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An Effective Storage Method During A Sampling of
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Abstract

It is necessary for the speech samples to be stored in memory buffer before speech analyzers
In this paper, we propose an algorithm that uses
the buffer efficiently, when the analog speech signal is converted to the digital samples by the

without a real time processor process them,

analog to digital converter,

In order to implement this method in real time, the buffer is divided into the starting buffer

and the remaining buffer.

Until a voiced speech is found, the converted samples are sequential-

ly stored in the starting buffer, and then the buffer is shifted. When a voiced speech is found,
the next samples are sequentially recorded in the remaining buffer,

1. Introduction

Recently, the development of the speech sig-
nal techniques made it possible for the machine
to recognize the human speech and to be con-
trolled by this. And the development of semi-
conductor techniques enabled the speech signals
to be processed nearly in real time. Butin the
case of a system which is not really a real time
system, the signal processing must be done with
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the storing speech sample in the memories.
There are some types of method which
store the input speech signal obtained through
the A/D converter in memory buffer, such as
“alarm method” and “tape record method”’.
The alarm method is one that gives the alarm
at the starting and end part in storing the sam-
pled speech. Because of the time difference
between the alarm and the speaker’s response
to it, it is difficult to find precisely the starting
point and the end point. Therefore, since the
memory contains many unnecessary silence
interval signals, this method is not economic in
terms of memory usage. And it is difficult to
get the natural sound from unskilled speaker
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because the speaker strains himself to synchro-
nize with the alarm, And it has the defect that
we should repeatedly try to get the natural
sound and find correct signals from them.

On the other hand, the tape recorder method
is another one that we can find the alarm point
and the end point by regenerating the recorded
speech signals in the tape recorder, and then
store the signals in the memory. This is a meth-
od which finds the points mechanically. Since
the finding of exact pointsis not easy, ecoromi-
cal use of memory is almost impossible.

In this paper, we have proposed the starting
part finding method of words, For the purpose
of real time processing of that, first we divide
the memory buffer into the starting buffer and
remain buffer. Until the voiced speech is found,
the sampled speech is stored circularly in the
starting buffer regions. After that, we store it
in remain buffer till the end of the word.

In the end, for implementing the starting-
partfinding-method, it is necessary in the start-
ing buffer region, to precisely classify voiced-,
unvoiced-, and silence in real time.

II. Finding the Speech Signal

Beginning parts of speech signal can be clas-
sified as silenced-unvoiced-voiced- and silence-
voiced-. To find the starting point of speech sig-
nal, silence-unvoiced and voiced must be classi-
fied. Unvoiced is the type of colored noise
which has high frequency, and lower energy than
voiced speech. Thus, silence-unvoiced classifi-
cation is difficult and unvoiced may or may not
texist in the beginning part, But voiced speech
has the resonant frequency according to each
phoneme, and furthermore has more energy and
semiperiodic characteristic. These properties
make it easy to classify the voiced speech.

If we find the voiced speech which is easy to
detect, we assume that the starting part of
speech signals is found. We find the voiced
speech by its semiperiodic characteristic. When
stable pitches are found more than 3 times,
successively we suppose that the speech signals
are found.

Generally, voiced speech haslower frequency
than unvoiced speech, so average zero crossing
rates (Zav) in a frame (=10 msec) of the voiced
and the unvoiced speech are very different. And
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voiced speech is excited by glottal wave which
has a semiperiodic fundamental frequency and
is resonated by vocal tract, thus it has larger
energy than unvoiced speech and is periodic.
Therefore, average energy (Eav) or magnitude
(Mav) in a frame have a great difference between
the voiced and the unvoiced speech. Up to now,
as a way to find voiced speech in a frame, the
Zav and the Eav (or Mav) have been used as basic
parameters.

However, ZCR(Zero Crossing Rate) and the

ENG (Energy) are very sensitive to the changes
of ground position (=dc offset) for they are
calculated based on ground position (=zero
level ) and the changes of sampling rate of
A/D converter. [8] Moreover, they are generall
dealt with by a unit of frame to make the
difference between voiced and unvoiced speech
wide. Since the calculating process is made in
the end part of each frame, it is difficult to
process in real time,

In this paper, to solve these problems, we use
the area corresponding to zero crossing interval
(ZCI) and semiperiodic property of voiced
speech as basic parameters.

