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Pseudo-Cepstral Representation of Speech
Signal and Its Application to Speech Recognition
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Abstract

In this paper. we propose a pseudo-cepstral repwesentation of line spectrum pair{LSP} frequencies and evaluate
speech 1ecognition performance with cepstral ifr using the pseudo-cepstrum, The pseudo-cepstrum corresponding to
LSP frequencies is derived by approxmating the relationship between LPC cepstrum and LSP frequencies, Three
vepstral liftering procedures are applied to the pseudo-cepstrum to improve the performance of speech recognition.
They are the root-power-sums lifter. the general exponential lifter. aad the bandpass lifter. Then, the liftered
psedudo-cepstra are warped 1nto a mel-frequency scale to obtain feature vectors for speech recognition, Among the
three lifters, the general exponential lifter results 1n the best performance on speech recognition, When we use the
proposed pseudo-cepstra feature vectors for recogiizing noisy speech, the signal-to-noise ratio (SNR) improvement
of about 5~ 10dB over LSP is obtained.
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1. Introduction

A line spectrum pair (LSP) representation of
speech signal has been introduced by Itakura 11]
as an alternation of linear predictive coding
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LPCH and widely used in the speech processing
areas including speech coding, synthesis, and
recognition [2]. The LSP representation has better
quantization property than other LPC represe-
ntations, such as the log area ratio (LAR) and
the partial correlation (PARCOR)} coefficients.
Since L3P frequencies are frequency demain



veirane-ter - Ui orror ontan LSP parameter gives
rize tu the spectral distortion in the neighborhood
cb s osrecifie trequency corresponding to the LSP
peratieter 3 It bas been reported expernmentally

i+ that the number of bits for LSP uantization
can be teduced 10 70 807 of those for PARCOR
ro achieve the same spectral distortion. More-
over, Lhe LSFP paramenters have well behaved
dvianue range and good interpolation characte-
ristics, The stabilits of an LSP synthesis filter is
also preserved after quantizing 1LSP parameters
and can he checked simiply,

In speech recognition based on LSP frequencies,
Palival 157 2tudied several LSP distance measures
tor speaker-dependent steady-state vowel recog-
nition and found that the weighted LSP distance
measure shows the best performance among vari-
ous measures based on the LSP frequencies and
slightly hetter than other linear prediction distance
measures, In the HMM-based 1solated word
recognition, the performance of the LSP rep-
resentation is comparable to that of the cepstral
representation (61, Gurgen ¢t of. |7] reported
similar results that the LSP represemtation is
superior to the cepstral representation for
speaker-independent DTW-based isolated word
recognition. From these results and the fact that
a cepstral liftering procedure results in more
improved recognition accuracy (8]-19), we predict
that the performance of an LSP-based recognition
system ¢an be more improved if a procedure like
liftering on the cepstral representation is applied
to LSP frequencies. In order to apply the weighting
procedure to LSP frequencies, we first derive a
relationship between cepstral coefficients and
LSP frequencies, We define a pseudo-cepstral
representation by approximating this relationship,
and then a liftering procedure is applied to the
pseudo-cepstral coefficients. In this paper. we
consider three kinds of lifters : the root-power-sums
lifter {RPS), the general exponential lifter (GEL),
and the bandpass lifter (BPL).
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Following this introduction. we review the 1.SP
analysis method 1n Section 2. In Section 3, we
derive the pseudo-cepsiral representation and
explain the cepstral liftering procedures apphett
in this work. Also, mel-scaled warping of pseudo
cepstrum is described, The performance results
on recogntion experiments for the task of
recogmizing 10 confusable svllables are shown n
Section 4. The recogntion results obtained by
using the pseudo-cepstrum with/without liftering
procedures are compared with those by using
LSP frequencies. The effects of mel-scaling of
the pseudo-cepstrum and LSP on recognition
performance are also obtained.

fl. LSP Representation

A short-time frame of speech signal is modeled

by a pth order all-pole filter H,(z) . in
Ap(2)

