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KATA PENGANTAR

Setelah lama ditunggu, akhirnya Seri Kajian Ilmiah Lembaga Penelitian dan
Pengabdian kepada Masyarakat (LPPM) Unika Socgijapranata terbit lagi. Seperti kita ketahui
mempertahankan keberadaan jumal ataupun seri kajian ilmiah pada scbuah universitas
bukanlah hal yang mudah. Banyak kendala dihadapi para pelaku. Dua kendala utama yang
dapat disebutkan di sini adalah pertama, banyaknya tugas para dosen sehingga tidak tuntas
dalam melaksanakan sebuah kajian ilmiah schingga scbuah penelitian berhenti pada laporan
akhir bukan pada publikasi hasil. Kedua adalah rendahnya peminatan pengiriman artikel pada
sebuah Seri Kajian Ilmiah yang bersifat multi disiplin karena poin penghargaan lebih rendah
daripada seri kajian yang mono disiplin.

Kendala-kendala di atas temyata dapat dilampaui karena adanya dukungan dan
dorongan  kuat dari pimpinan universitas. Dukungan dan dorongan tersebut berupa
pencanangan salah satu rencana operasional bidang akademis pada tahun 2009/2010 adalah
pencroitan kembali Seni kajian [lmiah untuk menampung tulisan hasil penelitian para dosen,
Selain itu kerja keras tim LPPM memberikan tidak dapat diabaikan.

Pada edisi kali ini, kita bisa membaca bahwa tradisi bercerita baik secara lisan maupun
tulisan bukanlah hal mudah bagi kita. G.M. Adhyanggo dari Fakultas Sastra mencmukan
semakin luntumya tradisi cerita lisan dalam Komunitas Tionghoa di Tuban. Di sisi lain, Esthi
Rahayu dari Fakultas Psikologi menemukan ketidakmudahan untuk meningkatkan
kemampuan mengarang para siswa Sckolah Menengah Luar Biasa yang mengalami Tuna
Grahita Ringan. Mungkinkah budaya kita sckarang memang bukan lagi budaya bercerita?
Apakah komunikasi kita sudah dipaksa menjadi sckedar komunikasi fungsional yang tidak
mememerlukan kandungan afcksional karcna terbiasa dengan komunikasi pendek dan efisien?
Hal ini memang perlu penclitian yang scksama.

Hasil penclitian lain. Yang Roswita bersama Utami Tri Wahyuni menemukan bahwa
anak autis bisa dikembangkan kemampuan sosialnya dengan metode-metode psikologis. Esti
Rahayu mendapati tidak ada perbedaan kemampuan mengarang antara siswa menengah luar
biasa tunagrahita ringan yang diberi dua stimulus gambar dengan siswa yang diberi empat
stimulus gambar maupun cnam stimulus gambar.

Dalam bidang ckonomi, Stefani Lily Indarto mengkaji pengaruh partisipasi dalam
penyusunan anggaran terhadap kinerja manajerial perusahaan. Dari hasil penelitian ini dapat
diketahui bahwa ada hubungan positif antara partisipasi dalam penyusunan anggaran dengan
kinerja manajerial. Masih dalam bidang ekonomi, Stephana Dyah Ayu juga dapat mengetahui
bahwa perlawanan pajak dapat dikurangi dengan cara meningkatkan persepsi cfcktivitas
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pemeriksaan pajak. Partisipasi tidak hanya diperlukan dalam penyusunan anggaran tetapi juga
dalam pengelolaan bangunan cagar budaya. Yulita Titik dan kawan-kawan mencoba mengkaji
hambatan-hambatan dalam pengelolaan bangunan cagar budaya, termasuk aspek partisipasi
masyarakat.

Berbeda dani penelitian-penelitian di atas, Florentinus Budi Setiawan melakukan
penclitian eksperimental tentang period information quantization codebook of the segmental
sinusoidal model. Demikian juga Ch. Retnaningsih dan kawan-kawan. melakukan penelitian
cksperimental berkaitan denga potensi antiplatelet Kacang Koro. Kedua eksperimen tersebut
berhasil menunjukkan bahwa hipotesis-hipotesis para peneliti dapat diterima.

