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1. Intrcduction
Since vocoder theory was inverstigated hy
Dudley in 1939, many studies on the dats cotpre—
ssion of speech signals bave heen developed. Ome
of thea is the souros coding method which prone~
ods the spsech production model by dividing it
into the exoitation part amd the filtering part.
This method can comprees the dats more than
arny other wave ooding wethods. To charaoterize
the excitetion part in the source ooding method
such as LPC voooder, the pitoh extraction im needed,
Available pitch extreotion methodm until now
ocan be essmntially divided into two types as follow:

*Pirect Detection Methods 3 Parallel Prooess-
ing Kethod, Average Magnitude Difference Funotion
Area Comparison letho&? ata,

#Post Deteotion Methods : Siwplified Inverse
Filter Tracking s Center Clipping Autosorr-
elation Function Metbod, eto.

The latter is to £ind the pitch periocd after
elimination of the interference of the resonance
obaracteristics of the vocal tract to the funde~
mental frequency, and the former is to find the
pitch period from the unmodified speech samples,
In both methods we generally eliminate the high
froquency formants by & preceding low pass filter
etage, The formante adjucent to the fundamental
frequency, however, are not eliminated. Thus,
the direot detection methode in general take rate
her complex decision Blgorithm so that the halviw
ng or the doudling of the pitch which are vausod
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by the existance of the major formants, ¢ould be
avoided. ’

On the other hand, the post detsotion wethoda
sstimate continuously the major formants by an

inverss filter, and remove them 20 that a formant

free pitch wWave could be obiained, It im accoun-

ted for the fact that the post deteotion methods
take & long computation time and do not adapt to

higher pitoh speakers like children because of the
lisited mmber of filter oredr.

In this paper, we proposed an inverse ra.ted.ri-
1ter whose gain ie inversely proportional to ihe
frequency, instead of the ordinary low pass filt~
or vith a sharp outoff characteristic, The inves
rog rated filter is realized by associating £ilt-
ers with ramp funotion characteristice with diff-
erent outoeff frequencies:The former ¢ould be app-
roximated by 3 sinc squared functions
1t%ing impulse responee is a triangle wave shape
in time domain,
for the preseant epeech eampls by this method is
ten additions and nine eubiraction which is cons-

The resu-

The number of computation ateps

jderably ehort.

2. Delivation of the charactsrietics of the.LPP
Considering & voiced spsech in frequenoy doma-
in,wve observe that the components of the fundame-
ntal freguancy is the origin of the fine structu-—
re in the reacnauce curve of the voesl tract.
The lowest frequenoy of those peaks in the curve
ie oalled 28 the firet formant, M. Since the
energy of the first formant is higher than the
others, the effect of the firet forwant is ohsar-
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ved clearly in the time domain, and since the fi-
rst formant is moet ad jacent to the fundamental
frequency, it can strongly influence the precisi-
on in extraocting the fundamdntal frequency.

As the range of the fundamental frequency be—
ing generally 40-400Hz, most pitch extractors be-
fore the application of the algorithm, carry out the
the pre-filtering, thet is, low pass filtering in
order to eliminate the effeot of formanis, Howe=
ver, the first formant being generally close to
the fundamental fraquenoy, can not be eliminated
by the ordinary LPF,

I% is necessary to estimate the first formant
and substract it in order to reduce the insexfe-
rence from the original speech wave., For this
purpose the pitoh extractor uses & coefficient
caloultor for the vocal tract parameter calcul-
ation ani the obtained parameters are applied to
the inverae filter for the elimination of the
vocal itract ocharacterisiios, and then the perio=-
dic component (which is tbe pitch) is detected
from the residual sigm:l.w(published as the sim-
plified inverse Filter Tracking, SIFT, method by
Markel),

Since the computation time depends on the
number of the filter order, We preprocess the
signalVa LPF with the cutoff frequency of 900Hz
in order to eliminate the higher frequensy form-
ante and be able to use a simple imverse filter,
and by consequence simple ocaloulation. But as
thie method is available upto no more than 250Hg
pitch frequenoy. It ie impoesidle to apply this
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method to high pitoh speakers namely women and
chileren. 4ilsmo the calculation prooess is still
too complicated for a microcomputer to finish the
¢aloulation in real) time.

To 1resolve those difficulties it will be bet-
ter to excute the oalculations of the preprocess-
ing filter and the inverse filter at the same
ime. The spectrum of a typical voiced speech
show in fig. 1 demonstrates the kmown fact that
the first formant iz higher in frequency than the
fundamental rrequency and there is almoat no corw
Telation betwcen them, we have every interest to
supprees the first formant in coamparison %o the

fundamental frequenoy. ¥e have devised an inve-

ree rated filier with the characteristic shewn in
fige 2=a in which the gain is inversely proporti-
onal to the frequenoy.

