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ADSTRACT:

Analysis/synthesls  of speech by PARCOR method Is proved to be
advantageous over other methods previously developed for bit rates above
2.4 kbps. However, I the bit rate is reduced below thls value,
reconstructed speech becomes unclear and unnatural. Line spectral pair {LSP)
coefflcients were thu Introduced as alternatlve representations of linesr
prediction parameters for low-blt rate speech coding. This paper presents a
least-mean-square  (LMS) type =adaptive LSP fliter for directly calculating the
LSP coefficients on sample-by-semple basis. The algorithm proposed here Is
shown to have higher convergence rate and lower mlsadjustment as compared to
other algorithms.

INTRODUCTION:

The wa of llnear prediction {or spectrai analysls and vocal tract
parameters estlmation has been widely accepted In the speech rocesslng
fleld. Although, the autocorrelation and covarlance methods [1,2] are well
established iIn this area, their computational complexity has led to a search
for mlternative methods whlich may be more convenient ([or real-time
applications, Thesa Involve updating of the coeflicients of a non-recursive
digital Ffliter on a sample-by-sample basis, Le., a small adjustment Is made
each tlme a new speech sample 1Is obtsined. The alm is to keep the filter
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output minlmised [n mean-squara value and apectrally flat so that low-bit
rate encoding technlques can be adopted for efflclent transmlssion. Since the
inverse of the adaptlve filter 18 used to reconstruct the speech at the
recelver, a further requirement I3 that this Inverse filter Is stsble, i.e.,
that the adaptive filter l§ minimum phase,

Sequential sdeptation methods [3] have the adventage of computational
glmplicity as Is requlred for real-time applications, while belng still
capable of foilowing the tlme varying nature of the speech to an acceptable
degree of accuracy. In the past, sequentlal sdaptive llnear prediction was
implemented with tapped-delay line or ladder structure digital (fliter
{4,5,6,7]. However, adaptive ladder fliters have been reported to suffer f(rom
slow convergence and sensitlvity to round-off noise In practlcal finite word
length applications. To overcome these problems an adaptive lattice structure
digical fllter was Iotroduced (8,9,10]. The lattice structure filter, which
may be interpreted es a reallsstion of the Levinson-Durbin algorithm [1l},
has many advantageous propertles and has found wide applicatlons in signai
processing, spectral estimations, and speech analysis. The lartice structure
ls an orthogonallsing  fllter which transforms the original observations into
two orthogonal sequences of forward and backward predictlon errors, both
spanning the same space as that of the origlnai data, The parsmeters of the
lattice filter, known as partlal correlation coefficlents (PARCOR), provide
an alternative representation of the ladder coefficlents, Lattlce filters
have the important property that a minimum phase Is guarantesd when all the
PARCOR coefficients are less than one In modulus and that the forward and
backward errors at each stage ere all minimised in mean square value when the
output Is simlilarly minlmised (orthogonaillty property [1]). The PARCOR
estimates may be obtained [rom the exact least squares lattice or the
gradlent lattlce methods, which iteratlvely update the estimates as each new
data sample becomes avallable [8,9,i0L

Lina spectral palr {LSP} coefflclents have been proposed by ltakura et
al [12] and Honda and Itekura [13] as an alternative representation of linear
predictive coding (LPC) speech parameters for sub-band coding techniques with
dynamic blt allocation In each sub-band. These LSP coefficlents are preferred
to other LPC parameters, such as ladder and PARCOR coefficlents because of
thelr closer relationshlp to the spectrum of the speech being coded and their
uniformly distribucted sensitlvity to quantisation effects across the
{frequency spectrum.

Calculation of LSP coefflclents In the sbove method [12,13] Involves
autocorrelaction enalysie baesed on a block of stored speech asemples followed
by an arithmetlc conversion procedure which inclydes the location of zeros In
Fourier sine and cosine series. Recently, Cheetham [14] has introduced an
adaptlve LSP even order f{llter updated by LMS algorithm, where the end-point
error is used for gradlent estlmmtion.

In this paper, a new updating ‘algorithm for the even-order LSP
adaptive f[liter Is introduced. The algorithm does not requlre eny calculation
of autocorreiatlon parameters or matrix manipulation. Moreover, it provides
hlgherI convergence rate and lower misadjustment than the algorithm referenced
in [14]).

