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Abstract

I this paper. we propuse a new method to extract the line
speclrusn pair (LSP) frequencies. When speech signal is
analyzed by (he autocorrelation method, the speciral dif-
ference in the logarithmic specira of the model at steps p
and p—1 ascillates. There are p -1 frequency points where
the values of the spectral difference take on cither maxi-
i ot nuininun between ¢ awd hail sainpliog frequency.
We show that these frequencies are exactly the LSP fre-
quencies of order p -~ 1, which can be found by searching
the frequencies where the spectral difference reaches ei-
ther maxima or minima.  Also, the LS [cequencies of
order p can be obtained {rom this speciral difference. In
this case, we derive the expression governing the pih or-
der LSI' frequencies. The ellicient search for finding the
L8P frequencies of order p can be «done by proving the
property that the LSI frequencies of order p and p — 1
are interlaced with each other.

1 Introduction

Line spectrum pair (LSP) representation of a speech sig-
nal has been introduced by Itaknra |1] as an alternation
of linear predictive coding {(LPC) and widely used in the
speech processing areas including speech coding, synthe-
sis, and recognition {2]. The LS representation has bet-
ter quantization property Lhan vither LT'C representations,
such as the log area ratio (LAR) and the partial correla-
tion (PARCOR) coefficients. Since LSP [requencies are
frequency domwain parameters, Lhe error on an LSP pa-
rameler gives rise Lo the spectral distortion in the neigh-
borhood of a specific frequency al which the LSP param-
eter is located [3]. It has heen reporied experimental-
ly (4] that the quantization bits for LSP can be reduced
ta 70 ~ 80% of those for PARCOR wo achicve the same
spectral distortion. Moreover, the LSP paramnetlers have
well-hehaved dynamic range aml good interpolation char-
acleristics. ‘Fhe stability of LSP syuthesis filter is also
preserved after quantizing LSP parameters and can be
checked simply.

There have been proposed several methods 1o extract
LSP {requencies. Since the rools of the symimetric and
anti-symmetric polynomials from an LPC analysis poly-
nomial are on the it circle and the (requency compo-
nents corresponding to the roots are LSP lrequencies, the
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procedure developed by 1takura (1] finds Lhe zero-crossing
points in frequency domain by applying Fourier transform
to cach polynomial. In anther way, Uhe procedure employs
the Newton-Raphson wethod Lo find roots of symuwetric
and anti-syminetric polynomials and converts them to L-
SP frequencies [5]. Sooug and Juang [6}, instead of apply-
ing Fourier transform over all frequencies, adopied dis-
crete cosine transform 1o evaluate the roots on a Ane grid
on frequency domain. Kabal and Ramachandran [7) pro-
posed the algonithm to compute LSP frequencies by find-
ing raols iteratively for a serics representation in Cheby-
shev potynomials. Recently, the algorithm which eonverts
[.SP frequencies from reflection coefficients and vice versa,
was developed by Chan and Law [g].

In ihis paper, we propose a new extraction method of
LSP frequencies. To begin with, we show explicitly that
the spectral difference in the logacithmic specira of the
LI'CC models at step p and p-1 simply represents the LSP
frequencies. The spectral difference oscillates in frequency
axis and the purnber of imaxima and minimais exactly p-1
betwern 0 and 7 (hall sampling frequency) [9). The LSP
frequencies of order p can be casily obtained by searching
the maxima and minima of the spectral difference. Also
the spectral diflerence can be represented as a function
ol the LSP frequencies of order p. An efficient search of
pth order LSP frequencies can be done by proving the two
useful properties related to the LSP [requencies of order p
and p-L. That is, one is that any LSP frequency of order
p —  is always different {rons an LSP frequency of order
p- The other is that {p - th order LSP frequencies exist
alternately froni pth order LSP frequencies.

