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PITCH PERIOD EXTRACTING APPARATUS
OF SPEECH SIGNAL

Matter enclosed in heavy brackets [ ] appears in the
original patent but forms no part of this reissue specifi-
cation; matter printed in italics indicates the additions
made by reissue.

BACKGROUND OF THE INVENTION

1. Field of the Invention

The present invention relates to a pitch period extracting,
apparatus of a speech signal. More specifically, the present
invention relates to a pitch period extracting apparatus
which extracts a pitch period of an inputted speech signal by
evaluating a delay time at which a maximum autocorrelative
value 1s obtainable.

2. Description of the Prior Art

As methods for extracting a pitch period of a speech
signal with utilizing autocorrelative values, two methods are
known. A first method 1s a method utilizing a short-time
autocorrelation, and a second method 1s a method utilizing
a modified short-time autocorrelation.

In the first method, it 1s assumed that the speech signal in
restricted 1n time, and autocorrelative values are evaluated
by regarding as that the speech signal exists within only a
period of a time length Ts and the speech signal 1s always
zero out of the period. In the second method, it 1s assumed
that the speech signal 1s not restricted in time, and autocor-
relative values between a period of a time length Tt and a
period determined by delaying the period of the time length
Tt within a range 1n which a presence of a pitch period is
assumed.

Now, 1f a wavelorm of an inputted speech signal 1s
represented by digital speech data x(n), the short-time auto-
correlative value Rn(k) in the first method is given by the
following equation (1).

Ts—1-k
Rnik) = Z X(n+m)-x(n+m+ k)

m=0

(1)
m=0,1,2,... , Ts—1-k

In the equation (1), “Ts” indicates a time period in which
a presence of the speech signal 1s assumed, and “k™ 1s a delay
time for delaying the speech signal waveform in calculating
the short-time autocorrelative value Rn(k).

Furthermore, the modified short-time auto correlative

value R'n(k) in the second method is given by the following
equation (2).

Tt—1
R'n(k) = Z X(n+m)-x(n+m+k)

m=0

(1)

m=0,1,2,...,Tt-1

In addition, in the equation (2), “k” is a delay time for
delaying a speech signal wavetform 1n calculating the short-
time autocorrelative value R'n(k), and having a relationship

of Ts>Tt>>k.

As well seen from the equations (1) and (2), in the first
method, a range 1n which a product sum 1s calculated 1n
evaluating the autocorrelative value (hereinafter, may be
called as “product sum range”) 1s decreased according to an
increase of the delay time k, and 1n contrast, in the second
method, the product sum range 1s constant 1rrespective of the
delay time k.
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FIG. 6 1s a graph showing a relationship of weights in the
first method and the second method, and an axis of abscissa
indicates a delay time k (samples), and an axis of ordinate
indicates a rate of the weights with respect to the autocor-
relative values. In addition, 1n the first method, the time
length Ts 1s set as Ts=200 samples, for example. As seen
from FIG. 6, 1t 1s understood that the autocorrelative values
having the longer period, the smaller weight 1n the {first
method, but in the second method, the autocorrelative values
are evenly weighted 1rrespective of the period.

Therefore, there 1s not a possibility that double a true pitch
per1od 1s erroneously evaluated as a pitch period 1n the first
method; however, 1n the second method, there 1s a possibil-
ity that double a true pitch period 1s erroneously evaluated
as a pitch period. That 1s, 1n comparison with the second
method, the first method 1s advantageous 1n a point of an
accuracy of a pitch period.

However, 1n comparison with the second method, the first
method 1s disadvantageous in a point of a processing time.
More specifically, in the first method, the autocorrelative
values are weighted with extremely large weights when a
pitch period 1s short, while the autocorrelative values are
welghted with extremely small weights when a pitch period
1s long. Therefore, in the case of a long pitch period, it 1s
necessary to prevent the autocorrelative value from becom-
ing to be smaller than autocorrelative value having a short
period which 1s not a pitch period. Accordingly, 1n the first
method, 1n order to calculate a pitch period with precision,
1t 1S necessary to set the time period Ts at a degree of a time
length of at least double a possible longest pitch period
(k=100 in FIG. 6). Therefore, in the first method, there is a
disadvantage that the processing time becomes long. In
confrast, in the second method, since the weights are con-
stant 1rrespective of the pitch period, the time length Tt may
be set at a degree of a time length equal to a pitch period, and
therefore, the processing time 1s short.