LINE SPECTRAL PAIR ANALYSIS:

As stated previously, PARCOR anelysis/synthesis method reaches the
lowest bhlt rate of 240¢ bps. If the bit rate falla below this value,
syntheaised apeech degrades rapidly. The LSP method was chus investigated
[13] to maintain speech quality at lower bit rates. The PARCOR coefficients
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are essentlally paremeters opersting I[n the time-domsain, whereea the LSP are
parameters functionlng in the frequency-domsin. Therefore, the LSP
parameters are advantageous In that the distortlon they produce Is smaller
than that of the PARCOR coefficlents even when they are roughly quantlsed and
linearly interpolated [15].

For the linear predictlon model shown |In Fig. 1, the transfer function
ln Z-transform notations is glven as:

x(2)

i
]
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_‘D
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)
'

Flg. 1, Linear Prediction (All-Zers} Model.
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where N Is the order of the predictlon fliter, and {a,, l=1,2,.... N} are the
predictor coefficients. The llnear predicton model In Fig.l, may be reallsed
using  all-zero lattice structure filter shown within the dotted llnes in
Fig.2. This filter has forward and backward error outputs labelled fyy(n) and
bp(n} respectively. The forward predictlon errar fiin} at stage ! ls given as:

fl(ﬂ) - fl_I(l'l) + kibi_ltnl (2}
x2(n}y I_(n) 2 (n} - byt £ () f, . (n)
i {
: 1
1 ® L i o
I I
- |
: .-1 + 4 1 - [ z-l * z'l
| b, (n) b (n) By

Fig. 2, Lattlce Filter Structure with Augmented Stage.
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and the backwsrd predictlon error at stage | Is expressed as:

by(n} w by jn-1} + k; f_i{n-1) (3
where

fy(n) = x(n}

bgyin! = xin-1)

and {k], =1,2,...... N} are the PARCOR coelliclents, The transfer function
between the forward output error f{n) of stage | and the input x(n) can be
expressed  as:

Similarly, the transfer function between the backwerd output error b(n) of
stage | and the fnput x{n) is given as:

B,(Z) = Z'I[ B.{(Z) + kyF(2) ] (s)
where
Fo(Z) = 1 and By(2) = 27!

Let us now assume that the lattice filter shown In Flg.2, Is augmented
by an extra stage with ky,; = ¥ to produce an output fy,p(n). It is easy to
show that all the zeros of the augmented fliter lle on the unit circle In the
Argand Z-plane [1l. This conditlon { kp,; =1) corresponds to the case where
the air flow is completely reflected at the glottis in the vocal tract model
represented by PARCOR coefficlents [I16]. In other words, this conditlon
COrTesponis to the completely open or closed termination condition. The
actual boundery conditlon st the glottls Is, however, the sequence of opening
and closlng, es 8 function of vocal cord vibrations. Since the boundary
condition at the lips In the PARCOR analysls Is a free fleld {k = -1) [16],
the present boundery conditlon sets the ebsolute values of the reflectlon
coelflclents to 1 at both ends of the vocal tract. This meens that the vocal
tract acoustic system becomes a logsless system which completely ahuts In the
energy. Therefore, the quality factor Q at each resonance mode In the
acoustic tube becomes infinite, end a palr of delta function-llke resonance
characteristlca (a pair of llne spectra) which corresponds to each boundary
condition at the glottis are obtained. The number of resonances are 2N.

Let P(Z} and Q{Z} be the trensfer functions obtained for the augmented
filter when kN+1' -1 or +1 respectively. Hence:

P(Z) = Fy,(2) = Fy(2) - BN(2) {6}
and
Q(z} = F(Z) + Bpl2) n

Although P(Z} and Q(Z) are both (N+l)st. order polynomial expressions, P{Z)
has Inversely symmetrical coefficlents whereas Q(Z) has symmetrical
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coefficlents. Using Egs. (6) and (7) we get
FN(2) = [ PZ) + Q@) 12 (8)
Note that. FN(Z) s the same transfer function A(Z) In Eq. (1).
From the recursive eguations (4) and (5), we have
F{2) = Fol{Z) + kB {2Z)
=1 +ky 27!
B,(2) = 1B ,(@) + k;F (2
= 2D F 7))
FplZ) = Fy(Z) + kyB,{2)
w1 kyllsk gzl 4+ kpz7?
B(2) = Z71(B ((2) + kyFy(2)]
B At N A

Contlnuing the above manlpulation, & general expression cen be obtained for
BN{Z) as.