2 LSP Analysis

A shori-time frame of speech signal is produced by pth or-
der all-pole filter f1,(z) = ri_:fx_i in LPC analysis, where a;,
is the filter gain corresponding to the rms of error residu-
als. The pth order linear prediciiou filter { or inverse filter

} Ap{z) s described as
Az =14 mz" + -+ q27" (N

where {a(, - -,a,} are the linear predictive coefficienls
of order p. Instead of a divect forin boplementation of
the inverse filter, it is possible to implement the filter in
lattice forw using the pth reflection coefficient, &,, and
the (p-1)th analysis filter Ap_y(2) as lollows.
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A=) = A () + B (2), (2)
Bz) = kAo () + B (3)

with
do(z) = (=) = 1, {4)

where B,(2) is a pth order bickward linear prediction fil-
ter which estimates the curremt sample based on the future
samples, and has the relationship: f,(z) —

To obtain the LSP representation of order p. the laftice
filter of order (p + 1} can be extended (rom the pih order
tilter by setting the (p+ Dth wellection coefficient &,4q o
the two extrenie values of +1.
tract at the sound sonree of the losskess Lube model s

It means thiat e vocal

completely closed or completety open and the power loss
in the vocal tract is zero. Thos a syimmetric polynomial
Fopr(z) and an anti-symmetsie polynomial Gy} are
obtained as fullows,

Poardz) = Aus) + i) {(5)
Qpir(2) (=) = By} (6)
Real zeros of the polynomials 2 (5} and ¢ (2) are
at 2 = =L and = = 41, respertively, and atl the other

zevos are complex. These complex zeros determine Lhe
LSP frequencies of order p. Pp0(2) and Qpy () have the
following iimportant propertes:

(1) Al zevos ol B,y (2) and @y 2) lieon Lhe nnit circle,

(2) Zurvos of I',._,_.( boand Geyy(=) are interlaced with
eacl: other,

{(3) Minimmm plase property of A3 is casily preserved
after quantization ol the zeros of £,,,02) and Q,4(2).

Since the zevos of Fpdz) and Qu40(2) are on the unit
cirele, they can be expressed (™} (10 102, p).and
these {8,} are called the LSP frequencies of vrder p.

To caleulate {8} feam {e b, Au(2) s fivstly converted Lo
Dupi(z) and Quia(2), and Then a search procedure is ve-
quired m the frequency axis aller applyiug the fast Fourier
transtorty (1T} or disercte cosine transform (DCT) to
Popr(z) amd Q{21 Avother micthod projects the poly-
nomials of {3} and (G} v the real axis with o = cost) —
et

2

, and then the rools of the projected polynontial
s are approximalely found and converted into the LSP
frequencies with # = cos™ ».

The synthesis filter 1,0z} also can be oblained from the
polynomials of Fpyi(2) d!l(' (or1{x) as lollows:

a, a,
Az T4 ([ACCATICED )

=) = i7)

By using the LSP frequencies, we can construct the syn-
thesis flter withont LPC coellicient s.

3 Extraction of LSP Frequencics Using
Spectral Difference

3.1 Berivation of Extraction Method

When a speech signal is analyzed by the autocerrelation
method of order p and p-3, respectively, spectral difference
{SD) of order p is defined as the diiference between the
spectra of Lhe two all-pole tlilter. 8D of order p hecomes

2 z
= i o
2
' Ay
= In[(: I]-—z!ln” (e? _,n)” "

AL ).