Hasil-hasil penelitian di atas dapat kita gunakan sebagai bahan kajian untuk penelitian
lanjutan, bahan diskusi dengan mahasiswa, maupun bahan untuk pengabdian masyarakat.
Akhir kata, kita semua menyadari masih banyak yang belum sempuma terbitan Seri Kajian
Iimiah Volume 14 Nomor 1 ini. Untuk itu saran dari pembaca sangatlah kami tunggu.
Semoga Seri Kajian IImiah ini dapat terus terbit dengan menampilkan hasil-hasil penclitian
benkutnya. '

Semarang, 11 Januari 2011

Ka LPPM
Dr. Margaretha Sih Setija Utami, M.Kes

il
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PERIOD INFORMATION QUANTIZATION CODEBOOK OF
THE SEGMENTAL SINUSOIDAL MODEL

Florentinus Budi Sctiawan
Fakultas Teknologi Industri, Universitas Katolik Soegijapranata

ABSTRACT
Segmental sinusoidal model is an approximation method based on sinusoidal
model for speech signal, especially for periodic pari. The periodic signal can be
decomposed by infinite sinusoidal signal with combination of amplitude,
[frequency and phase. Quantization is a method to code or compress a speech
signal. The proposed quantization method in this paper is sampling signal at
minimum and maximum part over one ceriain block. Paramelters of speech signal
are detected at its peaks, both positive and negative peaks. The useful parameters
are peaks and period between consecutive peaks. To obtain the lower size of
signal parameter, a look-up table is needed. Signal parameters are quantized into
veclor quantization form, so that codebook has to be generated in order 1o
indexing of the vector quantization. In this paper, we show the experimental
results, consist of codebook design and its performance based on the
reconstruction of signal. Reconstruction process is realized based on periods and

peaks information.

The experimental results show that this is a correlation

between the size of codebook and performance of reconstructed signal.

INTRODUCTION

Communication between one to the
other would be performed if level of
audibility 1s kept. Level of audibility could
be maintained if level of penodicity is
kept. So, the periodicity of speech signal is
important for human oral communication.
Periodic signal can be decomposcd into
sinusoidal components using Fourier
scries. Speech signal has the near periodic
components. Human speech signal is
consist of the voiced signal and unvoiced
signal. The voiced signal has the certain
period which mentioned as pitch. In the
frequency domain. the lowest formant

74

shows the pitch period. In the higher
frequency i the speech channel, there are
the sccond, third and fourth formant m
vary frequency. In the other hand. these
are some formant in the range frequency
above 4 kHz. Unvoiced signal has the
frequency spectra from zero until the
indefinite Hertz. This signal is more
difficult to analyze than the voiced signal.
because of similarity characteristics with
noise. Voiced signal contains redundant
component. One pitch period of voiced
signal has a high correlation with the one
pitch period of the adjacent segment. With
the high correlation, we can compress a
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train of signal, referred by one period of
voiced signal. On the other hand, specch
signal can be coded or compressed into the
lower rate based on the models like linear
prediction. Based on speech signal
charactenstics, we propose a model
referred with sinusoidal form. In speech
coding, there is a method referred with
sinusoidal model  called  sinusoidal
transformation coding (STC). The other
method is STN (Sines+Transients+Noise),
By using the sinusoidal model,
compression can be realized in order to
reduce the rate of speech signal data when
it will be transmitted. The new method for
the signal compression is the segmental
sinusoidal model. By using the scgmental
sinusoidal modcl, extraction of the periods
and the peaks parameter of a block of the
speech signal can be implemented. In this
paper, we proposed the new method to
arrange a peniod quantization codebook of
the speech signal. Encoder sends the index
of this codebook to the decoder. Then on
the decoder, the train of the period signal
is founded based on the sent of the
codebooks index.

SEGMENTAL SINUSIODAL MODEL

Sinusoidal model proposed by
Almeida ctal and McAulay Almeida’s
approximation is implemented by finding
correlation of harmonic phase between the
consecutive frame of signal. In the other
hand, McAulay wuses mixed-voicing
methods, that phase of voiced signal is
picked up from spectral cnvelope, under
minimum phase assumption. In this
condition. unvoiced phas¢ is random.
Spectral envelope is defined with lincar

75

prediction coefficients. Speech signal can
be represented by the following formula '

s(ny=5(n) = il‘f# cos(@, (mn+ ®_(n)

k=l

A (m)is amphitude,
thenw, (n)is frequency and @, (n)is
representing the phase at the k-th of
sinusoidal components. Signal in this
model can be represent as the k sinusoidal
of signal. Then the length of signal is
infinite. If this signal will be quantized
into sinusoidal components, k is infinite
the large amount of sinusoidal components

representing

can be reduced with showing the
significant components. The more
components of sinusoidal signal arc

showed the higher quality of speech
signal.

