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Abstract

As a lot of researches on the speech signal processing are performed due to the recent rapid development of the

information-communication technology, the pitch period is used as an important element to various speech signal

application fields such as the speech recognition, speaker identification, speech analysis, or speech synthesis. A

variety of algorithms for the time and the frequency domains related with such pitch period detection have been
suggested. One of the pitch detection algorithms for the time domain, AMDF (average magnitude difference function)
uses distance between two valley points as the calculated pitch period. However, it has a problem that the algorithm

becomes complex in selecting the valley points for the pitch period detection. Therefore, in this paper we proposed
the modified AMDF(M-AMDF) algorithm which recognizes the entire minimum valley points as the pitch period of the
speech signal by using the rotation transform of AMDF. In addition, a threshold is set to the beginning portion of
speech so that it can be used as the selection criteria for the pitch period. Moreover the proposed algorithm is
compared with the conventional ones by means of the simulation, and presents better properties than others.
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1. Introduction

Recently, the speech signal processing has been
getting a growing attention due to the rapid of the
information—-communication technology. In addition, the
pitch period, the fundamental frequency of the speech
signal is used as a parameter sensitive to the human
sense of hearing for recognizing speakers of the speech
signal, which large affects on the natural. Accordingly,
extracting and reconstructing of the pitch in the speech
synthesis and the speech coding plays a key role in the
sound quality. Therefore, many algorithms for detecting
the pitch in the time and the frequency domains have
been suggested [1]-[7].

The pitch—detecting algorithms in the time domain
use periodic property of the waveform for detecting
pitch, which includes ACF(autocorrelation function),
AMDF, and so on [2]-[5]. Such algorithms in the time
domain do not need the domain transform for

analyzing, but only use simple operations such as
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summation and subtraction, or comparison logics.
However, when the speech exists in the transition

region so that amplitude difference in the frames
largely occurs, or noise is superposed with the speech,
the algorithms have a drawback of being complex for
detecting the pitch.

In addition, the pitch detection algorithms in the
frequency domain measure the harmonic intervals of the
detecting the
which
harmonic analysis method [7]. In general, because a

speech spectrum for fundamental

frequency of voiced sounds, includes the
signal in a frame can be separated according to the
frequency bands, these algorithms have an advantage
when noise is superposed in a band adjacent to the
speech frequency, or the speech exists in the transition
region.
However, while processing the signal, complex
calculations are necessary for transforming to the
frequency domain, and the transform broperty becomes
slower when the number of FFT points for detecting
precise fundamental frequency increases. Therefore,
AMDF is widely used in real-time systems because it

has advantages of detecting precise pitch period and
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less complexity, but selecting valley points for
detecting the pitch period is not an easy problem [8].
Therefore, in this paper, a new algorithm for
detecting the pitch period using the rotation transform
of AMDF is proposed, and the threshold set for the
beginning portion of speech is used as the selection
criteria for the pitch period. And, the proposed
modified AMDF(M-AMDF) algorithm is compared with
representative the linear-weighted AMDF(W-AMDF)
and the length-varied AMDF(LV-AMDF) algorithms in
pitch period detection using AMDF
[9]-[12]. This paper is organized as follows: in
section 2, we briefly basic-AMDF
algorithm and the conventional AMDF algorithm. In
the proposed M-AMDF

derived and section 4 presents experimental results.

algorithms
introduce
section 3,

Finally in section 5, we summarize the conclusion.
II. AMDF Algorithm

1. Basic-AMDF algorithm
If s(n) is a speech signal, s,(n) is derived from
s(n) by means of a calculation with a window

function , w(n) having length of N In such a case,
the basic-AMDF, ¥(/) can be defined as follows.