Ap_ (&%)
=== AR 1l

(10)

where nf andl nf,__l are the ninitmm error powers of
order p aml p-1, respectively.  Dividing (2) by A,_y(z)
results in

"11'(5) “n_l(-T)
A T TG (an
If we cefine
By r' l(" ) .
(e = ZENE (12)

and substitute (12) into (9 with the well known equation
of af — (1 &2)al_\, B,(8) can be written as

Lu() =100 = &) = 20 {|t + &, 7, (e)]). (13)

Comparing B,(37) with tie polynomials of £,{c%) and
Q). e freqnencies 8% of #,(c*") == 1 and Ru(ct)
= +1 are equivalent wo the zeros of l",((--’ﬂ) and Qule??),
respeetively. Thuas, the vomts of 1,(¢**} = £ 1 are the
LSP hequencies of order p 1. Sinee #,{c7%} is a unit. gain
all-pass filler, we can have

RofedT} = ¢ rl0) {14}
wliere Wy{fl) is the m‘ga.l.m. phase Tunetion of 2,(0).

Ihwelet 2, = re!™ (0= 1o p—1) be a root of Apa(z),
¥,.(0) can Iw exprossed as

Ly 0 0)
) = 42 an! sin { ! 5
il0) =l £ glm [N (m(0--0) (13)

And the group delay of #2,(¢2%) defined as Lhe slope of
V() i
(.N’ (0) = 1.2
L AL .
=14 S‘ R e s 2 {16}
and il the stability 0[ e filter A,y (2) s assume 1| all r; <
1 micans -—{}—1 > 1. Moreover Wo(0) — ¢ and 'l',(r) — pr.
Thevefore. $,(0) s a monotonic increasing function and
the nuiber of puinls which wake f,{¢?*) = £ L for 0
<0< w is p -1 These are the LSI frequencies ol order
p- L
The values of £,{8) at these points {@p_y 1, -, 8p_i poi}
are given by

Ei0pe) = () o S <p— 1 (1)

.
Alsa, F,(0) s bounded by JIn ke IH- 2| and has Lhe equiripple
property [9].

To extract the LSP lrequencies of order p-1, we firstly
analyze speecli signal by the autocorrelation inethod and
calculate 8D of order p by applying FFT. The minima
and maxima of £,(#) given by (I7) are searched in the
frequency axis.

Next, we show that Lthe LSP lrequencies of order p can
also be obtained from S1) of otder p. Conbining (2) and
(3} gives
Al
Apsi(z) =~

LP!]P( )
L's
By substituting (18} into (10). we can rewrite £,{8} as

Ea{0) = — In (L — &) + 2 []) — ke’ Ruaa (@) (19)

(18)

This equation is similar to (13) at whicl By{c?®) instead
of I,y 1 () appears. Fronothe souilar interpretation that
Ry{e?®) = 11 is related Lo the LSP frequencies of ovder



p-1, the LSP frequencies {#,,,---,4,,} of order p are the
roots of Ruq1(e*’) = 1 for 0 < @ < 7. lence, E,(0) at
the LS frequencies of order p is expressed as
1 —{=1)2k,cos by, + &}

T— 12 :
for | <1< p. (20)

Et,) = o

Another scarch finding Lthe frequencies given by (20} can
bring fortl the: LSP frequencies of order p. To efliciently
find the LSP frequencies of order p, the following proper-
ties are proved.

3.2 Ordering Propeities of LSP Frequencies

The: ficst property we will prove is that any LSP [requency
of vrder p-1 is always different from an LSP frequency of
order p.

Property 1 A sef of L5F freguencies Py, - -.0,,) of
order p docs not include any LSP frequencies {0,_0,,- -
Wy} of ovdarp — 1.

This propuerty is expressed as
Oy 1n#F by, for 1<i<p-LIZj<p (21)

Since 0 < O < 7 for | <0< g condl, # 1. And
thus, the vatue of log Tunclion of {20) can nol. be equal to
(1 = (=1)&)2 Therefore, we can obtain

Pu(0,:) # (1) n

1=k
11k’
The oight side of (22) is identical to that of (17). For any
@psry Lhe value of SD at this [requeney is different from
that of any LSP frequency of order p— | 0.

