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Abstract— The most known speech coding method using decoding as
synthese of the speech signal with the coded speech characteristics. One
of these characteristics is the pith frequency of the voice sounds. It is very
important to transmit the values of the pitch frequency and its harmonics
with the minimum numbers of bits. The goal of this article is to make an
analysis of the restored speech signal with the pitch harmonics and to make
an estimation of the distortion in the restored speech signal.
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I. INTRODUCTION

The pitch frequency determination can be made in the time or
frequency domain [1]. Each of these methods give some preci-
sion for the current values of the pitch frequency. In this article
the goal is to analyze the restoration of speech signal from the
pitch harmonics and not the goal to study the pitch frequency
determination methods.

II. SPEECH REPRESENTATION WITH PITCH HARMONICS

It is chosen in this article to work with the pitch frequency
determination method in frequency domain [2]:
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where:
ω0 is the pitch frequency;
Sω
�
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�
ω,ω0 � - the spectrum of the original and re-

stored speech signals, respectively, with the use of window
function ω.

The determination of the pitch frequency ω0 is used in the
speech coding methods with restoration of the speech signal
from the harmonics of the pitch frequency [3]:
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where:
Àl
�
ω � is lth harmonics of the pitch frequency ω0;

Sω(n) – the spectrum of a frame of speech signal;
WR(n) – the window function for separating the lth harmonic

of the pitch frequency from of the whole spectrum Sω(n);
n=al � bl – frequency interval around the lth harmonic of the
pitch frequency, chosen very narrow to determine with a good
precision the average amplitude of the lth harmonic of the pitch
frequency.

Using the values Àl
�
ω0 � of harmonics of pitch frequency

from (2) in the synthesis of restored speech signals in the de-
coders must be considered with the characteristics of the speech
signals and the chosen method for coding characteristics deter-
mination in the domain of a sequence of frames with 20 � 30mS
duration [1]. It is not real to decide that the pitch frequency is
constant even if there is a case of a speech signal for a separa-
tion voiced letter, with the same values for the frequency and
phase in the two adjacent frames.

III. SPEECH FRAME TRANSITION CASES

It is necessary to consider in this analysis of the distortions
the following cases of transition between two frames j-1 and
j in accordance with values of logical signal v/uv for voiced
(v/uv=1) and unvoiced (v/uv=0) speech signals:
the transition between two frames, belonging to unvoiced
speech:
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�
j ��� 0; (3)

- the transition between two frames, belonging to voiced
speech:

v � uv
�
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�
j ��� 1; (4)

the transition between two frames, first frame belonging to un-
voiced speech and the second – to voiced speech:
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�
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or vice versa:
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For the case (4) the transition between two frames, belonging
to voiced speech, can be define two conditions:
the speech signal for one voiced letters:
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the speech signal for two difference voiced letters:
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where:
∆ω0 is a predefined value of the difference between ω0(j-1)

and ω0(j) in frame (j-1) and j, respectively.

IV. RESTORED SPEECH DISTORTION ANALYSIS

In the condition (7) is satisfied, then the synthesis of the
speech signal with pitch harmonics must be done with the con-
cordance of the amplitudes al(n) and phases θl(n) of the pitch
harmonics in the two adjacent frames. It is used very often the
methods of interpolation between amplitudes Ml(j-1) and Ml(j)
and phases ϕl(j-1) and ϕl(j) for two adjacent frames:
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where:
- fa and fθ are respectively the functions chosen for inter-

polation of amplitudes and phases of each lth harmonic in two
adjacent frames ;

- Ml(j-1), Ml(j), ϕl(j-1) and ϕl(j) – the amplitudes and phases
of lth pitch harmonic in the transition between two adjacent
frames (j-1) and j.

The amplitudes Ml(j-1) and Ml(j) and phases ϕl(j-1) and ϕl(j)
can be determined from Àl

�
ω � (2) – the complex value of lth

pitch harmonic in frame (j-1) and j, respectively.
The most known speech coding methods, used the linear in-

terpolation for the functions fa and fθ in (9) and (10):
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where:
∆ω l(j) is the variation of the frequency:
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∆Φ l(j) – the variation of the phase angle:
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The expressions (11), (12), (13) and (14) guarantee the con-
tinuos variations of the pitch harmonics in the order of two ad-
jacent frame (j-1) and j.

For the case (7) the restored signal for the voiced speech Sv(n)
is:
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where:
L is the chosen maximum number of pitch harmonics for the

synthesis of speech signal.

For the case (8) it is necessary to use the overlap-add method
for concordance of the amplitudes and phases in two adjacent
frames (j-1) and j. This mean that in the place of transition
the restored speech signal is the sum of two signals Sv1(n)
and Sv2(n), respectively for the pitch harmonics of ω0(j-1) the
voiced speech in the (j-1) frame and for the pitch harmonics of
ω0(j) for the voiced speech in the j frame:
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where:

ω s(. . . ) – window function for the synthesized speech.
It is seen from the expressions (15) and (16), that in the place

of transition between two adjacent frames of speech signal, it
is possible to have the distortions from the variations of the
phase of synthesized speech for the case of the single varia-
tions of pitch frequency ω0(j-1) , ω0(j) in two adjacent frames
or from the variations of the amplitude and phase of the synthe-
sized speech signal for the strong variations of the pitch ω0(j-
1) -� ω0(j) in two adjacent frames. The quantity estimation of
these of these distortions must be done from the expression (11)
for the amplitude distortions (13) for the frequency distortions
and (12,14) for the phase distortions.

V. SIMULATION RESULTS

Some of the simulation results for different methods for
speech signals synthesis in the place of transition between two
adjacent frames are shown for visual impression from Fig.1 to
Fig.6.

On the all figures are shown respectively the time and spec-
trum graphics in the following sequence: original and restored
signal. The time interval in the time graphics is chosen such,
that to display more then one frame for analysis or synthesis of
speech signal. With an arrow mark it is shown the place where
there, are the distortion in the restored speech signal and the re-
spectively place in the spectrum of the restored speech signal,
where there are the differences with the spectrum of the original
speech signal.

VI. CONCLUSION

The time and spectrum graphics in Fig.1, 2, 3, 4, 5 and 6
are different each to an other with the choice of speech syn-
thesis method. The comparison of the graphics for these three
methods shown, that the choice of method of speech synthesis is
important to the value of amplitude distortion of the speech sig-
nals and their corresponding difference of spectrum in respect
of original speech signals.



Fig. 1. The time graphics in the following sequence: original and restored
signal of method 1.

Fig. 2. The spectrum graphics in the following sequence: original and restored
signal of method 1.
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Fig. 3. The time graphics in the following sequence: original and restored
signal of method 2.

Fig. 4. The spectrum graphics in the following sequence: original and restored
signal of method 2.

Fig. 5. The time graphics in the following sequence: original and restored
signal of method 3.



Fig. 6. The spectrum graphics in the following sequence: original and restored
signal of method 3.


	Back to PO2 session
	Back to main menu

