mean substraction, the mean value should be rounded to the nearest integer too.
—RIE, AR R, FEE T S
1. HURA SRR IS I iR 28, EIRp 3t 22 R (Rt Sl A WA, IR RBCR B AN . Rt
WIRZ MBS, A eIE M s 7R,
2. KFBIHR AL A B AR 4 BB A AT, A AN g DA A F P B G o, ARV 2 B A%
(DC Bias) Ik, it pdt 2 AR M .
In the following, we use the above-mentioned two methods for ZCR computation of the wave file
csNthu8b.wav:
FECAT S rh, - FRAAs ] o A AN [ ) 7V A AR 2 R
Example 1Input file basicFeature/zcr01.m
waveFile='csNthu8b.wav';
frameSize=256;
overlap=0;

[y, fs, nbits]=wavReadInt(waveFile);

frameMat=buffer(y, frameSize, overlap);

zcrl=sum(frameMat(1:end-1, :).*frameMat(2:end, :)<=0); % Method 2
time=(1:length(y))/fs;

frameNum=size(frameMat, 2);
frameTime=((0:frameNum-1)*(frameSize-overlap)+0.5*frameSize)/fs;

subplot(2,1,1); plot(time, y); ylabel(waveFile);

subplot(2,1,2); plot(frameTime, zcrl, '.-', frameTime, zcr2, '.-);
title(ZCR"); xlabel('Time (sec)");

legend('Method 1', 'Method 2";

Output figure
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From the above example, it it obvious that these two methods generate different ZCR curves.
The first method does not count "zero positioning" as "zero crossing", there the corresponding
ZCR values are smaller. Moreover, silence is likely to have low ZCR of method 1 and high ZCR
for method 2 since there are likely to have many "zero positioning" in the silence region. However,
this observation is only true for low sample rate (8 KHz in this case). For the same wave file with
16 KHz (csNthu.wav), the result is shown next:

FE BRI HIA T, JAMEH] T A s A SR A, 43 BRI ROR SERAN R, (EEFE . (F)
AN RS, B RO BRI 2Ny, W BRI SR A AR AE 2 R B AT BT BBy, SRR AR
SHATAZBEIE R, el IR R ZE N D WIREERSER I &, 32 1045 AR & AN A
Example 2Input file basicFeature/zcr02.m

waveFile='csNthu.wav';

frameSize=256;

overlap=0;

[y, fs, nbits]=wavReadInt(waveFile);

frameMat=buffer(y, frameSize, overlap);

zcrl=frame2zcr(frameMat, 1); % Method 1
zcr2=frame2zcr(frameMat, 2); % Method 2
time=(1:length(y))/fs;

frameNum=size(frameMat, 2);
frameTime=((0:frameNum-1)*(frameSize-overlap)+0.5*frameSize)/fs;

subplot(2,1,1); plot(time, y); ylabel(waveFile);

subplot(2,1,2); plot(frameTime, zcrl, '.-', frameTime, zcr2, '.-);
title('ZCR"); xlabel('Time (sec)');

legend('Method 1', '‘Method 2');

Output figure
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In the above example, methods 1 and 2 return similar ZCR curves. In order to used ZCR to
distinguish unvoiced sounds from environment noise, we can shift the waveform before
computing ZCR. This is particular useful is the noise is not too big. Example follows:
Example 3Input file basicFeature/zcr03.m

waveFile='csNthu.wav';

frameSize=256;

overlap=0;

[y, fs, nbits]=wavReadInt(waveFile);

frameMat=Dbuffer(y, frameSize, overlap);

volume=frame2volume(frameMat);

[minVolume, index]=min(volume);

shiftAmount=2*max(abs(frameMat(:,index))); % shiftAmount is equal to the max. abs. sample within the
frame of min. volume

zcrl=frame2zcr(frameMat, 1);

zcr2=frame2zcr(frameMat, 1, shiftAmount);

subplot(2,1,1); plot(time, y); ylabel(waveFile);

subplot(2,1,2); plot(frameTime, zcrl, '.-', frameTime, zcr2, '.-);
title('ZCR"); xlabel('Time (sec)');

legend('Method 1 without shift', 'Method 2 with shift’);
Output figure
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In this example, the shift amount is equal to the maximal absolute sampe values within the frame
with the minimum volume. Therefore the ZCR of the silence is reduced dratically, making it easier
to tell unvoiced sounds from silence using ZCR.

If we want to detect the meaningful voice activity of a stream of audio signals, we need to perform
end-point detection or speech detection. The most straight method for end-point detection is
based on volume and ZCR. Please refer to the next chapter for more information.

A AR 2 I B AR RN A5 R, TR A [ B | (Endpoint Detection) 5% [ 55515l | (Speech
Detection) , 5 fifj H (1) 5 V2t Al 5 He R36 52 R Al ), AR B8] A B o AR AR 4 o TR

Old Chinese version
Pitch is an important feature of audio signals, especially for quasi-periodic signals such as voiced
sounds from human speech/singing and monophonic music from most music instruments.
Intuitively speaking, pitch represent the vibration frequency of the sound source of audio signals.
In other words, pitch is the fundamental frequency of audio signals, which is equal to the
reciprocal of the fundamental period.

[ ] (Pitch) &5y — il st i AR B A f, LS, o AR S PR 1 i G, iy St
EIGME [HEASEZ | (Fundamental Frequency) , Whte [543 Y]] (Fundamental Period)
3 3
Generally speaking, it is not too difficult to observe the fundamental period within a quasi-periodic
audio signals. Take a 3-second clip of a tuning fork tuningFork01.wav for example. We can first
plot a frame of 256 sample points and identify the fundamental period easily, as shown in the
following example.

A HEBIE SO, R EEEREE, JAMEA ERE PR AR, UL 3 B
SO A, FATAT LLEC—E 256 B EHE, SR ENE B H AR, AR AR B R ) A 4,
A bd N A4 -

Example 1Input file basicFeature/pitchTuningFork01.m



waveFile="tuningFork01.wav',
[y, fs, nbits]=wavread(waveFile);
index1=11000;

frameSize=256;
index2=index1+frameSize-1,
frame=y(index1:index2);

subplot(2,1,1); plot(y); grid on

title(waveFile);

line(index1*[1 1], [-1 1], 'color', 'r);
line(index2*[1 1], [-1 1], 'color', 'r");
subplot(2,1,2); plot(frame, '.-"); grid on

point=[7, 189];

line(point, frame(point), 'marker’, ‘o', ‘color’, 'red’);

periodCount=5;

fp=((point(2)-point(1))/periodCount)/fs; % fundamental period (in sec)
ff=1/fp; % fundamental frequency (in Hz)
pitch=69+12*log2(ff/440); % pitch (in semitone)

fprintf('Fundamental period = %g second\n', fp);
fprintf('Fundamental frequency = %g Hertz\n', ff);
fprintf('Pitch = %g semitone\n', pitch);

Output message

Fundamental period = 0.002275 second
Fundamental frequency = 439. 56 Hertz
Pitch = 68.9827 semitone

Output figure
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In the above example, the two red lines in the first plot define the start and end of the frame for
our analysis. The second plot shows the waveform of the frame as well as two points (identified
visually) which cover 5 fundamental periods. Since the distance between these two points is 182
units, the fundamental frequency is fs/(182/5) = 16000/(182/5) = 439.56 Hz, which is equal to
68.9827 semitones. The formula for the conversion from pitch frequency to semitone is shown
next.

e bR gaalr, R AT AR AL B AR AR, TRl 256 BhEHE, Hph & it s T 5
MEFEACT Y, gEALhdi 7 182 HLAZEG, DRI ERIEASHARZE fs/(182/5) = 16000/(182/5) =
439.56 Hz, A& 68.9827 3% (Semitone) , Hirf pFEASER 235 (i 2 Xl

semitone = 69 + 12*log,(frequency/440)

In other words, when the fundamental frequency is 440 Hz, we have a pitch of 69 semitones,
which corresponds to "central 1a" or A4 in the following piano roll.

BAJERE, HREASHRIE 440 Hz Iy, BERIE5 2202 69, @t E#l 51 [k Lal 802 [A4],
TN P

A
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Hint

The fundamental frequency of the tuning fork is designed to be 440 Hz. Hence the tuning fork are usually
used to fine tune the pitch of a piano.

— R X B AR R AL 440 Hz, DU FH 2 SRR T 8l 557 11 5 E

In fact, semitone is also used as unit for specify pitch in MIDI files. From the conversion formula,
we can also notice the following facts:

« Each octave contains 12 semitones, including 7 white keys and 5 black ones.
« Each transition to go up one octave corresponds to twice the frequency. For instance, the
A4 (central 1a) is 440 Hz (69 semitones) while A5 is 880 Hz (81 semitones).



« Pitch in terms of semitones (more of less) correlates linearly to human's "perceived
pitch".

AR AR5 22, 2 MIDL S48 = T I RIARYE . 18 BIR AT UG -

o R AEIEEE 12 i (B Elﬁjﬂﬂliﬁ)

. [ﬁliffﬁfﬁn AR, SHEFE SR MNAT. B, JUe la & 440 Hz (69 Semitones) ,

) bR 4 Zﬁ, SEF L5 880 Hz (81 Semitones)

o NEBIE iy TARVERCRE | LBl FEASPHA BB U R TE
The waveform of the tuning fork is very "clean" since it is very close to a sinusoidal signal and the
fundamental period is very obvious. In the following example, we shall use human's speech as an
examle of visual determination of pitch. The clip is my voice of "j& # KZ & &R " (csNthu.wav). If
we take a frame around the character "#%", we can visually identify the fundamental period easily,
as shown in the foIIowing example.
B RV ART R, BB AR T LR, P EATEIE 5 . A DL S R
HAR | A, JATATLURE THE ] BB BOR, Wn] DLBIBAE IFEACTE Y], &5 5T 20440
Example 2Input file basicFeature/pitchVoice01.m
waveFile='csNthu.wav';
[y, fs, nbits]=wavread(waveFile);
index1=11050;
frameSize=512;
index2=index1+frameSize-1;
frame=y(index1:index2);

subplot(2,1,1); plot(y); grid on

title(waveFile);

line(index1*[1 1], [-1 1], 'color', 'r);
line(index2*[1 1], [-1 1], 'color', 'r");
subplot(2,1,2); plot(frame, '.-"); grid on

point=[75, 477];

line(point, frame(point), 'marker’, ‘o', ‘color’, 'red’);

periodCount=3;

fp=((point(2)-point(1))/periodCount)/fs; % fundamental period
ff=fs/((point(2)-point(1))/periodCount); % fundamental frequency
pitch=69+12*log2(ff/440);

fprintf('Fundamental period = %g second\n', fp);

fprintf('Fundamental frequency = %g Hertz\n', ff);

fprintf('Pitch = %g semitone\n', pitch);

Output message

Fundamental period = 0.008375 second

Fundamental frequency = 119.403 Hertz

Pitch = 46.42 semitone

Output figure
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In the above example, we select a 512-point frame around the vowel of the character "#". In
particular, we chose two points (with indices 75 and 477) that covers 3 complete fundamental
periods. Since the distance between these two points is 402, the fundamental frequency is
fs/(402/3) = 16000/(402/3) = 119.403 Hz and the pitch is 46.420 semitones.
AV R, A [HE ] RERBEMTE A A 512 R EAE, P AIARE s T 3 EAEA
HIY, #8IAL T 402 BAZEG, DR SEASHRE fs/(402/3) = 16000/(402/3) = 119.403 Hz,
BT 46.420 3, B[t Lal 77T 22.58 -, Hali(RIEA I 4 50 (24 fHF35) .
Conceptually, the most obvious sample point within a fundamental period is often referred to as
the pitch mark. Usually pitch marks are selected as the local maxima or minima of the audio
waveform. In the previous example of pitch determination for the tuning fork, we used two pitch
marks that are local maxima. On the other hand, in the example of pitch determination for human
speech, we used two pitch marks that are local minima instead since they are more obvious than
local maxima. Reliable identification of pitch marks is an essential task for text-to-speech
synthesis.
TR S B, B EEASE IR B ARG, FAIRE & T8 2R HERS | (Pitch Marks, iR PMD ,
PM KB 42 W ) Jr il ds R B el /NG, il ane Bk & SO oh, JRAMITECRI i PM 2 Ja)
PE KRS, MR AT, R PM AR R s KB AN IR, PRI ERAM AT T A8 S
/MR PM ARG S . PM Al AT BT — BB i E e, ARl & o Oy TR
Due to the difference in physiology, the pitch ranges for males ane females are different:

« The pitch range for males is 35 ~ 72 semitones, or 62 ~ 523 Hz.

« The pitch range of females is 45 ~ 83 semitones, or 110 ~ 1000 Hz.
HOR AR B IE AN, 55 AR K e N AN AR ], — R 5

o BT SR 35 ~72 Vi, HERIHEZE 62 ~523 Hz.

o WA mMIFEAE 45 ~83 5, BERHHAEL 110 ~ 1000 Hz.
However, it should be emphasized that we are not using pitch alone to identify male or female
voices. Moreover, we also use the information from timbre (or more precisely, formants) for such
task. More information will be covered in later chapters.
BT 73 78 55 A R S US &, TR RIS 0 (BRI , FERARAR



As shown in this section, visual identification of the fundamental frequency is not a difficult task
for human. However, if we want to write a program to identify the pitch automatically, there are
much more we need to take into consideration. More details will be followed in the next few
chapters.

i ] T E0% ] AR, WA KEES, (H A 2R QB A &, sl 2R AR
A S m IR &M, SRS R A

Timbre is an acoustic feature that is defined conceptually. In general, timbre refers to the
"content" of a frame of audio signals, which is ideally not affected much by pitch and intensity.
Theoretically, for quasi-periodic audio signals, we can use the waveform within a fundamental
period as the timbre of the frame. However, it is difficult to analysis the waveform within a
fundamental period directly. Instead, we usually use the fast Fourier transform (or FFT) to
transform the time-domain waveform into frequency-domain spectrum for further analysis. The
amplitude spectrum in the frequency domain simply represent the intensity of the waveform at
each frequency band.

[t ] (Timber) & —EARMOHIRI A5, ZIaaalHINgs, it [REF ] Wi mass, SR
AR, BB e R e R ), (2 R & AN, JAPM AT LA HEE i E & .
BATE, HOMARE, REFEARBERBIC AR, P ERAT AT LUK ] B AT ] 8 AR5 1.
A7 LA FEATE I (P AR B T €, RN . 0 JARIVETR, SR e A
ITHEEE 73 M (Spectral Analysis) , S H &l S AE G SR W el v] DL SGAEAN RIS () 2 1, ARAR A
REMEAT LU B O BT o AEAHRS 3 BT IR, B8 FH I D722 [ PRodiAd 37 3 184 | (Fast Fourier Transform),
M FFT, I8& A& gk, AT LURERAEL (Time Domain) RN SRIEER ol /F SH R

(Frequency Domain) [¥IaREE, 3 i e R 45 26 R GRS o A
If you want to experience real-time FFT demo, type the following command within the MATLAB
command window:

HEEER FFT REEER, af LA R4
o dspstfft_ nt (MATLAB 5)
o dspstfft win32 (MATLAB 6 and 7)
The opened Simulink block system looks like this:

BARC Simulink Z2&WTF

=] dspstft_win32

File Edit View 32imvlation Fommat Tool: Help

= == 3 Normal - || & RE R

Spectral Analysis: Short-Time FFT

ST-FFT

. . 1 . »u um dB ) 1 . T o | M atriz
hl hl hl 1 ahm) hl T viewer
From ihiawe Shart-Time FFT dB Conversion [iianspe=s Spectrogram
Device1
o ]
L
This demo requires microphone input. Freq
Short-Time
Spectrum
Ready 100% FixpdStepDiscrets

When you start running the system and speak to the microphone, you will able to see the
time-varying spectrum:



VR RE R B 4R ) 28 v JRGRE IRy, e th B N AIEhREIY [JHREE ] (Spectrum) , FBREH]
SR 2IEREAL

3 dzpstfft win32/Short-Time Spechmm E@@
File Axes Chammel: Window Help

Magnitude, dB

a 1 2 3 4 ] B
Fraguency (kHz)

If we use different colors to represent the height of spectrum, we can obtain the spectrogram, as
shown next:

RS [ A7 ] A, S HIAN TR R O A A [ i) IS, it m] LA S0 5RE SR [ P 2 2B 151
%4y Spectrogram, UIT:

) dspstiit win32/Specinogram
File Edit View Inmrt Toolz Window Help Axes

EEHE kR AAs B LD

Freguency Index
L
(]
dB Magnitude

10 20 a0 40
Tirme Index

Spectrogram represent the time-varying spectrum displayed in a image map. The same utterance
will correspond to the same pattern of spectrogram. Some experienced persons can understand

the contents of the speech by viewing the spectragram alone. This is call "spectrogram reading"

and related contests and information can be found on the Internet. For instance:



« http://cslu.cse.ogi.edu/tutordemos/SpectrogramReading/spectrogram_reading.html

« http://home.cc.umanitoba.ca/~robh/howto.html
Spectrogram UK T & (b RE [H 52 10 Ok, DIILA LEE 3N, W LA Specgrogram B H
FEE I NS, IS MR A Specgrogram Reading, 3 SLER(K[A:, ] IR &G4 FH IR £
B, Wl LG A Sy .

1. (*) Frequency-to-pitch conversion: Write an m-file function freg2pitch.m that
convert a given frequency in Hz into the pitch in semitones. The format is

pitch = 69 + 12*log,(freq/440)

2. (*) Pitch-to-frequency conversion: Write an m-file function pitch2freq.m that
converts a given pitch in semitones into the frequency in Hz. The format is

freq = 440*2"\((pitch-69)/12)

3. (**) Visual inspection of pitch: Please follow the example of pitch determination by
visual inspection in our text to identify the pitch (in terms of semitones with two digits of
precision after the decimal) in the following two audio clips. Be sure to plot your result,
just like what we did in the text.

a. Write a script pitchTuningFork02.m for the clip of another sound fork,
tuningFork02.wav.

b. Write a script pitchVoice02.m for the vowel part of the character "&" of the
utterance "G #E NG ELR", csNthu.wav

4. (**) Frame-to-volume computation: Write an m-file function frame2volume.m which
can compute the volume of a given frame. The format is

volume = frame2volume(frame, method);
where "frame" is the input frame and "method" is the method for volume computation (1
for abs. sum; 2 for log square sum), and "volume" is the output volume.

5. (**) Wave-to-volume computation: Write an m-file function which can compute the
volume of a given wave signals. The format is

volume = wave2volume(wave, frameSize, overlap, method);
where "wave" is the input wave signals, "frameSize" is the frame size, "overlap" is the
overlap, "method" is the method for computing the volume (1 for abs. sum; 2 for log
square sum), and "volume" is the output volume vector.

6. (*) Volume vs. timbre: Write an m-file script plotVolVsTimbre.m that can record your
utterance of "Y' . | . X. . T" (example) with a sample rate of 16 KHz and a bit
resolution of 16 bits. When doing the recording, please try your best to keep a constant
perceived volume for all these five vowels. Then your program should plot the wave
signals together with two volume vectors (with frame size = 512, hop size = 160)
computed via the two methods mentioned in this chapter. The obtained plots should be
similar to the following image:
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From your plot, can you deduct the relationship between the volume and the shapes of

your mouth? Try other vowels to see if your argument still holds.

. (**) Use sinusoids to synthesize waveform of given volume and pitch: Inthe

following three sub-exercises, you are going to use the sine function to synthesize

audio signals with given volume and pitch.

a. Write an m-file script playSineWave01.m that uses a sinusoid of 0.8 amplitude to

generate a 0.5-second mono signals with a pitch of 69 semitones, sample rate of
16 KHz. Your program should plot the waveform and play the signals. (Here is
an example). The plot should look like this:

1 T T T T T T I T T

0.8

0.4

0.2

0.2
04|

-0.6 ‘

-0.8

Does the pitch sound the same as the recording of a tuning fork
tuningFork01.wav? (Hint: a sinusoid with frequency f can be expressed as y =
sin(2*pi*f*t).)



8.

b. Write an m-file script playSineWave02.m that uses the sinusoid to generate a
mono wave signal of duration of 2 seconds, pitch of 60 semitones, sample rate of
16 KHz, bit resolution of 16 bits. Moreover, the waveform should be oscillate
between 0.6 and 1.0 with a frequency of 5 Hz. Your program should plot the
waveform and play the signal. (Here is an example). The plot should look like

this:

o o
[=7] [==] -

o
=

&
o

c. Write an m-file script playSineWave03.m to repeat the previous sub-problem, but
the intensity of the waveform should decrease by following an exponential
function exp(-t). Here is an example. Your plot should look like this:

1
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(***) Impact of frame sizes on volume:

First of all, you need to record your utterance

of "beautiful sundays" and save it to a wave file of 16 KHz, 16 bits, mono. My example
is here. But please use your own recording instead of mine.



a. Write an m-file script plotVolVsFrameSize01.m that reads the wave file and plot
the volumes (as the absolute sum of a frame) with respect to frame sizes of 100
J% B200 Ji B300 J& B400 J# B500, and overlap of 0. Please use the same time
axis for the first plot of the waveform, and the second plots of the 5 volume
curves. You plot should look like this:

Waveform of beautifulSundays.wav

200 1 T T T T T T L
/ '-._‘ frameSize=100
i frameSize=200
150 rameSize=000
frameSize=400

diva—
100 frameSize=500 | |

lime {sec)

b. Write an m-file script plotVolVsFrameSize02.m to repeat the previous
sub-problem, but compute the volumes in terms of decibels. Your plot should
look like this:

Waveform of beautifulSundays.wav

40 T T T T T T T T T

frameSize=100
frameSize=200
rameSize=000
frameSize=400
frameSize=500 | |

12 14 16 18 2
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9. Hint:



o You can do the recording with either MATLAB or CoolEdit. But CoolEdit may be
easier for you to edit the recordings, e.g., cut off leading or trailing slience, etc.
o Since each volume vector corresponds to a different time vector, you can put all
volume vectors in a volume matrix, and all time vectors in a time matrix, and plot
5 volume curves all at once. The length of these 5 curves are not the same,
hence you need to pad the time/volume matrix with NaN.
o Here are some functions in the Audio Processing Toolbox that can make your job
easier: frame2volume.m, frame2samplelndex.m.
10.(*™*) Impact of the values of K on KCR: We can extend the definition of ZCR to KCR
(k-crossing rate) which is the number of crossings over y = k in a frame. Write an m-file
script plotkKcrVsKO01.m that read your recording of "beautiful sundays" (as integers) and
plot 7 KCR curves with K equal to 0, 100, 200, ..., 600. The frame size is 256 and the
overlap is 0. You program should plot the waveform as well as the KCR curves on the
same time axis. The plot should look like this:

x 10° Wavetorm of beautifulSundays wav
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Do these KCR curves have different but consistent behavior on voiced and unvoiced
sounds? Can you use KCR for unvoiced/voiced detection?
11.(***) Playback of music notes: This problem concerns the playback of music notes
using the concatenation of sinusoids.
. Write a m-file function note2wave01.m which can take a sequence of music notes
and return the audio signals for playback. The format is
wave=note2wave01(pitch, duration, fs)
where "pitch" is the vector of note pitch in semitones (with 0 indicating silence),
"duration” is the vector of note duration in seconds, "fs" is the sample rate of the
output wave signals for playback. Using the following script to try your function
and see if you can identify the song. (my result for your reference)
pitch=  [655555555755057600 640 626262626064 6005755 55];
duration=[23 23 23 23 23 359 23 69 18 69 18 23 23 23 12 12 23 359 12 12 127]/64;
fs=16000;
wave=note2wave01(pitch, duration, fs);



sound(wave, fs);

a. If you concatenate the sinusoids of two different notes directly, you can hear
obvious noise due to the discontinuity between waveforms of these two notes.
Can you find a method to eliminate the noise so it is more pleasant to hear it?
(Hint: There are several methods to solve the problem.)

12.(*) H—ASESTE 58 55 KU frame2volume, Hi—f & HE AR HH 5L 25,

13.

AW

volume = frame2volume(frame, method);

Hrp frame & — il HE M i, method HIZREAT K775 (absSum' AT H 4 B
[FEEFT, 'logSquareSum' fAEAFH V-7 FIEED , volume HILE s

(**) H—BEERETESENE: 55E KR I wave2volume, H—BUE S ARG
), HHEWT:

volume = wave2volume(wave, frameSize, overlap, method);

H wave & —BiFallln &, frameSize &S HEENE, overlap 2 AH#R AR 1) H 2 BEEL,
method RIJEAZAT M 712 (‘absSum' AR A EHETI4EA, logSquareSum' X3
{FHF RSSO , 1 volume HIJJ& & i) &
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19.(%) AR EE =HEHR

Fismn (HAZE Semitone) , AXUWITF:
pitch = 69 + 12*logz(freq/440)

20.(*) HFEEARKNER.
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freq = 440*2"((pitch-69)/12)
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22.(***) HREMOHEM  ASALY S0 B WL 5 R AT
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iH RS freq2pitch.m, AGKAHR (BALE Hertz) gk

b B R B pitch2freq.m, HEm (AL ZE Semitone) i
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wave=notePlay(pitch, duration, fs)
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duration SE¥HER R (LI READ , fs LG st i gE wave [EUERSH

A L R B 5 1 R A 2801 wave WERRI, AT H AR AT BRI 2

Cffir

[555555555755057600 640 626262626064 6005755 55];

duration=[23 23 23 23 23 359 23 69 18 69 18 23 23 23 12 12 23 359 12 12 127]/64;

fs=16000
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Chapter 6: End-Point Detection (EPD)

6-1 Introduction to End-Point Detection (i EiHEI/45)

The goal of end-point detection (EPD for short) is to identfy the important part of an audio
segment for further processing. Hence EPD is also known as "speech detecton" or "voice activity
detection" (VAD for short). EPD plays an important role in audio signal processing and
recognition.

Based on the acoustic features used for EPD, we can classify the EPD methods into two types:

1. Time-domain methods:

a. Volume: Volume is the most commonly used feature for EPD. However, it is
usually hard to have a single universal threshold for EPD. In particular, a single
volume threshold for EPD is likely to misclassify unvoiced sounds as silence for
audio input from uni-directional microphone.

b. Volume and ZCR: ZCR can be used in conjunction with volume to identify
unvoiced sounds in a more reliable manner, as explained in the next section.

The computation load is usually small so these methods can be ported to low-end
platform such as micro-controllers.

2. Frequency-domain methods:

a. Variance in spectrum: Voiced sounds have more regular amplitude spectra,
leading to smaller spectral variances.

b. Entropy in spectrum: Regular amplitude spectra of voices sounds also generate
low entropy, which can be used as a criterion for EPD.

These methods usually require more computing power and thus are not portable to
low-end platforms.
Hint
To put it simply, time-domain methods use only the waveform of audio signals for EPD. On the other
hand, if we need to use the Fourier transform to analyze the waveforms for EPD, then it is
frequency-domain method. More information on spectrum and Fourier transform will be detailed in later
chapters.
There are two types of errors in EPD, which cause different effects in speech recognition, as
follows.

» False Rejection: Speech frames are erroneously identified as silence/noise, leading to
decreased recognition rates.

» False Acceptance: Silence/noise frames are erroneously identified as speech frames,
which will not cause too much trouble if the recognizer can take short leading/trailing
silence into consideration.

The other sections of this chapter will introduce both time-domain and frequency-domain
methods for EPD.
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6-2 EPD in Time Domain (GHE5EH]: R 715

We shall introduce several time-domain methods for EPD in this section.
The first method uses volume as the only acoustic feature for EPD. This is the most intuitive
method with least computation. We only need to determine a volume threshold and any frame
with a volume less than the threshold is regarded as silence. However, how to determine a good
volume threshold is not obvious. Besides empirically determining the threshold, the best way is to
use a set of labelled training data to find the best value for achieving the minimum error.
In the following example, we shall use four different ways to compute volume thresholds for EPD
of the wave file sunday.wav:
Example 1Input file endPointDetection/epdVolTh01.m
waveFile='sunday.wav';
[wave, fs, nbits] = wavread(waveFile);
frameSize = 256;

overlap = 128;

wave=wave-mean(wave); % zero-mean substraction
frameMat=buffer2(wave, frameSize, overlap); % frame blocking
frameNum=size(frameMat, 2); % no. of frames
volume=frame2volume(frameMat, 1); % volume
volumeThl=max(volume)*0.1; % volume threshold 1
volumeTh2=median(volume)*0.1; % volume threshold 2
volumeTh3=min(volume)*10; % volume threshold 3
volumeTh4=volume(1)*5; % volume threshold 4

index1 = find(volume>volumeThl);
index2 = find(volume>volumeTh2);
index3 = find(volume>volumeTh3);
index4 = find(volume>volumeTh4);
endPointl=frame2samplelndex([index1(1), index1(end)], frameSize, overlap);
endPoint2=frame2samplelndex([index2(1), index2(end)], frameSize, overlap);
endPoint3=frame2samplelndex([index3(1), index3(end)], frameSize, overlap);
endPoint4=frame2samplelndex([index4(1), index4(end)], frameSize, overlap);



subplot(2,1,1);

time=(1:length(wave))/fs;

plot(time, wave);

ylabel("Amplitude’); title('Waveform’);

axis([-inf inf -1 1]);

line(time(endPointl( 1))*[1 1], [-1, 1], ‘color’, 'm’);
line(time(endPoint2(  1))*[1 1], [-1, 1], 'color’, 'g");
line(time(endPoint3( 1))*[1 1], [-1, 1], ‘color’, 'K");
line(time(endPoint4(  1))*[1 1], [-1, 1], ‘color’, 'r");
line(time(endPointl(end))*[1 1], [-1, 1], 'color’, 'm");
line(time(endPoint2(end))*[1 1], [-1, 1], 'color’, 'g);
line(time(endPoint3(end))*[1 1], [-1, 1], 'color’, 'k");
line(time(endPoint4(end))*[1 1], [-1, 1], 'color’, 'r");
legend('Waveform', 'Boundaries by threshold 1', 'Boundaries by threshold 2', '‘Boundaries by threshold 3,
'‘Boundaries by threshold 4%;

subplot(2,1,2);

frameTime=frame2samplelndex(1:frameNum, frameSize, overlap);
plot(frameTime, volume, ".-");

ylabel('Sum of Abs."); title("Volume');

axis tight;

line([min(frameTime), max(frameTime)], volumeTh1*[1 1], ‘color’, 'm’);
line([min(frameTime), max(frameTime)], volumeTh2*[1 1], 'color’, 'g");
line([min(frameTime), max(frameTime)], volumeTh3*[1 1], 'color’, 'k’);
line([min(frameTime), max(frameTime)], volumeTh4*[1 1], 'color’, 'r');
legend("Volume', "Threshold 1', "Threshold 2', "Threshold 3', "Threshold 4');
Output figure
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In the above example, we have used four methods to compute the volume thresholds. These four
methods all have their weakness, as explained next:
1. A ratio times the maximal volume: Not reliable if there is an impulse in volume due to
plosive sounds.
2. Aratio times the median of the volume: Not reliable when silence occupy more than half
of the audio signals.
3. The minimal volume times a constant: This could go wrong is the noise if too big.
Moreover, it is likely for some recordings to have a frame of zero volume.
4. The volume of the first frame times a constant: This could go wrong if the first frame of
the recording is unstable, which is not rare in practice.
The ratios or constants in the above four methods should be determined through labeled training
data. It should be noted wave files of different characteristics (recordings via uni-directional or
omni-directional microphones, different sample rates, different bit resolutions, different frame
sizes and overlaps) will have a different best thresholds.
Of course, you also create a new threshold by using linear combinations of these thresholds, etc.
From the above example, it is obvious that the leading unvoiced sound is likely to be misclassified
as silence. Moreover, a single threshold might not perform well if the volume varies a lot. As a
result, an improved method can be stated next:
1. Use a upper threshold 1, to determine the inital end-points.
2. Extend the boundaries until they reach the lower threshold .
3. Extend the boundaries further until they reach the ZCR threshold t,.
This method is illustrated as follows.

