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ABSTRACT

Among the moat useful methods for the speciral estimation
of speech sigonala are those based upon the primciples of
Linear Prediction {(LP). Dus to the particular aspectral

energy distributions of voiced apeech sounda, it

often advantageocus to develop LP models of selected
portiona of the signal frequency reasponse, rather “than the

entire oapectral range. This wmodification 1leads to

formulation of the +technique known an ‘Selective Linear
Prediction’'. However, the choice of frequenciesz which

divide the individwal regions, and the predictor ordaer

adopt in each portion of the overall spectrum are both
espentially intuitive and based on mersely an approximate
notion of the energy diatributiom of the gigonal wunder

consideration.

This work describea a method of splitting the apaech

spectrum into, assveral ‘gegmenta using the approach
Dynamic Preogramming in order to produce the “best’

between real and model spectra on the basis of a suitable
error criterion. This technique 18 finally modified for
the ' segmentation of =& frequency response into speach
formant regions and implemented for several vowel

utterances.
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1. INTRODUCTION

The netion of a parametric representation of the speech signal
13 of central importance 1in many areas of speech processing.
One of the most sguccessful characterizatigna of  acoustical
apeech behavior 1s based wupoa the excitaticon of a alowly
time-varying linear system (representing the combined effects of
the glottal wave, vocal tract and radiation of speech energy
from the lips) by & quasi-periodic pulse +train for voiced speech
or random noise for unvoiced utterancea. In the particular
class of parametric models associated with Linear Predictive
Analysis, the transfer function of the linear saystem ia
repregsented by a finite number of poles over short time
intervals during which the psignal 13 assumed to be statiomary
[8].[11]- A simple LP synthesizer based upon such a scheme
would, therefore, be of the form shown in Fig. 1.

The pre-eminence of linear pradictive methods in a wide variety
of speech processing applications stems from the existence of
simple and non-iterative algorithme for the evaluation of the
predictor coefficients and the ability of LP analysis to provide
accurate eatimates of the basic apeech parameteras such as pitch
[1],[2], tormant positions [35.[4] and vocal tract ares
functions [5].

In addition, LP can &also be wused in the area of asgpectral
egtimation as an effective meana of speech spectrum smoothing.
This particular attribute is & consequence of the faet that LP
tends to model the envelope of the spectrum without being
sensitive to the fine atructure ceused by the periodicity of the
speaech aignal [6]. The predictor parameters can then be atored
in speaker/speech recognition eystems in order to generate the
medel spectrum wvhen a comparison with the correaponding model
for the unknovn aspeech signal is required.

Alternatively, the asmoothed signal frequency response can be
used to enhance c¢onsiderably the efficacy of a formant
extracticn process vhere the positions of the peaks ({or
formants) in the speech spectrum &are calculated via a siople
peak=-picking procedure. Thease formants also form an efficient
charactarizgation of volced apeech socunds and can ba incorporated
into effective formant speech syntheaizer configurations.

The generalication of the method of spectral LP to the case
wvhere a given spectral range 1s matched by a model fregquency
reaponae waa firat described by Makhoul [T] as '"Selective Linear
Prediction’'. Two important factors wvhich determine the accuracy
of the model spectrum are (i)} the break frequencies betwveen
Selective LP segments and (ii) the allocation of predictor
crders between the various reglons. Hovever, the choice . of
valuea for both of thegse variables is usually fairly arbitrary
and 4is generally decided on the basis of a qualitative
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apseaasment of the concentraticn of spectral enargy within
varioua frequency ranges of the original signal apectral
responge.

In this paper, san approach to the Selective LP meodeling of
speaech spactra 1s presented which optimiges the fit beatween real
and model frequency responsed with respect to both the segment
break frequencies and predictor orders. The technigque utiliged
in the implecmentation of this optimizing process is Dynanmie
Programming (DP). Therafore, after an initial deseription im
Section 2 of the undarlying theory of Selective LP spectral
esatimation and its nuses, Section 3 outlines the development of
an algorithm for frequency rosponse segmentation based upon the
principles of DP. The error measure to be minimized during the
optimization procedure is also introduced in the context of its
applicability to the particular type of signal under
conaideration.

Section 4 describes anothar application of this technique wvwhere
certain additional conmstrainta are included in the DP algoritham.
Thase sgegmentation restrictions produce breaks between reglona
such that a single speech formant occupies each segmented region
and is, thersafore, described by a single, low order, Selectiva
LP model. Finally, the results of the =application of this
procedure to aseveral vovel sounds are presented.