In other words, 1n the first method, there 1s an advantage
that it 1s possible to extract a pitch period with precision but
a disadvantage that the processing time 1s long, and in the
second method, there 1s an advantage that the processing
time 1s short but a disadvantage that there 1s a possibility that
an erroncous pitch period 1s extracted.

SUMMARY OF THE INVENTION

Therefore, a principal object of the present invention is to
provide a novel pitch period extracting apparatus of a speech
signal.

Another object of the present mnvention 1n to provide a
pitch period extracting apparatus in which it 1s possible to
accurately extract a pitch period with a short processing
fime.

A pitch period extracting apparatus according to the
present invention comprises: an A/D converter for convert-
ing a speech signal mto speech signal data with a sampling
frequency; a memory for storing the speech signal data
outputted from the A/D converter; an autocorrelative value
calculating means for calculating autocorrelative values of
the speech signal data stored 1n the memory on the basis of
delay times of the speech signal data; a delay time range
determining means for determining a range of the delay
fimes on the basis of the sampling frequency; and a pitch
period detecting means for detecting a pitch period of the
speech signal by evaluating a maximum value out of the
autocorrelative values.

The delay time range determining means determines the
delay times 1n calculating the autocorrelative values by the
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autocorrelative value calculating means on the basis of
information of the sampling frequency. Therefore, it is
possible to most suitably set the range of the delay times for
extracting the pitch period. Therefore, according to the
present invention, 1t 1s possible to calculate the pitch period
with accuracy and 1t 1s possible to prevent a calculation
amount from being increased.

In an aspect of the present invention, the pitch period
extracting apparatus further comprises a period setting
means for setting a plurality of periods within the range of
the delay times determined by the delay time range deter-
mining means, and a product sum range control means. In a
case where the sampling frequency 1s 8 kHz, the above
described delay time range determining means determines
the range of 20 samples=k =100 samples, and the range of
15 samples=k=75 samples 1n a case where the sampling

frequency 1s 6 kHz. Then, the period setting means sets
periods of 20=k=40, 40=k=80 and 80 =k=100, as a fist

per1od, a second period and a third period 1n a case of 8 kHz.
In a case of 6 kHz, periods of 15=k<30, 30=k<60 and
60=Kk=75 are respectively set as a first period, a second
period and a third period.

In such a case, the period setting means preferably sets a
starting value and an end value of each of the first, second
and third periods 1n a manner that the end value does not
include double the starting value.

Furthermore, the product sum range control means con-
trols product sum ranges 1n respectively evaluating the
autocorrelative values 1n the first, second and third periods.
Specifically, the product sum range control means makes the
product sum ranges for the first period, the second period
and the third period sequentially shorter i this order,
whereby the autocorrelative values of the respective periods
can be weighted with weights different from each other.

Then, the pitch period detecting means evaluates a maxi-
mum value out of the autocorrelative values of the respec-
tive periods, and detects a pitch period equal to a delay time
at which the maximum value 1s obtained.

In accordance with the present invention, even if a pitch
period 1s short, the autocorrelative values are not weighted
with extremely large weights, and therefore, the range of
delay times 1n calculating the autocorrelative values may be
narrow 1n comparison with the conventional first method.
Therefore, a time for calculating the autocorrelative values
becomes short, and a memory capacity necessary for calcu-
lating the autocorrelative values can be reduced.

The above described objects and other objects, features,
aspects and advantages of the present invention will become
more apparent from the following detailed description of the
present 1nvention when taken i1n conjunction with the
accompanying drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 1s a block diagram showing one embodiment
according to the present 1nvention;

FIG. 2 1s a flowchart showing an operation of a first
embodiment;

FIG. 3 1s a flowchart showing an operation of a second
embodiment;

FIG. 4 1s a graph showing a relationship between a pitch
period and weights for autocorrelation values in the second
embodiment;

FIG. 5 1s a flowchart showing an operation of a third
embodiment; and

FIG. 6 1s a graph showing a relationship between a pitch
period and weights 1n a first method and a second method of
the prior art.
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DETAILED DESCRIPTION OF THE
PREFERRED EMBODIMENTS

A pitch period extracting apparatus 10 of this embodiment
shown in FIG. 1 includes a speech signal source 12 such as
a microphone, speech signal output circuit and etc., and an
analog speech signal x(t) from the speech signal source 12
1s sampled by an A/D converter 14 and converted into a
digital speech signal or speech signal data x(n). In this
embodiment shown, a sampling frequency s of the A/D
converter L4 1s set at 8 kHz or 8 kHz, for example. The
speech signal data x(n) from the ND converter 14 is tem-
porarily stored 1n a buffer memory 16. A microcomputer 18
calculates autocorrelative values Rn(k) of the speech signal
data x(n) stores in the buffer memory 16.