E(n

Energy

Window end-time,
m (norm-sec)

ZLero
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Window end-time,
m (norm-sec)

The above improved method uses only three thresholds, hence it is possible to use grid search to
find the best values via a set of labeled training data.

Hint

The above method is designed for speech recognition. For melody recognition, we do not need to consider
unvoiced sounds since they do not have pitch at all.

If we apply the above method for EPD of sunday.wav, the result can plotted as follows:

Example 2Input file endPointDetection/epdVolZcrO1.m



waveFile='sunday.wav';

plotOpt = 1;

[y, fs, nbits] = wavReadInt(waveFile);

endPoint = epdByVolZcr(y, fs, nbits, [], plotOpt);
Output figure
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In the above plot, the red and green lines indicates the beginning and end of sound, respectively.
This example uses the function endPointDetect.m in the Audio Processing Toolbox, which use
volume and ZCR as mentioned above for EPD.

Now it should be obvious that the most difficult part in EPD is to distinguish unvoiced sounds from
silence reilably. One way to achieve this goal is to use high-order difference of the waveform as a
time-domain features. For instance, in the following example, we use order-1, 2, 3 difference on
the waveform of beautifulSundays.wav:

Example 3Input file endPointDetection/highOrderDiff01.m

waveFile='sunday.wav';

[wave, fs, nbits] = wavread(waveFile);

frameSize = 256;

overlap = 128;

wave=wave-mean(wave); % zero-mean substraction
frameMat=Dbuffer2(wave, frameSize, overlap); % frame blocking
frameNum=size(frameMat, 2); % no. of frames

volume=frame2volume(frameMat, 1);
sumAbsDiffl=sum(abs(diff(frameMat)));
sumAbsDiff2=sum(abs(diff(diff(frameMat))));
sumAbsDiff3=sum(abs(diff(diff(diff(frameMat)))));
sumADbsDiff4=sum(abs(diff(diff(diff(diff(frameMat))))));



subplot(2,1,1);

time=(1:length(wave))/fs;

plot(time, wave); ylabel('Amplitude’); title("Waveform’);
subplot(2,1,2);

frameTime=frame2samplelndex(1:frameNum, frameSize, overlap)/fs;

plot(frameTime', [volume; sumAbsDiffl; sumAbsDiff2; sumAbsDiff3; sumAbsDiff4]', '.-");
legend('VVolume', 'Order-1 diff', 'Order-2 diff', 'Order-3 diff', '‘Order-4 diff’);

xlabel('Time (sec)");
Output figure
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It is obvious that the high-order difference (HOD) on the waveform can let us identify the unvoiced
sound more easily for this case. Therefore you can take the union of high-volume and high HOD
regions to have most robust of EPD.
Hint
If you have counter examples which invalids the use of HOD, please let me know.
From the above example, a possible simple way of combining volume and HOD for EPD can be
stated as follows:
1. Compute volume (VOL) and the absolute sum of order-n difference (HOD).
2. Select a weighting factor w within [0, 1] to compute a new curve VH = w*VOL +
(1-w)*HOD.
3. Find a ratio p to compute the threshold t of VH to determine the end-points. The
threshold is equal to VHmin+(VHmax-VHmin)*p.
The above method involves three parameters to be determined: n, w, p. Typical values of these
parameters are n =4, w = 0.5, and p = 0.125. However, these values vary with data sets. It is
always adviceable to have these values tuned by using the target data set for a more robust
result.
Of course, there are still plenty of other methods for EPD on time domain. The only limit is your
imagination.



6-3 EPD in Frequency Domain (GrE5EHl: SEERK 7))

Voiced sounds have harmonic structures in the frequency-domain specta. Moreover, the
energy distribution will be mostly biased toward the low-frequency bands. As a result, we can
apply simple mathematical functions on the spectrum for EPD.

If you are not familiar with the definition of spectrum (or more specific, amplitude spectrum), you
do not need to worry about this at this stage. All you need to know is that the amplitude spectrum
is the distribution of energy with respective to frequency. More information about the spectrum
and its mathematical definition will be covered in later chapters.
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endPointDetectionViaEntropy.ppt 513024 2003/3/27 F4 10:13:18

shenHL98-endpoint.pdf 366756 2004/8/18 /I~ 11:42:15

% 6 EfF%E

1. (**) EPD by volume and HOD:
a. Record your voice of "Singapore is a fine place" and save it as "test.wav", with
the format of 16 KHz, 16 bits, mono. (Hint: You can use waveFileRecord.m in the
Audio Processing Toolbox for easy recording.)
b. Write a script epdByVolHod01.m which do EPD by using volume and high-order
difference. You should plot your result like this:
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(Hint: Be sure to understand all the examples provided in the text before you
attemp this exercise. In particular, you should be familiar with the use of "line"
command for adding lines to the existing plot.)
c. Convert your script epdByVolHod01.m to a function epdByVolHod.m with the
following usage:
[epInSamplelndex, epInFramelndex] = epdByVolHod(wave, fs, nbits, epdParam,
plotOpt)
where
= eplnFramelndex: two-element end-points in frame index
= eplnSamplelndex: two-element end-points in sample index
= wave: input audio signals within [-1, 1];
» fs: sample rate
= epdParam: EPD parameter, including three fields:
=epdParam.frameSize: frame size
=epdParam.overlap: overlap
=epdParam.diffOrder: the order of difference (default: 4)
=epdParam.volWeight: the weighting factor for volume (default: 0.5)
=epdParam.vhRatio: the constant for obtaining the VH threshold of
VHunint(VHmax-VHmin)*epdParam.vhRatio (default 0.125)
plotOpt: O for silent operation, 1 for plotting the result (as shown in the
previous sub-problem).
Please test your program using the following script:
waveFile="test.wav';
epdParam.frameSize = 256;
epdParam.overlap = 0;
epdParam.diffOrder=4;
epdParam.volWeight=0.5;
epdParam.vhRatio = 0.125;
plotOpt = 1;



out = epdByVolHod(wave, fs, nbits, epdParam, plotOpt);

2. (Hint: You should finish part (b) before trying this one since it is trickier debugging an
m-file function. When you are debugging your m-file function, be sure to issue "dbstop if
error" or "dbstop if warning" to stop at the work space where errors/warnings occur. To
clear the debugging flags, try "dbclear all". Also it would be better if you can follow the
same flow as in epdByVol.m in the Audio Processing Toolbox.)

3. (*) Recordings of digits and letters: This is a recording task for digits and letters.
Please refer to this page for details.

4. (*™*) Programming contest: end-point detection: Please read this page for details.

The followings are old Chinese version.
1. (%) BB PR SRE .  ME TR A AT B R B, AT RS A S 4
2. () RS SEREAL A5 SLbEAS.
Audio Signal Processing and Recognition (F&EIEEF#): Recording Task
Roger Jang (GREE)

In this task, you need to do the recordings for both digits and letters. The recording
clips will be used for further exercises in the class, including end-point detection and
speech recognition using DTW, etc. More specifically, you need to record 10 digits (079)
and 26 letters (A"Z) twice to have 72 .wav files. Basically it will take about 10 minutes
to finish the recording. Please follow the stey—-by-step instructions closely.

1. Please download winrar and install it. (Change the file extension to exe and then execute directly.)

2. If this is your first time to do the recording task, please read important notes about recording.
Please read them carefully. If you don't follow the rules, your recordings might not be in good
shape and you need to do it again.

3. Downlaod the recording program digitLetterRecordingProgram.rar and uncompress it into a folder
"digitLetterRecordingProgram”. Read the instructions in "readme.txt" and then you can start
recording. For easy reference, the contents of digitLetterRecordingProgram/readme.txt are listed
here:

4.  Please type “go” under MATLAB to start the recording of 079 digits and a"z letters.
After recording, the program will generate a folder "waveFile/dddddd™" where "dddddd" is your
student ID, such as "921510". This directory should located at the same level as the f
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« #HEI% (Frequency Domain)
o Harmonic product spectrum method
o Cepstrum method
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« SMDF: Average magnitude difference function
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Example 1Input file pitchTracking/frame2acf01.m

waveFile='sunday.wav';

[y, fs, nbits]=wavread(waveFile);

index1=9000;

frameSize=512;

index2=index1+frameSize-1;

frame=y(index1:index2);

maxShift=length(frame);

plotOpt=1;

method=1,;

acf=frame2acf(frame, maxShift, method, plotOpt);

Output figure
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Example 2Input file pitchTracking/frame2acfPitchPoint01.m

waveFile='sunday.wav';

[y, fs, nbits]=wavread(waveFile);

index1=9000;

frameSize=512;

index2=index1+frameSize-1;

frame=y(index1:index2);

maxShift=length(frame);

method=1,;

acf=frame2acf(frame, maxShift, method);

acf2=acf;

maxFreq=1000;

acf2(1:fs/maxFreq)=min(acf);

minFreq=40;

acf2(fs/minFreq:end)=min(acf);

[maxValue, maxIndex]=max(acf2);

subplot(2,1,1);

plot(frame, ".-"); axis tight; title('Input frame’);

subplot(2,1,2);

xVec=1:length(acf);

plot(xVec, acf, ".-', xVec, acf2, '.-', maxIndex, maxValue, 'ro");



axis tight; title(sprintf('ACF vector (method = %d)', method));
legend('Original ACF', 'Truncated ACF', 'ACF pitch point’);
Output figure
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Example 3Input file pitchTracking/wave2pitchByAcfO1.m

waveFile='soo.wav';

[y, fs, nbits]=wavread(waveFile);

y=y-mean(y);

frameDuration=32; % in ms
frameSize=round(frameDuration*fs/1000);
overlap=0;

maxShift=frameSize;
maxFreq=1000;

minFreq=40;
nl=round(fs/maxFreq); % acf(1:n1) will not be used
n2=round(fs/minFreq); % acf(n2:end) will not be used

frameMat=buffer2(y, frameSize, overlap);
frameNum=size(frameMat, 2);
volume=frame2volume(frameMat);
volumeTh=max(volume)/8;
pitch=0*volume;



for i=1:frameNum

% fprintf("%d/%d\n’, i, frameNum);
frame=frameMat(:, i);
acf=frame2acf(frame, maxShift, 1);
acf(1l:nl)=-inf;
acf(n2:end)=-inf;
[maxValue, maxindex]=max(acf);
freq=fs/(maxindex-1);
pitch(i)=freg2pitch(freq);

end

frameTime=frame2samplelndex(1:frameNum, frameSize, overlap)/fs;
subplot(3,1,1);
plot((1:length(y))/fs, y); set(gca, xlim', [-inf inf]);
title("WWaveform’);
subplot(3,1,2);
plot(frameTime, volume); set(gca, 'xlim', [-inf inf]);
line([0, length(y)/fs], volumeTh*[1, 1], ‘color’, 'r");
title("Volume');
subplot(3,1,3);
pitch2=pitch;
pitch2(volume
Output message
Warning: In the directory “d:\users\jang\matlab\toolbox\audioProcessing”,
pitch2waveMex. mexw32 now shadows pitch2waveMex. d11.
Please see the MATLAB 7.1 Release Notes.
> In waveZpitchByAcf0l at 43
In goWriteOutputFile at 32

Output figure
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Example 4Input file pitchTracking/frame2acf02.m
waveFile='sunday.wav'
[y, fs, nbits]=wavread(waveFile);
index1=9000;
frameSize=512;
index2=index1+frameSize-1;
frame=y(index1:index2);
maxShift=length(frame);
plotOpt=1,
method=2;
acf=frame2acf(frame, maxShift, method, plotOpt);
Output figure
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Example 5Input file pitchTracking/frame2acf03.m
waveFile='sunday.wav';

[y, fs, nbits]=wavread(waveFile);
index1=9000;

frameSize=512;
index2=index1+frameSize-1;
frame=y(index1:index2);
maxShift=length(frame)/2;

plotOpt=1,

method=3;

frame2acf(frame, maxShift, method, plotOpt);
Output figure
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Example 1Input file pitchTracking/frame2amdf01.m
waveFile='sunday.wav';

[y, fs, nbits]=wavread(waveFile);

index1=9000;

frameSize=512;

index2=index1+frameSize-1;

frame=y(index1:index2);

maxShift=length(frame);



plotOpt=1;

method=1,;

frame2amdf(frame, maxShift, method, plotOpt);
Output figure
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Example 2Input file pitchTracking/frame2amdf02.m

waveFile='sunday.wav';

[y, fs, nbits]=wavread(waveFile);

index1=9000;

frameSize=512;

index2=index1+frameSize-1;

frame=y(index1:index2);

maxShift=length(frame);

plotOpt=1,

method=2;

frame2amdf(frame, maxShift, method, plotOpt);



Output figure
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Example 3Input file pitchTracking/frame2amdf03.m
waveFile='sunday.wav';

[y, fs, nbits]=wavread(waveFile);

index1=9000;

frameSize=512;

index2=index1+frameSize-1;
frame=y(index1:index2);
maxShift=length(frame)/2;

plotOpt=1,

method=3;

acf=frame2amdf(frame, maxShift, method, plotOpt);
Output figure



Input frame

051
&)

0—\.\_§J 1 "\ f
!
05+

J"H" \_\ M’\ \\

R |

300

350

L
450

50 100 150 200 250 400 500
AMDF vector (method = 3)
100 T T T T
80} I, ~,
Jm\‘ :! ‘\ /‘."ﬂ Y AN J,-f’-““'. . ‘,:"’“‘ "\
/ \ L \ A ‘\ ; N
601 Ly \ f s
/ A / \
o \ A
f Vo
i A\
20l \f _
0 1 1 1 1 1
50 100 150 200 250

— M=, AMDF ANy BIBRVA RS, PR ELas & I 7E s I i A X R Sieliie MCU 1yt 1E .
W ACF (IS A WIS, 22 AMDF B2 B ANIRE, e J AP m] LR IR b 2, 490 G4t
ACF BRLL AMDF, 43 31 i uee Bl 58 2 WIRE 1, &5 WL R 204«

Example 4Input file pitchTracking/frame2acfOverAmdf01.m

waveFile='soo.wav';

[y, fs, nbits]=wavread(waveFile);

frameSize=256;

frameMat=Dbuffer(y, frameSize, 0);

frame=frameMat(:, 292);

method=1,;

maxShift=length(frame)/2;

plotOpt=1;

frame2acfOverAmdf(frame, maxShift, method, plotOpt);

Output figure
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Example 5Input file pitchTracking/frame2acfOverAmdf02.m

waveFile='soo.wav';

[y, fs, nbits]=wavReadInt(waveFile);

framedY=buffer(y, 256, 0);

frame=framedY(:, 290);

subplot(4,1,1);

plot(frame, ".-");

title('Input frame'); axis tight

subplot(4,1,2);

method=1; out=frame2acfOverAmdf(frame, 256, method);

plot(out, '.-"); title(ACF/AMDF, method=1"); axis tight

subplot(4,1,3);

method=2; out=frame2acfOverAmdf(frame, 256, method);

plot(out, '.-"); title(ACF/AMDF, method=2"); axis tight

subplot(4,1,4);

method=3; out=frame2acfOverAmdf(frame, 128, method);

plot(out, '.-"); title(ACF/AMDF, method=3'); axis tight

Output figure
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Example 1Input file pitchTracking/siftAcfO1.m

waveFile = 'soo.wav';

[y, fs, nbits]=wavread(waveFile);
startindex=15000;

frameSize=256;
endIndex=startindex+frameSize-1;
frame=y(startIndex:endindex);

order=20;

[frame2, error, coef]=sift(frame, order);
maxShift=frameSize;

method=1,;

acfO=frame2acf(frame, maxShift, method);
acfl=frame2acf(error, maxShift, method);

subplot(3,1,1)

plot(1:frameSize, [frame, frame2]);
legend('Original Signal’, 'LPC estimate');
title('Original signal vs. LPC estimate’);
subplot(3,1,2);

plot(1:frameSize, error);

grid on

% Simple inverse filtering tracking

xlabel(['Residual signal when order =", int2str(order)]);

subplot(3,1,3);

plot(1:frameSize, [acfO/max(acf0), acfl/max(acfl)]);

grid on



xlabel('Normalized ACF curves');
legend('Normalized ACF on original frame', 'Normalized ACF on residual signal’);
Output figure
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Example 2Input file pitchTracking/wave2pitchBySiftAcfO1.m

waveFile='soo.wav';

[y, fs, nbits]=wavread(waveFile);

y=y-mean(y);

frameDuration=32; % in ms
frameSize=round(frameDuration*fs/1000);
overlap=0;

maxShift=frameSize;

maxFreq=1000;

minFreq=40;

nl=round(fs/maxFreq); % acf(1:n1) will not be used
n2=round(fs/minFreq); % acf(n2:end) will not be used
frameMat=buffer2(y, frameSize, overlap);
frameNum=size(frameMat, 2);
volume=frame2volume(frameMat);
volumeTh=max(volume)/8;

pitch=0*volume;

IpcOrder=20; % for sift
for i=1:frameNum
% fprintf("%d/%d\n’, i, frameNum);

frame=frameMat(:, i);



[frame2, error, coef]=sift(frame, IpcOrder); % Simple inverse filtering tracking
acf=frame2acf(error, frameSize, 1);
acf(1:n1)=-inf;
acf(n2:end)=-inf;
[maxValue, maxIndex]=max(acf);
freq=fs/(maxindex-1);
pitch(i)=freg2pitch(freq);
end

frameTime=frame2samplelndex(1:frameNum, frameSize, overlap)/fs;
subplot(3,1,1);

plot((1:length(y))/fs, y); set(gca, xlim', [-inf inf]);
title("Waveform’);

subplot(3,1,2);

plot(frameTime, volume); set(gca, 'xlim', [-inf inf]);
line([O, length(y)/fs], volumeTh*[1, 1], ‘color’, 'r');
title("Volume');

subplot(3,1,3);

pitch2=pitch;

pitch2(volume

Output figure
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e Cepstrum method
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Example 1Input file pitchTracking/hps01.m

waveFile = 'soo.wav';

[y, fs, nbits]=wavread(waveFile);

startindex=15000;

frameSize=256;

endIndex=startindex+frameSize-1;

frame = y(startIndex:endIndex);

zeroPaddedFrameSize=16*frameSize;

output=frame2hps(frame, zeroPaddedFrameSize, 1);

[maxValue, maxIndex]=max(output);

line(maxIndex, output(maxIndex), 'marker', ‘o', ‘color’, 'r');

fprintf('Pitch frequency = %f Hz\n', fs/zeroPaddedFrameSize*(maxIndex-1));

Output message

Pitch frequency = 188. 415527 Hz

Output figure
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FE NS (A S, FRAM S — I8 5 HEIEA T R AHEE R 5T 5
Example 1Input file pitchTracking/ceps01.m
waveFile = 'soo.wav';

[y, fs, nbits]=wavread(waveFile);

startindex=15000;

frameSize=256;

endIndex=startindex+frameSize-1;

frame = y(startIndex:endIndex);
zeroPaddedFrameSize=16*frameSize;
output=frame2ceps(frame, zeroPaddedFrameSize, 1);
[maxValue, maxIndex]=max(output);

line(maxIndex, output(maxIndex), 'marker’, ‘o', ‘color’, 'r');
%fprintf(‘'Pitch frequency = %f Hz\n', fs/zeroPaddedFrameSize*(maxIndex-1));
Output figure
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7-7 How to Increase Pitch Resolution (B SRBTERIEFH)
Ty LR AR, R AT R R G S 2SR 100 il T4y ] (Cents),
A i SRR A3 2 im AT B ) v, AP P AR v BB A 2 LSS i SR IR S e b 82, TE e ff ACF
5/t SMDF HIMTEERE 2 Sy, MET 3 e v AR AT B2 o AEMSC: Elefe, & i AN AR Y ) (R
LI
p = 69 + 12*logx(f/440) = 69 + 12*logy((fs/L)/440)
Horp L 2T B, 5 L B9 1 e, & e e T UROR R
AP = (69 + 12*logy((fs/L)/440)) - (69 + 12*logy((fs/(L+1))/440)) = -12*logz(1+1/L) = -12*logy(1+f/fs)
Hrp f RIEASER, fs QDLEIERIER, AP FE fs [REEGI0AT LIS FH T 21 S 451 s 25 [l 560 1 -
Example 1Input file pitchTracking/pitchResolution01.m
% Pitch resolution w.r.t. sampling rate and pitch
fs=linspace(4000, 44100, 20)’;
pitch=12*(1:7);
deltaP=[];



for i=1:length(pitch)
f=440*2"((pitch(i)-69)/12);
deltaP=[deltaP, 12*log2(1+f./fs)];
end
plot(fs, 100*deltaP, ".-");
axis tight; grid on
xlabel('Samplinte rate (Hz)");
ylabel(\Delta p (Cents)");
title(\Delta p (Pitch resolution) w.r.t. fs and pitch’);
% Display legends
pitchStr={};
for i=1:length(pitch)
pitchStr={pitchStr{:}, ['pitch =", int2str(pitch(i))]};
end
legend(pitchStr);
Output figure

A p (Pitch resolution) w.rt. fs and pitch

| ‘ ———pitch =12
¥ . | ———piteh =24
| 5 ; —— piteh = 48
: ¢ | ——piteh = 60
o i pitch = 72

A p (Cents)
(o]
=
[=]
T
|

100, T
e e S| 1 i S S —
0.5 1 1.5 2 2.5 3 3.5 4
Samplinte rate (Hz) 10"

W LA L AT LLE B IR BRIy, B AR S m ks, & e 22l e 880 (AT 2
K)o Tl FEASERA LA P RESEHI Iﬁtﬁghﬁ**E’Jﬁﬁi‘ﬁE, ;TEAT IRpde - F) 5 v B
Jitk, AT DR s IR, BOREVE D (82 ACF. SMDF) AT EHER (Up Sampling)
mi /£ N 7% (Interpolation).

[FJRE, 22 i AR AT B2, SRR FEARE I B 0%, A ] DL AR R AT 4
(Zero Padding) , JLIRFAESARE BOMAENT REml & dd iy, P et S5 e AR A o v AT R B 1 vy T
7-8 Software for Pitch Tracking (& STEAEREL)

AP ARHTIBUEE &5 2 v ORI AR & 22, LU 2 s IR, &0 [ 52w BL B AT Rl el
e Speech Filing System (SFS): http://www.phon.ucl.ac.uk/resource/sfs/

e Speech Analyzer
e Solo Explorer



Praat

(%) M ACF: 5% M R¥ myFrame2acf, ¥l FHEfE ik, ACF, ¥k

I

acf = myFrame2acf(frame);

Hrb acf MR EEEZEM frame —Hk. (PR S HE2% Audio Toolbox #
[ frame2acf.m. R LU#H] Signal Processing Toolbox F[] xcorr B
ARIEHUERE . D

. (**) 55 AMDF: 5% —{H ¥ myFrame2amdf, ¥ HEE % AMDF,

SRR

amdf = myFrame2amdf(frame);

Hrp amdf HEEEZEMN frame —H%. (Pn: S5 EHZES2% Audio Toolbox #il
iKY frame2acf.m. )

. (**) 55 AMDF/ACF: &%k myFrame2amdfOverAcf, il HE ik

B AMDF/ACF, AL

amdfOverAcf = myFrame2amdfOverAcf(frame);

Hrh amdfOverAcf (15 /5 ERZ /A frame —4E. sHAITLRR ST, & UL 40
Wil ke, FHE LSS e L R ACF 5t AMDF B HI. I JiiEA
A ACEAT H B e, SHIA OB 5T (B G E#%27%  Audio Toolbox
FATH Y frame2acfOverAmdf.m. )

. (**) HACFRTESE: &5 K% myAcfpitch, i—{# ACF [ H

AV WT

pitch = myAcf2pitch(acf, fs, plotOpt);

Hrp acf &—1fl ACF =, fs HIZIEAHA, pitch R &%= (UL Semitone %
HAL) , plotOpt RIVRE & EilE, # HAEAER 0, RWIHEH ACF KR
XTI A [ ACF & il ] o (PR @R RAEAM A frame2acf.m 515 ACF [y,
79 method=1, R1E:%E ACF HIRTHEE5E 0, FH max() E#Ck
PO S RAE A&, ST AT . /R e 21 Audio Toolbox [ freq2pitch.m.
FEERG, AL I D

5. (**) HH AMDF 5t & : 6% K% myAmdf2pitch, H—fi AMDF &k

AP, AR

pitch = myAmdf2pitch(amdf, fs, plotOpt);

Hrp amdf & —1# AMDF [, fs HIZHESHE, pitch HILZ ¥ & (LL Semitone
KB4, plotOpt RAlVRE & il , #HHEASER 0, RHEL AMDF LR
RE i sk ) TAMDF &2l | o (d7s: #R& 5] Utility Toolbox
localMin.m/localMax.m, LA Audio Toolbox 1] freq2pitch.m. )

6. (**) H—MEEEFE—BE: R MR % myFrame2pitch, il HEAE

e, HHEWT:

pitch = myFrame2pitch(frame, fs, method, plotOpt);

Hrp frame 2 (S HEN &, fs ZHEIHAZ, method RIZARAEH K777 Cacf
fREAHH ACF, 'amdf fCEHH AMDF, fKitZa4#E) , pitch RJEEmE (B
Semitone ZHiA) , plotOpt RV &5 i@, # AR 0, RlWaHt 5
HE. ACF (8i& AMDF %5) RARFIFE st Ea mm A . i IRIRREL
WHEA selfdemo HIIRE, LMERER, 5527 Audio Toolbox #E i)
frame2acf.m i frame2amdf.m Z5pR#. ($E7~: RE& 3] Audio Toolbox #H
1] freq2pitch.m. frame2acf.m. frame2amdf.m Z5EpR %k, DLACHT I #% & 10
myAcf2pitch.m. myAmdf2pitch.m Z5p8%¥. )

7. () HEMEE ., BREERL % B MATLAB 75U showPitch01.m,

HIJRen T



o iHEAFEZE DoReMi.wav,

o VIHEHE, HARHER/NE 256 2Y, AHASEAEA TS,

o ¥ G HEGH A S, WA 2 57 TSR n B i, SR P
.

o BHF—HEFHEST S N HIE—(fm=: ACF. AMDF. ACF/AMDF.
AMDF/ACF.

o IR LE—LE, HH— S ER S SE, WLl semitone %
Bifr. (PErm: B—UEATRE, nJUAEHZYH ACF Bl ACF/AMDF [t
BRMEFTE RS, Bije AMDF 5% AMDF/ACF S/ MEF{EINES], BE
ORI, o FRAEAE IERE, v AT e AR Bt /MEL, SRAZ T4 Rl T V2418
B IR T RE A R )

o B EMEIEITIRER, A m thAE — BOP I Hh AR, TR & s AP AE
Re, HAEAZE, WIREILWT:

o HE I R P, v BB S AE ) s A
0o WJLMEH AT AT RTEEN [ o Bl | 10 & A8y v ok 5 e o 1= P A

fH.
o A A (0 e 0, SRR ] BE R AN B R, SRR ]
LIGHS 5 iRy i 2% o

o SE5F 7 BELM S 1 R R I e B, PR AR R A A A B A
B I AT P L, WTH Median Filter, AHEANIFE4 J& median.
o Ho AR T DAL 21 1) 25 Fif V25
o EHAER, BT NZAE = akE, S R T, 2R e
e, B E R, 8 A E X Sl AR DARD 2 BELA
o BRI BN = . CAl{E ] Audio Processing Toolbox ) pvPlay.m. )
AR e 25 2A PR vy ) e 2 e A T R TS AR ) v 0 2 A A SR A (1)
SRR
8. (***) FTREMFTE. FREEHRZ = 5% B MATLAB F£i{ showPitch02.m,
DIREFET— 8 4k, (HUE S ar B2 A i .
9. () H—BBEHRsIHEEERE: S5 HRI myWave2pitch, h—BE ok
atEE s, HAHEWT:
pitch = myWave2pitch(wave, fs, frameSize, overlap, method);
Hr wave J2 —BFailln &, fs RIS, frameSize & HHELHL, overlap /&
FHZREAE () F AR BE Y, method FIZAERAE A )72 (facf (KA ACF, 'amdf
RFEAH AMDF) , 1 pitch RIJZ3m (Bl Semitone AHA7) o SEF=, Rk
HR 2R (1) v 1) SRR — BOE A R AR, R nT DA - Rl VAR B 4 pitch, 145
P Ak ) pitch GIAR B, G0 BEERW . (B fRerH# Audio
Toolbox LA HI I BT 55 I RR#L ! D
10.(***) HEHEBIERC: 555 8K myPitchPlay.m, Wi A — B m &, SREE
UL IE L B w1 B B8, DM, AT
wave = myPitchPlay(pitch, frameRate, fs);
Hd pitch ZEFmEE (HAHTEAE, AKFFE) , frameRate ERFPE 12
HEME B (BRI RE e 2B — S =B, fs RS GRS wave FIHUERSHAR . It
R EFIF R LA sound(wave, fs) SRIBICG B B . GERE TR, 7Rl %K
IR, WMZHGE BRIV, 5 B
a. IR EOR &R B [Do, Re, Mi, Fa, So, La, Si, Do) H&35. (Hn:
T —FAT AT, T S 22 2L 160, 62, 64, 65, 67, 69, 71,
72] o)
b. i {5 I bR B SR TR — TS AR AR I v )



Chapter 8: B HEK fEH
8-1 FEfRIH:

et (Melody Recognition) s MR45 & s A # ik & 88 i Ha abr, LR H i) 52 ZER A #4541
R — AR, FRBCRN AT DA 5 B S S v ), DA v ) A M R e
i, ST, RS RO A E RS 440 Metadata (il anaf it 44 # . 3fER]
W R VRS PR S SO E RO, PR Ay [N & 4445 % | (Content-based Music
Retrieval).