48 the first forwant frequencies generally are
higher than 250Hg, we have adjusted the centre
point of the inverse rated filier around 230Hg,
And as the frequency range of the pitoh being
between 40Hz and 40CEz, the cutoff frequency of
the filter is fixed to 460Hz., To avoid the boos-—
ting of DC ocomponent, the gain under 40E: is kept
constant,

The inverse rated filter, we propose, is the
combination of three ramp filters of which the
characterietics are shown in the fig 2-s. These
ramp oharacteristics oan be approximated by sire
{ . ) funstions as shown in fig 2-b, To utilize
ihe linear pari of the eing {e )y the 3/4“ -point
of the variable must be adjusted to the outoff
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frequency, The combined cheracteristios of three sesh earple to obtain the value for the next step.

filtere with each diffsrent‘lT-point is spewn in To realize the inverse rated filter of fig. 2-a
the fig. 2-c¢ witk the ideal inverse rated filter we have cofiposed thiree partllel branches as shown
whick is in the fig. 2-a. in fig. 4 witk N-value 13, 26, and 52 each in ex~
pression 1. TheTr-poin‘t in the sin%( « Jfuneti-
3. LIPF Algorithm on which is the cutof? frequoncy and the gein will
The Sive ( . ) Funotion okaracteristice shown  vary in accordance witk the N-value.
in the fig. 2-b has & {riangular wave reésponse in ¥e havd used an eight bit &-D converter, Yhen
the time domain a8 indicated in the fig. 3. The Wo have taken 52 as N-value the gein became 2704
unit in the time demain is eguivalent to 1/fe=BKHz, (=X <éa). By consequence to obtain the sind( o )
Assuming that theT[ ~point adjusted %o 615Hz, the characteriatics,the operation of 20(8+12)bite
zearo gain point is Nsi3, will suffice. And it enabdles the calculation by
The area undexr the triangular wave is calculw Finite word Length(FWL) calculation, thus, with
ated as follow: an ordinary mic¢rocomputer. ind before to combine
A(n-¥-1) the 20 bit valu? vhich are calculated, we
N divide them by 2=128 which will enabdle us to pur-
§ :é::::t; fs(n-k-ﬂ‘ i §(nek-x-1) sus the LPF ocalculation with 16-bit aritbmetiocs.

Finally, we conclude that for the procemsing
- E(n—!ﬁ} fé‘ :a(n-k) =$in} * S(n-N -P{ Stnaf) - Sla-h)+ S{n=20)}

« E(n-)- ‘,A(n)q‘i(‘f)és(n-l"]}'l- 1a(n-x)-s(n-r')+s(n-2n)} of the human speach signal it is sufficient with

ten additions and nine subtractione with the pro-

= E{n-N)~-A(n-1)¢A(n-F-1) —~ ~ ~ = = = = =~ 1 possd methods
Here the function H(n-N) is the area of the 4, Experimentation and resulis,
signal in the foregoing sample time, and A{n-N) By prooessing the speech signal with the prop. -
and A{n-F-1) are the contents of the temporary osed IPF, the glottal part is emphasized. JInspec=
addition dbuffer., If we add -S(n) and S(n-W) to ting it visually we see that the first positive
A(n), it will give A{n-1)g3 -S(n-¥) and S{n-2¥) pulse in & pitck period ie intensified.
ta A(n-N), A{n-H-1), is the area under the positively launched glo-
Thus, te oaleulate the area for the present ttal wave inoreasee the conirast of the area of
sample value, We calculate A(n-t) and i(n"N"‘)o the first positive curve and those of tke follow=
Those values are sub~tracted added reapectively ingss The area, A(n2) under the first positive
from and to the triangle area which was calcula- curve in the time domain ie c¢elculated as followss
ted one sample time earlier, The result is that a(n2)--vn(i_ﬂ_‘] IS(i=¥=1) 4 o ¢ 0 oo 2
We need only three additione or subetractions for Here the positive area A(n2) exists in the dom-—
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atn 015302, and {K(1-8-1)%5(i-8-1)} is the proo_
esaed value for itih sample,

To find the %rue positive peak which is the
beginning of pitch period,the threshold level,
Ath(1-1) must be fixed ms follows;

Ath{i=1)23/4 A{L) seveanncoes 3

A(4) ia the positive area value calculated
in the true positive peak,

In the fig, 5 the processed signal and extyra-
ced pitch of & masculine voice "May I Help You?"
are shown.
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%« Conoclusion

We have proposed an inverse rated type LPF
which has the characteristios of inverssly propo-
rtional gain to the frequency and which we san
use in stead of ordinary sharp cutoff LPF when
processing a véiced speech signal. Thus, the
noxioue major formants proximate to the pitch are

attenuated to have almost the offect of the post
pitch detection method without the complexity,
As this method is implemerted, in tke time

domain with tiree triangular wave shapes, a calcu-
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lation of ten additions and nine subetraotions to
bave the desired response for the sampled speech
signal. This process can be ireated with a fipi-—

te word length integer arithmetice and requires
only addition and subtractiom which enables a
real time process with an ordinary microprocess-

ora.

The modification of this metkod to adapt for
the case of high pitch speakers or other special
case ia facilitated by adjusting the cutoff fre-

Thie extends the applicable range of
4s this method does the double pro=-

quencies,
the process.
cess of LPF, filtering and major formants reduct-
ion, required process time is considerably short
and the period calenlation is simpler as the per—

iodicity is amerierated by the filtering; Both
permit the real time piich calculation with a

micTroproocessor,
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