Delay times k 1n calculating the autocorrelative values
Rn(k) are determined by the microcomputer 18 according to
information of the sampling frequency s of the A/D con-
verter 14. Then, the microcomputer 18 evaluates a maxi-
mum value out of the autocorrelative values Rn(k) of the
speech signal data x(n), and a delay time k at which the
maximum value 1s obtained 1s outputted as a pitch period P
of the analog speech signal x(t). A pitch period of a speech
signal 1s normally approximately 80—400 Hz, and it 1is
possible to almost cover a speech signal generated by human
beings by this range. For example, if the sampling frequency
of the A/D converter 14 1s 8 kHz, a range within which the
autocorrelative values Rn(k) are calculated, that is, a range
of the delay time k 1s set as 20 samples=k=100 samples.
Furthermore, 1f the sampling frequency 1s 6 kHz, for
example, the range of the delay times k for calculating the
auto correlative values Rn(k) is set 15 samples=k=75

samples. In addition, the numbers of the samples are calcu-
lated according to 1s/400—1s/80.

With referring to FIG. 2, in a first embodiment, the
microcomputer 16 set the sampling frequency fs of the A/D
converter 14, 8 kHz or 6 kHz, in a first step S1. According
to the sampling frequency s thus determined, the AID
converter 14 converts the analog speech signal x(t) into
speech signal data x(n). In a next step S2, the microcomputer
18 determines delay times k with referring to data of the
sampling frequency {s in the first step S1. That 1s, 1n a case
of the sampling frequency i1s 8 kHz, the microcomputer 18
sets the delay times k in the range of 20 samples=k =100
samples. In a case where the sampling frequency 1s 6 kHz,
the microcomputer 18 sets the delay times k 1n the range of
15 samples=k=75 samples.

Then, 1n a step S3, the microcomputer 18 sequentially
reads-out the speech signal data x(n) stored in the buffer
memory 16, and calculates the autocorrelative values Rn(k)
on the basis of the following equation (3) and according to
the delay times k set in the step S2.

T (3)
Rn(k) = Z X(n+m)-x(n+m+ k)

m=10

m=0,1,2,...,T
6 kHz: 15=k=75

8 kHz: 20 = k = 100

More specifically, the microcomputer 18 calculates, 1n the
product sum range represented by “T” in the equation (3),
autocorrelative values Rn(20), Rn(21), . . . Rn(99) and
Rn(100) when the sampling frequency fs is 8 kHz, or
autocorrelative values Rn(15), Rn(16), . . . Rn(74), and
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Rn(75) when the sampling frequency fs in 6 kHz. Then, in
a step S4, the microcomputer 18 evaluates a maximum value
out of the autocorrelative values Rn(k) calculated in the step
S3, and outputs a delay time k at which the maximum value
1s evaluated as a pitch period P of the inputted speech signal

x(t).

In the second embodiment, the microcomputer 18 sets a
most suitable range of the delay times k according to the
sampling frequency fs. In contrast, in FIG. 3 embodiment,
the microcomputer 18 sets a plurality of periods within the

range of the delay times k 1n calculating the autocorrelative
values Rn(k),

More specifically, 1n this embodiment shown, the micro-
computer 18 divides the range of the delay times k which 1s
a pitch period searching time period i1n calculating the
autocorrelative values Rn(k) into a plurality of periods. In
such a case, respective starting values and end values of the
respective periods are determined such that the end value of
the period does not include double the starting value of that
period. Then, autocorrelative values Rnl(k), Rn2(k) and
Rn3(k) of the respective periods are calculated.