(FE5E/E, aafifE, ! O

[ 5iEr4r ] (Intonation Assessment) (1) H 12 % LR 21 B Bl — N 3% 2 10 2 02 15
e, WINAHER Z . BRGIZRER, AMBIANE T S EREGE, SRR BGERIVURE, B DA e
A E TIPS | (RERGICERR), M8, AE RSN AN EGE, K2 5eaik
Hag (AR, FkkH, RAMESICRE, MERIRRA) T, IR S & P,
KB HEE T Hung, [RIEZAh— B3 2 Hh i sl B R 985, S AE /R A2 native speaker. [ &
SHEE L TH B, Ay DR IS I P IGE SRR 7, AR BN R IR 0 SR SR 2 4 M A R R 2 J
#2220, WIRRBURZERZ R, PLZR S 553 (CALL, Computer-Assisted Language
Learning) 55 E -
DL 2 — {18 £ B 1 S 491«

o HHNHEMAEREREA]: Can | take your order?

o HRFREARRLF G f, TR R TS N S AR, Horh A T i AR R P (S )

RN, S ARRDE R 7 (AL REIR. BN EGE &R Bl RE A bk
%, BT LA AR B IEAR o2—35r, IR 3T 88.9 4y,

Fitch curves (score=5838.9)

52
a0
48 |+
4B - —=— standard.way ||
—= test way
44 I
1] o] 10 15 20 25

o BRI T, T o T ok AR, LR SR A it AR TR R (R ()
AN, B S AR R O (BT AR R B B i e ioe fo e, R
e MR, FESNE S BRI EIR S, WA RS A S, IR R R T

51.2 41,
Pitch cunves (scare=51.2)

52 T T T T
&0 .
45 .
46 .
44 - —=— standard. wav .
43 . —= testowaw . .

a ] 10 15 20 25

RRERI TR T



o TEIEEME. BT IOUEEM: RMMCAORILE A LA B BiAE 8-bit 8051 1 E
F Ll 16-bit SPCE061 V-, & Pk Tlcd s (I E A # (e — 36 oo Ac Ay, DRI & 7275
B OURE T B 9 G P A D S RE A BN R T O SO R, P A ANE ) DL 451 ) )
T, W] DUBSE AR RIER — RS, RO S AR S SRR AR AT 4),  [FIIRE e AR e b 3
e AR, SRS & n) UGN TE WA ) S AN, TR R DS ARRE o TR IRER m) DU R R
B AP IR AR AR T A 2 JE B8 1) 3 B B, DA it . B FRPRER . A 2 SRR
o WMEREWE: MFEMIREE: SR BEEE AR S N RARRUE TR e ? A
b, EEEEEE S NEEATRE Sy, AW RRE S PRRIET S, U R R O, R
KBS R MCU ~F& & 8. H iA— MR IS IE S fe ) C&MR5E K, BRI A v LAAE—
R N RIS AT e n it G iRt o FUR L —3),  nl DLAIAE & Rl GE 5 2 E K
5, WM SEEEZ, TUAE SR, e, BRR, GRS, fUHL2. &
BRG] 2, DL 21 50 B BT 0 BLAM AT
8-3 FEEHS
PP AN P JIES 1 7 R R0 I R R B vy, [ R Bh B 5 23 ) (CALL, Computer Assisted
Language Learning) [ 4% LA 213 o] DL 3EAL RS By, b DL T ST B 35 Sl %k ] (CAPT,
Computer Assisted Pronunciation Training) &2 2IW&H, KAl E MR g, HEHERE, n Lk
KEBHOAESIENAL. —RimE, M [ BBk SRmA TREEars] 5
[ S5 ATy ] 4
DL ERDESC A, SR al o i H 222 LRI 2l B Bhat B — 8\ ) — R0 S0 R AR e, A1
AN R — AR A AT LU, DAL R Z HAHT A S 2 B, 3 DU BBl 3 AR s IE R,
R AR HRE, DASOEM ARG . sE o e ol DLER B R
1. BHEEHERE ) SRR R A R AR 2 8 GEH 2 MFCC, Mel-frequency Cepstral
Coefficients),
2. LL Viterbi Decoding #i4T Forced Alignment, LUME Y] s d:— M 135 M BES . R4 75
F 335 B (Speaker-independent) [#4 3235 &5 Hid% L
3. BHg M A B EATRE O RN, AR S E. S SR, DA AT ORISR

MFCC.
4. BREEETE N ZOEATE IR 7, SRARHEEAT INRET2Y, DS RIIRIZ IR A R 18280 1Y
ESESER

a. B FRE N SRS I YERENE, S 1 BOE R & HEHAE Acoustic Models
PR AE, WCRSRL S AT HE A MAS I 8 A 2 AR B 4 AT LU T 43 1)
U TE AR N AR E S R AT REE PR (B n R B RS &), NIk H AT
0 R ARABLRE LU 3R] fi it i Al 5 S B ) e 22
b. o &8 AE— 8 BT 05w B AR SRR H AL S B ATAR U Lu st A2 S, N
AR, DA AR A I A A A R SR B SRR
c. R (BEER): KMWmL, AR BT L.
d. 58 &HA ST SE, AN H R A AT AU L.
s A — R e, FRMeA HZANEARMEREA): She had your dark suit in greasy wash
water all year, #¢i1 Forced Alignment EFi1%, nJLIFS5] 445 %

1 T TT 7T T I T T TT T TP TPy T 707 1 T T T 707 T TTT T
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W E A %ﬁi%mwAMMmﬂZﬁ R S AR s 181 A P A 11 [ 33 B AR S HH K
—E'i?-_ibﬂ‘i? B, DURDEAR RS B, BAM St o] LS g — (i R A AT 3R 2y, SRAE T
aHEAE . IS ERSr TV ] &SR TR e 25T R 2 N &R . (%T@WJEE’JM%E
fif ﬁdF'iEl’J%I#ﬁiJﬁl AT T WERERL, — RS SCER TIMIT, 55— ﬂ%é/%i@lﬁﬁ’]y%
SCREEL, B AR RN th TP A 405, 2 BlEk o BIURE P EE L () S A0 7 5 ¥ R BE L Ji 3E
RE: AT RE: . BDRE: ., AlifE ),

1 Femd i Ly (a1, R LRI TE &8 H Forced Alignment (&5, JEA BV &4 B #02
E%E’J

05§

- ] N I A A O I A | 1 ]

o

0.

m

sl sh iy hhaed yaor d aark s uw tahn griy s iy w aashw ao t er  ao | y ih r sl
CE RSt

Pitch (22. 40%) - 93. 64

Magnitude (7.45%) : 79. 68

Rhythm (17. 24%) - 85. 25

Pronunciation (52.91%) : 76. 29

Score: 83. 10

AR RS 0 2 FIERE 1), R REDE OB X &L Forced Alignment [ 4% 5 :

1 1 1 LI L L L L L L L L L L L L L AL L L AL L AL L 1 T T
05§ |
I | [ R -
0.5 - 1
-1 | | | N L T 1 R AR L1 | L1 ]
sil sh iy hhaed y aor d aark s uw®h n g riy iy w aaskdEc | y ihr =il
GRSy
Pitch (22. 40%) : 91. 58
Magnitude (7. 45%) : 85. 48
Rhythm (17. 24%) - 80. 31
Pronunciation (52.91%) : 72.77
Score: 80. 98

fEig AP, WM [wash ] G893, g R ST D)5 10 A B, L[l
W LLE . wash (RIS ABORAE water sE¥ AL E, 1 water RIAEAHORGE 1. HRIGIERIA
%%, V)T SRR, A BGE ) 7 BOat & L
MBI, WS R
o EEEEWE: dt SN E I e ) CARER, IIRAM A AAE — ﬂxfl/\Eaﬂ
AT SRR ATy, AL AR ARG, 558 s, DUER R et o Bl A, (i
g B VRS %Z*”'o



o WIEEM. BT HSCEE M. PDA: ARSI T BT EAHE K, B LR EEAE A
RS R AN RS (Bl 8 f7csise 16 76 MCU). HU & s 3 32 17T
i (B ARMD, Bk vl CUEAT LR e BRI RE B at4) . v] ARG IRERE H 1T 56 Sl B L1 55
JEREHUE . (FEARBERT & b, RN UEST 5 i)

8-4 FREFS

GEE T, A%, SHEs D

8-5 EFE S
(58, mafifsE, wHE D
¥ 8 Eff#

1. (™) [—EZTEREELTE] FFH: Hohitb e Er4E DS.mat (BT
goCollectData.m Frf3 2| i tHAE %), AR A AREky CAE RS ISR, 20 5 )
BIA. #5%—{f MATLAB F£x pitchExistTest0O1.m, sE#i A& K DS.mat, SR1EHEERHE
HEAT IERUAR ORF BRI S 60 Rl AT AR PR A3, (L BR B A P I E A % R
W= 2 A (R TR R B B0, W dataNormalize.m AREFERENE#HAL) 18, AT H 5
¥ .

a. M KNNR 43480l & Leave-one-out [FIZRREFEAE, Ak 358 E 5 i 1) ph AR 184 (IR
FERHEAKN, WTHEE). sEE W 1 MIE, SRS IRPHEI SR, a3
(1)l T2 SR AR T [«

Recognition rates using inputSelectExhaustive: 21 Models
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amdfiMeax Diff

Zcr

($&7: nJH] dcprDataPlot 2k H &R 20l . )
*£§+§;TLJ<WS~ZEEI’JE%%1J6%*4 f§i[f] SGC (Single-Gaussian Classifier) s &
ATo0 08, e AR EE Y Gaussian T, 30 ) [ E %880 [ .
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There are 39 error points denoted by "x".
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.(*)Ff%% H i — @iﬁmﬁﬁﬁ'* A L A
Chapter 9: Digital Signals and Systems (B i\5EEL R %r)
R TAEITA BRI E SR A AT ), HE AR R A ST, B DAL e & AL AR AR, BT
DLIE SERH DR AR S B, A AR [ B Ss 5% | (Discrete Time Signal) , &AM 3 vl LU E — 51
PSRRI R x(nT), T ZEREREI, n &%, nT AURKRE. & TR, M LA
A x[n] AEREESCRE RIS nT BU(E. BURORE A & A8 M0 5 5 il e Rs e R
AT RETER 5% (Unit Impulse Signal) RA7E n=0 HFIRHEE —E{E 4y 1, HADESEE . nf R
Fi N Il
d[n] =1, if n=0
3[n] = 0, otherwise
L e n] T 21§41 .
Example 1Input file digitalSignalsAndSystems/impulse01.m
% Plot an unit impulse signal

n=-5:5;

= 0*n;
index=find(n==0);
x(index)=1,

% plot

stem(n, X);

axis([-inf, inf, -0.2, 1.2]);
xlabel('n’); ylabel('x’);

title('Unit Impulse Signal \delta[n]");
Output figure



Unit Impulse Signal 3[n]
T T T T T T T

081 .

0.6 .

0.4

0.2F .

-02 ; !
5 - B

U R B IR SRR IR ] E S Tk (EEROBREY, ] DAA 3R 2 e X
d[n-k] = 1, if n=k
d[n-k] = 0, otherwise
NN T IE SR E
Example 2Input file digitalSignalsAndSystems/impulse02.m
% Plot an unit impulse signal

n=-5:5;

X =0*n;
index=find(n==0);
x(index)=1,

% plot

stem(n, x);

axis([-inf, inf, -0.2, 1.2]);

xlabel('n’); ylabel('x’);

title('Delayed Unit Impulse Signal \delta[n-k]’);

set(gca, ‘xticklabel', {'k-5', 'k-4', 'k-3', 'k-2', 'k-1', 'k', 'k+1', 'k+2', 'k+3', 'k+4', 'k+5'});
Output figure



Delayed Unit Impulse Signal 8[n-K]

0.6 .

0.4

0.2F .

-02 1 1 1 1 1 1 1 1 1
k-5 k-4 k-3 k-2 k-1 k k+1 k+2 k+3 k+4 k+5
n

B R SR AT I ] R, ARTENSE x[n] (n=-o~e0) Bl §[n-k] AH3fe, i AR N2 k IH,
CIEE V&S %S/
X[K] = Zn=-eo 8[N-k]-X[N]
MR e, BRAM AT DAREAT ] — U818 SR [ SR 9% e 7 e LA IR SR B AL AE T e f
(Convolution) K, R EF],
FA P HERNGE (Unit Step Signal) HA7E n>=0 RIEZA 1, HA#EEE . T HBERAER R T
un] =1, if n>=0
u[n] = 0, otherwise
FClE T w] 5T 21 $E4)
Example 3Input file digitalSignalsAndSystems/unitStep01.m
% Plot an unit impulse signal

n=-5:5;

X =0*n;
index=find(n>=0);
x(index)=1,

% plot

stem(n, X);

axis([-inf, inf, -0.2, 1.2]);
xlabel('n’);

ylabel('x’);

title('Unit Step Signal u[n]’);
Output figure



Unit Step Signal u[n]
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5 - B .

TIANH R B RORE RN R, A RGN RS, L TR R R 2 .
Example 4Input file digitalSignalsAndSystems/sinusoid01.m
% Plot a sinusoidal signal

n = 0:40;
omega=0.3;
X = sin(omega*n);

% plot

stem(n, X);

axis([-inf, inf, -1.2, 1.2]);
xlabel('n’);

ylabel('x’);
title('sin[\omega n]’);
Output figure
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BT A Oy TR RS x[n] T3, FRAM AT DAAE {8 5 i R e A SR P AR %, 45 21 1 A
yIn], &M B FR AT DU B R s T
y[n] = L{x[n]}
BAEEER, LR L{-} MM R E x[n], n=0~co, My E R s 2 — (i ¥ y[n], n=
0~,
Hint
AR R, BAMBGRAE n ANAERE, x[n] =0, #AJEE, WAGRGE x[n] /£ n = 0 KA B
SR, Bk y[n] BREE 0 = 0 Ky, AHFAEFNME.
W L{-} W2 TAIM S, ERGMA [4MERS]  (Linear Systems) :
1. y[n] = L{x[n]} — ky[n] = L{kx[n]}
2. ya[n] = L{x4[n]}, ya[n] = L{xz[n]} — y1[n] + y2[n] = L{x1[n] + x2[n]}
ST W TIN5 e (7 KR W
y1[n] = L{x4[n]}, y2[n] = L{x2[n]} — ay4[n] + byz[n] = L{ax4[n] + bxz[n]}, for all a and b.
iR FE A [ A ]  (Superposition Principle) , ##fyiha, HEEm 2 &R I R85, mt
W L{-} W2 T, WERGMA [ERSR%t] (Time-invariant Systems)
yIn] = LixIn]} — y[n-K] = L{x[n-k]}, for all k.

WER— RGO, T HARE RN, RAMABILS (A EAER3E &%) (Linear Time-invariant
Systems) , fifE LTI &%t
ELLUT R, JAMBBGERRMPrE 2 K Ryl 2 LTI R,
B IERSE x[n], FRAM T DU IR B4 LA IRET AR (Unit Impulse Signal) HI4H&, a1

X[N] = Sieeo X[KIS[N-K]
PR F AT UEBGE [k ARKRKRH, x[K] FEAE), d[n-k] BEARIM n mEEE] . M3, FXd
AJ LR B

X[N] = Seeo X[N-K]5[K]
BERF T DU R [k ARRIEH], K] [EAE), x[n-k] FEAFM n mEH)] .
DA LTI R& L{-}, wHEAZ x[n] B, HigmZ yinl, o T2 BRI AR

y[n] = K{x[n]}
= L{Zk=0"X[K]I3[n-K]}



= Y=o X[KIL{3[n-K]}

= Yx=0"X[k]h[Nn-k]
Horr h(n-k)=L{8(n-k)} 2&ZRGEIALR n=k BJFAIRE R SEPTZE L 2% (Response) o #h)Ek
Hr, LTI R&EMma L, 524 nl ULl AN GR5E x[n] A1 &R L5 IR E 28 (Impulse Response) h[n]
HIRSE o« HRAJEERE, M LTI ZR T IR 22 E SR E T I (8 R &L A s !
FRAR, AT AR A
Example 1Input file digitalSignalsAndSystems/convolution01.m
% Plot the operation of convolution

n=-7.7,
x=[000000012300000];

subplot(4,2,7);

stem(n, X);

limit=[min(n), max(n), 0, 5];
axis(limit);

title('Input x[n]’);

subplot(4,2,1);

X0=0*x;

x0(8)=x(8);

stem(n, x0);

axis(limit);

h=text(0, x0(8), 'x[0]); set(h, 'horiz', ‘center’, ‘vertical’, 'bottom");

subplot(4,2,2);

y0=0%*x;

index=find(x0);

for i=index:length(n)
yO0(i)=x0(index)*exp(-(i-index)/2);

end

stem(n, y0);

axis(limit);

h=text(0, x0(8), 'X[0]*h[n-0]"); set(h, 'vertical', 'bottom’);

subplot(4,2,3);

x1=0*x;

x1(9)=x(9);

stem(n, x1);

axis(limit);

h=text(1, x1(9), 'x[1]); set(h, 'horiz', ‘center’, ‘vertical’, 'bottom");

subplot(4,2,4);

y1=0%*x;

index=find(x1);

for i=index:length(n)
y1(i)=x1(index)*exp(-(i-index)/2);

end



stem(n, y1);
axis(limit);
h=text(1, x1(9), 'X[1]*h[n-1]"); set(h, 'vertical', 'bottom’);

subplot(4,2,5);

x2=0*x;

x2(10)=x(10);

stem(n, x2);

axis(limit);

h=text(2, x2(10), 'x[2]"); set(h, 'horiz', ‘center’, 'vertical', 'bottom);

subplot(4,2,6);
y2=0%*x;
index=find(x2);
for i=index:length(n)
y2(i)=x2(index)*exp(-(i-index)/2);
end
stem(n, y2);
axis(limit);
h=text(2, x2(10), 'X[2]*h[n-2]"); set(h, 'vertical', 'bottom);

subplot(4,2,8);

stem(n, yO+yl+y?2);

axis(limit);

title('Output y[n] = x[0]*h[n-0] + x[1]*h[n-1] + X[2]*h[n-2]");
Output figure
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y[n] = L{x[n]}
= L{Zk=0"x[n-k]I5[K]}
= Zk=0" X[N-KIL{B[K]}
= Zk=0"X[n-KIh[K]}
HHA BB A 2, I BAMKE 2 e 8% [hEfi]  (Convolution) :
y[n] = x[n]*h[n] = Zx=0"Xx[KIh[n-K]} = Zx=0"X[n-K]h[K]}
EREE S AT T ARk -

x[n]*y[n] = y[n]*x[n]

2. &AH
(xEnP*yIny*2n] = X[J*(y[n]*2[n])
3. JrBofE:
x[n]*(y[n]+z[n]) = x[n]*y[n]+x[n]*z[n]

y[n]=x[n]*h[n] — y[n-n;-nz]=x[n-n;]*h[n-n;]
L SR FRAP SR R W i N BRSO T B R SR, A0 SR T A 2 1 eR BT AR LA N R BT A
X, R RO A 280 TEH KB (Eigen Function) . ASHTR M, e8GR EL (5l
BO W LTI REG A R E
L SR AP 1) i N bR B {1 R B e
x[n]=e"
TR AR 2 AT ) A5, ) 13 23] R i 2
y[n] = x[n]*h[n]
= 2 x[n-k] h[k]
= 5P h[k]
= 5eP"PK hk]
= eP's e Pk h[K]
= e”"H(eP)
BAERE, W R yIn] S U N B EER E A H(eP) (= Zke™ h[k], &R ABE R i
SALMREO UL ERMER THREERE0E LTI REMEGRE .
PEIBREAMERE, AT AR, RS R R R R B AR TR 7, o] DUAT A8 D i B, S
15 e HOR B B EE Y, FREATARTEAN S, T AAS B SR N R B B R e, T SRR R
W
x[n] = ae™ + be? — y[n] = aH(eP) + bH(e)
BHABL I R, FAM AT LUME ] Euler Identity AR i HE B8 B
e = cos(0) + j sin(6)
)R
cos(0) = (€ + e1)/2 = Re{e}
sin(0) = (€ - e)/(2j) = Im{e}
DRI, i A\ A
x[n] = cos(on) = Re{e"}
S0 JEE iy HH )
y[n] = Re{e*"H(e")}
= Re{&" |[H(e")| €}, 6 = LH(?)
= Re{|H(”)| &M



= [H(€")| cos(wn + 0)
BAEEE, R BOE R cos, HARBMMIMME T 0= ZH(E), EiRtbR LT [HE?). M
a5, FREHAE . |
o WERFAMAFE AL, JIFEE b BB H(Ee™)| ARILARGEAF MR o HIEL
SRR R BRI R AR [H(E) 2%y T8 AER % | (Magnitude
Frequency Response) .
o ZH(E®) HIFEA [HIf7 5% %% | (Phase Frequency Response) . (— i &,
WP E], AN AL R ERE, A BEEE . D
o H(e") Mt AM RGN [HHHEEE] (Frequency Response)
R PN
x[n] = sin(on) = Im{e’"}
Fjig 2
y[n] = Im{e""H(e)}
= Im{e”" |H(&")| €°}, 6 = ~LH(e™)
= Im{[H(&"*)| &P}
= |H(&")| sin(on + 6)
PRI, FRAM AT LA 2 il Aham: B8 LTI RGN T, E#8ARBOE — 85— 5Z 3 R BN, i
A — o R AR [ 54 0 BRI, AR MR AN AR A & 4 R el s, ol 1 7 8 R
BUPBERAIE H(®) 1.
IR RS, FRAM ) AR R 95 R B
x[n] = "
U J5 S JE () oy L _ _
y[n] = €“"H(e")
Horp H(E™) RiZ h[n] [ T #EACHE 87 45883% | (Discrete-time Fourier Transform) , #J LI
INUTE
H(e") = S¢h[k]e ™k
HE b, IR RE ARG AT A, ARG AR, AT RE SRS
ST ig SO AR P EOR O, PR RAM ] DA S L8 o A RRE P A A5 B R 2
Chapter 10: Fourier Transform ({37 ZE#H##R)
Old Chinese version
TAMAERT =, AR T LTI REPAR B, a2 T 5 JURAET %2 11 il ek P ] e 57
BERER, W] F AR s N S AR AR SR P AR IR IR ANAR A % . A, S I Al R ] AR
x[n], o THEEaR A BE R ] (R DTFT) A OEHRn] IR T
X(e°) = 2k x[K]
x[n] = (2n) " f2.X(e)e" do
F b R 58— 27 BRI AT o W e AR W T b, i X(€0) A MIERE 2, ik
Fe i [ v DURAE R E R 2r (IR ]
HEE BT, ATLATRAM AT LK x[n] SRk 2 5 R LA BRI € [ARPEAH S ThAE— M LA bR B
RIZiE R T X(e) Aedthl. asmae, X(e©) AR xn] AR o MoE, W5
L LI
FHIEATYAR 2y ny A, A — M R B f(x) PR, FAM o] DU S zliE i -
[0%™ f(x) dx = limy-coZk=o"* f(k-(27/N))-(27t/N)
PRI AR x[n] A2 29, AT LUK LR B 2k, RoRtnF
x[n] = Re{(2n) ™" [2:X(€”)" dw}
= (2n)" [2x Re{X(e")&""} do



= (2n) 2x |X(&®)| cos(wn + 0) dw, 6= X(e)
= N7 2o [IX(€%)] cos(on + 0)]o=2x0n do, N—00
BATEEH, x[n] CARIRARR N 8 8R5% R BURARTEAL &, TS LU AR X BRI A SR S 0 %)
2n(N-1)/N, FEIRALE |X(E)N ZERHEMER I G x[n] EHEL Tt vy LLE AT SRR %
fift, BRI R SR AR, )
b S A st i, Ak ay AR, DTFT LA w8 455 2 B 7 35
1. W h[n] 22— LTI RAEMIREZ)E (Impulse Response) , i EE
H(e")=x,hlk]e ™ T LR UL RGBT AR o (0RBRITIE 1 2
|H(e")| FARfL £H(e"™).
2. WIS x[n] & (AT EENEE, TREE X(€)=Sx[Kle ™ #tnl LLAC R M Be¢E AN A
SR o [ R/N HES) FIMIAL ZH(@E™).
LT 1) H Bl R ] e 37 5 g 1) — 2 ) 380 () S R 4
1. SR PP
z[n] = a x[n] + b y[n] —— Z(e!®) = a X(€") + b Y(e!)
2. JEIE:
x(ej(w+2 krc)) — X(ejw)
WAEES, DTFT WA 2n.
3. GEENEH -
yIn] = x[n-k] —— Y(") = & X(€")
4. JiEfH:
yIn] = X[n]*h[n] —— Z(&") = X(e*)Y (")
A, 7R R R A A TS et
W x[n] A2 EEHUT A, BB AT LR REY DTFT X(€1®) Mt e 3 An kg iR ik 40 2,
X(e°) = 2e K x[K]
= TiX[K] cos(wk) - j Zix[K] sin(wk)
= Xr(€") + j Xr(€')

o
Xr(€®) = Zix[k] cos(mk)
Xi(€') = - Zix[K] sin(ok)
ST Y L R

o JLHEEHAR: X(€) = X(e™)
Xr(€") FEME PR
Xi(€") JE73 UK
IX(e")| 2R
ZX(€°) ST REN
FERT—HTH, BT CUE A T ORE S SR ] (R RE DTFT) 2ok — Beuens SR s i 44
BEEE 0 2t AHE 2 —RIE G R B, WA SRS R, RIAS BT A & Tl e B g |
(Discrete Fourier Transform) , f&§# DFT, II&EE 5 — B ISR 5 pl 2L 251 il b 2 1)
SE S, DMEAS AR AT AR
WIRIRAM PS8 ] L R x[n], n = 0~N-1, JBEE DFT A F:

X[K]=(1/N)*Snzo™" x[n]*exp(-j*21*n*k/N), k=0, ..., N-1
IS el SR XIK] FTARIAEFAVE k MR 11 K EERERA I RAR, RIS SR XK]
THFG A [ 4H5E | (Spectrum) , TR X[K] 34T, FRAMEAG A [HHES 047 ] (Spectral Analysis) .
Tt Ay DA b i S A AR XKD, AR 4G S8 x[n], 4 F

X[N]=Zk=0"" ' X[k]*exp(j*2n*n*k/N), n=0, ..., N-1

Hint



DTFT A1 DFT ARMEL, 2 1 A i 2 P ] ), SR T 2 2 — (0] A PR P B 4 e
1A% A AR O B, SE S P v S Ale e A7 B L
SEBC SRR R SR
o HWERJFIGENGE x[n] A7 N Bh, REEERAH A ESE X[K] e N AL
o MM, XK & —H#EE, HA/NE |(XK])|  (abs(X[Kk]) in MATLAB) , A4
& £ X[K] (angle(X[K]) or atan(imag(X[k])/real(X[k]) in MATLAB).
o WERIELREGE x[n] ASREECEG R XIK] A XIN-K] g SR, e (XKD =
[(XIN-K])| BAK £X[K] = - £ X[N-k].
WA x[n] 2EEL JATAT LU x[n] Fosan
x[n] = X[0]
+ X[11*exp(j*2r*n*1/N) + X[N-1]*exp(j*2n*n*(N-1)/N)
+ X[2]*exp(j*2r*n*2/N) + X[N-2]*exp(j*2n*n*(N-2)/N)
+ X[3]*exp(j*2r*n*3/N) + X[N-3]*exp(j*2n*n*(N-3)/N)
+
B RS kM, A
X[k]*exp(j*2n*n*k/N) + X[N-k]*exp(j*2r*n*(N-k)/N)
= X[k]*exp(j*2n*n*k/N) + X[N-k]*exp(j*2n*n)*exp(-j*27*n*k/N)
= X[k]*exp(j*2n*n*k/N) + X[N-k]*exp(-j*2r*n*k/N)
= 2*Re(X[K]*exp(j*27*n*k/N))
WRIATEL me Ros XIK] BIRAN, BLope & XK BARAL, 88 L xCn) BUB i anh -
2*Re(my*exp(j*pk)“exp(j*2x*n*k/N))
= 2*Re(m¢*exp(j*(2n*n*k/N + pk))
= 2*my*cos(2n*n*k/N + py)
—famE, N 2 2 BEEL BE x[n] ATRAR S H
x[n] = X[0] + 2*Z=1V? ' m*cos(2n*n*k/N + pi) + mn2*cos(n*n + paiz)
aaha, AR LU R as a R S R B AR SE X[0] 0 b N/2 RSB AH G, 18 L%
st XKl IR/, TARAZ RIS XIK] ARG . PRI A S 800 xIn] 5, B A f A B
B XK, k=0~N/2, WEEnREA [ BLEHERE | o AHA0E L BB SHRE 1 sz 1+N/2 i, 44
FHHNBIR o 2 fSIN*(0:N/2), TESesZ iy [HEARILM ] .
FEEE LR A SNAREHE DFT, Brag BB & O(n?), {HAE 1965 4F, 424tk —
EWREE AL, RIS NG O(nlogn), & &AM A [Py ik | (Fast
Fourier Transform, & FFT), #f)ifa, FFT ZHAREHHE DFT BPadisik. #H MATLAB,
B R fit.
o, TAMEH MATLAB K fft 54 Ackmss B BGISRZ DFT (RERLEivE, Wt
Example 1Input file ft/fftSym01.m
% This example demonstrates the pair-wise conjugate of DFT (M #4] fE7~ BHGNSE 2. DFT REIL
k)