Bn(Z) « Z0D Rzl

= Z"(N”) + alZ'N +oriieieee aNZ"I

ar

BN(Z) = Z7(N*D p(z-1) )
Applylng Eq.(9) into Egqs. (6) and (7}, then

P(Z) » A(Z) - ZIN*D) p(z-y {10)
and

Q2) = AZ) + N1 4z7)) {11)
Now, If N js nssumed to be even, P{Z) and Q{Z) can be factorlsed as:

PZ) = (U -ZH TP (s ozt e 2D (12)
and -

Q2 « (1 +Z7h ?‘1"’(1 RS (13)
wheg::. -2 cos 91 {14)

dy = -2 cos W (15)
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and ﬂl, 'Vl for i= 1,2,....]...N/2 are the Line Spectral Palr coelliclenta.
Note that the factors (1 - Z1) and (1 + 2°!) are found by using P{l)=0 and
Q(-1)=0 In Eqa. {10} and (11}

Since AlZ) = [P{Z) + QIZ))/2, the LSP coefflcients 19],'1"1 can be used
instead of {1, I=1,2,......N} to cheracterise the transfer function A(Z} of
the prediction [fllter in Flg.l. When A{Z) is minlmum phase, as stated
previously, the zeros of P{Z) end Q{Z) are Interlaced around the unit circle
with

Q< lf’l< 91<‘f’2< 92<.....-¢ va2< N/2° Ry (16)

Furthermore, this interlacing s a necessary and sufficient condition Ffor the
stability of the all-pole synthesls model 1/A(Z).

A llne spectral pelr [titer structure derived from Eqs. (8}, {12} and
{13} Is shown in Fig. 3 for even order N.

ol &

Fig. 3, Line Spectral Palr [LSP)} All-Zero Fllter Structure.

THE UPDATING ALGORITHM

In the fliter structura shown |In Flg. 3, P(Z) and Q(Z) are reallsed by
cascades of non-recursive second order f{ilter sections. Thia fliter hes an
cutput error signal y{n) end two error signals pn) and q)in), 1«1,2,..N/2
at the output of each sectlon. The output y(n} may lbe expressed  as:
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y(n} = [Ip ny2(nd + apyointif2 {17
where p(n} and gi{n) sre calculsted recursively as:
pin) = py_y{n) + ¢ py_y(n-1) + p;_4{n-2) {18)
qi{n} = qu_yn) + d; qi_({n-1} + q;_;(n-2} {19}
and
polnl = xin) - x(n-1)
qofn) = x(n) + x(n-1)

Now, the alm 1is to adjust the multipller coefficients (c|, d|,
1=1,2,....N/2}) of the filter in Fig. 3 so that the mlnimum mean square value
of y{n) Is reached. This minimisatlon process mey be achieved by means of 8
sequence ©of local minimisatlon algorithms, one for each section. The LMS
aigorithm [4f s proposed to update the [liter coefficlents sao thac the
output at each stage Is minlmised. That Is, en iterated ,change In_the
coelficients in the dlrectlon of the negative gradlent of p;°{n) and q,zln).
1=1,2,...N/2 |s performed until the minimum meesn square value of y{n} is
achieved.