In a given speech waveform, s(t), the area of
zero crossing intervalin nl =t <n2 is

n2
A(n2) = tEnlls(t)l

n2
=(—L_ = |st)i)-(n2-n1)
n2—nl t=nl
= Mav [ Zav ¢))

From eq.(1), it is obvious that the area is pro-
portional to average magnitude (Mav) and is
inversely proportional to average zero crossing
rate (Zav). Since the voiced speech has lower
first formant frequency (about three times) than
the unvoiced speech as shown in Fig 1, the
1/ZCR is large and since it has higher energy
(about 10 times greater than) as shown in Fig 1,
its Mav is large, too. The production of these
two factors is the area value (about 30 times
greater than) given in eq. (1). Therefore, if we
use this value in the voiced-unvoiced speech
classification, we can easily classify them by
a unit of peak of the waveform, not by a
frame unit. [4]
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Considering the spectrum of the voiced
speech, its effect is dominant because the first
formant has the highest energy Then, approxi-
mately, the vocal tract impulse response can be
modelled as follows, [4]

V(t) =g(B1,t)*sin27F 1 t (2)

where FI is first formant frequency and Bl is
bandwidth,

In this equation, the gain g (.) decrease as
a function of Bl and the vocal tract impulse
response V(t) is a decaying oscillation with fre-
quency FL [7]

And the excitation source of voiced speech
is impulse which has a fundamental frequency
FO and is affected by glottal characteristic in
going through the glottis as follows. [2]

G(t) =% al—cos(-Nﬁi)s 0=t <N,
= Ccos i7r(n~N1)/2N2% ,Ni=t §N1+N2
(3)

= 0, otherwise

(396)
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To generate actual speech signal, eq. (2) and
eq. (3) should be convolved. In eq.(2), speech
signal is generally modelled in relation with
N1 > N2 and magnitude also increases as t in-
crease in n0 <t < nl interval. [2] The re-
lation, 1/f1 < N1 results from relating eq. (2) to

eq. (3). [8] Hence, after the two equations have
been convolved, the ZCI (Zero Crossing In-
terval) of first positive peak in a pitch period
is enlarged and more emphasized than others.

Since this positive peak is a first peak of eq.
(2) which has damped oscillation in a pitch
interval, its magnitude (MAG) is larger than
others, ZCI is emphasized by eq. {3), and its
1/Zcr is greater than others, Thus, if we calculate
the area per every peak by eq. (1), the first
positive peak area in a pitch is distinguished
clearly from others. [4]

This property is repeated everytime the glot-
tal peak which is the excitation source is gen-
erated, and the emphasized positive peak ap-
pears in every period of pitch. In other words,
if we extract only the first positive peaks, they
represent the pitch period. [4]

To find a pitch, we put the threshold level
based on emperical result as follows:

Pth = 3/4*A(i) (4)

In this equation, the A(i) means the first
positive peak area value of the latest true pitch.

III. Necessity of the Starting Buffer

To store only a part of speech signals in
memory buffer, the exact classification of the
silence and the speech for each speech sample.
must be done previously. Especially, the
unvoiced speech and silence is too complex.
Thus we use the finding of voiced speech in
rather than wunvoiced speech in finding
the first part of speech signals . Because the
voiced speech has more dominant semiperiodic
characteristic, we think that voiced speech is
found if we find the stable periodic pitch 3
times, However, if we save this part in meme.ry
the first parts of speech signals which may be
the unvoiced speech can not be stored.

Hence, we can catch the beginning part by
storing the speech signal circularly in a certain
length buffer till as Fig. 1. the stable voiced
speech is found as in Fig.2. Because this buffer
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contains the part which is the starting of the
speech signals, we call this ‘‘tarting buffer’.
The length of starting buffer is assigned to a
possible unvoiced speech for 48 msec, and a
transient voiced speech for 48 msec, so total
assignment is 96 msec. We got these results
from various experiments and we think it
is necessary and sufficient length to cover
starting part of all speech sound. Sampling
the speech signal at fs = 8kHz, memory size
of starting buffer needs.