N=64; % Length of vector
x=randn(N, 1);
z=fft(x);
plot(z, '0); grid on
%compass(z);
% Connect conjugate pairs (b T S i ) fu B s ik 7))
for i=2:N/2+1

twoPoint=z([i, N-i+2]);

line(real(twoPoint), imag(twoPoint), ‘color’, 'r');
end



Output figure
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W L Ay LUA Y, DFT ARECE SRS R O i i e il , QRIS LR WG & ASLie i W) 7 20k
H B,
Hint
BN EGENSE x[n] 1055

o H N ZREUR, HA X[0] A X[N/2] SRR -rrE HARE R I 2 SR

.

o B N KA U, HE X[0] R —mE, LR A B IR
W x[n] ta Ty eiE SRR AL B b ], IR D A ) AR, A% AT R AR BN 2y
%, BAATH MATLAB Bassin -
Example 2Input file ft/fft01.m
% This example demonstrates the two-side DFT of a sinusoidal function (1% 5] & 7 — Il ff B 1E 5% 0% 1)
AL, DU SRR A ER)
% Since the sinusoidal function has a frequency to be a multiple of fs/N, the two-side DFT have only two
nonzero terms. (ML 1E5Z K ARG T2 freqStep FHEELAT, Bt DLEEISSHEE ERZ WA i E 2R BE)

N = 256; % length of vector (%i%%)

fs = 8000; % sample rate (HUERSHA)

freqStep = fs/N; % freq resolution in spectrum ($EIR KIAER (K EAT 1)

f = 10*freqStep; % freq of the sinusoid (IE543 1IAHAR, 1572 freqStep MIFEHLT)
time = (0:N-1)/fs; % time resolution in time-domain (P4 (1) 5 ] %1 J55)

y = cos(2*pi*f*time); % signal to analyze

Y = fft(y); % spectrum

Y = fftshift(Y); % put zero freq at the center (% FH 2 i (1) 2= 25 & )

% Plot time data
subplot(3,1,1);



plot(time, y, ".-");

title('Sinusoidal signals'’);

xlabel('Time (seconds)’); ylabel('Amplitude’);
axis tight

% Plot spectral magnitude

freq = freqStep*(-N/2:N/2-1); % freq resolution in spectrum (FHIE FHH R 1) fET )
subplot(3,1,2);

plot(freq, abs(Y), '.-b"); grid on

xlabel('Frequency));

ylabel('Magnitude (Linear)’);

% Plot phase

subplot(3,1,3);

plot(freq, angle(Y), '.-b); grid on
xlabel('Frequency));
ylabel('Phase (Radian)’);
Output figure

Sinusoidal signals
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Example 3Input file ft/fft02.m



% This example demonstrates the one-side DFT of a sinusoidal function (JH: & 451 & 7~ — il £ B 1 5% 38k (1)
LR, DU SR B R)

% Since the sinusoidal function has a frequency not a multiple of fs/N, the two-side DFT smears. (I 1F 5%
WA AGE freqStep [IFEELA:, P LAEESSERE & [ (B ] (Smearing))

N = 256; % length of vector (i%%)

fs = 8000; % sample rate (HUERSHA)

freqStep = fs/N; % freq resolution in spectrum (FHIE FSH R 1) fET )

f = 10.5*freqStep; % freq of the sinusoid (1F 543 SRR, AN freqStep [
HEWAE)

time = (0:N-1)/fs; % time resolution in time-domain (PR3 )RR [H] 221 J)
signal = cos(2*pi*f*time); % signal to analyze

[mag, phase, freq]=fftTwoSide(signal, fs, 1); % compute and plot the two-side DFT
Output figure

Input signals (fs=8000)
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Example 4Input file ft/fft03.m

% Same as fft02.m but use one-side DFT instead ([7] fft02.m, {H LLFEi%SERE 2 BEIR)

N = 256; % length of vector (i%%)

fs = 8000; % sample rate (HUEAER)

freqStep = fs/N; % freq resolution in spectrum (FHIE FHH R 1) fET )

f = 10.5*freqStep; % freq of the sinusoid (1F 543 AR, AN freqStep [
L)

time = (0:N-1)/fs; % time resolution in time-domain (PR3 )RR [H] 221 J)

signal = cos(2*pi*f*time); % signal to analyze



[mag, phase, freq]=fftOneSide(signal, fs, 1);
Output figure

% Compute and plot one-side DFT

Input signals (fs=8000)
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Example 5Input f|Ie ft/fft04.m

% This example demonstrates the DFT of a real-world audio signal (%87~ 15

[y, fs]=wavread(‘welcome.wav');
signal=y(2047:2047+237-1),

[mag, phase, freq]=fftOneSide(signal, fs, 1);
Output figure
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Input signals (fs=11025)
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Example 6Input file ft/fftApproximate01.m
% This example demos the effect of square wave approximation by DFT

figure

L =15; N = 25;

x = [ones(1,L), zeros(1,N-L)];
frameSize=Ilength(x);

runNum=3;

for i=1:runNum,
pointNum=ceil(frameSize/(2*runNum)*i);
X = fft(x);
magX = abs(X);

% Actually 2*pointNum-1 coefs are taken

remainindex=[1:pointNum, frameSize-pointNum+2:frameSize];
X2=0*X;

X2(remainindex)=X(remainindex);

x2=ifft(X2);

x2=real(x2);

subplot(3,2,2*i-1);



end

stem(x);
hold on
plot(x2, 'r");
hold off

title(sprintf('x[n] and %d-points approximation’, 2*pointNum-1));

axis([-inf,inf,-0.5,1.5])

subplot(3,2,2*1);

shiftedMagX=fftshift(magX);
plot(shiftedMagX, ".-"); axis tight

title('DFT of x[n]’)

hold on
temp=ifftshift(1:frameS
ind=temp(remainindex)

ize);

plot(ind, shiftedMagX(ind), 'or'); grid on

hold off

Output figure
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Example 7Input file ft/fitApproximate02.m

% This example demos the effect of FFT approximation

[y, fs]=wavread(‘welcome.wav');
x=y(2047:2047+237-1);

figure



frameSize=Ilength(x);

runNum=3;

for i=1:runNum,
pointNum=ceil(frameSize/(8*runNum)*i); % Actually 2*pointNum-1 coefs are taken
X = fft(x);
magX = abs(X);

remainindex=[1:pointNum, frameSize-pointNum+2:frameSize];
X2=0*X;

X2(remainindex)=X(remainindex);

x2=ifft(X2);

x2=real(x2);

subplot(3,2,2*i-1);

plot(x, ".-");

hold on

plot(x2, 'r');

hold off

title(sprintf('x[n] and %d-points approximation’, 2*pointNum-1));
set(gca, 'xlim', [-inf inf]);

subplot(3,2,2*i);
shiftedMagX=fftshift(magX);
plot(shiftedMagX, ".-");
title('DFT of x[n]")
hold on
temp=ifftshift(1:frameSize);
ind=temp(remainindex);
plot(ind, shiftedMagX(ind), 'or'); grid on
hold off
set(gca, 'xlim', [-inf inf]);

end

Output figure
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Example 8Input file ft/fffRepeat01.m

% This example demos the effect of FFT for purely periodic signals

[y, fs]=wavread(‘welcome.wav');

X=y(2047:2126); % A full fundamental period

runNum=5;
for i=1:runNum
repeatedX = x*ones(1,i);
signal = repeatedX(®);
% signal=zeros(runNum*length(x), 1); % Zero-padding version
% signal(1:length(repeatedX))=repeatedX(:); % Zero-padding version
[mag, phase, freq, powerDb]=fftOneSide(signal, fs);
mag=mag/length(signal); % Divided by vector length to normalize magnitude (due to the
formula used by MATLAB)

subplot(runNum,2,2*i-1);
plot(signal, '.-'); grid on
title("x[n]"); set(gca, 'xlim', [-inf inf]);

subplot(runNum,2,2*i);
plot(freq, mag, ".-'); grid on;
% set(gca, 'yscale', 'log");
title('DFT of x[n]’); axis tight;
end
Output figure
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Example 9input file ft/fftZeroPadding01.m

% This example demos the effect of zero-padding of DFT

fori=1:3
L =5; N = 20*i;
x = [ones(1,L), zeros(1,N-L)];
subplot(3,3,i*3-2);
stem(x);
title(sprintf('x[n] with N=%d",N));
set(gca, 'xlim', [-inf inf]);

omega=((1:N)-ceil((N+1)/2))*(2*pi/N);
X = fft(x);

magX = fftshift(abs(X));
subplot(3,3,i*3-1);

plot(omega, magX, ".-";
title("Magnitude of DFT of x[n]’)
set(gca, 'xlim', [-inf inf]);

phase=fftshift(angle(X));
subplot(3,3,i*3);
plot(omega, phase, ".-");
title('Phase of DFT of x[n]’)
set(gca, 'xlim', [-inf inf]);



set(gca, 'ylim', [-pi pi]);
end
Output figure
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Example 10Input file ft/fifReSample01.m
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% This example demos the effect of FFT approximation

[y, fs]=wavread(‘welcome.wav');
X=y(2047:2126),
X=y(2047:2326);

n=length(x);

F = (0:n/2)*fs/n;

runNum=5;

for i=1:runNum,
newX=x(1:2(i-1):length(x));
newFs=fs/(27(i-1));
X = fft(newX);
magX = abs(X);
frameSize=length(newX);

subplot(runNum,2,2*i-1);




plot(newX, ".-');
title('x[n]");
set(gca, 'xlim', [-inf inf]);

subplot(runNum,2,2*i);
freq = (0:frameSize/2)*newFs/frameSize;
magX = magX(1:length(freq));
M=nan*F;
M(21:length(magX))=magX;
plot(F, M, ".-9;
title('DFT of x[n]’)
axis tight;
end

Output figure
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Example 11Input file ft/fftViaLse01.m

% FFT via least-squares estimate

N=8;

fs=1;

time=(0:N-1)'/fs;

x=rand(N,1)*2-1;

A=ones(N,1);



for i=1:N/2

A=[A, cos(2*pi*(i*fs/N)*time), sin(2*pi*(i*fs/N)*time)];
end
th=A\x;

plotNum=fix(N/2)+2;

subplot(plotNum, 1, 1);

N2=(N-1)*5+1; % Insert 4 points between every 2 points for better observation (ph £ i 48 A
PUEL, LUMEEISCEIE)

timeFine=linspace(min(time), max(time), N2);

x2=th(1)*ones(N,1);

plot(timeFine, th(1)*ones(N2,1), '.-', time, x2, 'or"); % Plot the first term (& Hi 2 —IH)
ylabel("Term 0 (DC)); axis([0 N/fs -1 1]); grid on

for i=1:N/2 % Plot terms 2 to 1+N/2 (25 55 — 2% 1+N/2 IH)
freq=i*fs/N;
y=th(2*i)*cos(2*pi*freq*time)+th(2*i+1)*sin(2*pi*freq*time); % a term (&} —1IH)
X2=X2+Y,

fprintf('i=%d, sse=%f\n", i, norm(x-x2)/sqrt(N));
subplot(plotNum, 1, i+1);
yFine=th(2*i)*cos(2*pi*(i*fs/N)*timeFine)+th(2*i+1)*sin(2*pi*(i*fs/N)*timeFine); % Finer
verison for plotting
plot(timeFine, yFine, .-, time, y, 'or'); ylabel(sprintf('Term %d', i));
axis([0 N/fs -1 1]); grid on
end

% Plot the original signal (2 H J& A5 5%)
subplot(plotNum, 1, plotNum)

plot(time, X, '0-"); axis([0 N/fs -1 1]); grid on
xlabel("Time"); ylabel('Orig signals’);

% Transform LSE result back to fft format for comparison (# th [0 fft f ELig4h H)
F=fft(x);

F2=[];

F2(1)=th(1)*N;

for i=1:N/2
F2(i+1)=(th(2*1)-sgrt(-1)*th(2*i+1))*N/2;
if (i==N/2)

F2(i+1)=2*F2(i+1);

end

end

% symmetric of DFT (DFT 15 1k)

for i=N/2+2:N
F2(i))=F2(N-i+2)";

end

errorl=sum(abs(F2-F.")); % F."is simple transpose (F.' J& ANiEAT 3L ajufis () e E)
error2=sum(abs(F2-F")); % F' is conjugate transpose (F' J& AT Il 45 i i ')



fprintf('Errors after transforming LSE to DFT coefficients (# LSE ¥l DFT {REUIIFRZE):
errorl=%f, error2=%f\n", errorl, error2);

fprintf('Due to the symmetry of DFT, one of the above error terms should be zero. (1> DFT [11%}5%
P, FIRRREEZA —IHAE. )\n);

Output message

i=1, sse=0.462366

i=2, sse=0.310406

i=3, sse=0.281771

i=4, sse=0. 000000

Errors after transforming LSE to DFT coefficients (4 LSE Rk DFT {R¥NHIERZE) :
error1=0. 000000, error2=10.527154

Due to the symmetry of DFT, one of the above error terms should be zero. (HJ® DFT [
PR, IRRREEZA —HAE,

Output figure
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(*) FHED ISR —: 55 il MATLAB £z vowelSpectrumPlot01.m, 52/ K
FI1iRe:
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3. subplot(3,1,3): Tl & HE (1) BLi% S A A7 i .
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f. WM PCA B LDA g ek on 5 SR 0w 2 A5, W0R 2 & H
A, BEER LN R RS, LERIRE R R .
4. (**) FHEIOCRREFR ET M SR 11 MATLAB i
vowelSpectrumRecogEnglish01.m.m, IhREUNE _E—rE, (ER S8 9 28 s o S
B [ises . o. U] o
Chapter 11: Digital Filters
A B A SR AE BT AR R Y FH B 8Dk % (Filters) , M0 A B GEILIEA o — B N O 41 it 91
Wedts, AESEBRARG BRI, wTREASTEAHARAEAE, WO 2 o ANHAE M A& T, s
B MATLAB 454, T DANGAS & 22300 B4 RE R 2047 o
i HL RS, (R AS P LU P a5 a i b AR, Hrp a KRR p, b KRERZ g, 1M
H a BEE—HcsE ar AKERE 1, W
a=1[1,ay, ... ay
b= [b1, by, ... bq]
HRMICAA2Y a M b BRERa I 2] — BOEAORr AR SE x[n], PSR p& 2 yIn], #I LA
BRI
y[n] = bax[n] + box[n-1] + ... + bgx[n-g+1]
-ay[n-1] - asy[n-2] - ... - apx[n-p+1]
AR AR AT B, NI ACE AR, e s & .
HoE, Wk
a=[1]
b =[1/5, 1/5, 1/5, 1/5, 1/5]
JUS JEE Y b % ) i H 52
y[n] = (x[n] + x[n-1] + x[n-2] + x[n-3] + x[n-4])/5
TE A — M0l 5 B U e, AR EE AR, WA A R, AR AR SR A L TR T ME, RiE
El e as AT [ ] (Low Pass) HURCR, #Hn)aliat, FCRARETAIEGE CRgAmils) , &G
TIECRTE), IR, PR AR ISR ) s SR 2 e RIS, TSRS 20 R EE AN 2 2] 5%
B, FTLLE —BIE AR ARG 4y [ IED %S ] (Low Pass Filter) . fRIEIEI S RCE, sl % H
AR5 M T, P U IRTE . B0, PR .
Hint
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Example 1Input file filter/IpfO1.m
waveFile='whatMovies.wav';

[, fs, nbits]=wavread(waveFile);

% Filter parameters

a=[1];

b=1[1,1,1,1,1]/5

y = filter(b, a, x);

% Plot the result

time = (1:length(x))/fs;

subplot(2,1,1);

plot(time, x); title('Original signal x[n]');

subplot(2,1,2);

plot(time, y); title('Output signal y[n]");

wavwrite(y, fs, nbits, 'IpfOl.wav'); % Save the output signal
Output figure
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7E bRt y =filter(b, a, x) B HREAFASE x LIEIASSE a Al b, 2 AR IS 2% 1
5% yo B FREEIETE T LUE W, FEmSER s OUHR SRS, sRORE R SRS, 18
SR ACETE P A PR . FRAM b ] DA 48R B SR I 22 52

o JRESE x[n]: exampleffilter/whatMovies.wav

o JEILESHHEENGE yIn]: example/filter/IpfO1.wav
BAAER 53— HHIE D 4% -

a=[1]
b=[1,-1]
TSR Y % 1 i HH gl
y[n] = x[n] - x[n-1]



PR, IR A A, SR TSR A AR R kg i I R A BT (R [ B O(E, DAL AL 2
ralGR (Rl aRgR) Lz R e g A, A BIZIREGE (RIS GE) , 2= Rl
RN, P DA — SR8 s A wiis 4 [ modygdids | (High Pass Filter) , &% 5L T 4184

Example 2Input file filter/hpfO1.m

waveFile='whatMovies.wav';

[, fs, nbits]=wavread(waveFile);

% Filter parameters

a=[1];

b= [1! '1],

y = filter(b, a, x);

% Plot the result

time = (1:length(x))/fs;

subplot(2,1,1);

plot(time, x); title('Original signal x[n]');

subplot(2,1,2);

plot(time, y); title('Output signal y[n]");

wavWrite(y, fs, nbits, 'hpfOl.wav'); % Save the output signal

Output figure
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R S JE T LA B, 7E s BRI s OCHGE S sy, ASERR IR B B BRSO, it
PRI S A RO . B ] DL B A AR ) 2 L

o JRESE x[n]: exampleffilter/whatMovies.wav

o JEILESHHENTE yIn]: example/filter/hpfO1.wav
A T Il A 2 AR, RIS AR (PR, IR D R B IR A A E ) R ICICR,
LL R A
B T ol ARE JE A A, IR A ] DL AR S RN A ) R, i

a=[1]
b=[1,0,0,0,..0, 08 (s T 3199 f1%)



JUG JEE Y b % ) i H 502
y[n] = x[n] + 0.8*x[n-3200]

RAEEE, TGRS Th Rt S [ e & s ), @A — oy, HIESER fs = 16kHz,
FI 22 1 5 P Re ] 22 42 3200/fs = 3200/16000 = 0.2 0. & HL T 41 #f) «
Example 3Input file filter/echo01.m
waveFile='whatMovies.wav';
[, fs, nbits]=wavread(waveFile);
% Filter parameters
delay=0.2;
gain=0.8;
a=[1];
b =[1, zeros(1, round(delay*fs)-1), gain];
y = filter(b, a, x);
% Plot the result
time = (1:length(x))/fs;
subplot(2,1,1);
plot(time, x); title('Original signal x[n]');
subplot(2,1,2);
plot(time, y); title('Filter output y[n]’);
wavWrite(y, fs, nbits, 'echo01.wav'); % Save the output signal
Output message
Warning: Data clipped during write to file:echoOl. wav
> In wavwrite>PCM Quantize at 241

In wavwrite>write wavedat at 267

In wavwrite at 112

In echoO1 at 15

In goWriteOutputFile at 32

Output figure
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7 LR HIHI T, gain = 0.8 AR F LK LAE, 1 delay = 0.2 Rl & iRl 22 . Fefr ] LR
B I AR AT A i L 0 7 5
e JEE5E x[n]: example/filter/whatMovies.wav
o JEIR A HENGE y[n]: example/filter/echo01.wav
IR R A, R R E Y. R E 2 EE T, AT AR A
a=[1,0,0,0,..,0,-0.8] 3T 3199 fil %)
b =[1]
JUS JEE Y U % ) i L 502
y[n] = x[n] + 0.8*y[n-3200]
EfE A ThRER S [ 2 EM &S], gaEE2EEE, HIESAR fs = 16kHz, JjE% 2 [H
[FIIRF[H] 25 72 3200/fs = 3200/16000 = 0.2 #b. &f WL T 4111
Example 4Input file filter/echo02.m
waveFile='whatMovies.wav';
[, fs, nbits]=wavread(waveFile);
% Filter parameters
delay=0.2;
gain=0.8;
a = [1 zeros(1, round(delay*fs)), -gain];
b=[1];
y = filter(b, a, x);
% Plot the result
time = (1:length(x))/fs;
subplot(2,1,1);
plot(time, x); title('Original signal x[n]');
subplot(2,1,2);
plot(time, y); title(‘'Filter output y[n]");
wavWrite(y, fs, nbits, 'echo02.wav'); % Save the output signal
Output message



Warning: Data clipped during write to file:echoO2. wav
> In wavwrite>PCM Quantize at 241

In wavwrite>write wavedat at 267

In wavwrite at 112

In echo02 at 15

In goWriteOutputFile at 32

Output figure
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FRAM RT AR £ il S AT R I of i L ) 22 5L
o JRESE x[n]: exampleffilter/whatMovies.wav
o VEMZERHENGE y[n]: exampleffilter/echo02.wav G5 F [ B ES | e ? )
P b, JAMS g T AR RE LA (R s, W I  ACETR A A8 an ] LLRS LK) MATLAB 457
L AT RS, RN HLAUR
AT LI butter 52 2KkE%ET—{# Butterworth JEipds, SHIA1T
Example 1Input file filter/butter01.m
fs=8000; % Sampling rate
filterOrder=5; % Order of filter
cutOffFreq=1000; % Cutoff frequency
[b, a]=butter(filterOrder, cutOffFreq/(fs/2), 'low');
% === Plot frequency response
[h, w]=freqz(b, a);
plot(w/pi*fs/2, abs(h), '.-"); title('Magnitude frequency response’);
grid on
Output figure
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76 bR #FIF, A butter 54 2<E%5T 18 Butterworth (i BNy, HAg LT
[b, a] = butter(order, Wn, function)
BR NS, AT LR
o order ;EUEUASIIFEE, FEBOBOR, MBS, HEFHE e e, o
RSB A28 a M b REE, 5574 order+1.
o Wn ZIEHALAIEAEZE, A 0 Al 1 2, EHEEERE fs I, Fragigrm
B RRIE fs/2, P DL s AL S 2 f= 1000, JIE/Z Wn = f/(fs/2).
o function & —fil7H, function ='low' fFEZ(CEIENEA, function = 'high' {3
AR e AR B DU B e, S BRI, HUE A x Bl y i IR, B DA R
AR o 18 Lo [ B AR 2 B8 Bl 28 1 [ 4R 2E | (Frequency Response) , /R AN[ASHR FIHR
GRASTE I IED ARy, ol BRI . ROARHIE T, FRAM S EEE AT LA E R 1000 Hz (198
Weds, PR EERT DIE W, 5 RN e s o
BRI RS OB EGE Yy, A TEIAS 2 a M b MREEE, MERCRIEE, HEHEE
e R E R 2, REEOEAE, ISR a A b MRS, SHEERC, HEENNRK
Rberagos, S5 F A6
Example 2Input file filter/butter02.m

fs=8000; % Sampling rate
cutOffFreq=1000; % Cutoff frequency
allH=[];

for filterOrder=1:8;
[b, a]=butter(filterOrder, cutOffFreq/(fs/2), 'low’);
% === Plot frequency response
[h, w]=freqz(b, a);
allH=[allH, h];
end
plot(w/pi*fs/2, abs(allH)); title('Frequency response of a low-pass utterworth filter');
legend(‘order=1', 'order=2', 'order=3', 'order=4', 'order=5', 'order=6', 'order=7', 'order=8');



Output figure

Frequency response of a low-pass utterworth filter
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Example 3Input file filter/butter03.m
cutOffFreq=1000; % Cutoff frequency
filterOrder=5; % Order of filter
[, fs, nbits]=wavRead(‘wubai_solicitude.wav');
[b, a]=butter(filterOrder, cutOffFreq/(fs/2), 'low');
x=X(60*fs:90*fs); % 30-second signal
y=filter(b, a, x);
% ====== Save output files
wavwrite(x, fs, nbits, 'wubai_solicitude_orig.wav');
wavwrite(y, fs, nbits, sprintf(‘wubai_solicitude_%d.wav', cutOffFreq));
% ====== Plot the result
time=(1:length(x))/fs;
subplot(2,1,1);
plot(time, x);
subplot(2,1,2);
plot(time, y);
Output message
Warning: Data clipped during write to file:wubai solicitude 1000. wav
> In wavwrite>PCM Quantize at 241
In wavwrite>write wavedat at 267
In wavwrite at 112
In butter03 at 9
In goWriteOutputFile at 32



Output figure
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B v AT JU AR SR RN D s i H SRR ) 22 L
o JEE5E x[n]: example/filter/wubai_solicitude_orig.wav
o JEM S HENSE y[n]: exampleffilter/wubai_solicitude 1000.wav
AR BRI 3, v 5 AR AR PR 1.
WUERFRAR L SAAR R E B 100 Hz, IR B A IO RRGE, i 7 R ae B 2IC & sy, #0440
I
Example 4Input file filter/butter04.m

cutOffFreq=100: % Cutoff freq (& 1-5E%)
filterOrder=5; % Order of filter (&5 &% 1) F4E0)

[, fs, nbits]=wavRead(‘wubai_solicitude.wav');

[b, a]=butter(filterOrder, cutOffFreq/(fs/2), 'low');

x=x(60*fs:90*fs); % 30 seconds of singing (30 FL )

y=filter(b, a, x);

% ====== Save waVv files ({7#)

wavwrite(x, fs, nbits, 'wubai_solicitude_orig.wav');

wavwrite(y, fs, nbits, sprintf(‘wubai_solicitude_%d.wav', cutOffFreq));
% ====== Plotting (=)

time=(1:length(x))/fs;

subplot(2,1,1);

plot(time, x);

subplot(2,1,2);

plot(time, y);

Output message

Warning: Data clipped during write to file:wubai solicitude 100.wav
> In wavwrite>PCM Quantize at 241



In wavwrite>write wavedat at 267
In wavwrite at 112

In butter04 at 9

In goWriteOutputFile at 32

Output figure

35

o JEE5E x[n]: example/filter/wubai_solicitude_orig.wav

o JEMEREHENSE y[n]: exampleffilter/wubai_solicitude 100.wav
IRWIEE Y, &30 T JEpas AE, HB MISE s 8, 1 B g Lo B S g s, A
S LA T AEE, RIS BORYIETIA . CEAR, dE RGBS, A AT AR,
HIRZ AN E R, D
USRI SR HEAS W AR A S BT S AR S 4 A, nl DU g OIS N SR € (i ] CoolEdit
ARHE, w] AR BURFRBOERED , i ERZ 0T DU ISP R & B4

o HULIHAE =100 Hz: exampleffilter/wubai_solicitude 100.wav

o #UFHEZE =200 Hz: exampleffilter/wubai_solicitude 200.wav

o #UFHEZE =300 Hz: exampleffilter/wubai_solicitude 300.wav

o #UFHEZE =400 Hz: exampleffilter/wubai_solicitude 400.wav

o #UFHEZE =500 Hz: exampleffilter/wubai_solicitude 500.wav

o #UFAEZE =1000 Hz: example/filter/wubai_solicitude 1000.wav

o JEEN5E: example/filter/wubai_solicitude_orig.wav

%11 BEx

1. (**) Use filters to obtain pure-tone signals: Write a MATLAB script to separate a
mixed signal of 3 pure-tone components, as follows.
a. Load the audio file mixSinusoid.wav which is composed of three pure-tone signals
with some noise. Can you identify the pitch of these three pure-tone signals by aural
perception?



b. Use fftOneSide.m to plot the one-side magnitude spectrum with respect to
frequency. What are the frequencies of these three components?

c. Use three Butterworth filters (low-pass, band-pass, and hig-hpass) to recover these
three components. What is the cutoff frequency you used for designing each filter?
Plot these three components for the first 1000 points.

d. Play these three signals to see if you can hear pure tone. Add these three signals
together and play it to see if you can resynthesize the original signal.

Chapter 12: Speech Features

Old Chinese version
— R A\ SR B g, e B E A AR e A, AR EEEATE I N O, ek
s N ECE L. e Gm b, JRAM AT BLEAT T 51 20 A

1. FE—EEHE AT — (A AR R AR TE Y

2. SRBGEAFEAIE I DFT.

3. Ml DFT sEtAsamt e, WS oAt e ARE A S HE AR L, DAEAT Rl = ko
—FRAREE, SRR R R K 2, DR — {1 R B O 5, R BRI e e Y R R A KA, A
R AtPRIE (Formants), MAE At LU NIEMEIE], wog Il — S HE iy 5 — (8 58 HE R A
oo, /o OH W O B & OB OE M L koo Error:
D:\users\jang\books\audioSignalProcessing\example\chap11-speechFeature\fftFormant01.m
does not exist!