LPC analysis, where x, 1s a filter gain corresponding
to the root mean value of error residuals. The pth
order linear prediction filter (or inverse filter)
A,(2) is described as

Bl =l+az !t +oFapz? tn
where {a),-+,a,; are the linear predictive coefficients
of order p. Instead of a direct form implementation
of the inverse filter, it is possible to implement
the filter in lattice form using the pth reflection
coefficient, k,, and the {p-1}th analyis filter .4,_ (2)
as follows,

.‘];_.{2) =;‘1p-|(3) +’Cpo—1(zJ. (2]
ZBp(z) ==kp,'fp—|(z)+8p—1{z), (3}
with

A2y =zBy{z) =1, (4)

where B,(z) is a pth order backward linear
prediction filter which estimates the current sample
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based on future samples, and has the relationship,
plgy gt g ity

Vo uitain an LSP representation ot order p the
lattic filter of order (p+ 1! can be exended from
the pth order filter by setting the {p-+1)th
reflection coefficient k,;, to the two extreme
values of +1, This means that the vocal tract at
the sound source of the lossless tube model is
completely closed or cormnpletely oven and the
power in the vocal tract is zero. Thus a symmetric
polynomial P,4,(z) and an anti-symmetric poly-
nomial (J,4,(2) are obtatined as follows.

Ppey(z) = Ayl2) + B,(2), {5)

(_);,4_'(2)=.‘1p(2)_n{.\(‘3_:‘ (6}

Real zeros of the polynomials #,.,(2} and 4,
(2) are z=—1 and z= 1. respectively. and ali
the other zeros are complex. These complex zeros
detemine the LSP frequencies of order p. Py (2)
and {/,+,{z) have the following important proper-
ties :

(1} All zeros of P,4{2) and ¢J,+ t2) lie on the

unit circle,

(2) Zeros of £°5+,(2) and Q5+ ,{2) are interlaced
with each other,

(3) Minimum phase property of A,{2z} is easily
preserved aiter quantization of the zeros of Py
{z) and Qpr,(2).

Since the zeros of #5+,(2) and @,+,(2) are on

the unit circle, they can be expressed as e/} (i

— e —p — Lot (1 =* 0. __12__
L, 3, . 1) or ie/™ i 1=2, 4, S ) for

both Ppa (2} and Q,+1(2) when p 15 odd and
even, respectively, and these it} are called the
LSP frequencies of order p.

To calculate {8} from iai d4,(2) 1s first
converted to 7,4 (z) and (,+(2). and then a
search procedure is required in the frequency axis
after applying the fast Fourier transform (FFT)
or discrete cosine transform (DCT) to Pyi {2}
and Q,+,{z). Another method 1s to project the

polvnomals of (5 and {6} on the real axis with x
L. etz .
von 5 . and then the root: of the
plojected puiviundals oo approximately $ound
and converted into the LSP frequencies with 8=
cos ' x,

The svnthesis filter H.{2} can also be obtained
from the polynormals of P, {2) and {,.,(2) as

follows :

Xp

- 1"’ —_ ——— - —
Cdda 1 RHP =D g2 - D2

(7)

By using the LSP frequencies, we can construct
a synthesis filter without .PC coefficients,

. Pseudo-cepstral Representation

3.1 Pseudo-cepstial Conversion from LSP
Frequencies
The polynomials 7, (2} and (,+,{2) of {H) ana
{6) can be rewritten n terms of LSP frequencies
10,4 as follows [11). When p is even,

[
Pooptzy=11-2"1 TI (1-2cosé;z7 +27%,  (8)

P
Qpe =427 T (1~2cos 6; 27 275, (9)

= Loefd

When pis odd,
P
Polz)=(1—29 J1 (1-2cos 4 2714272, (10
1—-2, eivn
I
Uprlzd= [] (—2cos@z t+277, {1

[ AT

By muitiplying ,+;{(2) and ¢;+,(z), we obtain
the following equation for any p = 1.