2. SELECTIVE LP SPECTRAL MODELIHG

In the time domain formulation of the autocorrelation method of
LP apalysis, the N windowed speech saamples {x : O<¢n<N=1| within
a given frams are oeoployed directly in the evalustien of the
signal autocorrelation saquence as;

N-1-1 -

R, = % x 10 (1)

Hovevar, for the purpose of spectral estimation, only the
discrete power spectrum {P(w_): OLm<H-1, w «2wna/Nl aoay be
available and so the autocorrelation values ma? ba obhtainad from
the signal frequeney response by an inverse DFT operation,

H-1
R, =% Pv_)odt* (2)

m=0
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or, since P('n) ia real and even,
H/2-1

B, .-% P(0) + (-1)Y B(m) + 2 P(v_)coa(iv ) {(3)

o=}

Por a linear predictor of order p, the firet (p+1) values {R :
0(1(p| are calculated and are then usaed in the computation of
the predictor coefficients la : 1<{k¢p] and mocdel gain (G) using,
for example, the Levinson-nurhin algorithm describded in [8] to
aglve the following equations:

aRix " "By

-] k=1

1€isp & G" = R+ a

These parametars are finally used to evaluate the discrete modal
pover spectrum P(Hn).

62 0<m¢N-1
P(v_ )} = P ; {s)
2 Elke—,ﬂ:\f un-z ro/N
k=)

In Selective LP, the above .technique is generaliced to the case
vhere a gilven portion w Lw < (1.e. agm¢b) of _the apeech
gpactrum P(w_} 1is to de RodfT 1.8 by the LP estimate P'(v_'). To
compute the Parameters of B'(v '), the required regiou'nust be
mapped onto the Selective LP frequancy domaln such that u!==#()
and v.==) 1 as shovn, in Pig. 2 and then the adove method can be
implemanted to obtain B (u g-

The entira procedure for the evaluation of this sapsctral
estinate is, therefore, as follows:

(a) Define a nev apectrum P'(vn) based upon the raquired
frequency range:

Plw_ ), <w ¢
P'(v ) = ‘a Ya2¥a" (6)
o undefined otherviae
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(b) Transform the actual frequency valuea (-m) into the
corresponding freguencies (wu') within the " Selective LP

domain:
. m-a
Vo ] (b-a+1) agm<b (7)
Yn~Va
or LA 4 , il ua_(_u <'h (8}
b Ya" TN

This linear mapping ensures that wa==40 and 'H==$=" as
required.

(¢) Let P'(2%m - w ') = P'(vw '}). This defines P'(w ') over the
lower half of the uni? circle and 'ml now spans the entire
range Olw ‘<27 .

(d4) Compute autocorrelation values |R,: 0¢ic<pl from (3) with
H=2(b-a+1) and P'(v_'),w ' raplncini P{w ), v .
n o n’’'m
(e) Use procedurs _outlined in squations (4),(5) to compute tha
model spectrunm P'(nn').

The reason that Selective LP is of potential value lies in the
particular spectral enevgy distributions of voiced speech sounds
vhich suggest the desirability of splitting the speech spectrum
into several regions and treating ¢ach segment ss an independsent
apectral eatimation problen.

For example, speech is often sampled at s 20 kHz rate to deal
with the whole range of voiced & unvoiced eounds. However, for
voiced speech, the 0-5 kHez interval is of most interest spd 8o a
high predictor order (e.g. p,=12) can be allocsted to this
region and a lower order (e-.g. pz-S) for the 5-10 kHz one
vhereas to fit the whole Q-10 kHg range with one LP apectrum
would require a predictor of order 24-28.

In this manner, not only are the computations reduced but a
lover number of poles need to be interpreted if formant analysis
is involved. The linear prediction parametars can also be stored
for subsequent use in speaker/speech recogamition aystems where
.the Selective LP apectrum is used a3 a template against which
the actual power spectral density of & given utterance can be
compared.

Even in the 0-5 kHz interval, it would gseem vworthwhile to
segmont this range into smaller regions aince the majority of
signal energy is concentrated for most voiced sounds below 2-3
kHz and 80 it is more important to represent this area
accurately than higher frequencies.
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J. DYNANIC PROCRAMMING AFPLIED T0 PREQUERCY RESPONSE SEGKERTATION

In. the previoua asectipn, the choice of predictor orders and
break frequencies between Selective LP segmeats  could be made
tetally arbitrarily. However, this work is concerned with the
avaluation of these parameters such that the fit Dbatwveen the
original sapeech spactrum and the model frequency reos8ponsgse
conaisting of several LP regions 18 ‘best’ in relation to a
suitsbls error criterion. Therefore, the form of error measure
to be employed in this analysis must first be considersed.