{EFES P (Speech Recognition) FlEE# ¥ (Speaker Recognition) J5 T, 5 F 3555
Bt [ ESEREZ ] (Mel-scale Frequency Cepstral Coefficients, fiif MFCC) , 228
% & BN H B A RIBHAR R RS AR, DR o & el & P MR E —a W] MFCC iyaH5
AR
1. FE58FA (Pre-emphasis) : KBS aGE s(n) T — I 5y il 8 45«
H(z)=1-a*z"
Hrra /it 0.9 M 1.0 Z e 7 AR IE S U 7R, THIRRZ ISR so(n)
s2(n) = s(n) - a*s(n-1)

TE 1 H PR 2 T W BRSNS U, R AR E AR S (5 92 B R

BTN = S 7y o g — MR R EER BT SRR LG o > T T 3 {18 497

A LS FE FHGRF BT AR RBCR . Error:

D:\users\jang\books\audioSignalProcessing\example\chap11-speechFeature\pr

eEmphasis01.m does not exist!

£ 12 FE

Old Chinese version
1. () FHES SRR IRENERE: S50 MATLAB i
vowelFormantRecogChinese01.m, %&£k F#ZhfE:
a. AT ISR, SR B E 16KHz/16Bits/Mono, %S INAETCRES Y. 1.
X, . Tl CEEigfiEreg, WERg 2 MMassE, CUEREET AEYE,
CIRYE ¢V AR o S
b. fiif] wave2formant.m (in ASR Toolbox) A&HI P AFLHRIA, FH B A% 2
formantNum=2, frameSize=20ms, frameStep=10ms, IpcOrder=12, iz 8 2
wave2formant.m [ TERE 2.



2.

c. f#if] endPointDetect.m (in Audio Toolbox) &+ Hiig T35 (K] BH 46 A
HEA B v B H T 28, AR A RE

plotOpt=1,

% A B EAED) HE T . R]

nl:lﬁﬁ/f_LEO ﬂﬁ%”
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PIE{E ] endPointDetect.m 21 35 H vy B (e U &5 5, 1 e e Fi2 40 T [«
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e. 75/ knnrLoo.m (in DCPR Toolbox) #&4 i H knnr #3855l LK
leave-one-out k% .

(**) Frame to MFCC conversion:

Write a MATLAB function frame2mfcc.m that can

compute 12-dimensional MFCC from a given speech/audio frame. Please follow the steps

in the text.

Solution: Pleae check out the function in the Audio Processing Toolbox.



. (***) Use MFCC for classifying vowels: Write an m-file script to do the following tasks:
a. Record a 5-second clips of the Chinese vowel [ Y. | . X, ¥, T ] (orthe English

vowels "a, e, i, 0, u") with 16KHz/16Bits/Mono. (Please try to maintain a stable pitch
and volume, and keep a short pause between vowels to facilitate automatic vowel
segmentation. Here is a sample file for your reference.)

. Use epdByVol. m (in Audio Processing Toolbox) to detect the starting and ending
positions of these 5 vowels. If the segmentation is correct, you should have 5 sound
segments from the 3rd output argument of epdByVol. m. Moreover, you should set
plotOpt=1 to verify the segmentation result. Your plot should be similar to the
following:
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If the segmentation is not correct, you should adjust the parameters to epdByVol. m
until you get the correct segmentation.

. Use buffer2.m to do frame blocking on these 5 vowels, with frameSize=32ms and
overlap=0ms. Please generate 5 plots of MFCC (use frameZ2mfcc. m or waveZmfcc. m)
corresponding to each vowel. Each plot should contains as many curves of MFCC
vectors as the number of frames in this vowel. Your plots should be similar to those
shown below:
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d. Use knnrLoo. m (in DCPR Toolbox) to compute the leave-one-our recognition rate
when we use MFCC to classify each frame into 5 classes of different vowels. In
particular, we need to change the dimension of the feature from 1 to 12 and plot the
leave-one-out recognition rates using KNNR with k=1. What is the maximum
recognition rate? What is the corresponding optimum dimension? Your plot should
be similar to the next one:

100 ! ! !

90 ' : T T T

Recog. rate (%)

30 /

20 [ f i i i
0 2 4 6 8 10 12
MNo. of features

e. Record another clip of the same utterance and use it as the test data. Use the
original clip as the train data. Use the optimum dimension in the previous
subproblem to compute the the frame-based recognition rate of KNNR with k=1.



What is the frame-based recognition rate? Plot the confusion matrix, which should
be similar to the following figure:

- (] L] -+ s} - (3] o =+ il

1 1 0 1 0 0 1] 91.67 0 8.33 0 0

2 0 12 0 0 0 1 I] i 1I]0 IIIIIIIIIIII 0 N 0 IIIIIIIIIIII 0 IIIII
il o 3 ] ] 0 3 0 25 75 0 0
Jo oo iwie Jo oo iwmo

5 2 0 1 4 5 5| 16.67 0 8.33 33.33 41.87
-Conf. mat. of data counts Cor-lf. mat. of recog. rates (%)

Overall recognition rate = 81.36%

f. What is the vowel-based recognition rate? Plot the confusion matrix, which should
be similar to the following figure:

- o L ~+ 0 - N . . .
1 1 0 0 0 0 1] 100 0 0 0 0
21 o ; o . . 1 I] g mo ............ 0 S 0 ,,,,,,,,,,,,, 0 IIIII
il o 0 1 0 0 il o 0 100 i} o
Lo o e
5 0 0 0 0 1 5 ] 0 0 0 100

-Conf. mat. of data counts Co-nf. mat. of recog. rates (%)

Overall recognition rate = 100%

(Hint: The vowel-based recognition result is the voting of frame-based results. You
can use mode to compute the result of voting.)

g. Perform feature selection based on sequential forward selection to select up to 12
features. Plot the leave-one-out recognition rates with respective to the selected
features. Your plot should be similar to the next one:
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What is the maximum recognition rate? What features are selected?

h. Use LDA to project 12-dimentional data onto 2D plane and plot the data to see if the
data has the tendency of natural clustering based on their classes. Your plot should
be similar to the next one:

LDA projection of vowel data onto the first 2 discriminant vectors
T T T T T T T T T T

200+

-200 - : 8

Input 2

-400 ' .
-600 - .

-800 .

1 1 1 1 1 1 1 1 1 1
-800 -600  -400 -200 0 200 400 600 800 1000 1200
Leave-one-out recog. rate = 73/73 = 98.630137%

What is the LOO recognition rate after LDA projection?
i. Repeat the previous sub-problem using PCA.



Chapter 13: Speaker Recognition (& #:#)
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1. (***) Programming contest: use GMM for speaker identification: Please see the
detailed descriptions.
Programming Contests for Audio Signal Processing

Roger Jang (5REE)

AAEZEN) H IR AEAL [R) SRR AR 4 4] LA GMM (Gaussian Mixture Model) [R) 7V AR MEAT 5l Hf %k (Speaker
Identification) , WGE Rl ufny s B o5 fifi 2 BRI m HE %
1. W NEIE R
o exampleProgram.rar: FTAg 01 FE 200 .
o aber ol AR RE A S A RS P SR R S A = A, N ARk B 2o g
2. QAT AT FEAFE
o Jufzth go.m LRI waveDir 825, 5 HE Eﬁ'ﬁiafmfﬁjﬁzﬁfi
o {t MATLAB #a A\ go BIn[. ph@IdLA] 7AW -Hagas, H¥e) (3t 5 ) H
AAllZE GMM, EEWH) (3L 5 7)) HIAHIE, inside test #fifi# % 100.00%, outside
test Fak#40 99.00%. (FFHTED go.m, FEREAAT AR ARERL, HEH)
FAGNEK GMM, HECA] R 2GS, Il inside test #alR 4 98.63%, outside test 3
A 97.26%.)
3. $ﬁfﬁ' FECRR I
go.m: FRERX, WEEMAGEEIGEE. KIURHE=n S, JISE GMM B8, DL
¥ inside test /% out5|de test [RIFFRHR o
o wave2mfcc.m: kA IR . MFCC (Mel-frequency cepstral coefficients) ) eR#4.
C phy LP R S 1 P B AT 26 4, 1-12 4EJ2 MIFCC, 13 4/ log energy, 14-25
i delta MFCC, 26 #E/2 deltalog energy. 1H 2R H (1) 22 82
setFeatureParam.m FT4E 11 .)
o gmmTrainm & gmmEval.m: GMM [PFllEk K55 . GELER U IAE depr #iii . )
speakerlD.m: FIFHFISR5EH GMM AR MEATSEE HER, W0 PR
4, ﬁﬂﬁ%ﬂﬁlﬁﬁfﬁﬂﬁfﬁ LSBT I R (75 2% "Robust Text-Independent Speaker
Identification using Gaussian Mixture Speaker Models™):
o & TRRTIE, gom RAERMHDEGEER), HEAEIAREN), AR e R IR
%z, PrUMREHR — G Pud g
o fE ¥ BT I, —Iﬂ%/\ﬁ silence X EFAEAR G, FL A A A AL S5
0 Eﬁ#ﬁaﬁéﬁﬁﬁ, afLLE
M5 Gaussian component RS . ((HANEE T H 2= Gaussian component 11
W, WRIEEEAE inside test PR S, {H outside test HFFRA AL
L)
« HOEAIEN) k-means [IRUGTTE, AE1F GMM  IRIGIAR fE S0 15 B AT 1 R
B o
« % center-splitting 1) VQ 7532 (vglLbg.m).
«  #fE gmmTrain El’]i_lb\%l B e 215 K1 log probability .
FIEANE variance SN
0 E#ﬂ%ﬁﬁ%#ﬁﬁiﬁﬁ, A LLEAT R AR IH:
FXH HTK 1) feature extraction p&#i (htkWave2mfccMex.dll).
«  HHUT 2-12 4k MFCC.
= Cepstral mean normalization
= Difference coefficients



= Frequency warping
o fENNIHETE T
= AJLUEIENY vgKmeans.m 2 R4 REIY vaKmeansMex.dlIl, e 4 R i .
« Ak gmmTrainm K12, RIPTLLECE M C IRA.
5. Zfeilat: BhZErEAT inside test F1 outside test, LA 2 -IIME A S RETEAE,
6. MERZ LARORE %
gmmParam.mat: GMM {28k %
BN wave2mfce.m, EE—fif .
method.txt: & 20 AR 1) 77
AR AR HEABARAE 5 R R

Uk o
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1. (***) Programming contest: use GMM for speaker identification: Please see the
detailed descriptions.

Chapter 14: Dynamic Programming

[@hRE =) | (Dynamic Programming, &% DP) J& 4R A % 5 15 Ak SR 45— {18 5 R i B FE At
DP (k528 B> Richard Bellman i) Principle of Optimality:
An optimal policy has the property that whatever the initial state and the initial decisions are, the
remaining decisions must constitute an optimal policy with regard to the state resulting from the
first decision.
g E A, e — R A b, T — iR T R1E (Partial Path) #8025 & AH Bl -1~ A 8 1) B
FERRAS, RIS B A AN e e AR A . T8 2 MR WIERITE B, m] DAR R A op 2 Ak n BLs
W, AR EERER B, AT RUA R 2 AR .
SR AREE, LU 2 B [ B 2

©

O

@
(1)
2 o 5 7
Start @ , @ @ @ @
(5)
3, 3 (1) 6 (3
oz
3k

o BEfRIEAS (Link) AR R, AL B8y AR L 2 % BTl A ] o
LM p(a, b) RAKIEEESL Node a 1 Node b 2 1 i 5 IR ] o

o BEfEHEIES (Node) AU —flldrly, Hii R b A8y R IE i A 2 7 (1 R ]
AR q(a) AAGLER Node a Py HIREH] .



B Start, #25E Node 7, &5 RIFAM U] $ 5] — B0 A, AF 154 S B B 4K B BT AE 1 PR ]
2 BRI DP [, wwu EF—MHRE t(h), UM Start | Node h (7%
it Node h) EJHIER], MR t(h) e FAIIEE B R

t(h) = min{t(a)*+p(a,h), t(b)+p(b,h), t(C)+FJ(C h)} + q(h)
6 FIR RS, R E R E] Node h [UETENE =M, 4302 a, b, co /nIEMR:

PRI, FRAMETH S R

t(1)=4+5=09
t(2) = 2+4 = 6
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Start

Hint
PRmr AELIE i, sUeT DU A BUENIE, B F] DP BRI
gt ERAMEHE AR T, LSRR IS AT Bt S A AR, A B 2 A E IS
DP [EtE, RA THRE:
1. fEGT5 DP BRSO AT AR08 B B R0 Sk d AR B AS A AU, A REAEAE SR B4R,
Pl (Back Tracking) 2 H 1) 56 {5 i ) dpe 1 B 4% o
2. AR RS, R AT IR Top-N FH&J%, AR EE Lid
i H DP £k,
LCS & HALRZHR M AE MM A, LB H AR R T — 38075 8% LCS(a, b) &5
a fl b E@%%%Iﬁl?%%ﬂﬁ%& R AT LT H] DP (U772 k 4T LCS HYATAL, 'l L T
1. # x=y, H] LCS(ax, by)=LCS(a, b)+1
2. #7 x#y, HJ LCS(ax, by) = max(LCS(ax, b), LCS(a, by))
AR 8 SR & LCS(a, []) = 0, LCS([], b) =
LN &2 LCS 18-
Example 1Input file dp/lcs01.m
strl = 'prosperity’;
str2 = 'properties’;
plotOpt = 1;
[lcscount, IcsPath, lcsStr, IcsTable] = Ics(strl, str2, plotOpt);
Output figure



LCS table and LCS path; with LCS = propert
T T I

T I T I T
st 1 2 3 4 4 5 6 7 7 7
el 2 3 3 4 5 6 7 7 7
1 2 3 3 4 5 6 7 7 7
Wt 1 2 3 3 4 5 6 6 [
g .
2 r 1 2 3 3 4 5 6 & 6 6
a
n e
o e 1 2 3 3 4 (5 s 5 5 5
2
%o 1 2 3 3 (4] 4 4 4 4 4
° 1 2 @3 3 3 3 3 3 3
r 1 2 2 2 2 2 2 2 2 2
A 1 1 1 1 1 1 1 1
1 | 1 1 | 1 1 | 1
P r o s P e T i t y

String1 = prosperity

ED J)—MEGHE TSI o 2 R EE 7%, e H AR AR A S (0 S A 22 /D IR P I ok
(Delete) . #fiA\ (Insert) . f# (Substitute) &5 = fHILAT R, AREMHRIZE M7 H. |
i ED(a, b) &7 a Ml b Mgk, RIFMEL T LT DP BJ7iiskiErr ED [EHE, BE
LUrF:
1. #7 x=y, H] ED(ax, by) = ED(a, b)
2. # x#y, HJ| ED(ax, by) = min(ED(a, b), ED(ax, b), ED(a, by))
FHBE (138 FA& LRI 2. ED(a, []) = len(a), ED([], b) = len(b).
Hint
— B FAMAE DOS i fo BUEAE UNIX ] diff 2 L (i SC kg RN, &M ED
RUEAT PLIE LLET
DTW & Dynamic Time Warping F¥fii#%, = 3Cn] DA Rl [ B REIRE il $1 th | el [ B Rewms ke ik
g MR TE)ReI# ] (Dynamic Programming, f&if% DP) (55, w LU R & Lk
SR IRE F] R R BAIG o
DTW [ H a2 ZE 4 il ) &2 (W] i ds e el . — R 5, B E n A [ i & x Al
Yy, B ] R R T DA 28 4% B ] 1 AR ﬁ%ﬁ@?’\%i?‘%‘:ﬁﬁ%ﬁ (Euclidean Distance) :
dist(x, y) =[x - y|
HE W R B REAR, e M, Stas il Bl ARG S . —&m s, &
15 P01 1) 72 1R 0 2R 7 AR AR IRE ] i A TRAM 6 25 A IR T W 7 O 2, RT3 AP AL A a1 3 i {11
) B R UC2R B BRI R, IR D ZHEE S — A AR 77, A 0T DL B s A 0 3 ER R
A E t M or, REEZE m il on, B DTW B HEE, #2233 (p, q1),
(P2, G2), - (P QK)}, AL IR BRAE 0 [BEBIEE ] BHEREER S | t(pi) - () | Zadee/s,
H, SRR 2 AL T B A
o UETER: (p1, a1) = (1, 1), (P, qk) = (M, n). MhimBhRRIAKIE L [8HEH. B
B M.
o JATBER: (AR AR FAT— B LA R (i, ), ARy —Bh kA = i)
AE: (i-1,)), (i, j-1), (-1, j-1)o BEJRIPBEMRE 28 7 B AR TE, mHBBE T t 1
s Rm R DBIE—E r TR, KZIRR.



DI g
Dii—-1,7]

D, j-1)
D=1, =11

EE,  FAMEL AT 1R Pt 48 2SR i PR 2SR 2 FRAM T UMY DP R EE, Aels DTW fiid s
FIVY KD

1. HEEm E5%: £3% DG, j) & t(1:0) 1 r(1:) Z MK DTW FRif, S RER i

BASRH (1, 1) ER G ).

2. AFERRBCZIEEER: D@, j)= | t()-rG) | +min{D(i-1,]), D(i-1, j-1), D(i, j-1)}

3. uEhELE: DM, 1) = | t(1)-r(1) |

4. HR%%: D(m, n)
1E_ R AR A, BAM A B A%, B AR, DG, j) MERZRIRAA D((1:), r(1:))s
A REMEMEHL A D(-,-) A1 tor WEMR. S350, D() BB FAIBREFPER : D(t(1:0), r(1:))) = D(r(1:)),
t(1:0))o
TEE RN, FRAEE Fe @ — AR D, JLAERE A mxn, SRS EMEARRITN D(1, 1),
SRR PRI IRIE B R, BATEZR A E DG, j) MME, &AM UARIRMTEREZE D(m, n).
WHRFRAMBR T 2408 DTW FEEk 2 4b, 75 B AH B e A s 18 FR 3l R RE£E R SR 1 B 4R oy
SRRk RE A /NS P E I R A, ELBFRAMSR S D(m, n), 78 578 [ i — i e A B A A
Wit —PE e, AR R AR S, B BRAE DP M4 Back Tracking.
H LR EAT A5, DTW (IR RS mxn, WHBRIERAREL T .
WAL, 7 iR, TAME R TR E (1, 1) ER (), TN PR e, ST
FEH G, ) ER (m, n), HEEER DTW ML DUR R 51 DY K5 %

1. HAE RS £5% DG, j) 2 tim) M or(n) 2R DTW Shpk, e e i g

i (i, j) EF (m,n).

2. BEEER: DG, )= [t()-r() [ +min{D(i+1,]), D(i+1, j+1), D(i, j+1)}

3. uiEi&AE: D(m, n)= | t(m)-r(n) |

4. JR%E%: D(1,1)
FIBEVETA RIS S, %S FHTIR 7V 56 A A
Tl % 211 local path constraint, & 27°-45°-63°, 1 F [& i 7n:

D, j)
D=2, j+10 Diu=-17-
O
Dii-1.7-2)

A local path constraint, &4 N4 (f:
o & [BKET) , DA RGN, BN DTW BRAOR rikha th Ry



o USSR R AT S I KRR () e /ML, IR AR R A e ol 27 80 63 S, LA
Aol 3658 1) 1) B WS PG
R A ESRE TS EE. BE )R] 1k, IR EIRE local path constraint, FeA"ltnf LA
it global path constraint, 41 fis:

J 4
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/
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L=/
e i /
/ /
)RR, 724 DTW MLLBHA RS, EWNE RIEWILELENA 0.5 F1 2.0 26, Rk
A AT BEFR R SR AR A W R A F e REFHIE ¢ global path constraint, A Z#E#4T DTW
ATELIRE,  HURT LA AR 2 AN BT LI 4)
WURFRAM LR [EHSEE, RAEM ] (s, Gl [hengiEs] 1) (st ] m, JRER%
JEI7] global path constraint 41T :
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f
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f_..-" .
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1. (***) Function for edit distance: Please write an m-file function editDistance.m for
computing edit distance, with the usage:
[minDist, edPath, edTable] = editDistance(str1, str2)
2. (***) MATLAB function for type-2 DTW: Write an m-file function dtw2m.m that is
equivalent to dtw2mex.dll (or dtw1mex.mexwin32) in the DCPR toolbox. The usage is
[minDistance, dtwPath, dtwTable] = dtw2m(vec1, vec2);
You can use the following example as a script to test your program:
Example 1Input file dp/dtw2test01.m
vecl=[0123321001210];
vec2=[00123210001320];
[minDistl, dtwPathl, dtwTablel] = dtw2m(vecl, vec2);
[minDist2, dtwPath2, dtwTable2] = dtw2mex(vecl, vec2);
fprintf(‘'minDist1=%g, minDist2=%g, error=%g\n', minDist1, minDist2, abs(minDist1-minDist2));
dtwPlot(vecl, vec2, dtwPathl, dtwPath2);
Output message
minDist1=3, minDist2=3, error=0

Output figure
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For a more extensive test with timing measurement, try the following example:
Example 2Input file dp/dtw2test02.m
% Compare the speed/distance difference between various versions of type-1 DTW

% ====== Output test
beginCorner=1; endCorner=1,
testNum=100;
fprintf(*%d runs of output tests:\n', testNum);
for i=1:testNum
vecl=randn(1, 25);
vec2=randn(1, 30);
[minDistl, dtwPathl, dtwTablel] = dtw2m(vecl, vec2, beginCorner, endCorner);
[minDist2, dtwPath2, dtwTable2] = dtw2mex(vecl, vec2, beginCorner, endCorner);
if ~isequal(minDist1, minDist2) | ~isequal(dtwPathl, dtwPath2) | ~isequal(dtwTablel,
dtwTable2)
figure('name’, 'dtw2m()"); dtwplot(vecl, vec2, dtwPathl);
figure('name’, 'dtwlmex()"); dtwplot(vecl, vec2, dtwPath2);
fprintf('Press any key to continue...\n'); pause
end
end
fprintf('\tDone\n");

% ====== Speed test

testNum=200;

matl=randn(testNum, 25);
mat2=randn(testNum, 30);

fprintf("%d runs of timing tests:\n', testNum);
tic



for i=1:testNum, dtw2m(mati(i,:), mat2(i,:)); end
timel=toc;
tic
for i=1:testNum, dtw2mex(mat1(i,:), mat2(i,:)); end
time2=toc;
fprintf('\ttime1=%g, time2=%g, ratio=timel/time2=%g\n’, timel, time2, timel/time2);
Output message
100 runs of output tests:
Done!
200 runs of timing tests:
timel=1.50159, time2=0.0140599, ratio=timel/time2=106. 8

For simplicity, you should only consider the following situations:
o You only need to consider the case of "anchored beginning and anchored end".
o You need to add the global constraints where the feasible region is a parallelogram.
o You can assume the inputs are row vectors.
The behavior of dtw2mex.dll should be exactly the same as those described in the text. If
you find any discrepancies, feel free to let me know.
. (**) Implementation of a speaker-dependent voice-command system using DTW: In
this exercise, you are going to use MATLAB to implement a speaker-dependent
voice-command system. Basically, the user can record a 3-second utterance and the
system will identify the most likely command via DTW. To create such a system, we have
two stage for registration and recognition, respectively. During the registration stage, we
need to prepare a database where the user can register their utterances for recognition.
This involves the following steps:
i. Prepare a text file "command.txt" manually. The file should contains at least 10
commands. An English example follows:
ii. one
iii. two
Iv. three
V. five

You can also use the following Chinese example:

= A

28 S/UPN

BN

Eh T

(In fact, you can use any language you like to prepare the text file.)

vii. Write a script for the users to record these commands twice. To increase the
variability, you should record each command once in a run, for two runs. (You can
use "textread" command to read the text file.)

viii. After each recording, you should perform endpoint detection and feature extraction,
and store all the information in a structure array recording of size 2*n, where n is
the number of voice comands in "command.txt". The structure array recording
contains the following fields:

= recording(i).text: Text for the i-th recording



= recording(i).mfcc: MFCC for the i-th recording
ix. Save the variable recording to recording. mat.
During the recognition stage, the user can hit any key to start 3-second recording, and
the system will demonstrate the top-10 results on the screen according to the DTW
distance. The recognition stage invloves the following steps:
X. Load recording. mat.

xi. Obtain the user's 3-sec utterance.

xii. Perform endpoint detection and feature extraction.
xiii. Compare the MFCC with that of each recording in the array recording using DTW.
xiv. Rank the distance.

xv. List the top-10 result (by showing the texts) according to the distance.
xvi. Go back to step ii unless ctrl-c is hit.
Some hints follow:

o All recordings are of the format: 16KHz, 16Bits, mono.

o The system should allow the user to do repeated recordings until ctrl-C is hit.

o You can use epdByVolHod.m for endpoint detection. After each recording, the result
of endpoint detection should be displayed on the screen immediately to facilitate
debugging. (It is in the Audio Processing Toolbox.)

o You can use wave2mfcc.m for feature extraction. (It is in the Audio Processing
Toolbox.)

o You can use either dtw1mex.dll or dtw2mex.dll for DTW. (Both are in the DCPR
toolbox.)

When you demo your system to TA, make sure you can have at least 3 utterances to have
the correct answer in top-1 results.
4. (™) Programming contest: Use DTW for speaker-dependent speech recognition:
Please follow this link to have more descriptions.
Chapter 15: Hidden Markov Models (HMM)
AT & DTW, K35 2 R EEE A (Speaker Dependent) [HIRE #ak, 181 IE
PRI 5 ZEAE I B AT SR, AR UL R AR BB AT SR (055 5 BB, BREARAEME S EAR
i B, AELAE 0 72 L 5 [R] o7 i o PRV o ARHEA T UL, DR obb P [ Lol , 28 H iy -4
Name Dialing %545, {H & a1 S 2554 R (Speaker Independent) [¥aE & HEik, i A
578, mi TFEm R iR | (Hidden Markov Models) , fi&E HMM.
HMM S HRIE R &A1 BRI, 5 )38 S B Sl R Rl e e R 08, A AR ()
KA, HMM 3R] B3 il ph K8 -
o Discrete HMM: fiifi DHMM, B p8kos e i &k, ks s
AIPRE YN ity - ¢S ES IR
« Continuous HMM: fiif§ CHMM, JLrhBl (i 50 & MBI AT B 4 i R B,
#l41 Gaussian Mixture Models (GMM) 2545, iz SR 5 1 by BIAR A2 52 KB 1
i E R (Modeling) B, B I J77 K34 & Maximum Likelihood
Estimate (MLE) .