I’p+1(z) ()p+1(z) =‘4i(2)[1_Ri+1(2)]

p
=(1-2z7) Il_[‘(l—e”"z‘l)(l—e)'"-'z"). (12}
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where R0y &0 #70 dz DYgdet, Taking
the degathne on hoth sides of (121 gives
2)i==inil—5 )

Ol dicttni] - !\’;

;
ey

A

ANl ez DAt etz (13}
since the vight hand side of (13) has zeros on the
it arede, the zeros should e sinfled radially by
A factor of 2007« 17 112] In other words. a dif
ferent contour for the computation of inverse
z-transform must be used. Therefore both sides of
(13} becomes

ta 1 2))

A s Il =R

iil=2-z 0+ Anfl =z 7 +1nil=xe™ 2 1]
2T
(1)

And by using the power series expansion

]

In(l-xz )= ~T% : 242> . (15)

n-l
the nverse z-transform of right side of (15) has the

form

o

¢ 5 —_ W JfJ ¥ n
- L i PR o \-l[t,j,;{.,,+€;.|,,;]Z—u.

(16)

w | ”n 7 n fetn=] "

and that of left side of (15) by using la 4,(z)=
=X, | ¢x3 7" becomes

—

=2 e "2 ¥R, 27 (17}
n o o1

where 2" R, 15 defined as the inverse z-transform

of

ln{l—k"-;,‘]('x V), (18}

From (16} and (17}, the inverse z-transform of

{14) is given as

n Y’ P »
¥ (.',Axn R, }i + ,( 1,),1 +V‘ ?J [gw,nﬁ_(", jgn
2n 2n iy n ’
2 X 4
=-— (] + (-1} 4+ e Y ocosthnomz=1, (19)
2n =

Therefore the cepstral coefficients ic,i can be
rewritten as a function of '8;! and R, as follows,

»
t",,='-};,' {1+f—1)’”+--£-: cos thn+ R, nz1 120
< -1

Now we will express R, completely in terms of
2 and l¢,i. The phase of Ryi,(e/"), W, (8) 15 a
function of -,(¢e) and becomes

Py (0) = (p+1)0+ 2 argl 4,(e7") ] (21)
=(p+10+2 T ¢, sn 6, (22)

The second term of 22} results from

In Ape) =1n [4,(e/) | + f are 4,te/), (23)
and
\i eyt =T c 03 n+ j i cysin On. 24)

Snce (23} and ©24) are equal cepstral coefficents
{c,} are real, arg [d,(e/}) =17 _ ¢, sin on.

If we consider the shifting factor « in Ry+(e/")
can be given

RP_H(G—Ie,a'ﬂ)zap+|£—ﬂ:',ntm' (25)

where

W) (8) = (p+1)8+2 S ac, sin b, 26)
LR

Next we expand In (1-R;, (a7 ¢’)) by power
seres expansion. That is,

In A=K, (a7t = "kgl % R¥, (x71e/"),
{27)
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By substituting {25} into (27, we obtatin

e : ¥ P L

K1k

e 1 Lol e kR o
- ok e o Fr e W D g am il (28)

klk

The inverse Fourier transform is applied (o (25)

and we obtain R, as

"k¢P+1|--n

no=% e {7 cosl(kip+ 11+
ko) 4’“‘7 o

—1k S o o sin 0 ]do, (24)
[

For the speech signal whose spectrum has sharp
peaks as nasals and vowels, the frequencies of
poles are more important than the radii of them
in speech recognition. So we can assume that the
effect of K, 15 neghgible in the vowel and nasal
sounds since #&. provides the magmtude infor-
mation about the inverse filter 4,tz). The first
term of 120} is a constant, 1f the distance measure
for ic,s does not usc the cross correlabion of each
coefficient, we can ignore the constant. As a
result, we only consider the mid-lerim of (20)
which is defined as the pseudo-cepstrum (PC) of
LSP frequencies. That 13, the pseudu-cepstral
coetficients ¢, | become

) b

= L T cos b, (30}
LR

1¢,+ give the root-power-sums (13] of the filter
‘“‘AF(Z}zlr’(n?—n(l—-e*”“ 27 —e/™ 2 V) divided
by the quefrency n. where it} are the LSP fre-
quencies.