3.1 Choice of Error Critericon

Let Total Rumber of Regions = R
Length of Region a .=y A
Endpoint of Region n =t = 2 r
B e i
Ordar of Pradictor in Regloa n b N a
Sum of first n Predictor Orders "u - 2 Py
i=1
Error in Region n - gn(rn'?n)'

In addition, ¢the log magnitudes of the signal and model apectra
are given by lal: 1<1¢n/2] and l(rn.pn): 1<1<N/2}
reapactively. Since “the differences betwedn redl and wmodel
epectra are to be aminimiged, a squared error measura as in (9)
would seem appropriate.

t
3

2
E,(r .p,) (s, - 1,(r .p,)) (9)
1-tn-rn*1
However, even though errors that occur at high frequencies are
less impertant %o the effectiveness of the wmodel as the signal
epergy is less, they are provided aa much emphasis in thia
schemse as those at lower frequencies. One solution to this

problez lies in the wuae of a ‘'Yeighted (squared) Error
Criterion' of the form showa in equation (10).

t
n
E (r .p,) * o,-ls, - 1,(r p))? (10)

l'tn-rn*l
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It is lmportant to note that the minimigation of this serror
criterion will actually result in a procesa involving two nestad
optimizations. The first is inherent in the choice of the modal
fraequency response 1 {r ,p ) within the given region wsince the
linear prediction process itaself yields this response in such a
manner as to minimize the sum over all frequencies of the ratio
of the signal power to the model power spectrum [6]. The secoad
minimization is +that of the veighted error weasure and 1is
carried cut over the entire speech spectrum with respect to beth
the region siges (r_) and predictor orders (p ) 1in order to
obtain the optimal valuesa for both of these paraaetara-

One major advantage of this approach is that it takes advantage
of both the local spectral matching properties of LP and the
sultability of the weighted error measure over a4 broader
spectral range. This is 80 because LP tends to match the signal
response much mores effectively in the regions of spectral peaks
than the areas of low signal energy [8]. The perceptually
inportant regicns corresponding to formant peaks are, tharsfore,
wall represented.

However, +the LP spectral matching procesa operates uniformly
over the entire frequency range and results in an estimate which
treats regions of both high and lov signal energy in the same
manner. As mentioned above, the Weighted GError Criterion has
certain advantages in this respect and so it ia this form of
error measure which is implomented in the optimization procedure
discussad in the next section and is also used in all subsequent
rasults.

3.2 Davelopment of Segmentation Equations

With 2 regions and given values for the predictor orders p1.p2.
the optimal break frequency can be quite easily selected as that
frequency ylelding the minimum total error. This problem will,
howevar, become intractably complex if 3 or more reglons are
considered - and even more se¢ if the values of p »Pyrer-ePp are
-alsc to be chosen optimally in some prescribved manﬂer. .

It 19 at this point that we must rescrt to a more sophisticated
technique than simple enumeration of all possible combinations
of break frequencies and predicter orders to determine that
which gives the lowest error. The approach adopted in this work
‘ia that of Dynamic Programming - an aslgorithm that has been used
quite successfully in, for example, the time domain segmentation
of spesch signals [9].{10].

The concept of optimality in relation to the chotce of segment
endpoints has been discussed above, but the implication of the
term 4in calculating region predictor orders 1ia lesa apparent.
Thie is ©becsuse it 4is meaningless to discuss the ‘optimal’
number of predictor coefficients to employ within a single LP
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region eince the fit of the model improves indefinitely as the
order p increases [11

Howaver, it is poasible to determine the optimal allocation of
coofficients batween the segments to minimize the error between
real and model apectra such that the sum of the individual
orders over all the reglomns (u_,) 415 a constant. It is this
definiticen of optimality which hall be copnsidered im thisas
section.