Speech signal maybe decomposed into
modulated components. Specch signal is
also modeled into amplitude and
frequency modulation System  analysis
and synthesis modeling based on overlap-
add sinusoidal model combination for
synthesis and speech quality enhancement
1s proposed by George, 1997

Human speech signal can  be
approximated by segmental sinusoidal
model. A segment of speech signal from a
maximum peak to the minimum
consecutive peak can be approximate as a
cosine signal from 0 to . Then, from a
minimum peak to the maximum peak can
be approximate as a cosine signal from
to 2. The following figure shows a
segment of speech signal. The 765-th to
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778-th sample is consist of 14 samples is
approached by a half period of two cosine
signals. The 765-th to the 774-th sample 1s
approximated as negative cosine function,
then the 774-th to 778-th sample. In this
figure. the onginal signal is marked as (+)
and thc sinusoidal approach of signal is
marked as (o). Part of signal from
minimum to maximum is reconstructed
with a half period of negative cosine
function, then the part of signal from
maximum to minimum is rcconstructed
with a half period of cosine function.

The sinusoidal signal approximation is
obtained by finding the maximum and
minimum peaks on the observation frame.
Maximum i-th peak is denoted by p(#) and
the minimum i-th peak is denoted by vfi).
The p(i) 1s the maximum peak is located
before the minimum peak v(i), so that the
rcconstructed signal from the maximum
peak to the minimum pcak can be
formulated as '¥;

s,(n)=a, + ia, ms[w]

Ry — Ruin

Where :

et PO+ and b= pli}=w(i)
2 2

The ag and a; are the Fourier cocfficients

for the DC components and the first

harmonic. Then the minimum peak to the

maximum peak can be reconstructed by

the following formula

k -
‘yw: {?’i’] =4a, - Zal WS[MJ

i=l P o — My

Where :
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Fig. 1. Segmental sinusoidal signal
modeling

In a frame is consists of 2k segments of
reconstructed signal contain of k& cosine
signals and k negative cosine signals. The
Eq.(2) and Eq(4) are the clipped Founer
scrics. The higher order of the Fourier
series 1s reduced into zero in order to
simplify the coding process for the lower
rate. These cquations means that the
higher frequency is reduced, so that only
the DC-offset and the first Fourer
coefficient is passed into decoder.

QUANTIZATION OF THE PERIOD
INFORMATION

Speech signal is quantized based on
peaks value and distance between two
consecutive  peaks with scgmental
sinusoidal ~ model.  Period  length
quantization can be¢ reduced in size by
application of codebook or look-up table.
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Codebook 1s design with respect on the
statistical characteristics of the coded
signal. The method to finding the code
vectors is traiming the large number of
signal vector.

In period length  quantization.
codebook 1s design based on the
quantization of period length value of the
large number of speech signal, in order to
obtain the accurate code vector to
minimize the distortion of period length.
In this paper, we explain the design of
codebook model based on the quantization
of period length.Speech signal i1s fetched
cvery 30 ms (240 samples) before
scparated into voiced and unvoiced. This
signal will bc coded into segmental
sinusoidal model with bit allocation is 120
bits for 30 ms in order to obtain the rate of
4000 bit per second. Speech signal can be
coded into segmental sinusoidal model for
every 120 sampies. If the length of pitch
period is morc than 80 samples, it 1s
applicd the 2:1 decimation process. So the
maximum number of maximum and
minimum peaks is no more than 25 Bascd
on the experimental results. the period
length of quantization i1s vary from one to
45. 2 Distribution of the guantization of
the period is decreased for mcreasing of
the length. More than 90 % the value of
the quantization 1s less than 10.