Fig. 1tb) and t¢} show cepstrally simoothed tog
arithmic spectra obtained from the LPC-cepstral
coefficients and the pseudo-cepstral coefficients,
respectively for a vowel speech segment of Fig.
1{a}. As shown in the figures, PC shows a similar
spectral representation to the LPC-cepstrum with
slightly enhanced spectral peaks.
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Fig 1. Smoothedd log spectra @ ) speech segement. (b)
cepstrum  computed from LPC cepstral coe-
fficients, and (¢} psevdo-cepstrum,

3.2 Liftered Pseudo-cepstral Representation

Cepstral liflers have been applied to cepstral
coefficients in order to improve the performance
of speech recognition systems based on cepstral
representdtion 187191 [n general. the effect of
Iifterng procedures is o normalize variances of
cepstral coefficients which are inversely pro-
portional to the square of quefrency, the index of
cepstral coefficients 110}, Liftered cepstral coe-
fficients can be written in 4 general form as
follows,
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o " i, (\":ll

ol et are the cepatral coefficients
G und atter appiving a cepatral ifter, s, re
Sed ety The copstral lifters are Classified as o

Slerent name aeeording to o, In sunnnary,

I H tief's)
e (1)
. omi .
| =2 s ; WHURS (32

Popecially s =00 ia taeed 0y G 0. and A= 6
apd L= 12 in BPL 1o

In this work we apply cepstral lifters of (32) to
the peeudo cepattune and denote each liftered

pseudo cepstral coefficient = as follows

Goon T8 cos nil,
_,.
e, w VS cos e,
Pl
.o L ,
Cp. = tl+6sin - 1 cosnl, lsn< 12, (33}
- |

Fig. 2 shows the spectra after appiying the lifters
to the pseudo cepstrum, Comparison of the figure
with that of Fig. lici reveals that the lifters
enhance spectral peaks in the cepstrally smoothed
logarithmic spectra. and RPS makes a larger
erthancement than other lifters.
In any cepstral representation, the distance be-
tween ¢kl and ¢/} is defined as
»
Dik, D=3 (k-] ¥, (347
i
where ick and ic¢/! are the cepstral representations
for the kth and the {th analysis frame of speech,
respectively. In the next section we examine the
performance of cepstral representations including
LSP frequencies, pseudo-cepstrum. and four types
of liftered pseudo-cepstra for speech recognition,
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Fig 2. Pseudo-cepstrally smoothed log spectra obtained
by applytng (a)root-power-sums lifter, (b}
geneal exponential lifter, and (¢} bandpass lifter
1o the pseudo-cepstrum of Fig. 1.

3.3 Mel-frequency Pseudo-Cepstrum

By warping linear-scaled frequency into mel-
scaled or Bark-acaled frequency, the first an and
effective second formants of speech spectrum
can be well represented by a rather ordes LPC
analysis [141. A bilinear transform introduced by
Oppenheim and Johnson [15] is a method to
implement the warping by expanding the low-fre-
quency axis and compressing the high-frequency
axis [16]. An all-pass filter, H{z), for the frequency

warping is given
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o= 5T~ (33
Vw2 !

whets @ s a0 peialieie) Gl ficiuciics  Wal g,
Therefore a warped frequency. ¢ becomes
@ sin

0 - o+2tan ! {3

l—acost
For a sampling frequency of 10kHz, ¥ results in

a very good approimation to the Bark-scale or
mel-scale if ¢= 0,47 L14]. Since the LSP fre-
quencies are the values on the frequency axis, a
bilinear transformed LSF frequency can be easily
obtained by (36). Also. the bilinear transformed
pseudo-cepstral coefficients can he given by

1 .
Coiw =00 S cO8 0, 137)

n
where i is a mel-scaled LSF frequency. We call
'Cyi i the mel-scaled pseudo-cepsiral coefficients
(MPCC).