From this result, we can say iductively that an LSP
frequency obtained from the analysis of any order is dil-
ferent froto LSP frequencies extracked rom the analysis
ol different orders. This property is considered as an in-
trinsic onc¢ appearing only in the set of LSP frequencies
among many allernations of LSP representation.

for 1 <1< p (22)

Property 2 As the similar praperty that zevos of £,44(z)
and Qui{z} arc interlaced with each other, the LSP fre-
quencies of order p and p—1 are also interlaced with each
other.
This gives the relationship:

0@, <<ty <Our << (23)

(19} can be rewritten in the phase funclion ¥,y ((0) of
Rpa1(8) as
E(0) = —In{l — &%)
+ Il = 2y cos (8 — W, (0)) + &7, (21}
Afler substituting (15) into (24), the partial derivative of
£,(0) for 8 is given by
AE,8) 2k, sin(d ~ W, {0))(1 ~ Tzl
a0 L~ 2k, cos (# ~ W, {0)) + K2

(25)

Since the denominator of {25) is always positive for 0 <
@ < 7 and ﬂ':a%w > 1, the sign change of ﬂf,};(ﬂ al 8, s
equal to Lhe sign change of (- 1)L,

The second partial derivative of £,(8) at 8 =8, is

2
?_2_!3-”(9)* A Mot )
gz 0=t T 1= 2=1pky + &

(26)
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Similarly, the sign change of the second partial derivative
of Ey(#) al §,_1; is the same to that of (—1)k,. The
results can be summarized as

OE,(0 ;
sn(PZ ) = sani(-17),
forl <5 <p, (27)
L)

sgu({ =1 kp),
forl £3<p~1, (28)

syn{ 902 |a:0,,_,., )

DEL(P) ) .
— et g = forl <3<p-1, (29
39 lo=e,_., Oforl <7 <p (29)
and in addition,
O< g <O s <O pa<m, (30)
V<l << - <hp<n, (31)

where sgn{c} means positive il x > 0, negative if & < 0,
and zero otherwise. 1 we assume &, < 0 and p is even,
the region where f;, exists should be

U< oy < Bp_ya, Opia <8pp < 0,40,

h

ap—l.h—'t < 61:.1 < 01:—I.P—l7

and

for { = odd. (32)

Py < Qi <120 Opra <Oy <Opy,

N

Oprpr < O < 3, for = even, {(33)

To salisly both (32) (33} and (31) stimultancously, the
property of (23) must be heli. The case of £, < 0 can be
proved similarly 0.

[n suimmary, we first apply the LPC aulocorcelation
method to the signal and SD s calculaled from: the model
specira by applying FEFI' Lo the hnear predictive coef-
ficients of order p and p-1. Next, maxima and minima
of SD are marked. The LSP [requencies of order p are
successively searched as frequencies satisfyiog (20) by the
properly 2. The 7-th LSP frequency of order p is found
by scarching the interval between (i-1)-th and i-th LSP
frequencies of order p 1, where 0 and hall sampling fre-
quency are assuned as Lhe frequencies of order p-1 at 7 =
0 and ¢ == p, respectively.

4 Experiments on the Extraction of L-
SP Frequencies

In atder to verify the proposed extraction method derived
so far and show its usefulness, we firstly conduct a numer-
ical experitnent using synthetic signal. A synthetic sig-
nal is generated from (7). ‘I'he zero-mean white Caussian
noise is used as an excitation source. The LSP (requen-
cies of order & are assigned as 5':’:';’0"1]2 {i=1, --8),
whiclh means that the synthetic signal is noisy. The da-
ta record length for this simulation is 300 for each LSP
extraction that is corresponding to 30imns interval with a
sampling rate of 10kHz. 300 reatizations of LSP extrac-
Lion ate done for cach FI'L' point. For eacl: LSP frequency
from { to 8, the deviation lrom the theorctical LSP fre-
quency for each iteration is compuled and averaged over
300 rcalizatious. Fig. 1{a) shows a part of synthetic time
samples. The averaged square deviation is plotted in Fig.
1(b) against FFT point. FET point is varied from 25 1o
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22 The dotted line indicates the vilue obtaived from
Newion-Raphson method i (5] with the desired number
of accurate significant digit of 6. Since the (tequency s
pacing is less than &1z, FI'T point is grealer than or
equal Lo 32 points. All the analyses are {ailed to extract-
ing LSP frequencies when Y6-paint FEFT s applied (o the
extraction method.