N-i+1
(1) = ;l Isp(n+1—1)—s,(n)l,

[=1,2,- N

1

According to equation (1), when s,(%) is a voiced

sound, ¥(/) shows the periodic property. In addition,

when the delay element, / is same with the period,

¥(/) shows a minimum value close to 0 [8]. In

general, the voiced sound shows periodic local
minimum valley points by the AMDEF algorithm as
shown in Fig. 1, and the first valley point for the
entire samples is used for calculating the pitch period.
in Fig. 1, the time interval

between the local minimum valley point A and

Therefore,

origin point is regarded as the 'pitch point'.
But, if the first local minimum valley point is
not the global lowest valley point, it is not
easy to select the first local minimum valley
point to detect pitch period.

algorithm is

AMDF algorithm
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Fig. 1. AMDF in voiced speech.

2. Conventional AMDF algorithm

After the basic-AMDF was made, some applications
of basic-AMDF have been introduced. And there are
W-AMDF and LV-AMDF respectively.

The W-AMDF can be defined by equation (2).

1 N—-i+1

a (2)
121,2,"‘,N

The W-AMDF is
detection error which basic-AMDF has in low-pitched

introduced to overcome pitch

signal environments.
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Fig. 2. Several AMDF.

That is, according to the above equation, the scale
factor, (N—1I+1) ! can

property of the basic-AMDF.
In general, because the minimum of AMDF has a

remove the decreasing

value close to 0, ! given as the minimum of AMDF,
i.e. the fundamental frequency should be properly
selected.

In such a case, since position of the fundamental

frequency on the frequency axis, f; depends on the
sampled frequency, Fg, [ can be obtained from the

relation of Fjg.

VD=L S st 1= D=5, (),

~1,2,. N
I=1,2,,75

(3)

As shown in equation (3), the LV-AMDF shows
same periodicity as the existing AMDF. In addition,
because complexity for summation is determined by a
variable [/, it has less complexity compared with the
basic-cAMDF and the W-AMDF. Fig. 2 is a result that
basic-AMDF and conventional AMDF is applied to a
voiced sound. However, the conventional AMDEF still
has an error in detecting the first local minimum
valley point for general voiced sounds. Therefore
existing AMDF needs following additional algorithm

shown in Fig. 3 [8].

Step 1. Detect local minimum valley points satisfied
with Thl.

Step 2. Remove values which are not satisfied with
time interval Th2.

Step 3. Choose the leftest value satisfied with Th3,
determining the deepness of valley points.

Addional Algorithm ||

Th2 Th2

Sample number

Fig. 3. Null picking of AMDF.

1. II. Proposed M-AMDF

According to this paper, by analyzing the decreasing
characteristic of the basic-AMDF y(/), angle © to the
horizontal line, formed by a line connecting the first
peak point of the AMDEF and the corresponding point,
is set as shown in Fig. 4(a) and (b).
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(b) Result o? the rotation transform
Fig. 4. M-AMDF.

Then, in order to make the angle © to (°, rofate
the AMDF in the positive direction. Following equation
(4) is a derived equation for setting the angle © and
established Here,

this angle © is adaptively.

R_.. = max{¥(/)}, N indicates the signal length for

max

analyzing ¥(/) and [ p,, is index of R .
R
© = arctan 55— —— 4
: N—=1 pmax

Following equation (5) represents M-AMDF by
rotating the basic-AMDF with the angle ©.
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cos® —sin®

YM(I): - x(l) (5

sin© cos©

M-AMDF proposed in equation (5) makes it easy to
detect the first valley point of the pitch period by
transforming the basic-AMDF y(!) with the angle ©.

In addition, M=AMDF additionally includes a parameter
a as shown in following equation (6) so as to have the
flexibility for the rotation angle. Therefore, it is easier to
detect the global minimum valley point by selecting the
proper value, a. Its effect is shown in Fig. 5 and in this

figure, a is a parameter for flexibility of angle.

R
O = arctan w—7>—+a (6)
N— lRmax
2| 4
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Fig. 5. AMDF for various angles.