DHMM # Discrete Hidden Markov Model Hf§#G, $IEESHERIER TS, M0 HAE, i
el KR EER, B EPREEE A d S, DHMM, 3R1% 5 FoAm E A48 FH 2 g A\ TRt B f
1%, BBRAGEE A)EAT i B &2 MFCC RFEHERL, SRE K MFCC 126 2 Bl Haikan f B JE 1
] DHMM, 5B — R R A, MR n) DHMM, T e s f) a2 It R S 9
A AL

BT, BB R FAM ) H AR 0 ~9 M FEEBESHIRARL, BT LAY Rk
PR 1 -



1. WCERERE: R FAM () F AR AE A B s S sk, I LA BRAM P C B ) e} 2l
oA 2 A T RE RS, Bl
o BEEFMN: SHAFRKN, WEHH L&D wE MRS, DR I .
o BRVTASE. HUNARIMAEE, GInAFKZ TR AR RS,
o JHIEBIEE: BR T EAELEFHIMEA SEATECT AL, W] DIERD BB B
LU 53R 55 2 bl R B MR R IR DT
2. FEHCAR G RGT ARG I8 R I A A
FEIEAT DHMM [t iy, B 2068y dar i HMM B, DIy T s 4
#l, B HMM B8] DU 7520 F -

0.7 0.8 1.0
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ARG, BOTUAE TJL) BIs U ome— M TiR&] (States) , 2@k Y. 1. X W%
T, B {I%EETU@/\ZHL%%{IENI‘E A — il HE S 1%):'75" EIRRE AR, 2 F— (AR 2k
N, My [IRREHE ] (State Probability) o MbAh, B —fEF AR ARIRE,  FRAM w] LLRE G S HE
RIAE HRTIIR TG, o] LIRS HE RS 2] R — (IR A8, 38 LT 2Rt 02 B R 2 R, oA 2 [
¥HE# ] (Transition Probability) , 3k [ A% ] (Self-transition Probability)
ARARGE B e B AE H AR B IO, A [ IXiER %] (Next-transition Probability) s-AXZ 5T
(1) HEBk 2 R — (IR B A A
P — Ml S HE A s — I EE SR A v &, FRAME SE A VQ AORHE SeRe f ) = ST 5%
(Symbols) , #hajaha, B —(HSHEFTHIER VQ BEEFRGIME (Index) , BJE IS HERIFFHE.
VB AR IR, k=0() EIE framei #74)3] cluster k.
& T AR Y, TR E e R
o frameNum: — Bt & Frv) i (15 HE(E 5
o dim: Bl HETEHE ) EE SR R BN AE RS (FIAnJEAT) MFCC A 12 4B .
o stateNum: —fii DHMM ¥R R %Y
o symboINum: FFSEMMHE, Wt VQ B
HMM (128, shtds [IRREHEAR ] F1 (R HE ] , SRBWT:
o FRAMIEH LIFRRE A AFOREHEA, HAETZ stateNum x stateNum, F A(,
) BUZFRHHRAEE i BERIRAE E’Ji‘%kiﬁ fltnde B, BAREE 1 BkEIRGE 2
iR IE 0.3, Ik A(1,2)=0.3. —BME, AG,j) w2 FoMgE::
o FEMEATIRIEREI, P )‘Enﬂ% AR N —RAHAR IR R, R A, §)
=0 if j#i and j#i+1.



o HIRKE ARG E, P iSRRI 1, B AG §) + A, i+1) =
10
o FRAMIME LUHRE B 2Rk RBHER, HAEE & symbolNum x stateNum, B(k,j) B
JETRTTIE kK FREIIREE | B . HAREs, B w7 H 798 3 [IRE]
FORER, RIAS E 56 0 RS HE, BAM b 2855 OG) R IS (S HEAT BHEFF5% K,
SRAZ TR B(k,j) $RH S HEE MIRE j 1R,
BB A& SE (L] 1 HMM RSB 280 A Fl B, R E sk 198 — Bk, 3k
M an ey 55 2R BB A Y [ IL) IR B 2 SRRy RN, FRAM G e 185 A 18 25 HE 43 i 1) 45 {11 1K 78
2, A IRAMBE S AT B HE B AR B s MR AE 2 e M 775 R% 4y Viterbi Decoding, 18 /&R 2
B [EREsR# | (Dynamic Programming) FIJ7v2:, o HSCERAF S8 E 00
1. HEEREL: &3 DG, j) & t(1:0) A r(1:) Z MR, t(1:0) 2R i EHE
(R ) S P R AR R, r (1)) RIDE AT j RAREEFTE ) DHMM, ) it
BAREH (1, 1) ER @)
2. EWBEI{Z: D(, j) = B(O(), j) + max{D(i-1, j)+A(, j), D(i-1, j-1)+A(-1, j)}
3. Bt D1, §) = =(1, j) + B(O(1), j), j = 1 ~ stateNum
4. JIE%%: D(m, n)
N R A
J

b

States X f“-
LI --‘ >

P00 auorl00ll Frames

@ F X (based on log prob.) : BRI R :

: A [ DG—-Lj)+A(.]) Dii-1,7]
D(i, j)=B(O(). t]')+ma:>;<‘ ; (_ _ 7 Lf J_- _\ J
IDG—17-D+A4(j-17)

e

Dit, 5]

Dir-1,7-1)

SERRIER, LR BUR, AP AR [ B ] (Log Probabilities) , Jit
DA e Db ZE s e [ W RS, RS R TN, B N AU R -

o LINVEAREUART:, BRARFT S IR 1

o WERH T FH N e T 3 S B R A
BGREE AR A FUREHER B U0, AELSH Viterbi Decoding, e nl DLk 4% (BRI
BAERC TR, AT B RIS AR AR A e, BB SRR N\ Gl & AR A It DHMM (1%,
TRk s, AR AGE SRS [T .
AER BOG))HERS, #Z [EHE | MENRRE | )% ] , (HE/E DHMM Al CHMM )%
EZEBARK, FRaF:

o {£ DHMM, #EFHE B(O(),)), HMSELIRBEHE | PrtErrFsE o), Rig

S ERLERILTFE O®G) BIMRRE | iR 2 B(O(), j).

o {E CHMM, B(O(i),j) s&H —RIEA MR LR BT e, 550 F /DN,
EE, Wl &8 p KRB R AR A AR HMM B 28 A FI B W ? Bk, FdMabZise e
FATE R [HESW] - B —MRrems, BESBUE A B JER TR RLE A s K1
WA, IBIE M MLE 522HF, taER &3,



A E RSN T, WA Re-estimation, HJRPHIER ML batch k-means (Forgy's method) (1)
D5k, SeAE A CFI OB I{H, FEREHELT Viterbi Decoding, SRBFEBNE A F1 B {E, Wit
RABEFHE, AT DL AR R T, BRI RN, HBDETREE. (HE, s
k-means Clustering, FAM 1l #6554 H)WTH?UEI’J&&?{E;E Global Maximum, X HAERNISR i 4,
AU AN F UG 280 BB SRR RIS, Resfs 2L BRI . D KIS BUR 7k
m%m?
1. KT RN AREE A V) A, R — M S HERE R A Rl 2, 0 39 AT
MFCC.
2. BTARE SR N EIEAT VQ, A ) B TR E symbol (R Ry IET
HL R B codeword)
3. g4 A Il B [MMARE . WA N TR RERE, FRAM AT DLl 8 B [
k], REEWTR:

LAt FriE BBl A fu B ayAeds A

&

1

S 79, - JOII00aa0a
w20 79, = [ [000N |
#3479, = [ [101N1 I

4. RBIEAT T IR, RO
o Viterbi decodlng £ A R B [ErEM T, A Viterbi decoding, #
tHon A) [Ju] BIEERITEER n ke,
o Re-estimation: FJiE n ek, =HfhE A Al B.
st A 17, T TSR E R Y



PAEE ACL, 1) Fo AGL, 1+]) » Her B E o — 153548

ACL, 1)=3/4, ACl,2)=1/4
A(2, 2)= 1,?') A(2, 3)=1/5
A3, 3)-1

A

States 3 ’ P )
2
1 —»—#—DJ >

] 00000 00 000000 [Frames

i 15 4 sk R OENMR 3612 () B AR ) 643t
L - Wity RN TS AL
BREFEB(L, j) 0 —HRBRAZ A B o T
State 1: B(1, 1)=1/4, B(2,1)=1/4, B(3,1)=2/4
State 2: B(1,2)=3/5, B(2,2)=2/5
State 3: B(2,3)=2/6, B(4,3)=4/6

ﬁ%ﬁh%%“?%??ﬂ%ﬁ(ﬂi) Dth&%ﬁ@ﬂ%%ﬂk

)

States 3 f--
2
1 ml >
] } } }Frame indice

21 3 3 1 1 2 1 2 4 4 4 2 2

=
=
=
|
-
|
=
=
E=E
|
EEEE

4 Symbols

R 1% 4k R NGRS (BB AR ) sh#it &R

R D(iLj) ARREAHE | B ROIRRE j AR, I D(,j) = B(O(),j), $T3 LR #iwi i)k
€, JATAT LA 2:

. State 1: D(1,1)=B(2,1)=1/4, D(2,1)=B(1,1)=1/4, D(3,1)=B(3,1)=2/4,
D(4,1)=B(3,1)=2/4

. State 2: D(5,2)=B(1,1)=3/5, D(6,2)=B(1,1)=3/5, D(7,2)=B(2,1)=2/5,
D(8,2)=B(1,1)=3/5, D(9,2)=B(2,1)=2/5

. State 2: D(10,3)=B(4,3)=4/6, D(11,3)=B(4,3)=4/6, D(12,3)=B(4,3)=4/6,
D(13,3)=B(2,3)=2/6, D(14,3)=B(2,3)=2/6, D(15,3)=B(4,3)=4/6

IR E HEZ R 8T LSS % P(A, B, Path), HI Bibsk2801) 7755 P(A, B, Path)Z &R,
BRI, R A

1. 7£ A, B [f€[FF, Viterbi decoding & #k H LS, fiff P(A, B, Path) ik
H



2. 7EER1E (Path) [#E1F, Re-estimation &4k i1 A, B ELUME P(A, B, Path)
EEFT N
IR — %%%%Eﬁ:lﬁvmmmmmmgéﬁt TR B AR IR Ry B R, PRI ELAERT P(A,
B, Path) th &5 K. 2 E AR, RdERERE, nTLEBHaT.
DL B 00T 55, LR ERAS BB B 0] DU A — M state hEEER.
. State 1: D(1,1)A(1,1)D(2,1)A(1,1)D(3,1)A(1,1)D(4,1)A(1,2) =
A(1,1°A(1,2)D(1,1)D(2,1)D(3,1)D(4,1)
. State 2: D(5,2)A(2,2)D(6,2)A(2,2)D(7,2)A(2,2)D(8,2)A(2,2)D(9,2)A(2,3) =
A(2,2)*A(2,3)D(5,2)D(6,2)D(7,2)D(8,2)D(9,2)
o State 3:
D(10,3)A(3,3)D(11,3)A(3,3)D(12,3)A(3,3)D(13,3)A(3,3)D(14,3)A(3,3)D(15,3)A(3,
3) = A(3,3)°D(10,3)D(11,3)D(12,3)D(13,3)D(14,3)D(15,3)
BA N BRSNS, AN EEEYEE N RERSIEERIME. B2k A M B [ fE
i, FALAFR EIE N RS,
DLF#EKEC A Fl B . BME—1 state M5, Ra&ILA a+b S HEE RS M state, H
i
« p: self-transition prob. (41
 Q: next-transition prob. (K%M1)
« a: self-transition count (Z\40)
b: next-transition count ( Z.41)
ﬂ&ﬁTUﬁ&Tﬂm&%W%
Max J(p, q) = p?q°s.t. p=0,q=,andp + q =1
EYNCEIESOL I ONINEED ISR SO E
X1+ Xo+ ..+ Xy = N (X4 X2 ... Xp)
[FRE_EIRSESL, I EAE X = x2 = ... = Xpo AIFHIEAZES, &WTQHQ
plat+pla+..+qb+q/b.. = (a+b)[(p/a)(q/b)]"e?
1 = (a+b)[(p/a)*(a/b)’]"®™
B J(p, @) = p? q° I KM a®o®(a+b)™®, It KAE#4E7E p/la=q/b, Hit/E p=al(a+b),
g=b/(a+b).
HME—{H state M5, aiE(H state WIEHENE R =M cluster, #&E00E p,q,r:
« State prob: p, q, r (K%
« Symbol count: a, b, ¢ (241D
RIFAM AT LU T 21 S A A R e

1/n

a b .c

Jp,ag,n=pqr
Hr p,q,r B2HEWE p+q+r=1. R, FHFECFEO0N LGN BT %8,  FAM 152
BAE2HUE p=al(a+b+c), g= b/(a+b+c) , r=c/(a+b+c).
AT, 2% TR
e Discrete HMM

15-3 Continuous HMM

Once we grasp the concept of DHMM, it is straightforward to extend the concept to CHMM.
The only difference between CHMM and DHMM is their representation of state probabilities:
« DHMM uses a VQ-based method for computing the state probability. For instance, frame i
has to be converted into the corresponding symbol k=0(i), and the probability of symbol k
to state j is retrieved from B(k, j)
« of the matrix B.



1.

CHMM uses a continious probability density function (such as GMM) for computing the
state probability. In other words, B(O(i), j) in CHMM is prepresented by a continuous
probability density function:
B(O(i), j) = p(xi, 6)
where p(-,-) is a PDF (such as GMM), x; is the feature vector of frame i, and 6; is the
parameter vector of this PDF of state j. The method for identifying the optimum of 6; is
based on re-estimation of MLE (Maximum Likelihood Estimate).
In summary, the parameters of CHMM can be represented by the matrix A and the
parameters 6 = {0j|j = 1~m}. The method for finding the optimum values A and 6 is again
re-estimation, in which we need to guess the initial values of A and 6, perform Viterbi
Decoding, and then use the optimum mapping paths to compute A and 6 again. This
procedure is repreated until the values of A and 6 converge. It can be proved that during
the iteration, the overall probability is monotonic increasing. However, we cannot
guarantee the obtained maximum is the global maximum.
The procedure for finding the parameters of CHMM is summarized next.
1. Convert all utterances into acoustic features, say, 39-dimensional MFCC.
2. Guess the initial values of A and 6. If there is no manual transcription, we can adopt
the simple strategy of "equal division".
3. lterate the following steps until the values of A and 6 converge.
= Viterbi decoding: Given A and 6 of a CHMM, find the optimum mapping paths
of all the corresponding utterances of this CHMM.
= Re-estimation: Use the optimum mapping paths to estimate the values of A
and 6.
Note that in each iteration of the above procedure, optimum value of matrix A is identified
by frame counting, which is the same as that used in DHMM. On the other hand, the
optimum value of 0 is identified via MLE. Since p(-,-) in CHMM is a continuous function
that can approximate the true PDF better, we can expect to achieve a better recognition
rate than DHMM.
% 15 EfE%
MBEHEAER: WBIEE—. R 0sSA=1, FHBW TS [HBAEA%SX] (Jensen's
Inequality):
IN(Ax1+(1-1)x2) = Aln(xq) + (1-1)In(x2)
MEHAEX: BEHEE . SHHEWNE, BT [E&RA%E] (Jensen's
Inequality):
In(2i=1“xixi) = 7\421:1n|n(Xi)
,ﬂ\:l:':‘ Oékié 1, i=1~n, ﬁﬁﬁ_ Zi=1n7\.i=1 °

- (YEBCFH BN B R S T F 38 . BORHERL. ST B TR AR AN, ] (5

BT B B #2485, AR
S=™)n = (g ")) "™

Hrp =0, i=1~n.
(R BEREE. SHEBEM M, KRB A R S, BT
¥ p,q fH:

J(p, q) = p°q”
Hrp 0=p,q=1 H p+g=1.
(VR R B BB,  35H Lagrange's Multiplier 11775, sKREUT 51 & Bl 5ok
., MHTHHER p, q,r {H:

J(p, g, ) = p°"r°

H 0=p,q,r=1 H p+qg+r=1.



6. (**)DHMM BfEHA%: 5% (HE¥ dhmmEval.m, i DHMM S mstsa, i
BRI G R
[maxLogProb, dpPath] = dhmmEval(initPl, A, B, O)
B N 2B ER T

a. A fURERHR, HAERLE stateNum x stateNum

b. B RERFFILEHREMIM R, AL L clusterNum x stateNum

c. O KA (HEHE T BHER T8, LA Z frameNum x 1

B 2B ER T

d. maxLogProb & —{H&lifE, ka8 n s inE s .

e. dpPath /&[], #EfFE 2 x frameNum, Ho g4 — 47 i B R B R 1
F—8h, SRSCH R S, dpPath=[123456789101112131415;11112
2222333333

i FH R R R 2 AR B AR AR R

JR UGk (dhmmEval.m):  CRg [ a4 o~ B nr 45 HD

function [maxLogProb, dpPath, dpTable] = dhmmEval(initPI, A, B, O)
% dhmmEval: Evaluation of DHMM

% Usage: [maxLogProb, dpPath, dpTable] = viterbiDecoding(initPl, A, B, O)
% initPl: Initial state log probability, 1 x stateNum

% A: Transition log probability, stateNum x stateNum

% B: State log probability, symbolNum x stateNum

% O: Observation sequence of this utterance, frameNum x 1

% maxLogProb: Maximum log probability of the optimal path

% dpPath: optimal path with size frameNum x 1

frameNum = length(O);
stateNum = length(A);
dpTable = -inf*ones(frameNum, stateNum);

if (stateNum>frameNum); error('Number of frames is less than the number of states!"); end

% ====== Fill the first row (matrix view)
dpTable(1,:)=initP1+B(O(1),:);
% ====== Fill the first column (matrix view)

for i=2:frameNum

% ====== Fill each row (matrix view)
for i=2:frameNum
for j=2:stateNum

end
end

% ====== Back track to find the optimum path

BRI FES, SE5E N #E dhmmEvalMex.dll, TR F#IfER, dhmmEvalTest.m Al /R
EE S
JEiERE (dhmmEvalTest.m): (R33N R af#2 5D



% ====== Set up some parameters

frameNum=100;

stateNum=10;

symbolNum=64;

initPI=log([1, zeros(1, stateNum-1)]);
selfTransProb=0.85;
A=diag(selfTransProb*ones(stateNum,1));
A((stateNum+1):(stateNum+1):stateNum”2)=1-selfTransProb; A=A+eps;
A=log(A);

B=rand(symbolNum, stateNum); B=B*diag(1./sum(B));
B=log(B);

O=ceil(rand(frameNum,1)*symbolNum);

% ====== Start functionality and timing tests

for j=1:n
[maxLogProbl, dpPathl, dpTablel] = dnmmEvalMex(initPl, A, B, O);
end
fprintf(dhmmEvalMex ==> %.2f, maxLogProb = %.9f\n', toc, maxLogProb1l);
tic
for j=1:n
[maxLogProb2, dpPath2, dpTable2] = dhmmEval(initPI, A, B, O);
end
fprintf(‘dhmmEval ==> %.2f, maxLogProb = %.9f\n', toc, maxLogProb2);

fprintf('Difference in maxLogProb = %g\n’, abs(maxLogProbl-maxLogProb2));
fprintf('Difference in dpPath = %g\n', sum(sum(abs(dpPath1-dpPath2))));
fprintf('Difference in dpTable = %g\n', sum(sum(abs(dpTablel-dpTable2))));
HREROEAE, AEA2 =N RER o1 BN A ERZAAR /N, /Nt 10 () -6 07 . il
dhmmEvalMex.dll FIATH 2R % 1 dhmmEval.m (#5845 ?
7. ("ERXFEE: A DHMM EATEE MBEKGEE TR 5k,
Chapter 16: Methods for Melody Recognition
AEA L (Melody Recognition) [ #-Ff 77k, — (R HRER RS, BEA TH =i
1. AN RGUITEZ BRI, I RS, SR AE N B S AT
RIS, RGADHSR i AN R ] LA S, s ) &, BS54 ) &
A feik BT — B BT H B
2. BRHE: BRI S RGN T AL EC M, [RIARAR, I8 SEaoth 0 2R 5 R B
BT ECET RS 2, B M B A a0, AR ELE B R, Had e AE RGN, 1
HIF—Ref By, &2 M, B2imEn #3554 ] (Monophonic
Music) , FIUFEE MIDI 2ot NEBRIHESE, # BN MEms, &k
M HER] MP3 AT S S vy BOAs B, A () {181 IRy ] Bt o 7 7 22 (Il S 4
AR e, P2 (25 E%]  (Polyphonic music) .
3. PEHI AT A 1o Al L ORL R i 3, —FRORT Ay s KA
o VIEAHITIE: ARG R R #R DL ST (RS m A R B AD
Ry BT AKEAT LU, S8 M VR i LS T O, H2 [ U4
(Note Segmentation) =5 W] REajia Ak in 7, L2 EE 3 0 Fhaiie g PRI
R 7V E A i EEEE (Edit Distance) 4.

1}



o AUIERFRIITE: i AN GNGER R A LA ) A B, RE—Rb T LA
07 8~32 flil 5 B, B FE T VA I R A LU EROR L s, (R P ER
At E A LU R . BRI T A SRR {4 (Linear Scaling) . type-1 & type-2
DTW (Dynamic Time Warping) %,
o TRAVE: M ANFSEAS VISR, AH ORI Eh F o DL A A B SR A R
AR T type-3 DTW L2 HMM (Hidden Markov Models) 45 J51% .
A BT EHE AR e R 0T, ARIEATER A
MR A AT R EL vds, FRAMAER A ZE AT S FE AT (key transposition) , a0, AR ES
HABAEN key, 1M« BRI AR T) key, (H RN RLE & 4840 57T 552 11 key. R,
BHR—BATHZE AR B s EURIEIT SRR S /A EAD , BAMER AT S b
TP, DEORIORE R R i A 2 S 1
PR LE S TR AN, S IR AL A AN R AEE, nf LA F
o —REME: A&7V, FRAMPTLUEH median 802& mean 2R
BN FRAE, e R,  GE RS/ NI O
o alERVk: FHEM type-1 HijE type-2 DTW 25777, A kS e /3 A T
i, BRI HA R (trial and error) ARZEVGENT, SRR A,
A ERIGA AR,  RIFRAM o] CLER AR AR — i — & pR B A T v, W T A A = (073
) N ou SRRk, T R ER R
o ApMEMIE (RN .
1. BT SRt FPE PR R AR R v CERDE PR —Ek.
CErfm N R EE m,  FRESE ) ()P I R HCGET m e 2Rk 5T
Ho )
2. ¥ t RPrE3 [-2.0,-1.8,-1.6, ... 1.6, 1.8, 2.0], A1 r Lo, HHEE
il 110 B /)M B R AR AL (1) e KA
o ILi¥A:
1. BT SRt PPE PR R AR ¢ CERDE PR —4k.
CErE N R RS m,  FRESE ) ()P I R AT m e 2Rk 5T
Ho )
2. WETHE s=2,
3. # t P EER [-s, 0,8], Al or LB, S0 H ) B ME B ABURE 16 B
KAE, AT t PR
4. RE s=s/2, MIBIFT—EPEE, HBEWE. —ooiaiErREE T

t_2 t t,'l (t*) t,+l

Mean

-4 2 0 1 2 3 4

FAM AT LIE - Utility Toolbox #HT [¥) binSearch4optim pf AR IEAT LRk (K e s, i, F57%
% humps PRELLE [0, 1] Z B/ ME, TEERERECKR{E (Function Evaluation) #JEUZ 11
K, AR AEE]:  Error:
D:\users\jang\books\audioSignalProcessing\example\mr\binSearch4optim01.m does not exist!
TEAVIEFTIEDCN, Sl AL, JUe 4 (Linear Scaling) , ifEan T
1. AR 220, SR A i N R v ) B AT AR P R OURR A, 9 G v g LU A5 T L
fit 0.5 2] 2.0, BkEEZ 0.1, AW 16 fHRA.
2. I8 16 MRS TN R R — i AT LU, 7930 16 MEEREE, I B ME,
APy PN E=w s = i ) R



3. BT ORI A EAT LU, B R, RIS HIE PrE .
e AR S R, U TR, E AL 1.5 By, T DUE BRI HEERCR .

Target pitch in database @ Mil—n . 1)
Compressed by 0.5 [ |

Compressed by 0.75 =

Original input pitch [
Stretched by 1.5 £ S
Stretched by 2 @ od LA e

TEEA L, AT N A A S
1. NZERIEE ] ] DU A B A A N 22
2. PREERIERE: M IRAMEA Ly norm, gl s SRR B E G SR AR B R A A, Bl
i L2 norm,  SORGZgREEFGE PR, ol 2 st SRR B TR 2 (H T 5
RGP J7, AR s b, FAPam o A O (R RN, DRI 48 W - 7 1R )
Y5, AR
Hint
L, norm of vectors x and y = [Z|x;-yi|’]
3. EREEA ML TATER AR B ER ARG, 79 20 AR R, DA R DR A A B
B UAN [ P s S () 5 2
4, TR IE: B H AR key ANF] GEF AW key Loigkmr, J34K key Hhig
IO, FIAEEAT S 2 A, ST IE . — S, B IR H a2 2
v 2 i) P 10 s /DML, DL 3 T AN [ £ sl 5 5 7 2, AP At A7 A ] P AR 192 1)
o A Lynorm, FRAMATLLERIT TR 78O IE | 5 B A 1) 28 ) o 47 B
AR I S JEE SR o 2 R A M
o MM Lanorm, FRAMATLLERIT TPIMERIE ] 5 JRBED RS 1) 5 1)~ 0
AT S JEE SRR o P B4R
5. BHRRIERTRIBERE: K T ORIF AT AR PE, FAME B e AR B AT (Rl I
ANHE LR R D ARHR AT — M
BRPEAR A IR e ke v, T LR R
o T SRS A U )R AN R N I R SRV AR i S T DA BUANER B RO
o ARMEARZERTLMEH] [—REAL] HE e, P UAfERH S B . OIS,
DTW MEVEAE T — B B s, b et & Eer b . H
LU S A Y 3 5 vy o) 2 ) SR 491
Example 1Input file mr/linScaling01.m
inputPitch=[48.044247 48.917323 49.836778 50.154445 50.478049 50.807818 51.143991 51.486821
51.486821 51.486821 51.143991 50.154445 50.154445 50.154445 49.218415 51.143991 51.143991
50.807818 49.524836 49.524836 49.524836 49.524836 51.143991 51.143991 51.143991 51.486821
51.836577 50.807818 51.143991 52.558029 51.486821 51.486821 51.486821 51.143991 51.143991
51.143991 51.143991 51.143991 51.143991 51.143991 51.143991 51.143991 49.218415 50.807818

1/p



50.807818 50.154445 50.478049 48.044247 49.524836 52.193545 51.486821 51.486821 51.143991
50.807818 51.486821 51.486821 51.486821 51.486821 51.486821 55.788268 55.349958 54.922471
54.922471 55.349958 55.349958 55.349958 55.349958 55.349958 55.349958 55.349958 55.349958
53.699915 58.163541 59.213095 59.762739 59.762739 59.762739 59.762739 58.163541 57.661699
58.163541 58.680365 58.680365 58.680365 58.163541 55.788268 54.505286 55.349958 55.788268
55.788268 55.788268 54.922471 54.505286 56.237965 55.349958 55.349958 55.349958 55.349958
54.505286 54.505286 55.349958 48.917323 50.478049 50.807818 51.143991 51.143991 51.143991
50.807818 50.807818 50.478049 50.807818 51.486821 51.486821 51.486821 51.486821 51.486821
51.486821 52.558029 52.558029 52.558029 52.558029 52.193545 51.836577 52.193545 53.310858
53.310858 53.310858 52.930351 52.930351 53.310858 52.930351 52.558029 52.193545 52.930351
53.310858 52.930351 51.836577 52.558029 53.699915 52.930351 52.930351 52.558029 52.930351
52.930351 52.558029 52.558029 52.558029 53.310858 53.310858 53.310858 53.310858 52.930351
52.930351 52.930351 52.558029 52.930351 52.930351 52.930351 52.930351 52.930351 52.930351
52.930351 53.310858 53.310858 53.310858 52.193545 52.193545 52.193545 54.097918 52.930351
52.930351 52.930351 52.930351 52.930351 51.143991 51.143991 51.143991 48.917323 49.524836
49.524836 49.836778 49.524836 48.917323 49.524836 49.218415 48.330408 48.330408 48.330408
48.330408 48.330408 49.524836 49.836778 53.310858 53.310858 53.310858 52.930351 52.930351
52.930351 53.310858 52.930351 52.930351 52.558029 52.558029 51.143991 52.930351 49.218415
49.836778 50.154445 49.836778 49.524836 48.621378 48.621378 48.621378 49.836778 49.836778
49.836778 49.836778 46.680365 46.680365 46.680365 46.163541 45.661699 45.661699 45.910801
46.163541 46.163541 46.163541 46.163541 46.163541 46.163541 46.163541 46.163541 46.163541
46.163541 46.163541 46.163541 50.807818 51.486821 51.486821 51.143991];

dbPitch =[60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60
60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 64 64 64 64 64 64 64 64 64 64 64 64 64 67 67 67
67 67 67 67 67 67 67 67 67 64 64 64 64 64 64 64 64 64 64 64 64 64 60 60 60 60 60 60 60 60 60 60 60 60
60 62 62 62 62 62 62 62 62 62 62 62 62 62 62 62 62 62 62 62 62 62 62 62 62 62 62 62 62 62 62 62 62 62
62 62 62 62 62 62 62 62 62 62 62 62 62 62 62 62 59 59 59 59 59 59 59 59 59 59 59 59 59 62 62 62 62 62
62 62 62 62 62 62 62 59 59 59 59 59 59 59 59 59 59 59 59 59 55 55 55 55 55 55 55 55 55 55 55 55 55 60
60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60 60
60 60 60 60 60 60 60 60 60 60 60 60 60 60 64 64 64 64 64 64 64 64 64 64 64 64 64 67 67 67 67 67 67 67
67 67 67 67 67 64 64 64 64 64 64 64 64 64 64 64 64 64 60 60 60 60 60 60 60 60 60 60 60 60 60 67 67 67
67 67 67 67 67 67 67 67 67 65 65 65 65 65 65 65 65 65 65 65 65 65 64 64 64 64 64 64 64 64 64 64 64 64
62 62 62 62 62 62 62 62 62 62 62 62 62 60 60 60 60 60 60 60 60 60 60 60 60 60];

resolution=21;

sfBounds=[0.5, 1.5]; % Scaling-factor bounds

distanceType=1, % L1-norm

[minDist1, scaledPitchl, allDist1]=linScalingMex(inputPitch, dbPitch, sfBounds(1), sfBounds(2),
resolution, distanceType);

distanceType=2,; % L2-norm

[minDistl, scaledPitch2, allDist2]=linScalingMex(inputPitch, dbPitch, sfBounds(1), sfBounds(2),
resolution, distanceType);

allDist2=sqrt(allDist2); % To reduce computation, the L2-distance returned by linScalingMex is
actually the square distance, so we need to take the square root.

axisLimit=[0 370 40 80];

subplot(3,1,1);

plot(1:length(dbPitch), dbPitch, 1:length(inputPitch), inputPitch);

title('Database and input pitch vectors'); ylabel('Semitones’);

legend('Database pitch’, 'Input pitch’, 'location’, 'SouthEast');



axis(axisLimit);
subplot(3,1,2);

plot(1:length(dbPitch), dbPitch, 1:length(scaledPitchl), scaledPitchl, 1:length(scaledPitch2),

scaledPitch2);

legend('Database pitch', 'Scaled pitch via L_1 norm', 'Scaled pitch via L_2 norm’, 'location’, 'SouthEast');
title('Database and scaled pitch vectors'); ylabel('Semitones’);

axis(axisLimit);
subplot(3,1,3);

ratio=linspace(sfBounds(1), sfBounds(2), resolution);

plot(ratio, allDist1, '.-', ratio, allDist2, '.-");

xlabel('Scaling factor'); ylabel('Distances’); title('Normalized distances viaL_1 & L_2 norm’);
legend('L_1 norm’, 'L_2 norm’, 'location’, 'SouthEast’);