For convenlence of presentation, a sectlom of LSP fliter in Flg. 3 s
shown in Fig, 4. Applying the LMS algorithm to this [liter sectlon, then c;
and d, multipliers can be updated es;

Py (s-i
o
i
» in}
-1 , RO
o\ 59,
.08
) — —
M 1
.l
-1
X "
l‘_,‘(l 1}

Fig. 4, A Sectlon ol LSP Fllter With
LMS Updating Algorithm,
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cyin+1) = ¢y} - pwap i)/ dciln) (20)
and
ditn+1} = dy(n) - p2q,2(n)/ 2d;in) 21

where u ls & step slze controls stabllity end rate of convergence of LMS
algorithm. Applying Egs. (18) and (19) into Eqs. (20} and (21} ylelds,

}plz(nl/)cl(n} = 2 py(n} pyyin-1}
and
2q2m)/2dn) = 2 qn) q,_jin-1)

Therefore, the stage-by-stage LMS updaeting algorithm for the adaptive LSP
digital [liter becomes

cy(n+1} = cyn) - 2 p pyin} p)_j(n-1) (22}

and
di{n+1} = d((n) - 2)1 qy(n) q,. (-1} (23)

To maintain minlmem phase condition, It must be ensured that the condition
~2< dj< ¢« dae Cocc dyyoc Cysp< 2 {24}

is aatisfled at all times. Thls conditlon {8 equivalent to Eq, (168} stated
previously. If the LMS algorithm in Eqs. (22} and {(23) 1{s applied to the
adaptive LSP T[liter shown. In Fig. 3, to minlmise the mean square value of
y(n) for a section of speech applled at the Input, the LSP coefficlents 9]. W
for i=1,2,,..N/2 may be obtained by means of an inverse cosine look-up table,

EXPERIMENTAL RESULTS:

A series of experlments was carried out by stmulation on an IBM Pc
computer to investigate the convergence behaviour of adaptive lactice (3},
adaptive LSP end-polnt Introduced In [14], and adaptive LSP Introduced in
this paper (stage-by-stage updatingl. A speech-llke signal weas generated by
exciting a flxed all-pole recursive .[ilter with Gaussian nolse of zero mean
and unit varlance. The poles of the recursive Tfilter were chosen at
0.9 EXP(x]"/4) and 0.8 EXP(X] M/2). The output [from the [ixed [llter was
passed through the three adaptlve [llters mentloned above with Initial
coelliclent values set to zero. The adaptive [ilters were allowed to update
their coelflclents on a sampie-by-sample  basis for a period of 100 samples.
This experlment was repeated 70 times, and an ensemble average learning curve
s calculated from the 70 individual learning curves. Figures 5, 6, and 7
show the learning curves for adaptlve lattice, adaptive LSP [14), and
adaptive LSP stage-by-stage for the same wvalue of step slze y In each
figure, Itis shown also the optimum mean-square-error, measured as ensemble
aversge for the veriance of the Gaussian nolse. It can be seen that the
convergence time for both lattice and LSP end-polnt is almost the same (73
iterations), whereas the convergence time for LSP stage-by-stage Is only 35
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{teratlons. In other words, the algorithm Introduced here 1a more than two
times fester than the other Lwo,

Lattice End - Poinl LSP End - Point
bli] 20
1] ] 13 ]
16 18
" _] 14
12 _ M o1 MU = 00M
10 _| MSAD = 72% '
S
E
1 10 "nan I7 4l HH ?31‘2 i 1III 1 10 1k 1! v 4l 5! (H 73 l2 k]| IIII
Nurnber of llerations Number of llerations
Flg. 5, Leerming Curve lor Flg. 6, Learnlng Curve for
Adaptlve Lattlce [1]. Adaptive LSP |14].
® -LSP Stage~ by - Stage
18 _
19 _
M
E

|1n n zs:v u & u nn 9 m
Number of lterations

Fig. 7, Learning Curve for Adaptive
LSP Introduced In thls Paper.
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Maoreover, the mlsadjustment deflned as:

Mean Square Error {MSE) - Optimum MSE
MSAD = %
Optimum MSE

Is found to aqual 72% for lattlce, 94% for LSP end-point, and 58.9% for LSP
stage-hy-stage. For convenlence of comparison, Fig. 8, shows a smoothed
version of the learning curves In Flgs. 5, 6, and 7 rogether.

20

LS END-POINT

LATTICE END=POINT

B

MEAN SAWRE ERROR (MSE)
oo

ocn

1 b v 3 ¥ % % ®& 75 = 49 Ib
NPBER OF (TERATIOM

Fig. 8, Comparison of Learning Curves for Three
Adeptive Fliters.

