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ABSTRACT 

 
This paper presents an automatic algorithm to extract the 
discrete phrase and accent commands with their timing 
parameters from the speech wave. This algorithm is based 
on dynamic programming (also called DP algorithm) and 
least square error methods. The DP algorithm is composed 
of two steps. First, it decides the timing of the phrase 
commands; then, it determines the suitable parameters of 
phrase and accent commands. Finally, the experiment 
results of one example will be shown. 

 
1. INTRODUCTION 

 
The contour of the speech fundamental frequency (also 
called Fo pattern) plays an important role not only in the 
transmission of linguistic information focusing on word 
meaning and sentence structure, but also in the 
transmission of non-linguistic information such as 
naturalness, emotion, and idiosyncrasy of the speakers. In 
recent years, the speech synthesis by rule and full 
automatic text-to-speech techniques become more and 
more popular due to the development of the computer and 
multi-media techniques. In order to synthesize the high 
quality and natural speech, we need to analyze and 
automatically approximate the Fo pattern from the real 
speech wave.  

The proposed Fo model is based on the Fujisaki 
model which is slightly extended in this paper. The model 
parameters are determined by the least square error and 
the dynamic programming methods. We divided the 
approximation process into two steps, because the DP 
algorithm consumes much of the processing time in order 
to extract the commands. The first step is to decide the 
phrase segments from the whole speech sentence; the 
second is to determine the suitable parameters of the 
phrase and accent commands and their boundaries in each 
phrase segment. 

 
2. Fo MODEL 

 
According to the reference [1], we consider that the Fo 
pattern can be approximated by the two components: the 
phrase components and the accent components such as 
equation (1). 
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Here, phrase component is 
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And accent component is  
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It is widely recognized that the Fo contours of 

words and sentences are generally characterized by a 
gradual declination from the onset toward the end of an 
utterance, superposed by local humps corresponding to 
word accent as well as those corresponding to such 
intonational factors as interrogation and emphasis. In 
order to approximate the Fo contour more precisely, the 
item minF  in equation (1) can be replaced by a slope 
polynomial: cbt +  as shown in equation (4). 
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In this paper, we choose the following values for 

the three parameters: α  = 3.0 (rad/sec), β  = 20.0 
(rad/sec), and  γ =0.9 according to the reference [1]. 
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3. AUTOMATIC DETERMINATION METHODS 
 
In order to solve the problems of determining the 
boundaries and the amplitude parameters, we introduce 
the least square error and the dynamic programming 
methods in this paper. 
 
3.1. Least Square Error Approximation 
 
Suppose we approximate )(0 tF with function )(ˆ

0 tF , we can 
obtain the mean square error by using the evaluation 
function (5): 

)5(/)()}()(ˆ{)(
1

2
00∑

=

−=
T

t

TtwtFtFtϕ  

The w(t) is 1 when the speech in test is voiced,  
otherwise w(t) is 0. Let us minimize the equation (5) in 
respect of a set of parameters

ipA , 
jaA  b and c , then we 

get the four equations: 
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Combining these four equations, we can work out 
the four parameters. Here, b  must be negative; and c  
must be positive. 
 
3.2. Dynamic Programming 
 
The approximation problem mentioned above can be 
formulated as a multi-stage problem. However, it is not a 
good way to directly solve this problem because it 
requires a great deal of calculation. So we can use the 
dynamic programming method to solve this problem. 

The principle of dynamic programming method can 
be said to reduce a multi-stage problem into a two-stage 
problem. However, storage for tables which keep the 
optimum values of previous stages will be required to 
reduce the cost of the total calculation. 

We divided the speech utterance of the duration T 
into N interivals in equation (5), where 

Nnnnnn k ≡<<<<<≡ ...0 3210 . And let kφ  
denote the square error of k-th interval. Then we have  
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Where 00 =n , Nnk = , 1−−= kkk nnN , )(ka , 

corresponding to the parameters 
kpA , 

kaA , b  and c . 

Here we divide the minimizing procedure into two parts: 
one is the minimization of k-th interval only and the other 
is minimization of 1st, 2nd, … , (k-1)-th intervals. Then we 
can represent the process as follows, where )( kk ng  

denotes k-th optimization of the intervals between 0 and 

kn . 
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The interval from 0 to kn  is divided into k stages and the 
optimization is executed for each segment. 
 

4. TWO-STEP ALGORITHM 
 
At present, the calculation of all four parameters,

ipA , 

jaA  b and c , are carried out at the same time in the DP 

algorithm. In more details, the detection of accent 
command

jaA  with its suitable duration exhausts a 

considerable part of the computation. The two-step 
algorithm has been devised in order to reduce the 
computation time.  

This algorithm is broken into two main steps: one 
for phrase timing, and the other for the whole four 
parameters of the Fo model. The details of the algorithm 
is explained in  Fig. 1. 
 