Output figure
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Error:
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Example 1Input file mr/dtw3path01.m
pv=[00000000000000000047.485736 48.330408 48.917323 49.836778 50.478049 50.807818
50.478049 50.807818 50.478049 49.836778 50.154445 49.836778 50.154445 50.478049 49.524836 0 0
52.930351 52.930351 52.930351 52.558029 52.193545 51.836577 51.836577 51.836577 52.558029
52.558029 52.930351 52.558029 52.193545 51.836577 51.486821 49.218415 48.330408 48.621378
48.917323 49.836778 50.478049 50.478049 50.154445 50.478049 50.807818 50.807818 50.154445
50.154445 50.154445 0 0 0 54.505286 55.349958 55.349958 55.788268 55.788268 55.788268 55.788268
55.788268 55.788268 55.788268 55.788268 55.349958 55.349958 54.505286 54.505286 54.922471
55.788268 55.788268 56.237965 55.788268 55.349958 55.349958 55.349958 55.349958 55.349958
55.349958 55.349958 55.349958 55.349958 55.349958 54.922471 54.922471 54.097918 000000000
00000049.218415 49.218415 48.917323 49.218415 49.836778 50.478049 50.478049 50.154445
49.836778 50.154445 49.524836 49.836778 49.524836 0 0 55.788268 53.699915 53.699915 53.310858
53.310858 53.310858 53.310858 52.930351 52.930351 52.930351 52.930351 52.930351 52.558029
52.193545 51.486821 50.154445 49.836778 49.836778 50.154445 50.478049 50.478049 50.154445
49.836778 49.836778 49.524836 49.524836 49.524836 0 0 0 0 56.699654 57.661699 58.163541
58.163541 57.661699 57.661699 57.661699 57.661699 57.661699 57.661699 57.661699 57.661699
58.163541 57.173995 56.699654 56.237965 55.788268 56.237965 56.699654 56.699654 56.237965
55.788268 56.237965 56.237965 56.237965 56.237965 56.237965 56.237965 56.237965 55.788268



54.09791800000000000000000050.154445 50.154445 50.478049 51.143991 51.143991
50.807818 50.154445 51.143991 50.154445 50.478049 50.807818 50.478049 0 0 0 60.330408 61.524836
62.154445 62.807818 62.807818 62.807818 62.807818 62.807818 63.486821 63.486821 63.486821
63.486821 62.807818 62.807818 61.524836 59.213095 58.163541 58.680365 59.213095 59.762739
59.762739 59.762739 59.762739 59.762739 59.762739];

pv(pv==0)=[]; % Delete rests (fF& K 1-45)

note=[60 29 60 10 62 38 60 38 65 38 64 77 60 29 60 10 62 38 60 38 67 38 65 77 60 29 60 10 72 38 69 38
653864 3862770777029 7010 69 38 65 38 67 38 65 38];

note(2:2:end)=note(2:2:end)/64; % The time unit of note duration is 1/64 seconds
frameSize=256; overlap=0; fs=8000;

timeStep=(frameSize-overlap)/fs;

pv2=note2pv(note, timeStep);

noteMean=mean(pv2(1:length(pv))); % Take the mean of pv2 with the length of pv

pv=pv-mean(pv)+noteMean; % Key transposition
notePitch=note(1:2:end); % Use pitch only (JLH % =)
notePitch(notePitch==0)=[]; % Delete rests (ffERAK LE5F)

[minDistance, dtwPath] = dtw3mex(pv, notePitch, 1, 0);
dtwPlot(pv, notePitch, dtwPath);
Output figure
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Example 2Input file mr/dtw3inducedPitch0O1.m

pv=[00000000000000000047.485736 48.330408 48.917323 49.836778 50.478049 50.807818
50.478049 50.807818 50.478049 49.836778 50.154445 49.836778 50.154445 50.478049 49.524836 0 0
52.930351 52.930351 52.930351 52.558029 52.193545 51.836577 51.836577 51.836577 52.558029
52.558029 52.930351 52.558029 52.193545 51.836577 51.486821 49.218415 48.330408 48.621378
48.917323 49.836778 50.478049 50.478049 50.154445 50.478049 50.807818 50.807818 50.154445
50.154445 50.154445 0 0 0 54.505286 55.349958 55.349958 55.788268 55.788268 55.788268 55.788268
55.788268 55.788268 55.788268 55.788268 55.349958 55.349958 54.505286 54.505286 54.922471
55.788268 55.788268 56.237965 55.788268 55.349958 55.349958 55.349958 55.349958 55.349958
55.349958 55.349958 55.349958 55.349958 55.349958 54.922471 54.922471 54.097918 000000000
00000049.218415 49.218415 48.917323 49.218415 49.836778 50.478049 50.478049 50.154445
49.836778 50.154445 49.524836 49.836778 49.524836 0 0 55.788268 53.699915 53.699915 53.310858
53.310858 53.310858 53.310858 52.930351 52.930351 52.930351 52.930351 52.930351 52.558029
52.193545 51.486821 50.154445 49.836778 49.836778 50.154445 50.478049 50.478049 50.154445
49.836778 49.836778 49.524836 49.524836 49.524836 0 0 0 0 56.699654 57.661699 58.163541
58.163541 57.661699 57.661699 57.661699 57.661699 57.661699 57.661699 57.661699 57.661699
58.163541 57.173995 56.699654 56.237965 55.788268 56.237965 56.699654 56.699654 56.237965
55.788268 56.237965 56.237965 56.237965 56.237965 56.237965 56.237965 56.237965 55.788268
54.09791800000000000000000050.154445 50.154445 50.478049 51.143991 51.143991
50.807818 50.154445 51.143991 50.154445 50.478049 50.807818 50.478049 0 0 0 60.330408 61.524836
62.154445 62.807818 62.807818 62.807818 62.807818 62.807818 63.486821 63.486821 63.486821
63.486821 62.807818 62.807818 61.524836 59.213095 58.163541 58.680365 59.213095 59.762739
59.762739 59.762739 59.762739 59.762739 59.762739];

pv(pv==0)=[]; % Delete rests (fFR K 1-4)

origPv=pv;

pvLen=length(origPv);

note=[60 29 60 10 62 38 60 38 65 38 64 77 60 29 60 10 62 38 60 38 67 38 65 77 60 29 60 10 72 38 69 38
653864 3862770777029 70 10 69 38 65 38 67 38 65 38];

note(2:2:end)=note(2:2:end)/64; % The time unit of note duration is 1/64 seconds
timeStep=256/8000;

pv2=note2pv(note, timeStep);

noteMean=mean(pv2(1:length(pv)));

shiftedPv=pv-mean(pv)+noteMean; % Key transposition
notePitch=note(1:2:end); % Use pitch only (FLEX &)
notePitch(notePitch==0)=[]; % Delete rests (ffExA& 1E77F)

[minDistance, dtwPath] = dtw3mex(shiftedPv, notePitch, 1, 0);
inducedPv=notePitch(dtwPath(2,:));

plot(1:pvLen, origPv, '.-', 1:pvLen, shiftedPv, '.-', 1:pvLen, inducedPv, ".-");
legend(‘Original PV', 'Best shifted PV', 'Induced PV, 4);

fprintf('Min. distance = %f\n', minDistance);

fprintf('Hit return to hear the original pitch vector...\n"); pause; pvPlay(origPv, timeStep);
fprintf('Hit return to hear the shifted pitch vector...\n"); pause; pvPlay(shiftedPv, timeStep);
inducedNote=pv2noteStrict(inducedPv, timeStep);

fprintf('Hit return to hear the induced pitch vector...\n"); pause; notePlay(inducedNote);
Output message

Min. distance = 200. 752223

Hit return to hear the original pitch vector...

Error in ==> dtw3inducedPitchOl at 18



fprintf C Hit return to hear the original pitch vector...\n ); pause; pvPlay (origPv,
timeStep) ;

Error in ==> goWriteOutputFile at 32
eval (command) ;

goWriteOutputFile
1/10: 1inScaling01

Output figure
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Example 3Input file mr/dtw3inducedPitch02.m
pv=[00000000000000000047.485736 48.330408 48.917323 49.836778 50.478049 50.807818
50.478049 50.807818 50.478049 49.836778 50.154445 49.836778 50.154445 50.478049 49.524836 0 0
52.930351 52.930351 52.930351 52.558029 52.193545 51.836577 51.836577 51.836577 52.558029



52.558029 52.930351 52.558029 52.193545 51.836577 51.486821 49.218415 48.330408 48.621378
48.917323 49.836778 50.478049 50.478049 50.154445 50.478049 50.807818 50.807818 50.154445
50.154445 50.154445 0 0 0 54.505286 55.349958 55.349958 55.788268 55.788268 55.788268 55.788268
55.788268 55.788268 55.788268 55.788268 55.349958 55.349958 54.505286 54.505286 54.922471
55.788268 55.788268 56.237965 55.788268 55.349958 55.349958 55.349958 55.349958 55.349958
55.349958 55.349958 55.349958 55.349958 55.349958 54.922471 54.922471 54.097918 000000000
00000049.218415 49.218415 48.917323 49.218415 49.836778 50.478049 50.478049 50.154445
49.836778 50.154445 49.524836 49.836778 49.524836 0 0 55.788268 53.699915 53.699915 53.310858
53.310858 53.310858 53.310858 52.930351 52.930351 52.930351 52.930351 52.930351 52.558029
52.193545 51.486821 50.154445 49.836778 49.836778 50.154445 50.478049 50.478049 50.154445
49.836778 49.836778 49.524836 49.524836 49.524836 0 0 0 0 56.699654 57.661699 58.163541
58.163541 57.661699 57.661699 57.661699 57.661699 57.661699 57.661699 57.661699 57.661699
58.163541 57.173995 56.699654 56.237965 55.788268 56.237965 56.699654 56.699654 56.237965
55.788268 56.237965 56.237965 56.237965 56.237965 56.237965 56.237965 56.237965 55.788268
54.09791800000000000000000050.154445 50.154445 50.478049 51.143991 51.143991
50.807818 50.154445 51.143991 50.154445 50.478049 50.807818 50.478049 0 0 0 60.330408 61.524836
62.154445 62.807818 62.807818 62.807818 62.807818 62.807818 63.486821 63.486821 63.486821
63.486821 62.807818 62.807818 61.524836 59.213095 58.163541 58.680365 59.213095 59.762739
59.762739 59.762739 59.762739 59.762739 59.762739];

pv(pv==0)=[]; % Delete rests (fflERAK LE5F)

origPv=pv;

pvLen=length(origPv);

note=[60 29 60 10 62 38 60 38 65 38 64 77 60 29 60 10 62 38 60 38 67 38 65 77 60 29 60 10 72 38 69 38
653864 3862770777029 70 10 69 38 65 38 67 38 65 38];

note(2:2:end)=note(2:2:end)/64; % The time unit of note duration is 1/64 seconds
timeStep=256/8000;

pv2=note2pv(note, 256/8000);

noteMean=mean(pv2(1:length(pv)));

shiftedPv=pv-mean(pv)+noteMean; % Key transposition
notePitch=note(1:2:end); % Use pitch only (FLEX % &)
notePitch(notePitch==0)=[]; % Delete rests (ffExA& 1E77F)

% Linear search of 81 times within [-2 2] (= FF# 81 ¥k, 7535 % fHE)
clear minDist dtwPath
shift=linspace(-2, 2, 81);
for i=1:length(shift)
newPv=shiftedPv+shift(i);
[minDist(i), dtwPath{i}] = dtw3mex(newPv, notePitch, 1, 0);
end
[minValue, minindex]=min(minDist);
bestShift=shift(minindex);
bestShiftedPv=shiftedPv+bestShift;
inducedPv=notePitch(dtwPath{minindex}(2,:));
plot(1:pvLen, origPv, ".-', 1:pvLen, bestShiftedPv, ".-', 1:pvLen, inducedPv, ".-");
legend(‘Original PV', 'Best shifted PV', 'Induced PV, 4);
fprintf('Best shift = %f\n’, bestShift);
fprintf("Min. distance = %f\n’, minValue);
fprintf('Hit return to hear the original pitch vector...\n"); pause; pvPlay(origPv, 256/8000);



fprintf("Hit return to hear the shifted pitch vector...\n"); pause; pvPlay(bestShiftedPv, timeStep);
inducedNote=pv2noteStrict(inducedPv, 256/8000);

fprintf("Hit return to hear the induced pitch vector...\n"); pause; notePlay(inducedNote);
Output message

Best shift = 1.250000

Min. distance = 103. 142939

Hit return to hear the original pitch vector...

Hit return to hear the shifted pitch vector...

Hit return to hear the induced pitch vector...

Output figure
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if |ov(i)-pv(i-1)[>0 & &%
DI — (& 45
else
#E pv(i) I H TS A
end
end
DLUR a2 — (8 5 B 9], 2k P13 4%:  Error:
D:\users\jang\books\audioSignalProcessing\example\noteSegment01.m does not exist!
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B OB R R AR R Ry, LR BT (IR R AR e e, (R E B E N RGNS, &
Ty TR ] JAE G2 LAAS R A LR 2% JEU R, DR FRAM D 2HAE AT BRI IRE T I, 4R A5 Rl 7 vk a6, DA
R G0 Sk HUHT AR () e B, dEAE TV RG24y Progressive Filtering, st /& 2% FH— SR 0 f1 7 925 2k fih)
BRANTTREIECHN, PP DR 28 10 7 v AT RE AN LB, IS AR e 4 K B 48 LUSBHIRG ], AN
MR BRI o AN Qn ] [ 4 AL SRR 53, DL ] e HERRAR L R 50A% 18 SR dR 5 B
AIBCER AT, FEHATRE IR
WA TSR], PSRRI, AR — (8 8 B0 v, e FH 2 sy V2 A e A T %
TR B, RERIRAAA 10 B wav B AR, SR T SRk, PERRAS S L N AR L

wav R Fik— FHEZ HE= BRI
0 1 1 1

oOQ -~ 0 QO o T o
O = = O O O = =
_ O O O +H O O =
= = O O O  —=|—= O
= = O O O Ok =

j 1 0 1
P | 50% | 50% @ 50% 60%
Horp 1 AR ERE, O AURHERSSE AR, HAlahaR, ik —. . ZIPEREA L 50%, MiEAT
B2, PERFETTLURTIE] 60%. #HHEAN TR E R, f R NE, HAbEn [dk—1 e
FAR G ol , &R, BN TR . SRS R i B AN, R A T
DU EE e ey, Al R T R 1) H A,

-



Y,

ik JE=

PERRPGE Rt =, T DR mEeR, ER A R IR AOR , SE e SRR E R 2 M T E o
AR EAR 2, B AE A — B B I, SRR SRR SR, R =i
U TR AEAT R AR TR, DS B IR
1. (%) B BN A CEIAR (X, ... xa}, i e DA GRS P A7 B
FIER N 3] H A R B e/ ME -

Hint

J(u) = Z|x-u|

2. () FHEREY: BR OB (X, ... xa}, wh s U AHATE BT I RE
FIER T 3] H AR R B e/ ME -

J(u) = 2(x-u)?

3. () VIERMRE: S5 MEEFPIT SRR YL myNoteSegment.m, JL
TR

Hrp

©O O 0O o o

note = myNoteSegment(pitchVec, timeUnit, pitchTh, minNoteDuration)

pitchVec: Bt A 1115 i1 ) 1=

timeUnit: A — 1 & vy B BT 365 I8 14 1RE ]

pitchTh: & 22 SR, FA DI — = 4

minNoteDuration: &1/ M, AR 2 BAL,

note: VI &4, Bl [ &, &, Sm, o] ok fife, Hrhy
FIMEAT E Semitone, HRIMEAE 1/64 75,

B T A S e = AR YA, R RR R4y (pitchVec H T B H AZE FIED
SE W RHAR LD 2R, PR AR L AP 2 R I — A o R0 B I A2, AR IEAF 1
FREa] LLZN® minNoteDuration. i IS 1 b8 8



f. SR AE RS TR v 1) ARIEAT S AT U)K AT USSR R A1) wave
Fe 2PN midi B %, M pvPlay.m 2RIEBUR G5 &&=, A
notePlay AFEID) HI A B2 4T, HEEF & R & 17 IE .
g. R URI RO AE A% — AR U 2, W R — K& w8, BRE P
HHZ
h. GERFUR )RR SO FE B A2 — R AR U 28, WA Tk & e (A D ke
2, BEIEREEZ .
PR A2 % Melody Recognition Toolbox ] noteSegment.m,
PRSNGSR AT AT B P
4. (**) LinearScaling HIBREL: 5% — R RES AT SR 1k A 4 11 bR B
mylinearScaling.m, HAFH LW
[minDist, bestVec1, allDist] = myLinearScalingdmr(pitchVec1, pitchVec2,
lowerRatio, upperRatio, resolution, distanceType)

p={i12

s v
EYEE)E]LI\’

o pitchVect: i & A K5 a5, 2 & P2 10 n) &

o pitchVec2: & k}J& 12 & i &

o lowerRatio: A4 LI

o upperRatio: %= Hi4E L

o resolution: HAHAEIREL

o distanceType: FrHMEEEEREL, 1 £AE Linorm, 2 8% Lz norm.
o minDist: &k AR 1) 55 e i

o bestVect: HHEARIEERE. H4E P EIZM pitchVect

o allDist: AR 4R 1) BT A

f .

1 vec! W RABIRE RN vec2, RIAMEHELH#E.
ANFE PR EE ST R T 20, ZEEAT AN ) m L E

o ELEATHEEEM IERIL

o A LMBCE s A [ ) AL B AR A
AT AR 5 P bR B

o FEHATILEIWI, {H# linScalingMex £ myLinearScaling, && &1 15

B [FERI R

o i FH R R ARG 2 I Bl e M SR AP Y
PeoR: ATH interp1 54 REATNZE, median R4 AREHEHAIEL mean 543k
AP, norm R ERETE L norm. #5%f interpt.m ARG BER], F55T
H1 451

Example 1Input file interpDemo01.m

n=10;

x=1:n;

y=rand(1,n); % Original vector (JR 45 7] &)

ratio=1.8; % The vector interpolation should have a length equal to 1.8 times

the original vector

x2=1:1/ratio:n;

y2=interpl(x, y, x2); % Vector after interpolation
subplot(2,1,1), plot(x, y, 'o-', X2, y2, '0:);

subplot(2,1,2), plot(1:length(y), v, 'o-, 1:length(y2), y2, '0:");
fprintf('Desired length ratio = %f\n’, ratio);

fprintf('Actual length ratio = %f\n', length(y2)/length(y));
Output message



Desired length ratio = 1.800000
Actual length ratio = 1.700000

Output figure
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5. (***) editDistance F2xX\AS: &% il MATLAB % editDistance.m 2Rl
Edit Distance, &=\ F:
[minDist, edPath, edTable] = editDistance(str1, str2)
6. (***) DTW3 F2a{E:  #4%5—fd MATLAB i myDtw3.m Ac#tfi type-3 DTW,
o 2 F
[minDist, dtwPath, dtwTable] = myDtw3(vec1, vec2)
AN A i EA T B
JEaRE (dtw3skeleton.m) = AL 383E W T B ol 45 2D
function [minDistance, dtwPath, dtwTable]=dtw3(vecl, vec2, beginCorner, endCorner)
% dtw3: Dynamic time warping with local paths of 0 and 45 degrees

% Usage: [minDistance, dtwPath, dtwTable]=dtw3(vecl, vec2, beginCorner,
endCorner, plotOpt)

% vecl: testing vector, which should be a pitch vector

% vec2: reference vector, which should be a vector of note pitch

% minDistance: minimun distance of DTW

% dtwPath: optimal path of dynamical programming through the DTW
table

% (Its size is 2xk, where K is the path length.)

% dtwTable: DTW table

If nargin<3, beginCorner=1; end
if nargin<4, endCorner=1; end



% If input is vector, make it row vector
if size(vecl,1)==1 | size(vecl,2)==1, vecl = vecl(:)’; end
if size(vec2,1)==1| size(vec2,2)==1, vec2 = vec2(:)'; end

sizel=length(vecl);
size2=length(vec2);

% ====== Construct DTW table
dtwTable=inf*ones(sizel,size2);

% ====== Construct the first element of the DTW table
dtwTable(1,1)=vecDist(vecl(:,1), vec2(:,1));

% ====== Construct the first row of the DTW table (xy view)
for i=2:sizel

dtwTable(i,1)=dtwTable(i-1,1)+vecDist(vecl(:,i), vec2(:,1));
prevPos(i,1).i=i-1;
prevPos(i,1).j=1;

end
% ====== Construct the first column of the DTW table (xy view)
if beginCorner==
for j=2:size2
dtwTable(1,))=vecDist(vecl(:,1), vec2(.,)));
prevPos(1,j).i1=[];
prevPos(L,j).J=[l;
end
end
% ====== Construct all the other rows of DTW table
for i=2:sizel
for j=2:size2
pointDist=vecDist(vecl(:,i), vec2(:,j));
% ====== Check 45-degree predecessor
% ====== Check 0-degree predecessor
end
end
% ====== Find the overall optimum path

[minDistance, dtwPath]=dtwBackTrack(dtwTable, prevPos, beginCorner, endCorner);

0 ========== Syb function ===========
function distance=vecDist(x, y)
distance=sum(abs(x-y));
SERF LGNz dtw3mex sk myDtw3, 6 RfER T B HH A 1 A R
151 Py i T — £
a. s R R BONFE AR — AR U 2, W R — K& w88, BR P



b. FEMHR T R B AE AR — RE M RE =G5 B, W TR = PR (R — oo
15, BAEVEREAZ M.
(") DTWI FBERHE: BoEHE: 5% M MATLAB REBURER F—8, (HE%
SN AL T 51 = A A
BI04 — 8135 4% T R 20 T ) S ME W B 4970 0855 75 P S R PR 3 ME AR
AP NATFFR BN 2, WA RIS TFREM WA BRI, Al
AT LRI FH 38035 755 1035 e S R
a. fERHRIERF: RS S ES, B TERMRIERFASE S,
b el R 7 NS 1 P e (7 - e R R & e e 0 s P T U N
106 FH 30— g e nE SR ERER N,
b. [FIFREAE A R TR
a U PR
C. BRI R AE et — R s e, W L —IRIG5 = PR, BB P
RS EA IR
d. S IRI RS A% — R s e, YW ok P A — oo
15, BAEVEREH Z M.
A = FE DTW 3898 WA PR 1 51k, BT AR ERZ L A3 2 S R

8. (***) TefR IR AR —:  FESC R I AR W, T AR T

5 2O BT HECR IR, SRIBIEAT T AT S AT | -
{HH] LS, & H e B s ) Ve [E], M6 A resolution Zynf 5%
B, AL 5 BEINE] 12, 2 H AL N

Recog. rate of LS
95 l 1 T I 1 l ——
; : R 12
i - 1Mo

85}

o
[=]
T

Recog. rate (%)
|
@
™

R ; :

60 :5 | | I i i | 1 1
0.8 1 1.2 1.4 1.6 1.8 2 22 24 26
Time (sec)

a. M type-1 DTW, il th #EoR S RIS ) T, 0% P — TE I
PRI T2 I RSB RS wav BRI, T
BT DTW (A0 . A% 1,3, 5,7, 9. A HEIEZLL R,



Recog. rate of type-1 DTW
91 T ] T T 1 T v T T

89

a4 .“'/ I . 1 i i I | ] i
51 10 15 20 25 30 35 40 45 50 55
Time (sec)

b. & LR E FI R # A, DAEST LS Al DTW EFERALAE (SR A
D L. fHULIEE, R CAAS BT R A R 2
CEEH SRR A TUR, 5588 waveData [RRT 100 2k} sk 4T A £ R
I
Hint
ol B 15— R BT RE U b P BRI (R AR R S 5 2 — M R X, A LR )
HEAT A RE T FL RN R ] o

9. (***) TR AR = FESC R A AR, T AR T

55 2 WUAEAT HERCE IOIIRRAR , SRR FRIEAT A . R R I35 = ) &, B 2511
R E 1/31.25 (= 256/8000) 70, i@k, HHEH 31.25 5 w5,
U e R SR R KR, (0 SO (1) 5 1) 5 3R A R R AR A1 v ) A R ] iy
PIREATEE, HRA)EEER, W BRAMAE GG ) & & pvrr B O — &,
RIVRERD 135 e i AT 2 P 22 31.25/pvrr B ARERIH Y, BUEEEES pvrr (pitch
vector reduction ratio) A S HrakiRg ] ) 52 28 . S5 A8 DUFR 792 (LS, DTWA,
DTW2, DTW3) , = U aa B 0 dh&, AR pvrr A28
1 f AR f



Recog. rate various methods

95 T 1 T l T i T
H H —o LB
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| g ;
5? 75 .’G??_ D’ [ 2 -
o e
E ToL e _
g ' B
B 4 [543
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we P
o ; ;
__9 H .I H H
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(PPN TR, 5580 waveData [FHT 100 284 Rl sk 4T A/ 3ERD

e )

Hint

i fe A2 rE S A b P A A o B R U s & ek 2, A LA 5

AT AR ) FT AN o

10.(***) P& WHSEEEITIRETE: o5l
Chapter 17: HTK
HTK /& Hidden Markov Model Toolkit ) f#%, 87t A RE S il Sk Bl R i) 0 2 ks, AH R
AFANER R, AT LR A1 4l
http://htk.eng.cam.ac.uk/

HTK fc 2 o B ais K& TR & (CUED, Cambridge University Engineering Department) [¥]
AR RE TR =E (Machine Intelligence Lab) BB S5 kes, 75 1999 4F, TUKHE A Hhik i
[*) Entropic 2Aw], WAE 2000 il HTK E47 2% ki, DMEME MRS Lm &, s
THEG B S A BT« DR H 7B T LR th @R R SR Al R HTK [ Js il A i
e
i R A B E RO, MRS AR S s, AR S, WAL . [
A HTK 1€ 2000 5588 bR hh 20 B 1) o B ik Az, TN FIR R IR BRA, Podide 7 1 RSB
SERE, H AT N AME A SR SRR B RN B g, R A L HTK & 3. DAy 2 ATRE &
BT, HTK J&—fA nf sl i T =
ATER LLS R SR BB HTK A, aE2edi) FUR AP, SE&AAEE v LA HTK I)EE.
YR HTK AEAT KRR FIAATHE, 18R ZEAGE HTK BT, 65 a3 w2
BIEHE, A Res o,
HREP CHMM RIEE, Fdfisr &R HTK (Hidden Markov Model Toolket) A& 4755 B
AEPLRIFNG . LT A0 — ] 5 B 40, AREREH HTK @A . Aeag sl , AR AT S
BCEHER (P 0 B 9 MILAE, BEEMH HTK EITE2ER NG, WRT AR PR .
A E A T 8 M E BB RE 4% (mif. scp. template. cfg. pam. init. hmm. net. grammar %) ,
A LRI SO SR AR TR 2, SE IO I8 LR 44 D B B 0 JE R R X, DI R RN A R B
BB . AN IE LA B 0 R AR, 0B AR Bk R, SRR AT . D ARV
DI FH N1 batch 4 22 218 B 12 L6 R 42 0 R X g B 2k .
U5 (htk/delAssociation.bat) : (I I d% i T R A 4% H)D



assoc .mlf=
assoc .scp=
assoc .template=
assoc .cfg=
assoc .pam=
assoc .init=
assoc .hmm=
assoc .net=
assoc .grammar=
Hint
PR E ERE 4 B RE RS, AT assoc fivAe B, FFEEEUCNEIRG 4 A scp BT B JE
RS, nILA7E DOS & M A [assoc .scp=]
B, IRZH NEC R VIR %
o [EL HTK 454 REBH{E, Wil HE% bin A bin.win32, 45 Pl & H 2101
HTK $54fILAb &R RIS . G5 th 166/ RGUER RS EU R G 8
BEE il H sk path FIIRESSEE, LMERLH DOS L IFIYig Leds 4.
o NHlFNAIREA i R, AW E 8-
o training: A& H 2R A .
o waveFile: 0 | 9 W78k ok %,

sl IR H Bk, TR SRR L. GGEZIBESLI, DR A ST 1 A8 B o

Ths D
SHBHRC DOS #i%, #EA chineseDigitRecog/training H##1%, E#:Ar DOS i N#AT
goSyl13.bat, HIW[#EATHIGR, WoFTEHTE. R LIE MATLAB T, #EASLHE, WHIT
goSyl13.m, ] LTS 2AH [F] 45 F
TEEAT A I TAEZ AT, FRAMEFBMEMR WIS, 25—k %2 digitSyl.pam, &I WMk —
T3t (Phonetic Alphabets) #yfif il 224548 (Acoustic Models) , &AM H AT I1E, &
Al B G (AR A, W
545k (htk/chineseDigitRecog/training/digitSyl.pam) : (a3 A #% 2D
ba ba

er er
jiou jiou
ling ling
liou liou
qi qi
san san
Si Si
sil sil
wu wu

i i

CA BRI 715, A2 8 A LU R & () 73k, A 2R A s R AR e Ui 22 o AR 4 P s T LU RS 4
[F)J5v%, Bl Monophone El/& Biphone el Zyi Bpisy,

Hint

pam ft# phonetic alphabets to model.

AR R RS digitSyl.mlf, KA — M S Al T ER SCR N (DL A 5AL , nh
Example (htk/chineseDigitRecog/training/digitSyl.mif) :

# EidkgE Y, sil AAEFFE, KB IRMAE ling FIEEE L sil, MAE "0" HESHiBaE
Hint



mlf {83 master label file, FAECERBE(E AL Sh SR B N2, wT LT R & 6
(Syllables) % &35 (Phoneme) % ¥iA7.

HA HTK 2 DR R A4 A B 2 S0 mg N2, P DU — (R S sV IR R 4 f,
. CEAERZ A, RIATME— )

LR AR S8 MATLAB 54944 goSyl13.m [ Batch fi#4-4 goSyl13.bat AIEFTE], gt

A8 T = RIE TAE:
s R A . 5T MFCC

FERVEFISR: fEH EM AR EURFE 20
BRI RERT AL . R A

l.
1.
1.
I E AT
l.