Scecondly, we synlhesize the voiced speech whose LS
[reguencies are oblained from the voiced frame of Fig.
3{a). The analysis order is 1 oand the LS frequencies
are the same shown in Fig. 3{e). The pitch perod s sed
to Bms (80 sample points). The syuthesized speech is also
geuerated as the above procedure wilh the excitation of a
pulse train and displayed as Pig. 2(a). The smallest dif-
ferenve of LSP freguencies is NT.8912 in 1his experiment.
To extract LSP frequencies correctly, FET point shounld
be greater than 64, The failove ocenrs when FIFT poind
is less than or equal o 61 Also the reasonable acenra-
ey s guarmdeed when 1025 pott FIUT b5 applicd 1o the
proposed method as showa in Fig, 2(b}.

Next.a real speeely is used in Uhis experitnent. A speech
signal spoken by amale is low-pass filtered with a ent-
oft {requeney of L7kHz awd sampled al 10kHz, A voiced
frame of 30ms s analyzed by the antocorrelation incthod
of order 11, The LPC coeflicients corresponding Lo the
analysis order of 14 and 13 are abtained from the Levison-
Durbin reenesion simudtanconsty dhuving the analysis of au-
der M The speech signal used in Lhis experiment is shown
in Fig. 3(a). The spectral difference of order 14 and 13
oblained from Lhe LIPC corflicients Ly taking 1024 point
FFTs are shown in Fig.3(b} and 3ic). respectively. 81 of
order 13, which s the difference between Fig, 3(h) and
3(c), is displayed in Fig. 3(d). Nolice that the nurber
of maxima and minima of 8P s 13 aud the frequencies
al these points become the LS frequencies of veder 13
Fig.3(e) shows the LSP freqnencies of both tie vrdee 13
and 1. ‘The upper part and 1he lower parl of Wie figure
represents the the LSP ficquencies of order 14 and the
LSP frequencies of order 13, respectively. 10 we observe
cach set ol L8P fiequencies, we {ind that the S fre-
quencies in one et are intedared with the other set as is
explained in section 3.2

5 Conclusions

We proposcd a new imethod 1o exvract LSP frequencies.
This method s based on the spectral difference belween
the log spectra of cacli Buear prodieCye imadel of order p
and o Loatd can give the LSY regneneies of Lwo orders
simultancously. Also. we proved Two inleresting proper-
ties velated Lo LSP freqguencies, One s that (e set of
LSP frequencies of order podoes not include any (p = [)h
order LU (eequencey, The aother is that the LSP frequen.
cies ol order poand g - L ave inderlieed with each other.
From three experiment incfuding synt hetic nose, synthet
1‘(‘ \"(Iir("' S('Illld_ Hll(l l'l‘al \’U.Il'("I ‘\'()ll"ll. we l'U“Iil'“I[‘fl '.]lf'
derivation ol Lhe |lrn|m.~«"t| exbeadtion methed,
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Figure 1:  Performance of the proposed extraction method for noisy

signal. (a) Timewsamples. (b) Average devialion against FET points
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Newton-Rapbson method.
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Figure 2:  Performance of the proposed extracton method [or
a synthetic voiced speech signal. (a) Time samples. (b) Average
deviation against FET points where the dotled line indicates the
averaged devistion oblained by Newton-Raphson incthod.
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Figure 3:  An experimental resolis for a real speech signal. (a) A
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speech speclrum of the analysis arder of 13, (1) Speetral difference
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