 

Fig.1 Flow chart of the two-step algorithm 



 
First step: the timing of the phrase component 

commands can be stably and suitably extracted by only 
using the combination of the phrase components function 
and the slope function as shown in the Eq. (12).  
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The more details will be shown in the following: 

Combining the Eq. (6), Eq. (8) and Eq. (9) to work out the 
parameters 

ipA , b and c  as we needed in the dynamic 

programming algorithm described in section 3.2, then we 
can get the phrase commands and their boundaries. 

Second step: The present work in this step is to 
extract the four parameters from each phrase boundary. 
Firstly, according to the result of the first step, we divide 
the utterance sentence into phrase segments. Then the 
procedure is composed of two parts in each phrase 
segment. One is to search the best boundary of the accent 
command in the corresponding phrase segment by using 
the least square error method described in the section 3.1. 
The other is to work out the four parameters in the current 
phrase segment. Repeat this procedure until we have 
reached the final phrase segment.  

The above description is the basic principle of the 
two-step dynamic programming. By this algorithm, we 
can extract the suitable phrase and accent commands from 
the speech wave. Instead of occupying relatively large 
working memories, this algorithm consumes fewer 
processing time than the previous algorithm with 
maintaining the high accuracy. Although this algorithm is 
rather complicated, some improvements can be expected 
in the future. 
 

5.   RESULTS OF THE EXPRERIMENT 
 
In order to quantitatively evaluate the two-level dynamic 
programming algorithm, an experiment was conducted. 

In this paper, we selected one Japanese male speech 
sentence: “bakuoN ga giN sekai no kougeN ni hirogaru”                                                    
(A roar spreads in the plateau of snow-white world.) from 
Multi-Lingual Speech Database for  Telephonometry 
1994. The sampling of this data is 16kHz, and its bit is 
16Bit. The Fo pattern was extracted by the AMDF 
algorithm. The frame step interval in the algorithm is 
10ms. 

Here we adopted the decreasing rate of the mean 
square error (see the Eq.13) to decide the suitable number 
of the phrase segments.  
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Here E(n) is the mean square error when the number of 
the phrase segments is n. We can see that the maximum of 
the decreasing ratio is the best choice. Fig. 2 shows this 
decreasing ratio at the different number of phrase 
segments. In this figure, the x-axis denotes the number of 
the phrase segments, y-axis represents the decreasing rate. 
According to this result, we can conclude that the best 
number of the phrase segment is four.  

Fig. 3 illustrates the results of the extraction and the 
approximation by using this two-step algorithm. Table 1 
shows the parameters of the phrase commands, Table 2 
indicates those of the accent commands and Table 3 lists 
those of the slopes.  

 

 
Fig. 2 Decreasing rate of the mean squarer error 
 
From the results, we can see that the amplitude of 

the phrase command in the fourth phrase segment is much 
lower than the others, and it can not be clearly seen  in Fig. 
3. As the amplitude of the accent command in the first 
phrase segment is 0, we can consider that there is no 
accent command in the first phrase segment. 

Fig. 3 shows that there are four phrase commands 
(named Ap1, Ap2, Ap3 and Ap4) and three accent  
commands (called Aa1, Aa3 and Aa4) which are not 0. 
Phrase commands, Ap1 Ap3 and Ap4 are corresponded to 
the actual phrase in the prosodic theory. But Ap2 is not 
corresponded. It can also be see that there is no accent 
command between Ap1 and Ap2. We can suppose that Ap 
is small than a excited threshold, in this case it is either 
consider that this Ap is not corresponded to the phrase. 
We will continue to eximate this suppose in the future. 
 

 Amplitude Time(ms) 
Ap1 14.44 49 
Ap2 6.64 67 
Ap3 27.39 125 
Ap4 0.036 187 

Tab. 1 Parameters of the phrase commands 
 



 Amplitude Start time(ms) End time(ms)

Aa1 0.0 49 49 
Aa2 0.027 96 113 
Aa3 0.008 154 176 
Aa4 0.017 189 227 

Tab. 2 Parameters of the accent commands 
 

b1 -0.0135 C1 2.08 
b2 -0.00261 C2 2.16 
b3 -0.00449 C3 2.07 
b4 -0.000605 C4 2.07 

Tab. 3 Parameters of the slopes 
 

6. CONCLUSION AND FUTURE WORK 
 
By using the proposed algorithm, we have successfully 
extracted the 0F model parameters from the speech wave. 
This method makes it possible to determine the phrase and 
accent commands without convergence problems. From 
the result, we can see that this algorithm is sufficiently 
suitable and accurate.  

For the future work, we will focus on improving 
this algorithm and seeking a more effective and advanced 
algorithm to be used in this method. 
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ba       ku    oN        ga       giN     se    kai   no       kou       geN  ni       hi ro  ga    ru 

 
Fig. 3 Speech wave, Fo pattern (dots) and its approximation (line) in the logarithm, phrase commands, and accent 
commands (from top to buttom) of the Japanese sentence /bakuoN ga giN sekai no kougeN ni hirogaru /. 