18 4B

B

FREREE . FHH MFCC

7 At H
A5 7 A = A RO W R S0 H 8%
= output: JHUCE KA HRE
« output\feature: JBUE & S RHEE %
= output\hmm: JECE SRS FE T A1) HMM 280 5.
MATLAB $54-1F -
mkdir(‘output’);
mkdir(‘output/feature’);
mkdir(‘output/hmm’);
Batch $5&-41F:
for %%i in (output output\feature output\hmm) do mkdir %%i > nul 2>&1
1 B8RO & A7 /E, R Batch f54Aver BV H AR E SRS
Hint
&K Batch #84, JZALA goSyll3.bat MINZ. FHE#E LRIELSH
H% DOS WEHAT, LR %%i sl %i, LLNREHE.
7 E digitSyl.mnl /% digitSylPhone.mlf
seEEE syl2phone.scp fi%E, MATLAB $54-U1F:
fid=fopen('output\syl2phone.scp', 'w'); fprintf(fid, 'EX"); fclose(fid);
Batch $5&-41F:
@echo EX > output\syl2phone.scp
FTE A=) syl2phone.scp K% AT -
J74EkE (htk/chineseDigitRecog/training/output/syl2phone.scp) : (K&
It 4% o B AT D
EX
Horp iy TEX] 2K Expand, HE 8 [ e 815 5 B B phone “#H:
WY HTK 1) HLEd #84, FER T,
B2, el AR R %) HTK (5 HLEd $54 3 E 4 digitSyl.mnl K&
digitSylPhone.milf:
HLEd -n output\digitSyl.mnl -d digitSyl.pam -1 * -i output\digitSylPhone.mlf
output\syl2phone.scp digitSyl.mif
1E LR R b, TAME FHER O AR i 3%, B OEMAR S, 4L
R SRR, AR digitSyl.mnl 51 H BT H 2] 2R,
s
J74ERE (htk/chineseDigitRecog/training/output/digitSyl.mnl) :  (ZK 5 [% 15,
b T RIAT$ FD
sil
ling



© 0 N o 0

10.
11.
12.
13.
14.

15.

16.

[
er
san
si
wu
liou
qi
ba
jiou
Hint
mnl 1% model name list.
il digitSylPhone.mif HIIJ&# digitSyl.mlIf )35 1 & s\ %% phone &
AR, DU BBk, R 22 an )
Example (htk/chineseDigitRecog/training/output/digitSylPhone.mlif) :
Hint
FH S A 2 A — {18 2 B AR 2 — R SR, At digitSylPhone.mlf Al
JESEI digitSyl.mif (#9248 15— Fk.
74 wav2fea.scp
P PAMEEAT R R I, Rl SR8 wav B SR
MFCC, #stIkiMstES: wav2fea.scp, MATLAB 54411
wavDir="..\waveFile';
waveFiles=recursiveFileList(wavDir, ‘wav’);
outFile="output\wav2fea.scp’;
fid=fopen(outFile, 'w");
for i=1:length(waveFiles)
wavePath=strrep(waveFiles(i).path, /', '\');
[a,b,c,d]=fileparts(wavePath);
fprintf(fid, '%s\t%s\r\n', wavePath, ['output\feature\', b, ".fea']);
end
fclose(fid);
Batch f5&-41F:
(for /f "delims="%%i in (‘'dir/s/b wave\*.wav') do @echo %%i
output\feature\%%-~ni.fea)> output\wav2fea.scp
FT A wav2fea.scp FIAMIHT wav R ST 78 A5 1035 RIVRR (0RE 22 11) 3
JER R, LA
Example (htk/chineseDigitRecog/training/output/wav2fea.scp) :
W FRRE T LLE W, DT AR S R 5, Ll fea RffthE 4,
JBCEAE output\feature HE% T .
[l HCopy.exe 47 5B 545 et L
3, Bl LR HTK ) hcopy.exe 542 EHE MFCC F#%:
HCopy -C mfcc.cfg -S output\wav2fea.scp
1 LR 4, mfce.cfg & —fE2 Wi, HIAMR#EELSE MFCC 28
HNEWTR:  Error:
D:\users\jang\books\audioSignalProcessing/example/htk/chineseDigitRec
og/training/mfcc.cfg does not exist!

fE B, M O A SCBCT HERER T HTK (A T 5, EARED A DA R - Hi e,
FAREER I AT SRR TS B (R SaE SR, AN S, DU OB PR -



TG, FRADREEATNAR AR R AR — (8 R htkTrainTest.m, DUERES) S IFY, ook #d
W — &5 A5 htkParam, EL5 B AT FH 210 #1280
e, AR R AU AN TG U, JA v DASCs#RE SR L, s B R R e 13 4
) MFCC_E (MFCC & Energy) , &A"niLlnzl 26 #f) MFCC_E_D =& MFCC_E_D_Z,
Wrrblhn®| 39 4k MFCC_E D A &, MFCC_E D A Z. I
o E: Energy
o D:Delta IHH, A&k —kERE.
o A: Acceleration THH, F|F& - k*EE.
o Z: fREEFHAT Cepstrum Mean Subtraction (CMS).
i 26 4k MFCC_E_D_Z, W i F#if:
Example 1Input file htk/chineseDigitRecog/training/goSyl26.m
htkParam=htkParamSet;
htkParam.pamFile="digitSyl.pam’;
htkParam.feaCfgFile='mfcc26.cfg’;
htkParam.feaType='MFCC_E_D Z',
htkParam.feaDim=26;
htkParam.streamWidth=[26];
disp(htkParam)
[trainRR, testRR]=htkTrainTest(htkParam);
fprintf('Inside test = %g%%, outside test = %g%%!\n’, trainRR, testRR);
Output message
pamFile: ’digitSyl. pam’
feaCfgFile: 'mfcc26. cfg’
waveDir: ’..\waveFile’
syIMIfFile: 'digitSyl.mlf’
phoneM1fFile: ’digitSylPhone.mlf’
mnlFile: ’digitSyl.mnl’
grammarFile: ’digit. grammar’
feaType: 'MFCC E D 7’
feaDim: 26
mixtureNum: 3
stateNum: 3
streamWidth: 26

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Inside test = 91.29%, outside test = 92. 86%

HHER) batch F§%, 555 goSyl26.bat.

i H 39 4 MFCC_E_D_A_Z, 55 FaI#iH:

Example 2Input file htk/chineseDigitRecog/training/goSyl39.m
htkParam=htkParamSet;

htkParam.pamFile="digitSyl.pam’;
htkParam.feaCfgFile='mfcc39.cfg’;
htkParam.feaType="MFCC_E_D A Z



htkParam.feaDim=39;
htkParam.streamWidth=[39];
disp(htkParam)
[trainRR, testRR]=htkTrainTest(htkParam);
fprintf('Inside test = %g%%, outside test = %g%%)\n’, trainRR, testRR);
Output message
pamFile: ’digitSyl. pam’
feaCfgFile: 'mfcc39. cfg’
waveDir: ’..\waveFile’
syIMIfFile: 'digitSyl.mlf’
phoneM1fFile: ’digitSylPhone.mlf’
mnlFile: ’digitSyl.mnl’
grammarFile: ’digit. grammar’
feaType: "MFCC E D A 7
feaDim: 39
mixtureNum: 3
stateNum: 3
streamWidth: 39

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Inside test = 91.07%, outside test = 92. 86%

HHER) batch F§%, #55. goSyl39.bat.

EEHER) batch H§ %71, FRANEIZA G RRBORPAT, LU NER R & k. 1%
goSyl13.bat 3% %] goSyl26.bat, = E F IS TS, FEE W] LMEH T 8145422 LR H 72 52
fc goSyl13.bat goSyl26.bat

FTAIFE B D74, el LAEEE goSyl26.bat Fil goSyl39.bat )2 5,

TERTAEET IR ER W], A LA b S B sl &G = A2 (Acoustic ModeD) , 7EAHTH, 1k,
M4 — M2 iP5 % Phone, LA Phone Ayif &t i, peffidfg /7 =LFE A Monophone, ULl
A5 HR (Right-context dependent, RCD) i Biphone. iz $£ 4 #2508 4E digitMonophone.pam,
mr

JRUAKE (htk/chineseDigitRecog/training/digitMonophone.pam) : (KB 34w FET AT #2 2D
ba ba

er er
jiou jiou
ling l'ing
liou liou
qi qi
san san
Si S
sil sil

wu W u
i I



DR BT 26 B #0450 TR 1) digitSyl.pam 2% digitMonophone.pam, BIrJ 347 51l %k Az 5% i 2

T R ekl

Example 1Input file htk/chineseDigitRecog/training/goMonophone13.m

htkParam=htkParamSet;
htkParam.pamFile='digitMonophone.pam’;
htkParam.phoneMIfFile='digitMonophone.mlf’;
htkParam.mnlFile="digitMonophone.mnl’;

disp(htkParam)

[trainRR, testRR]=htkTrainTest(htkParam);

fprintf('Inside test =
Output message

%0%%, outside test = %g%%\n’, trainRR, testRR);

pamFile: ’digitMonophone. pam’
feaCfgFile: 'mfcc. cfg’
waveDir: ’..\waveFile’
syIMIfFile: 'digitSyl.mlf’
phoneM1fFile: ’digitMonophone. mlf’
mnlFile: ’digitMonophone. mnl’
grammarFile: ’digit. grammar’
feaType: 'MFCC F’
feaDim: 13
mixtureNum: 3
stateNum: 3
streamWidth: 13

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff

Inside test = 79.

24%, outside test = 75.89%

I B ZE B Monophone #1) 2401 7F

JREHE (htk/chineseDigitRecog/training/output/digitMonophone.mnl) :

=9
sil

I

i

>
«

‘—'UQOCEDQJUJCD
AL

CH AT it 3uleA e B~ i1 5



1M %Y Monophone (¥ mif k%0
Example (htk/chineseDigitRecog/training/output/digitMonophone.mif) :
iU 26 4 MFCC, m] iR #1844
Example 2Input file htk/chineseDigitRecog/training/goMonoPhone26.m
htkParam=htkParamSet;
htkParam.pamFile='digitMonophone.pam’;
htkParam.phoneMIfFile='digitMonophone.mlf’;
htkParam.mnlFile="digitMonophone.mnl’;
htkParam.feaCfgFile='mfcc26.cfg’;
htkParam.feaType='MFCC_E_D Z';
htkParam.feaDim=26;
htkParam.streamWidth=[26];
disp(htkParam)
[trainRR, testRR]=htkTrainTest(htkParam);
fprintf('Inside test = %g%%, outside test = %g%%!\n’, trainRR, testRR);
Output message
pamFile: ’digitMonophone. pam’
feaCfgFile: 'mfcc26. cfg’
waveDir: ’..\waveFile’
syIMIfFile: 'digitSyl.mlf’
phoneM1fFile: ’digitMonophone. mlf’
mnlFile: ’digitMonophone. mnl’
grammarFile: ’digit. grammar’
feaType: 'MFCC E D 7’
feaDim: 26
mixtureNum: 3
stateNum: 3
streamWidth: 26

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Inside test = 83.71%, outside test = 87.5%

g H 39 ) MFCC, W] B R 418471 -
Example 3Input file htk/chineseDigitRecog/training/goMonoPhone39.m
htkParam=htkParamSet;
htkParam.pamFile='digitMonophone.pam’;
htkParam.phoneMIfFile='digitMonophone.mlf’;
htkParam.mnlFile="digitMonophone.mnl’;
htkParam.feaCfgFile='mfcc39.cfq’;
htkParam.feaType="MFCC_E D A Z
htkParam.feaDim=39;
htkParam.streamWidth=[39];

disp(htkParam)

[trainRR, testRR]=htkTrainTest(htkParam);



fprintf('Inside test = %g%%, outside test = %g%%)\n’, trainRR, testRR);
Output message
pamFile: ’digitMonophone. pam’
feaCfgFile: 'mfcc39. cfg’
waveDir: ’..\waveFile’
syIMIfFile: 'digitSyl.mlf’
phoneM1fFile: ’digitMonophone. mlf’
mnlFile: ’digitMonophone. mnl’
grammarFile: ’digit. grammar’
feaType: "MFCC ED A 7
feaDim: 39
mixtureNum: 3
stateNum: 3
streamWidth: 39

Pruning—0ff

Pruning—0ff

Pruning—0ff

Pruning—0ff

Pruning—0ff

Inside test = 84.6%, outside test = 89.29%

wiE i, FMKE R MGE Mixture FIMEL W IR MFCC A,
HAeHAME - EFE, EH 13 4 MFCC, & Inside & Outside #fal R %} Mixture I (1)5%
16, Wk

Example 1Input file htk/chineseDigitRecog/training/htkMixture01.m
htkParam=htkParamSet;

maxMixNum=8;

for i=1:maxMixNum
htkParam.mixtureNum=i;
fprintf('====== %d/%d\n’", i, maxMixNum);
[trainRR(i), testRR(i)]=htkTrainTest(htkParam);
end

plot(1:maxMixNum, trainRR, 'o-', 1:maxMixNum, testRR, '0-);
xlabel('No. of mixtures'); ylabel('Recog. rate (%)");
legend('Inside test', 'Outside test');

Output message

======1/8

Pruning—0ff

Pruning—0ff

Pruning—0ff

Pruning—0ff

Pruning—0ff

====== 2/8

Pruning—0ff

Pruning—0ff

Pruning—0ff



Pruning—0ff
Pruning—0ff
====== 3/8

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
====== 4/8

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
====== 5/8

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
====== 6/8

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
====== 7/8

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
====== 8/8

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff

Output figure



o (=] o oo oo
=] [ %] E [=2] o
T T ¥ T

L=}

Recog. rate (%)

-1
0o
—

761
74 I;"

720

70

—&— Inside test
> Qutside test

I
1 2 3 4 5
Mo. of mixtures

REEH R, A HTK BRI A% AR e — (M B ¥ htkTrainTest.m, DIy e & IFNY ., $E
IR ATIABEE MFCC 5T, REEE KT, BARLES D 5T H R
FAME AT LR 13/26/39 4 MFCC, & H Inside & Outside #a% %l Mixture {FHEL15E4L,

W

Example 2Input file htk/chineseDigitRecog/training/htkMixtureMfcc01.m

% Get the RR when feature dim. and mixture no. are changing

htkParam=htkParamSet;
maxMixNum=8;

for i=1:maxMixNum
htkParam.mixtureNums=i;
fprintf('====== %d/%d\n’, i, maxMixNum);
[trainRR(i,1), testRR(i,1)]=htkTrainTest(htkParam);
end

htkParam.feaCfgFile="'mfcc26.cfg’;
htkParam.feaType='MFCC_E_D Z';
htkParam.feaDim=26;
htkParam.streamWidth=[26];
for i=1:maxMixNum
htkParam.mixtureNums=i;
fprintf('====== %d/%d\n’", i, maxMixNum);
[trainRR(i,2), testRR(i,2)]=htkTrainTest(htkParam);
end

htkParam.feaCfgFile="'mfcc39.cfg’;
htkParam.feaType="MFCC_E D A Z
htkParam.feaDim=39;



htkParam.streamWidth=[39];
for i=1:maxMixNum
htkParam.mixtureNums=i;
fprintf('====== %d/%d\n’, i, maxMixNum);
[trainRR(i,3), testRR(i,3)]=htkTrainTest(htkParam);
end

plot( 1:maxMixNum, trainRR(:,1), "*-b', 1:maxMixNum, testRR(:,1), 'o-b’, ...
1:maxMixNum, trainRR(:,2), "*-g', 1:maxMixNum, testRR(:,2), 'o-g/, ...
1:maxMixNum, trainRR(:,3), "*-r', 1:maxMixNum, testRR(:,3), 'o-r");

xlabel('No. of mixtures'); ylabel('Recog. rate (%)");

legend('13D, Inside test’, '13D, Outside Test', 26D, Inside Test', '26D, Outside test', ‘39D, Inside test’, '39D,

Outside test', 'Location’, 'BestOutside");

Output message

====== 1/8

Pruning—0ff

Pruning—0ff

Pruning—0ff

Pruning—0ff

Pruning—0ff

====== 2/8

Pruning—0ff

Pruning—0ff

Pruning—0ff

Pruning—0ff

Pruning—0ff

====== 3/8

Pruning—0ff

Pruning—0ff

Pruning—0ff

Pruning—0ff

Pruning—0ff

====== 4/8

Pruning—0ff

Pruning—0ff

Pruning—0ff

Pruning—0ff

Pruning—0ff

====== 5/8

Pruning—0ff

Pruning—0ff

Pruning—0ff

Pruning—0ff

Pruning—0ff

====== 6/8

Pruning—0ff

Pruning—0ff

Pruning—0ff



Pruning—0ff
Pruning—0ff
====== 7/8

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
====== 8/8

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
======1/8

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
====== 2/8

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
====== 3/8

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
====== 4/8

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
====== 5/8

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
====== 6/8

Pruning—0ff
Pruning—0ff
Pruning—0ff



Pruning—0ff
Pruning—0ff
====== 7/8

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
====== 8/8

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
======1/8

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
====== 2/8

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
====== 3/8

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
====== 4/8

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
====== 5/8

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
====== 6/8

Pruning—0ff
Pruning—0ff
Pruning—0ff



Pruning—0ff
Pruning—0ff
======17/8

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
====== 8/8

Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff
Pruning—0ff

Output figure

100 T T T I
—&— 13D, Inside test
—=— 13D, Outside Test
26D, Inside Test |
26D, Qutside test
5] £ 39D, Inside test
] e 39D, Outside test
% Location
/ . ol BestOutside
90 S o a
=
g
] T
B g5l L]\ 1
2 A .
80 = E
,/! “\ ; .,
I & “
s \___ e
(=N ’
e
70 | 1 1 1 1
3 4 5 -] 7 8

Bubay R AN EilEd /N
1. () PIXBTF PR —

Mo. of mixtures

s I /Ly SR o

P wav AR, WELTAIRE, DMt HTK 3li%K:
a. &t digitSyl.mIf F&%.
b. &4 wav2fea.scp %,
c. &4 trainFea.scp /& testFea.scp f#%.

AR P HEA T | SR B oA Ul o

RE, bl DUz A A sk DU (DB RS S &5 R . D o

FH1i goSyl13.bat /& goSyl13.m, fiif{] 2003 (1)
BTk Al R, 2006 I BT Sk AR kL, SKIGHHRA Y inside-test Fl1
outside-test Friiw. FE b, TEMW TAEASAEER AR Z, IR T/
¥l MATLAB F£i goGenFiledhtk.m, Ae#ftTa € wav i RE R,

CtafRvE: SEdom A EIRDUARE %, B
goSyl13.bat =ijE goSyl13.m, K RIREzEf ik S 2 R Rt i, SRARINAT



% WA 13, 26, 39 4E) MFCC, inside-test Al outside-test [K#EHHE & EZL
/b2 E5#% Confusion Matrix JE /R ZE . IRAGFIMEE R L.
o Ll goSyl13.bat AR, FrE kL4 2: inside test 86.38%, outside test
79.51%.
o Ll goSyl26.bat AFERE, FrE kL4 H L inside test 92.07%, outside test
87.25%-
o Ll goSyl39.bat AFERE, FrE kL4 AL inside test 95.17%, outside test
89.53%.
AR
o FREREENIRELA AL, KA HTK ASZ8k.
o BB SRR EIIRE S, DAEE— 0. IR AP T S H B
WY, BN BSR4, T DUR AR E0RE 2k 44, i 912508
/8% H\3a_7436_16017.wav ===> 00002-3a_7436_16017.fea] .
o HTK &3 /NG, BT LR 4 FUAH BEAE 4085 20— 20
o M AR e EME LB, ORIk fip f1E 2
ftp://AP2006:ap2006@140.114.88.80:3524, )
PerR: LU recursiveFiIeListm AR H 8% ST A ) wav B
2. (%) PCEE R — E%’EL%E, HER &AL, LIRS outside-test &
inside-test ?i@@%@ﬁi‘zﬁﬁfﬂﬁ SR S I T o AR AR I S5 R AH B R 2 M Gl
FRRAESE . BB mixture 1I§'5Z IRBEMHEL...) L8R method.txt, WERAIIR
HTAHE . 66 method.txt. fRAZEAM macro K% GEMA A
digitmac) . DLKBUHEHCR s AR BRI 2, —0F &I, SR EOkIE
ITHES, WRFHE R — M A HRRR . CRIR ftp fLE 2
ftp://AP2006:ap2006@140.114.88.80:3524, )

Chapter 18: FEEFHATEE

Chapter 18: ESHHITEE
18-1 54y
4 — AT PR R g e SO R, AEEBRIEI TR AT, 1B AR LT,
1. BISCREEATEL . PO ERIE S, SRR S .
2. BRI TR, AR, DUMEEITE S
ATENE GRS LD BRI AT R

18-2 XFEHF

T TRAMDRE AT A S AR SR S, DU RR R = E ], Ay A A R S e A T
ko 2 DARE S e N [ — ) R, AR 3 T%Elﬂu% 3221 £, J#F tangPoem.rt KN, WiF:
Example (tangPoem.rt):
Hint
rt £ recognizable text.
HEMMT, B2, wtfmEEsescaurdy. R RT MEcE AKX, %%ﬂ“i”wjﬁ—fu
T AR &, (HR2EAKEN RT W5, SEEEEA 8Nty TE. E58, EKEL
JRAE R — R I, AR A — M WPA K& %, e Hifln -

Bil bei AN
x cai L5
& GiN 0 415



= JaG i
= CaG 1 I
Y mrN nh
] fu C X

Hint

wpa 1t word to phonetic alphabet, 5k 2 o7 27 5 B AZ () R %

7E LR G E . RS, R RS I EARE, B R BRI
e R &0 H ey A H 230 E s, bl IR R I A B S S s E alle ok, HEREms T
e, Bl T] B A i . esCepan T -

eiszner ayzner

eitel aytahl

either iy dh er#ay dher
eitzen aytzahn

ejaculate ih jhae ky uw l ey t

e FIRIE e S s R (LSRR, Bl ae w2, [
e BT, Bl either WA MAESE S, BLIRRERAMAEA] # 2R3 bRiE i fl 4% o .
Hint
T H BAMAS EL A A S Ao el SO AR, IR SO A SN LU SR B, PRt 3R 2 FH o B A el
AR A B
H T WPA K ZAZ, AMBinT UIELT T2 vk] e, DB TEABF =M ] 2kan, MR
5 S A S A AL e mT AR s il DY A %

a. § (%) EAH (9% ) WEERH

b. ¥ (k& ) EH (7T 7 ) WEEM

c. ¥l (44 7) B (7% ) WwEERH

d. ¥l (£ 42 7) B (7T ") wEERH
i [T By —H ] AR

a. THLK—HE (7 X5 ")

b. THTK—HIE (7% ")

c. THLWK—HE (Tug ")
DRI L FRAM o] UM Bb e 22 009k, iR SYL K%, UL R LIS BTSSR — R T RENI 9%, S04
W

H

Cau-cy-bai-di-cai-YN-jieN 56
Cau-cy-buo-di-cai-YN-jieN 56
Jau-cy-bai-di-cai-YN-jieN 56
Jau-cy-buo-di-cai-YN-jieN 56
cieN-li-jiaG-1G-i-Ry-hai 57
cieN-li-jiaG-1G-i-Ry-huaN 57
cieN-li-jiaG-1G-i-Ry-sYaN 57

%Lﬁﬁ%$,ﬁ@@%f%%ﬂ%%%ﬁjﬁﬁﬁﬂ%ﬁﬁ,W%E@W%f$iﬂﬁ—ﬂﬁj
WP Al feds s, 56 Bl 57 NIRACKEM A rt R HINAE (FIBO, DMERAE. M [ 5%
TREFIR] R EERER R



o EEL: FIMIPTARREMEET, AE AR SRRl GERIE DR I H R RS A4
eSS E S EDNE Gk i p NP Sl 2oy o P e PR T S L g D S =R LRV
SATHIVER AT ] REMN 9535 o)

o BN RESEARIRIER, FHARER LA, i HARE A SO RE SR, ) RE R

JIAN R, A TR AR |, JRAM A ZH S R 1 R, PTG R
Al s A A,

1z 0073-1252
W7 R ANz B 0021-3423-2094-0021-2814

W7, ey g 4% 0021-0371-3382-0414
Zek  0021-1284
Nz P\ Ah 0021-1903-0232-3184

DL [z | ke, SBHER R
1. 007 (57 X7IEM) 3 CGE=E)
2,125 (H |~ &y 2 CGEZED)
A i A, AT CUELT (5] A AR
1. Maximum matching:
a. PEEALLE: TR Lz iz ===> 3| =8| 2| B H 2]z
b. fEREE: KRR Lz Nz ===> | 58| 2| & | iz |z
2. Dynamic programming: (Al 546 78)
[ AR ] (P EREE T
o BEL: ATEAEATRER S
o WREL: dELRIREE S, Hl
o I8 filan [FREEEE Oz /hz ] g TRIE ] A [arz].
o MEVEHEEAME: [FEIR 10 o). [FIEXRIR 10 0] hREIE) 1] 8y, W%
A P BEE BT, AR S HIERESE . 04N, RIS, AR SN 5 8 2l )
i .
TESESCTT I, R e B 20 i o, L se vl R A BUA WPA 2, flinpitE4 Benq 5
google, /& A4 Schwarzenegger o4 Rocktop 2%, IHFmkie 2 N LifiBhis R, ol f
HEAT 9 1K THIE
— MR, R R AT EERGE AL — M HMM, SRR T Viterbi Search k5T
B HMM [RBR A M e AE 55X, Bed ] DL 7 — {55 A48 4% (Lexicon Net), 2 #if Viterbi
Search FtHHY, AIREE AR EGE R, F 20 Aoy &= 8.
a. Linear Net
b. Tree Net
c. Double-ended Tree Net
PLR 1 ] Akt ) A #0451 -
JRUERE CEOMRE R 2Rt ORI % T BT aT$E HD
=ildit)
&b BURN
=Rla T
& LR BUMN
& T BURE
& T RS
P my DLz B S B linear net, [EZR40F



._

USRS BE R A ) 223, NCIEATHE, T RAS I AR ETES, bR s A

&b
1
Jb 88— -

it

h 4
h 4

Y
Y

._

L
Y
3R
:

h 4

ol | o ol ey o

'y
L

h 4

#

VEIREBA W] LK AE LU A [R]85 AR R (1 s (B R 5 O B (W BT RS, Qs

Jt

h 4
h 4

o
=i

h
h

._

| L

2

B, PCRE RS R AR, BAM T DAERDE, $RH A7 CZ TR Ry, B2 s f iR,



EOE R A A RIS ST B, v ISR R E Y double-ended tree net:

;ﬁt—/@
=

s =

Ji5

7E R A B & RS 1 F A R, FRAM A ZEAE IR — R R RSAAR AR S, JLPT A nT RE 1 R 155 I % A1
JRU A R4 I AE RS AT [F] . FRAU SRR, fEEJE linear net. tree net 5{/Z double-ended tree net, Lt
AT A R e A —FK I

76 R, TAMEHE linear net w1 T A A ) 22 8% AR MEATHEF, o SEFRAM e 1) A 3 75 e
HEATHER, LIR854 tree net ¢ double-end tree net.

IR AFAE —FRA R &SRS AL vk, v DAYE 2 TSR 8] N SE Gt 40, 16 T DAORRE T S D B
PIETEE, HIH AT VA A . (RBIEELIE AR, ArEE G B E, B, >

b FiRBERA 2R e B tree net, R LLRIRE R4 net %

Example (U HER] 4 4 treeNet.net):

E FiR#IEIrh, [N=18]) fCEH 18 fHlfii%h (Nodes) , [L=22] fUFf 22 f4i#45 (Links) ,
[1=4 W=tai] RS20 4 (METES09E5 2 tai, [J=16 S=10 E=14] QI8 16 Bal4hm
BHAA T B ETEG 10, &ORACE IR 14, GR%EHE. MBI E R R




J=7

J= =5
1=5,Cog, q:H 1=6.,y, T T—»{ =7.1G, B %{ 1=8.fu, [
J

=8

=11 J=13 J=14

122 T=10.pei, FEf—1=11.8y, 7if [={I=12.1G. Bz} —
J=16 : ~=1¢ J=18

—14SieN, B =151G, B{=—

AR Aas W 45
18-4 BE24ZE
— MR PR, o USRI AR A Ay RE e R I SE A B, DRI AT RE A BRI B A SR T
AR 2 WURE, B SRS R B R 4 o LU Je A AH 28 AR 1) 44 50«
o EERIN (Acoustic Model, HifEi#E ModeD): i HMM [¥)—fEsh % B, W
LRI AL E W AR B o FRAM AT DA 2 B B & A Ay — M LT
o 51 (Syllables): eI EAL, LI SRR, — M oS E (58 DL SCAkER,
— I8 F) g ] LU 2 B 8, 1 tomorrow A —AE S T
o &% (Phoneme): mlffif Phone, &3/ NEAL, Bl [ K] B85 n] AR 27 Fl
Y MR, (HR S RN AE— e ANSE, Bl 203 B, BRI 5 &k (S
FRPRRN M S 2, BT, . 4. XA, ERMEEE ST, A S DU
o Monophone: ULHL—%& Z/E&— A, filanim,
o Biphone: LLUIHAE Ml 25 1 2B A, % /2 RCD (Right-context dependent), {1l 4
I T 7= R T - ] A5 2% B AR A () PR AR
o Triphone: LUHAE — {5 RAE AL, BIULE XAET + X =T S &+ X - TR 2 i AN [ (1)
AR
PLERAFT B S ek R 4501 =, /2Ll biphone A& iRV BLAT, 4% 5 813 Mixture frIR
JE B, BT DL R AR Rl




Syllable:

4 (tai)  Jt(bei) — 1 (shi)
T
Model: b+e e+i i+sil
State: State 1| |State 2| |State 3
Stream: MFCC AMir:CC AAMFCC
Mixture: Mixture
Mixture

7E blalA, &1l state X3l —=fl stream, 43)il7& MFCC. AMFCC. AAMFCC, HJ* MFCC
= >

R ENEE SR, kIR 6 f# mixture sk MFCC &k, £ AMFCC X
AAMFCC, A"+ H M mixture A A,

A7 AFRHA % A HMM BB 2, s Rl 1
/

& (tai) h

a+i

t+a

i+sil

@ AR IR T = Ff transition:

Type 0: Transition between syllable
Type 1: Transition between model

Type 2: Transition between state
— HLHfERR

RESRRL SR, B DA HTK AR
R

=

B An

FEH R A SR (R B 22

iy
4
el