Let f (t U, }= LEAST COST APPROXIMATIOR OF FIRST t SPEECH
SPECTRUM SAMPLES BY FIRST n SELECTIPE LP REGIONS
WITH u, A3 THE 3UM OF THE FIRST n PREDICTOR ORDERS

Then, with the weighted error mesasure of equation (10), this
cost function can be expressed as:

£ (t u )= Nin Min { £ (t -r ,u -p ) + E (r .p) | (1)

!'n ])n

This equation implies the following:

As r_1s the length of the nth segment, it is known that the
firs t -r samples are to be represented by (n-1) LP ragiona
with a® tBtal predictor order of u a P and f_-

glives the loweat possibdle error for th1d %onditi%n. Tﬂa arrsr En
the nth segment Ltself is then given by E (r Py ). The
parameters FoeP are then varied over their aliBweBle” ranges in
order to find®th8se values which wminimize the total error up to
and including the nth segment. This result is finally assigned
to f (t f and can be used iteratively to compute errors
arisifig ?rom segmentation into {(m+*1) regions.

The possible range of valuea for r 'tn at each stage must
now be eonsidarad. The most stringeu% constraint on the
varliation of T in  this «case is the fact that reasonable

spectral matched a%e only obtained if the number of samples in a
segment exceeds at least doubla the predictor order in that
segment [B]. For p_,u_, the corresponding limitation 1is that,
in Selective LP, nth ninimum number of ccefficlents that may
normally be assigned to any one region is usually 2 - in order
to produce at least 1 complex pole in the wmodel spectirum. Using
these results, the folloving equations constitute a complets
description of the segmentation procedure.
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For | region:

fi(t1.u‘) " Ei(r‘.pi) 2p, Lt <N/2 2¢u Cup (12)
Por subsequent regiona:
rn{tn,un) - Min a1 Min
2p ir St,-2 21’1 2¢p,Lu -2(n-1)
i=1 .
! rn-l(tn-rn'“n'pn) + B (ryepy) !
n
2 Zpiitnilfa i 2ngu_Cup (13)
i=}

Starting with equation (12) and subaequently wusing {13), the
nunber of segments is incressed such that p=1,2,...E, where R is
the required number of regions. The final reault 1a then given
by fR(NIZ.un) which is the minimum error wvhea all N/2 samplesa
are representad by R Selective LP regionas with an overall
predictor order LD '

However, this process does not automatically yield explicitly
the optimal breakpoints for each segment and these values nust
he eovaluated by ‘Backtracking’'. The wvalues of r ,p which
produce the minimum error £ (t ,u_) (i.e. the optimiging values
rn'.pn'} must, therefora, b8 s%r8d at each stage.

At the end of R atages, these results can be epployed in the
caleulation of the optimal segament endpoints |t *: 1<n<R]|
recursively as in (14) atarting at the last sample. n

=
Initial Condition: tR = H/2
. » (14)
tu-l - tn-rn nsR, R=1,...,2
At this point, the optimal break frequencies and predictor
orders are known s0 that the LP frequency response conaisting of
R regions can be reconatructed and compared with the real speech
spectrunm.
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3:3 Segmentation Results

The above procedure was implemented for 2 and 3 region
segmentations with optimal ‘breakpoint selection and predictor
order allocation. The results are illustrated 1in Fig. 3 along
with the apsociated region end frequencies and errors. As u. =12
in both cases, a 12th order single region LP spectrunm is glso
shown for comparison. The speech segment under investigation
conaists of N=256 data samples from the voiced phoneme /3 /
sampled at a rate of 10 kHs.

Both plots indicate a considerably improved fit betwean real and
model spectra over the single region LP model but a more
quantitative assessment of the improvement is obtained by
comparing the total weighted erroras indicated in Pig. 3 with the
equivalent value for the single LP region given helow.

WEIGHTED ERROR FOR SINGLE 12th ORDER LP REGION = 196,775

The reductions are, therefore, over 40% on this figure while
employing the same overall predictor order.

4. SPEECH SPECPHAL SEGMERTATION INTO PORMANTS

4-1 Additional Constraints for Division jinte Formant Regions

The general bdreakpoint/predictor order allocation technique {is
novw modified to allow formant-type regiona tc be selected and
thereby obtain estimates of apesch formaat frequencies and
bandwidtha. The changes necessary are listed below.