With referring to FIG. 3, in a first step 510, the micro-
computer 18 determines the plurality of periods within the
range ol the delay times k according to the data of the
sampling frequency s of the A/D converter 14. On the
assumption that a pitch period of the speech 1s 80 —400 Hz
as described above, the microcomputer 18 determines a
range ol 20 samples=k=100 samples as similar to FIG. 2
embodiment as the range of the delay times k when the
sampling frequency s 1s 8 kHz. Then, the microcomputer 18
divides the range 1nto three periods, for example. A range of
20 samples=k<40 samples, a range of 40 samples=k <80
samples, and a range of 80 samples=k=100 samples are
respectively set as a first period (a first delay time range), a
second period (a second delay time range), and a third period
(a third delay time range).

In addition, when the sampling frequency s 1s 6 kHz, as
similar to FIG. 2 embodiment, a range of 15 samples=k=75
samples 1s determined as the range of the delay times k.
Then, the range 1s divided 1nto three periods, for example. A
range of 15 samples=k<30 samples, a range of 30
samples =k<60 samples, and a range of 60 samples=k=75
samples are respectively set as the first period, the second
period, and the third period.

In succeeding steps 511, 512, and 513, the microcomputer
18 calculates the autocorrelative values Rnl(k), Rn2(k), and
Rn3(k) according to the following equations (4), (5) and (6).

Tl (4)
Rnlk) = Z Xn+m)-x(n+m+ k)
m=0
m=0,1,2,...,TI

6 kHz: Tl £Ts-29, 15 =k <30
8 kHz: T1 =15 -39, 20 £k <40

T2
Rn2(k) = Z X(n+m)-x(n+m+ k)
m=0
m=0,1,2,...,T2
6 kHz: T2 = Ts -39, 30 = k <60
8 kHz: T2 =Ts—-79,40 =k <80
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-continued

T3
Rn3(k) = Z X(n+m)-x(n+m+k)
m=0
m=0,1,2,...,73
6 kHz: T3 =2Ts-75,60 =2k <73
8 kHz: T3 = Ts — 100, 80 = k < 100

(6)

In the previous steps 511, 512 and 513, the microcom-

puter 18 determines the respective product sum period T1,
T2 and T3 of the equations (4), (5) and (6).

Thereafter, 1n a step 514, the microcomputer 18 evaluates
a maximum value out of the autocorrelative values Rnl(k),
Rn2(k) and Rn3(k) calculated in the previous step S11, S12
and S13, and outputs a delay time k at which the maximum
value 1s obtainable as a pitch period P of the input speech
signal.

In this embodiment shown, it 1s noted that a possibility
that the double a true pitch period 1s erroneously recognized
as a pitch period 1s made small by applying small weights to
the autocorrelative values having long periods, and
therefore, the true pitch period can be extracted. However, in
such a case, as different from the first method of the prior art,
the autocorrelative values of each of the respective periods
arec not weighted with the different weights. That 1s, the
autocorrelative values 1n each of the periods are weighted
with the same weight. The reason 1s that in this embodiment
shown, the end values are determined such that the end
values of the respective periods do not include values twice
the starting values, and therefore, there 1s no component of
double period 1n each of the respective periods.

However, in FIG. 3 embodiment, 1f the microcomputer 18
determines the product sum ranges T1, T2 and T3 of the
equations (4), (5) and (6) according to a relationship of
T1>T2>T3, resultingly, small weights are applied to the
autocorrelative values having long periods, and therefore, it
1s possible to evaluate a correct pitch period.

Furthermore, 1f an end value of the product sum range 1n
calculating the autocorrelative values 1s set at a possible
maximum value 1n each of the periods, the accuracy of the
pitch period can be increased, More specifically, in the above
described example, 1f the sampling frequency 1s 6 kHz, the
product sum ranges T1, T2 and T3 may be set as T1=Ts-29,
T2=Ts-59, T3=Ts-75, and 1n a case of 8 kHz, T1=Ts-39,
12=Ts-79 and T3=Ts-100 may be set.

As similar to FIG. 6, a ratio of the delay times (Samples)
and the welghts for the autocorrelative values 1n FIG. 3
embodiment 1s shown m FIG. 4. A solid line indicates the
embodiment, and a dotted line indicates the first method of
the prior art. As shown 1n FIG. 4, 1n FIG. 3 embodiment, in
cach of the periods in which a component of a double period
1s not 1ncluded, the autocorrelative values are evenly
welghted. In addition, as mentioned in the above, product
sum ranges 11, T2 and T3 are set 1n accordance with the
relationship of T1>T2>T3, and therefore, the autocorrelative

values Rnl(k), Rn2(k) and Rn3(k) are weighted with
welghting efficiencies W1, W2 and W3, respectively.