I\'. Recognition Experiments and Discussions

4.1 Speech Data and Recognition System

The speech data for isolated speech recognition
consists of 100 confusable words. spoken by 10
male and 10 female speakers. The words are the
nasal consonants /m, n/ followed by one of the
vowels /a, A, o, u, if. Each speaker uttered each
word 10 times in a noise-free condition, which
yields a total of 100 utterances for eack speaker.
Each utterance was low-pass-filtered up to 4.7kHz,
then sampiled at 10kHz with 12 bit quantizer,
End-point detection was done manually to include
the whole nasal sounds.

Fig. 3 shows a block diagiam of the feature
extraction procedures used in this work., The
speech signal is preemphasized with a factor of 0.98
and the Hamming-window with a length of 30ms
at a frame rate of 100Hz is applied to the speech
signal, And then the LPC analysis of order 8 to
14 with a step of 2 1s applied to the speech signal.

The sequences uf LSP {requencies are obtatned
(lony LD coefficients by ueing methad in 7107
Dra nEegdec st e 6 alianion So ok d
then lifters are applied to the pseudo-cepstrum.
The warping procedure is apphed to the LSP
hefore finding the pseudo-cepstrum. Also lifters
are applied to the mel frequency pseudo-cepstral
coefficients {(MPCC).

Speech

Preemphasis

LPC Analysis

Find LSP Frequencies

Mel-Scale Conversion

Mel-Frequency
Features

LSP to Pseudo-cep

Liftering Procedures

oo

LSP Pseudo-cep RPS  GEL  BPL

Fig 3. A Dblock diagram of feature extraction
procedures for speech recognition,

A DTW-based recognition system with the
syinmetric Sakove-Chiba path constraints [17] is
implemented In speaker-dependent mode. Two
utterances of each word from every speaker are
used as reference patterns and the other 80
utterances from each speaker as test patterns.
The recognition accuracies obtained in this paper
are averaged over 20 speakers, To simulate noisy
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. s mean white Gaussian nowse 1%
thee test uttorances except reference
T amount of addinve nose s controdled

emepmental Agnal to nose ratiot SNR).

4.2 Recognition Results and Discussions

Recoguibion usbg the pseado cepstruny and the
VSP frequcenicn~ are compared 1 Frg, § The
ongtilon reswdts are obtained by varving the
vrabvsis order fromn 8 1o oas well as SNR's, The
cCOgnHon systernn elnploving the peeudo ceopstrum
sy bettor recognition performance than that

et the LS frequencies when SNR 1s above
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----- Q-.... psendo-cep

Fig 4. Average recognition of the recognition systems
with pseudo-cepstrum and LSP versus SNR for
20 speakers. Orders of  nalysis are (a) 14, (b) 12,
(¢ 10, and td 3,

3udB. However. the results are reversed when
SNR s below 20 dB. These results are common
for all the analvsis orders, This is because the
spectrum does niot show spectral peaks markedly
when SNR is low. The effect of K, in (20)) increases
and the pseudo-cepstrum fails to represent the
spectrum effeclively for speech recognition. Thig
problem can be overcome by applying cepstraij
Iifters to the pseudo-cepstrum since cepstral
lifters enhance the spectral peaks and make the
spectra be more robust in noise,

In Fig. 5, we show the average recognition

accuracies for the LSP frequencies and liftered

MR N

Recognition Accuracy (%)

10 20 30 40 10 20 30 40
SNR (dB) SNR (dB)
(a) (b)

R Ranns s I e S

Recognition Accuracy {%)

bbbl bl 10
10 20 30 40 10 20 30 40
SNR (dB) SNR (dB)
(e) {a}
------ PN Lsp
o RPS+PCC
A GEL+POC
ey BPL+PCC