(a) The predictor order in each region is fixed at pP=2 to
produce a 18ingle resonance peak modeling each apeech
formant. This reduces the conputational requirements
considerably and also allowa the 2nd order model parameters
to be expresasible directly in terms of the autocorrelation

sequence |R 'Ri'th a8 in equation (15). This eliminates
the need 90r a general routine such as the Levinson-Durbin
algorithm. :
2 2 2
RiRa-RyBy Ry-RyRy 2 2, Ro-By
a,~— Y . A= —t— 6°=(1-a)) (15)
1 22 2" T2 2 2’3
o 0" 0

{b) A nwminimum possible sige for each region (r ) is
@stablished auch that all segments cover a frequanc? range
of at least 250 Hz (approx) which allovwe formant-type
regions to be aselected but ©precludes the possible isolation
of pitch harmonicas in the original frequency responss (which
generally have e frequency range of arcund 100 Hz).
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(c) From the 2nd order LP model asyatem function H{z) of equation
(16), the poles of H(=z) will be at the positions indicated:

2
¢ « "8, rfa,-4a,

H(s) = -1 -2 Poles at z,z =
t+a, 2 +a,z 2 {16)

1 2
= prlq

Therefore, if (a )2-4a >0, the Selective LP model consists
of a pair of real pofes and the terms "resonance frequency"
and "bandwidth™ lose their inherent wmeaning. This 1is
obviously not the type of situation which is required in the
estimation of formant opositiona and so this form of
segmentation is prevented by setting the error for the nth
region to a very large value if, for a certain % ,r_ , +the
predictor coefficients are such that real poles occur. Thia
provents this combination of t_,r leading to the minimum
£ (t_,u_=2n). Bon

n' n'"n

The results of spectral segmentation with the above constraints
are shown in Fig. 4 for 4 different volced phonemes with H/2-128
frequency samples and a sampling rate of 10 kHz in all cases. A
alngle region LP sapectrum of the same overall order as the
Selective LP model 1is alao shown for compariscn. These plots
indicate that this form of segmentation does indeed tend to
produce divisions which wseparate the individual formantas as
required.

The number of regions ranges from 4 to & depending on the
uttersnce and it is the choice of the total number of segments
(which alao determines the overall predictor order) that is
discuseed in the next section.

4.2 Nupber of Segmentation Regions

The reduction in weighted error as the number of segments
increased was found +to be of the same asymptotic form as that
for a single LP regioa with increasing predictor order (although
at a much faster rate). This suggested the use of a stopping
¢riterion similar to those employed for standard non-segmented
LP modeling. One such criterion wmentioned by Makhoul [11 which
takes account of this asymptotic behavior was investigated.

tot - TOTAL WEIGHTED ERROR FOR n REGION MODEL

Let E

- fn(tu-ﬂfz,un-En)
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The feollowing threshold test is then implemented:

Bn*"l
P =g . _tot
o E®

tot

This impliea that T_should fall sharply to & value below § when

the required numb8r of regiona is reached and subsequently

remain steady. The variation of T vith the number of segmenta

{n) for the four utterances 1Evoatigated aarlier is shown in

Pig. 5. Arrows indicate the number of regions illustrated in

the resultas of Pig. 4. This threshold teat, therefore, provides

a reliable stopping criterion with any value of § in the range
0.09< § <0.18 yielding the required number of raeglons.

< § , {17)

5. SUNNARY

4 procedurs has been established for the partitioning of speech
spectra into Selective LP reglons in order to minimize the
discrepancy between real and nmodel frequency responses with
reapsct to a weighted error criterion. This technique wuses
Dynamic Programming to yield both the optimal set of breakpointa
and allocation of predictor orders and was found to produce
‘censiderably improved apectral eatimates of the original signal
wvhen compared with atandard LP modeling:.

The feasibility of spectral segmentation into formants using 2nd
order regions was also established for & variety of vowel
utterances. An effoctive stopping criterion was finally
developed for the numbear of obsegments to implement 4in this
analysis - thereby offering a solution to the difficult problem
of choosing an overall order for the linear predictar.
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UTTERRARNCE /2:/ P1z10  El= 98047 F1:3.59 KHZ
P2: 2 €2z 16403 F2:5.00 KHZ

TOTAL ERROR=114450

HEIGHTED ERROR CRITERION

40 3] an

RESPONSE(DBD )

FREQUERCYINMZ ¢

UTTERANCE /9o:/ Pt=8 €1z 73745 Fiz}.91 KHZ
P2z 4 E2= 20941 F2:3.59 KHZ
P3: 2  E3= 16403 F3:5.00 KMZ

TOTAL ERRDR=111090

WEIOHTED ERROR CRITERION

Pig. 3:

FREQUENRCY(KH2 1

¢ Standard single region LP fit to speech apectrua
: Selective LP fit

Optimal Breakpoint Selection & Predictor Order Allocastion
for (a)2 Reglon Segmentation and (b)3 Region Segmentation
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Fig. 41 Spectral Sagmentation into Formants for 4 Vowel Phonemes
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Fig. 4: Contd.
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Flg. 5: Variastion of Threshold Test Value with Number ¢f Segments
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