Ms=fs*96= 768 words

——————DATA MEMORY——
b—— 768 BY TE ————

384 BYTE 384 BYTE

STARTING BUFFER ‘ REMAIN BUFFER

* unvoiced : voiced :
I section I transient :

Fig. 2. Memory Assignment.

The support of hardware is needed to accom-
plish the shift of all starting buffer within 100
microseconds for each speech data input.

If we use micro-processor to implement this,
we need about 20 clocks for shifting of 1 data.
5 microsec (20*250 nsec) per 1 data shift is
needed, if we use a micro-processor which has
4MHz clock frequency (e.g. 8086 micro-pro-
cessor). Thus it needs 3.8 msec (76 8*5 micro-
sec) totally. It is impossible to do that in real
time, because the operating time must be less
than sampling rate. Hence it needs some other
hardwares (as an example DMA) to shift the
data. The alternative method that can be replac-
ed is circulating the pointer that indicates the
present address of input sample value till voiced
speech is found. This method doesn’t need
hardware, but pointer must be rearranged to
indicate the first address of buffer after inputing
a word unit of speech data.

IV. Process of Starting Buffer
When evaluating the positive peak through

eq. (1), we extract the pitch from that result.
If the period of extracted pitch (number of

(397)
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samples) satisfies the following condition:

the latest pitch—5 < extracted—pitch <

tthe latest pitch+5 (7

and it is found sucessively 3 times, we can
assume the voiced speech found. After that, the
data are stored in the remaining buffer. The pro-
cessing in the starting buffer is presented in
Fig.3 as flow chart. In the starting buffer re-
gion, one cycle of starting buffer can be process-
ed within 100 microseconds which is less than 8
kH sampling time (125 microseconds).

Unvoiced speech has a major formant in
2000-3000 Hz and its energy is lower than that
of voiced speech with 3 formant and it has a
characteristic similiarity to the colored noise.
[7118] If unvoiced speech is taken in 8 kHz
sampling rate, the range of period that waveform
takes up in time domain is (8000/2000 = 4) —
(8000/3000 = 2). Therefore, when the zero
crossing interval corresponds to that of unvoiced
speech, it take up 2—4 samples and everytime
the waveform with this pitch appears.

The voiced speech has the formants of high
frequencies apart from the first formant, by
which the pitch period error of 2 or 4 samples
may happen. To remove this error, the prepro-
cess filter is needed. And the filter can be rea-
lized by hardware or software, [6] However,
in this paper, we can dispense with preprocess
filter for the real time process by allowing the
possible pitch error in ed. (7).

To reduce the effect of DC offset of an
A/D converter, we can modify the variable nl
and n2 of the interval of eq. (1). The modified
interval is between the points that cross a certain
level (offset value = d) above the zero crossing
point of waveform as follows:

n2
A(n2)= Z (S(t)~d) (8)
t=nl
This case corresponds to that if peak is below
the offset value, the area is not calculated, with
the area ratio of unvoiced and voiced sustained.
When the sampled speech is circularly stored
in starting buffer, we think that the speech is
found if we find 3 quasi-stable pitchesin eq. (7).
Hence, we store the rest of speech in remaining
buffer.
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Fig. 3. Flow Chart.

V. Simulation and Result

In this paper, we used the 16 bit persornal
computer, IBM PC/XT for simulation. We used,
as the speech signal data,

“Qdgl mube A 4d-g Folgtel
;DATA1L

“Aegd HxgdH 4 A M- o)
:DATA2

Yol Al AR Az nEE WS
:DATA3

"o Atol] 3k wF b ofx}”

;DATA

for simulation,

The speech signal is obtained from 4 different
speakers using 8 bit A/D converter. Each speech
signal sampled at 8 kHz, has 3 second duration.
We use the ACM (Area Comparison Method)
for pitch extraction. If the period of the ex-

Speech Signals
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tracted pitch (number of samples) satisfies eq.
(7) and if it is found 3 times successively, we
assume the voiced speech is found and set the
starting point.