The unvoiced signal contributes less
than five of the period length quantization.
The voiced signal contributes the length of
period quantization more than five. The
quantization of the length of period into
codebook is reduced the quality of
reconstructed signal,
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The number of period length
quantization for a block of signal with 30
ms length is varied. The coding process is
more optimal if the quantization is coded
into blocks with variation of the number
index of codebook number of period
length quantization that less than five is
dominant. Vanation the number of period
length quantization is vary from onc to 45,
so that it needs 6 bt for cach value.

| kpo | kpl [kp2 | .. ... | kp24 |
0 67 1314 2021 160 161
167 bit

Fig. 2. Bit results of penod length
quantization

The length of period 1s quantized into
six bit (64 probability of quantization
value) based on the higher value which is
45. the value of quantization 1s coded into
codebook with vary in length because of
variation of kp for a block with 30 ms

length.

CODEBOOK
QUANTIZATION

Speech signal is fetched every 30 ms
duc to obtain more than probability of one
pitch length of signal. Quantization of the
period length for a 30 ms of signal is
divided into five blocks. Each of blocks
contain five value of period length
quantization. For cach blocks will be
coded into codebooks with vary in theirs
index.

The penod legth quantization 1s coded
into codebooks that vary in length due to
theirs probability number of &p in a 20 ms
of speech signal. The five blocks of signal

FOR PERIOD
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that quantized in period length has coded
into codebooks with length of 11 bits until
five bits. The beginning of block is
allocated the more number of bits because
of its high of probability to come,
especially for voiced signal. The following
diagram shows the codebooks
arrangement.

__Table 1. Bit allocation for discrete bin

bin block | Period bit
codebook
36-40 8 7 56
31-35 7 8 | 56
26-310) 6 9 54
2625 % 10 |50
16-20 4 11 55
11-15 3 11 33
6-10 3 1 33
1-5 3 11 33

Some codebooks will use a large
number of the memory place. in order to
reduce coded data signal rate. The wider
codebook has 2048 different codes, when
the smallest has 32 oncs. Each of codes
consists of five period length quantization
to include five dimension code vector. The
number of memory that is allocated to the
highest codebook is 5 x 2048 = 10240
places for integer. Each of the infegers
necds 8 bit in memory, so that memory
allocation for 11 bit codebook is 8 bits x
10240 = 81920 bits, or 10240 Bytes. Total
memory  allocation for four codebooks
with variation mn size is
(2"+2"42°42742%) x 5 x 8 bit = 149760
bits = 18720 Bytes. The total bait is
nceded to allocate for period length
quantization is (11+10+9+7+5) = 42 bits,
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Then the rest 38 bit is allocated for peak
quantization, formant and signal sign.

Table 2. Bit allocation for probability bin

appear
bin | Block | configuration | Period | bit
A CB

40 | 8 5555 5555 7 |56

39| 8 5555 5554 7 |56
38 | 8 5555 5544 T 18

3oy 5555 5444 7 |58

36| 8 5555 4444 7 |56
B 5555 555 7 499

34 7 5555 554 7 148

ko B 5555 544 7 [49

32 5555 444 7 |49

3y 5554 444 7_ |49

30 [ 6 555 555 8 |54

5 2 5 s

9 1 4 11 (118

3 1 3 11 |11

2 1 2 Tl

1 s 1 11 |48

CONCLUSION

Human specch signal is consist of the
voiced signal and unvoiced signal. The
voiced signal has the certain period which
mentioned as pitch. Unvoiced signal has
the frequency spectra from zero until the
indefinite Hertz. One pitch period of
voiced signal has a high correlation with
the one pitch period of the adjacent
segment. With the high correlation. we can
compress a train of signal, referred by one
period of voiced signal.

The periodic signal can be decomposed

by infinitc sinusoidal signal  with
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combination of amplitude, frequency and
phase. Quantization is a methods to code or
compress a speech signal. Parameters of
speech signal are detected at 1ts peaks, both
positive and negative peaks. The useful
parameters are peaks and period between
consecutive peaks. In order to obtain the
lower size of signal paramcter. a look-up
table 1s nceded. Signal paramecters are
quantized into vector quantization form. so
that codebook has to be generated in order
to indexing of the wvector quantization.

Reconstruction process 1s realized based on
periods and peaks information. The
experimental results show that this 1s a
correlation between the size of codebook
and performance of reconstructed signal.
Based on previous cxplanation and
experimental results, we conclude that can
be realized a codebook for period length
quantization value¢ in order to reduce the
number of data to be sent. The more
codecbook index number, the higher
performance of the reconstructed signal.
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