Fig 5 Average recognition results using LSP
frequencies, the liftered pseudo-cepstra with
analysis orders of (a)14, {(b)12, (c) 10, and (d)8
for 20 speakers,
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pscudo vepstrura tor  different anaivsis oiders

from YEen R uath a sren af 9 for N1 speakors,

S ASCRE IS SO URPPTE N £1 R B N St AL UL R SUNS TR ot
liftered peeudo-cepstra, the liftered pseudo cepstia
representations provide higher recognition resuits
than the L.SP frequencies and the pseudo-cepstrum
for all the anaiysis orders and SNR's, Especially.
GEL shows the superior performance to other
lifters when the analysis orders are 14, 12, and 10,
and the similar performance at the analgsis order
of & The SNR improvement of about 5 dB can be
obtamed by appiying the liftering procedures to
the pseudo-cepstrum, For comparison, we summa-

rize the results in Table |,

Table . Comparison of recagrition results at the

analysis order of |4

SNR ISP : PCC T RPS+PCCE GEL+PCC’ BPLH POC
Clean | sLms - 8306 AT6¢  © sua) © xi73
IR TG U
B BLEY ' H23l . s WK .13
B PRran e T Y
B e w5194 LT A

Next we extract the mel-frequency pseudo-
cepatral coefficients (MPCC) by letting the warping
paramenter & be 0.47. {n Fig. 6, we compare the
performances of PCC and MPCC, MPCC provides
the higher recognition accuracy than PCC except
SNR = 10dB since the noise signal enhances the
high frequency of speech spectrum. Thus no
warping or a slight warping is desirable in this
case, Figs, 7 and 8 show performance results of
Mel-1.SP and liftered MPCC's at the warping
parameter of (.47 and 0.2. respectively. Liftered
MPCC's always yield higher perfoinance than
Mel-LSP. The warping procedure at a=10.2 is
more effective than that at a =047 except BPL
since a strong warping procedure decreases the
higher-order PCC  in that BPL gives more
weight on the lower-order PCC relatively, The
results are summarized in Table 2. As a conculding

iemirk. the MPCC lifrered by GEL wvields rhe
hest perfornuancy @mmung  other representations

and o shient wapew Lo PCC shows better

pertoniance,

Y'YTV?Y_T‘T‘F'f1TTY_T‘!—T}'T T ‘r‘r—i‘”rﬁ' r"T“lr’T"v T 7\‘[ 'YTTEY T
w® - /é CI;:a r B B
T oas i s B clean
g 0 1 i
g 1
£ 50— —
2 r ]
& s 4
Q o -
1%

¢ L i b
& gsl- — tf —
walvaada b b AV PR I P

10 20 30 40 10 20 30 40

SNR (dB) SNR (dB)

(a) (b)

[T [T

Recognition Accuracy (%)

[l -

S AN Y N
10 20 30 40 10 20 30 40
SNR {(aB) SKNR (4B)
{(c) (d}
o-.. pCC
D MPCC

Fig 6. Average recognition results using PCC and
MPCC warped at ¢=0.47 with the analysis
orders of (a)14. (b)12, ()10, and (d}¥ for 20
speakers,
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V. Conclusions

To improve the performance of speech recog-
nition system based on LSP frequencies, a
pseudo-cepstral representation is proposed. The
pseudo-cepstrum is derived by approximating the
relationship between the LPC-cepstrum and the
LSP frequencies. A recognition experiment for 10
nasal-vowel sounds shows that the speaker-
dependent recognition system using the pseudo-
cepstrum gives higher recognition performance
than that of the LSP frequencies when SNR is
above 30dB. Cepstral lifters including RPS, GEL.
and BPL are applied to the pseudo-cepstrum to
improve the performance of the pseudo-cepstrum.
All the lifters provide better recognition yesults
for all analysis orders of 8 to 14 and SNR’s, and
also give SNR improvement of about 5dB over
the LSP frequencies and the pseude¢-cepstrum,
Also mel-frequency warping is applied to the
pseudo-cepstrum and the lifters are applied to the
mel-frequency pseudo-cepstrum, The recognition
system employing the mel-frequency pseudo-
cepstrum liftered by GEL shows the best recog-
nition accuracy,
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