In addition, because the first local minimum valley
point for detecting the pitch period is not clear for the
beginning portion of speech as shown in Fig. 6(a), an
error may occur in detecting the pitch period.
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Fig. 6. Threshold TH of M-AMDF.

Therefore, by applying threshold TH to each frame,
only valley points having smaller amplitude than TH

are selected as the pitch period. Here, TH can be
established by the following equation (7), and B is a
parameter for determining threshold level.

TH = B - ¥,(last) (7

IV. Simulation and Results

In order to simulate the pitch period detection
using M-AMDF
proposed in this paper, the sound card of P4i4SGV
model is used, where the resolution is 16-bit, and the
sampling frequency is set to 8 [kHz). In addition,

algorithm of the speech signal

length of one frame is 10 [ms] (80 samples), length of
the analysis frame is 4 frames (320 samples). And
frames are overlapped one by one for detecting the
pitch period.

Fig. 7 is the result of error frames about three
different speeches with a, B. And speech 1, speech 2
and speech 3 are speeches pronounced as '/Hwan/
/gol/ ftal/ /tael', '/1)/ /sa/ [cheon/ /li/' and '/Cheon/ /go/
/ma/ /bi/' respectively.
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(b) Comparision of error frames with B

Fig. 7. Simulation results for setting a, 8.



182 / A Study on Pitch Period Detection Algorithm Based on Rotation Transform of AMDF and Threshold

T
Test signal

Frame number

(f) M-AMDF (a=(0.2,8=10.4

Fig. 8. Simulation results.
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From the Fig. 7(a),
a, error frames were compared with each other by

in order to choose a proper

changing the value of q, after fixing B. In a=0.2,
the result proved that the fewest er:ror appeared.
Also, in Fig. 7(b), B could be chosen in the lowest
error frame after a was fixed. So, when a=0(.2
and B=0.4, the proposed algorithm presented good
pitch detection properties.

Fig. 8 shows the simulation results for a speech
signal pronounced as '/Hwan/ /gol/ /tal/ /tae/’.

Fig. 8(b) represents the detected pitch period by the
W-AMDF using the method which is to recognize the
global minimum valley point as pitch period(method A).
And Fig. 8(c) is the result by the W-AMDF using the
additional algorithm with  thresholds(method B
Th 1=0.2, Th 2=8, Th 3=0.5).

Fig. 8(d) represents the detected pitch period by the
LV-AMDF using the method which is to recognize the
global minimum valley point as pitch period(method A).
And Fig. 8(e) is the result by the LV-AMDF using the
additional algorithm with thresholds of same values as
W-AMDF.

Fig. 8(f) shows the detected pitch period by the M-
AMDF.

Table 1 is the result of error frames about three
speeches used in Fig. 7. From the table 1, we know
proposed M~AMDF has better capability than existing
AMDF. And effects of a and B on M-AMDF presented
in this table. As shown in the table, when a and B
were 0.2 and 0.4 respectively, it showed excellent
detection results for the pitch period.

Table 1. Comparison of error frames
about three speeches

Error frames

Speech 1 | Speech 2 | Speech 3

(94 frame) | (93 frame) | (113 frame)
(mothod A) 8 14 8
(meinod 1 ! 0 0
(method 2 12 18 12
(mothod B 6 4 4
(a=0.2,B20.9 0 6 10
(a=0.6, 6 0.0 2 ’ 0
(a20.2 52 0.0 0 0 0
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VY. Conclusion

In this paper, in order to detect the pitch period of
speech, M-AMDF algorithm using the rotation
transform of the basic—AMDF is proposed, and it
shows excellent results when compared with the
conventional W-AMDF and LV-AMDF by means of the
simulation,

The proposed method is a simple algorithm for
selecting the entire minimum valley points as the pitch
period. In particular, it removes error for the
beginning portion of speech by setting threshold TH.
Therefore, the proposed algorithm for the pitch
detection is thought be used for various application
fields in the speech signal processing such as the
speech synthesis, speech recognition, or speaker
identification.
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