FIG. 5 1s a flowchart showing a third embodiment 1n
which the FIG. 2 embodiment (a first embodiment) and FIG.
3 embodiment (a second embodiment) are simultaneously
included. In a step 520 of FIG. 5, the microcomputer 18 sets
a sampling frequency fs of the A/D converter 14, that 1s, 8
kHz or 6 kHz. The A/D converter 14 converts the analog
speech signal into the speech signal data x(n) with the
sampling frequency fs thus set. In a next step 521, the
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microcomputer 18 determines the respective periods within
the range of the delay times k with referring to the data of
the sampling frequency s 1n the step 51. That 1s, when the
sampling frequency fs 1s 8 kHz, a range of 20
samples=k<40 samples, a range of 40 samples=k<80
samples, and a range of 80 samples=k=100 samples are set
as the first period, the second period, and the third period. In
addition, 1f the sampling frequency s 1s 6 kHz, a range of 15
samples=k <30 samples, a range of 30 samples=k<60
samples, and a range of 60 samples=k=75 samples are sect
as the first period, the second period, and the third period.

Thereafter, 1n steps 522, 523, and 524, the autocorrelative

values Rnl(k), Rn2(k) and Rn3(k) are calculated for each of
the periods according to the aforementioned equations (4),
(5) and (6) with the product sum ranges T1, T2 and T3. In
a lost step 525, the microcomputer 18 evaluates a maximum
value out of the autocorrelative values, and outputs a delay
time k at which the maximum value 1s obtainable as a pitch
period of the speech signal.

In addition, 1n the above described embodiments, a case
where the sampling frequency fs 1s 8 kHz or 6 kHz 1s
described. However, a value of the sampling frequency s 1s
not limited thereto. Furthermore, the range of the delay
times k are determined as 15=k=75 (6 kHz) or 20k =100
(8 kHz). However, an arbitrary range of delay time may be
set. Furthermore, although the range of delay time 1s divided
into three periods; however, the number of the periods may
be an arbitrary value.

Although the present invention has been described and
illustrated 1n detail, it 1s clearly understood that the same 1s
by way of 1llustration and example only and 1s not to be
taken by way of limitation, the spirit and scope of the present
invention being limited only by the terms of the appended
claims.

What 1s claimed 1s:

1. A pitch period extracting apparatus of a speech signal,
comprising:

an A/D converter for converting a speech signal into

speech signal data at a sampling frequency;

a memory for storing the speech signal data outputted
from said A/D converter:

an autocorrelative value calculating means for calculating
autocorrelative values of the speech signal data stored
in said memory on the basis of delay time[s] of the
speech signal data;

a delay time range determining means for determining a
range of said delay time[s] according to said sampling
frequency,

a period setting means for setting a plurality of [delay time
ranges] periods in the range of the delay timel[s]
determined by said delay time range determining
means;

a product sum range control means for controlling [a]
product sum ranges in calculating the autocorrelative
values for each of said plurality of [delay time ranges]
pertods such that the product sum ranges of said
plurality of [delay time ranges] periods are different
from each other; and

a pitch period detecting means for detecting a pitch period
of said speech signal by evaluating a maximum auto-
correlative value out of said autocorrelative values 1n
[cach of respective delay time ranges] all of the peri-
ods.

2. A pitch period extracting apparatus according to claim
1, wherein said product sum range control means determines
the product sum ranges according to the pitch period to be
evaluated.
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3. A pitch period extracting apparatus according to claim
2, wherein said product sum range control means makes the
product sum ranges narrower for the [delay time ranges]
periods in which a longer pitch period[s are] is evaluated.

4. A pitch period extracting apparatus according to claim
3, wherein said product sum range control means sets said
product sum range to have [an end value] different maximum
values in each of the plurality of different [delay time ranges
so it 1s equal to a different maximum value] periods.