In the following pert, two sets ol experiments were conducted to study
the effect of quantlaatlon noise on the performance of the adaptive LSP
stage-by-stage [llter introduced “in this paper. The speech-like signal output
from the fixed all-pole [ilter mentloned before was passed through the
adaptive filter with Initlal coefficient values set to zero. In the [irst set
of these experiments, the T[ilter was allowed to update its coefficients
{cidy, 1=1,2,...,N/2} for a perlod of 100 semples. For each sample, the
coefljlclenl:s were updated, quantlsed, and passed to the adaptive fliter to
estimate the error signal required for the next update. Agein, each
experlment was repeated 70 times, and ensemble average learning curvas were
obtained for 12 blts and 10 bits  word-length. In the second ser of
experiments, the LSP coefliclents {ﬂ,lﬁ, 1=1,2,...,N/2} were calculated for
each sample by Inverse cosine of the updated coefficients (cd),
I=1,2,...,N/2}). The coslne of a quentised version of the LSP coefficients
(8w i=1,2,..,N/2} was then obtained and passed to the adaptive filter to
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estimate the error slgnal required [for the next update, Ensemble average
learning curves for 12 bits end [0 bits word-length were obtained from 70
Indlvidual learning curves ms mentioned previously.

Figs. 9 and 11 show the learnlng curves obtained when the coelficients
{c,dj, 1=1,2,...,,N/2] were quantised and Figs. 10 and 12 show the

corre.spondlng curves when the LSP coefflclents {8 S 121,24 N2} were
quantised. Comparlng these [ligures with Fig. 7, it can be seen that *ae
convergence rate ls almost unchanged. However, a small iIncremse In the

misadjustment Is noticed In all cases. The Incresse [n misadjustment obtaine!
when the coefficlents {c;,d i=1,2,...,N/2} were quantlsed is marginally
higher than that obteined when the LSP coefficlents (8,4, I=1,2,..,N/2}
were quantised. Note that there are rounding-off errors in the calculation of
coslne and Inverse cosine procedure. However, quantisation of (Bl Vl'
1=1,2,...,,N/2} provides better performance than quantisation of {c;,d;
i=1,2,...,N/2}. This confirms the theory stating that the LSP coefnclents
are less sensitlve to quantisatlon errors than any other time-domain
coefliclents.

LSP Stage- by - Stage z LSP Stage- by - Slage

10 i
18 1]
18 18
MM 14
" Coafficiants Qoanlisad by 12 B M 1 LSP Coefficierts Cumieed by 12 bila
10 - - 10
S W = 0.0M S : MU = 0004
E g0
4 MSAD = 5011 %
1
i ; A : 0 T TR TR .
1101!“3)4!55“738‘2!1100 1Iﬂ1l13”4'“ﬂnn!llw
Nurnber of lterations Number of lterations
Fig. 9, Learning Curve when Flg. 10, Learning Curve when B"and V"
c*® and d'* are Quantised ere Quantised with 12 Bits.

with 12 Blts.
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LSP Stage - by - Stage " LSP Stage - by - Stage
1 _]
Coeficients Quanized by 10 Bl "
14
M "y || L8P Coaticants Quansed by 10 61
10—
S |l M=oom
E :“ MSAD = 59.2% %
1
1]
RN 8NN B9
Number of llerations Number of llerations
Fig.11, Learning Curve when¢'’and d” Fig.12, Learning Curve when 8 and w"
are Quantlsed with [0 Blta, are Quantised with 10Bits

CONCLUSIONS:

In this paper, a new method of updating the line spectral palr
adaptive [liter I3 presented. The method |s based on sample-by-sample
updating far the coefflclents of the LSP filter, The residual signal at the
output of each stage Is used Instead of the end-point residual used
previously by other researchers, The new method has been demonstrated as
being superior to other methods In a serles of experiments.

Under [linlte word-length, condition, the algorithm Is found to be
stable and the convergence rdte Is not sensitlve to quantisation error.
However, a slight Increase In the misadjustment is noticed. The Increase In
misadjustment due to quantisation of the LSP coefficlents §s less than that
due to quantlsatlon of the fllter coelficienta.

Applications of the aigorithm Introduced here in llnear prediction of
speech Is now In progress and will be published lactter.
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