To find the decision rule for stable pitch, we
vary the deviation degree of pitch from 2
samples to *5 samples, Since it does not
demand narrow deviation degree of pitch for
stable pitch we decided that *5 samples were
suitable deviation degree.

In Fig. 4. we represent the starting point and
starting buffer of DATA 1. Since starting part
is the voiced (‘1°) in this data, it needs the clas-
sification of silence and voiced. We can see in
Fig. 4. that the first part of starting buffer
region is filled with silence signal and its length
is about 60 msec. This part has no meaning in
DATA 1 for it is the space to cover unvoiced
speech. However, we can see in Fig. 5 that
starting buffer region contains the unvoiced
speech (¢ A’ ) and the transient part of voiced
speech (‘1%). In Fig. 6 and Fig. 7, we represent
the results of DATA 3 and DATA 4.

SPEECH | WWW
SIGNAL “ il v

/]

|

TIME (mset) R T S S
167 30 50 70 90 o 130 |
POS. PEAK ‘ i
P”‘CH: I A i
3 1 NN
START BUFF 7 T T T ‘
0 3 50 70 90 110 130
TIME (msec)
Fig. 4. DATA 1
| B - 1
| '
‘ il
SPEECH | _ !
SIGNALf'ﬁ ﬁ#ﬁ
| |
IIME USRS SN VRSV NN SRS EN TN SR S SR SO SO E L
("““); 00 30 50 70 90 110 130
. . I [l
POS. PEAK | ENaRARANAN
\" I
PITCH! RN
!
skt BURE| [
10 30 50 70 90 110 130

TIME {msec)

Fig. 5. DATA 2.
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SIGNAL 17 VI HIJ e it 41 P'I
i 1y \l! \HU H;J \\“J i ‘J '1
1 ' ' J \J A u 1
TIME (msee) o 5L b b4 L4 1 Lo
10 3 5 70 90 110 130’
POS. PEAK P
S Giiadadena o
PIICH
START BUFF' L
10 30 50 70 9 110 130
TIME (msec)
Fig. 6. DATA 3.

[—“ R

SPEECH A,)\.AVA.}\A.AA }\A na

SIGNAL MM AR

TME@msech ¢ V1 4 ) L by b g ]
0 30 50 70 90 110 130

POS. PEAK L Ll
‘ 1
PITCH. | RN

I i
RN S S U S S S *j_#_J
30 50 70 9 1100 130

TIME (msec)

START BUFF.
10

Fig. 7. DATA 4.

As a result, we can see it is performed effi-
ciently to find the starting part of the speech
signals and to use the starting buffer. Also, as
in Table 1, we save the memory space as much
as about 700—3000 samples.

Table1, Silence Size Comparison
ALARM METHOD |PROPOSED METHOD
DATAL | 3715 SAMPLES | 520 SAMPLES
DATA2 | 2031 SAMPLES | 160 SAMPLES
DATA3 | 2951 SAMPLES | 480 SAMPLES
DATA4 | 1132 SAMPLES | 400 SAMPLES

V. Conclusion

In this paper, we have proposed the starting
part finding method of the word which effi-
ciently stores the speech signals in memory buff-
er. Alarm method and tape recorder method
are not suitable for the efficient use of mem-
ory.
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We divide the buffer into the starting buffer
and the remain buffer to implement the pro-
posed method in real time. The sampled data
are circularly stored in the starting buffer until

voiced speech, the rest data are
saved in the remain buffer,

When this method is used, the memory to
store speech samples can be economically used,
and although the inexperienced speaker tells an
utterarice, the utterance as natural sound can be
stored. Also, it can be implemented by a gen-
eral purpose microcomputers without any high
speed numeric coprocessor.

If we can make decision of voiced— unvoic-
ed —silence in real time, the realization of word
boundary finding method is possible.

circularly
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