5. A pitch period extracting apparatus of a speech signal,
comprising:

an A/D converter for converting a speech signal into

speech signal data [with] ar a sampling frequency;

a memory for storing the speech signal data outputted
from said A/D converter;

an autocorrelative value calculating means for calculating
autocorrelative values of the speech signal data stored
in said memory on the basis of delay time[s] of the
speech signal data;

a delay time range determining means for determining a
range of said delay time[s] according to said sampling,
frequency;

a period setting means for setting a plurality of periods 1n
the range of the delay time[s] determined by said delay
fime range determining means;

a product sum range[s] control means for controlling
product sum range 1n calculating the autocorrelative
values for each of said plurality of periods such that the
product sum ranges of said plurality of periods are
different from each other; and

a pitch period detecting means for detecting a pitch period
of said speech signal by evaluating a maximum auto-
correlative value out of said autocorrelative values 1n
[cach of respective] all of the periods wherein said
period setting means sets a starting value and an end
value of each of the plurality of periods in a manner that
the end value [does not include] is less than double the
starting value.

6. A pitch period extracting apparatus according to claim
[2] 5, wherein said product sum range control means sets
said product sum ranges to have [an end value] different
maximum values in each of the plurality of different [delay
time ranges so it is equal to a different maximum value}
periods.

7. A pitch period extracting apparatus according to claim
1, wherein said product sum range control means sets said
product sum ranges to have [an end value of the product sum
range] different maximum values in each of the plurality of
different [delay time ranges so it in equal to a different
maximum value] periods.

8. A pitch period extracting apparatus according to claim
2, wherein said period setting means sets a starting value and
an [and] end value of each of the plurality of [delay time
ranges] periods in a manner [such] that the end value [does
not include] is less than double the starting value.

9. A pitch period extracting apparatus according to claim
1, wherein said period setting means sets a starting value and
an end value of each of the plurality of [delay time ranges]
periods in a manner [such] that the end value [does not
include] is less than double the starting value.

10. A pitch period extracting apparatus of a speech signal,
comprising;:

an A/D converter for converting a speech signal into
speech signal data at a sampling frequency;

a memory for storing the speech signal data outputted
from said A/D converter;
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an autocorrelative value calculating means for calculating
autocorrelative values of the speech signal data stored
in said memory on the basis of delay time[s] of the
speech signal data;

a period setting means for setting a plurality of [delay time
ranges] periods in [a] the range of the delay time[s];

a product sum range control means for controlling [a]
product sum ranges 1n calculating the autocorrelative
values for each of said plurality of [delay time ranges]
pertods such that the product sum ranges of said
plurality of [delay time ranges] periods are different
from each other; and

a pitch period detecting means for detecting a pitch period
of said speech signal by evaluating a maximum auto-
correlative value out of said autocorrelative values 1n
[cach of respective delay time ranges] all of the peri-
ods.

11. A pitch period extracting apparatus according to claim
10, wherein said product sum range control means deter-
mines the product sum ranges according to the pitch period
to be evaluated.

12. A pitch period extracting apparatus according to claim
11, wherein said product sum range control means makes the
product sum ranges narrower for the [delay time ranges]
periods in which a longer pitch period[s are] is evaluated.

13. A pitch period extracting apparatus according to claim
10, wherein said product sum range control means sets said
product sum ranges to have [an end value] different maxi-
mum values in each of the plurality of different [delay time
ranges it is equal to a different maximum value] periods.
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14. A pitch period extracting apparatus of a speech signal
according to claim 10, wherein said period [getting] setting
means sets a starting value and an [and] end value of each
of the plurality of [delay time ranges] in a manner that the
end value [does not include] is less than double the starting
value.

15. A pitch period extracting apparatus according to claim
11, wherein said product sum range control means sets said
product sum ranges to have [an end value] different maxi-
mum values in each of the plurality of different [delay time
ranges so it is equal to a different maximum value] periods.

16. A pitch period extracting apparatus according to claim
10, wherein said product sum range control means sets said
product sum ranges to have [an end value] different maxi-
mum values of the product sum range 1n each of the plurality
of different [delay time ranges so it is equal to a different
maximum value] periods.

17. A pitch period extracting apparatus according to claim
11, wherein said period setting means sets a starting value
and an end value of each of the plurality of [delay time
ranges] periods in a manner [such] that the end value [does
not include] is less than double the starting value.

18. A pitch period extracting apparatus according to claim
10, wherein said period [netting] setfing means sets a
starting value and an [and] end value of each of the plurality
of [delay time ranges] periods in a manner [such] that the
[and] end value [does not include] is less than double the
starting value.
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