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Exact Least Squares Algorithm for Signal Matched
Multirate Whitening Filter Bank:Part |

Binish Fatimah and S. D. Joshi

Abstract—In this paper, we define a concept of signal matched reconstruction condition approximately. Also the initialues,
multirate whitening filter bank which provides an optimum  of the parameters, affect the performance of the algorithm.
coding gain. This is achieved by whitening the outputs, of th Tsatsanis et. al. [3] designed a P-band orthogonal perect r
analysis filter bank, within as well as across the channels,yb . . ..
solving a constrained prediction problem. We also present $ast construction filter ba_nk such that it mMiNIMIZes the mean sgjua
time and order recursive least squares algorithm to obtain he €rror between the original signal and its low resolutiorsiar.
vector output of the proposed analysis filter bank. The recusive And thus decomposes the input signal into its uncorrelated
algorithm, developed here, gives rise to a lattice-like strcture.  |ow-resolution principal components with decreasing aace.
Since the proposed signal matched analysis filter bank coeffents However, [3] does not propose any FIR implementation and

are not available directly, an order recursive algorithm is also ; . . . .
presented for estimating these from the lattice parameters also the estimation of filter bank parameters is not disalsse

Simulation results are presented to validate the theory. ltis also Recently Weng and Vaidyanathan [5] proposed biorthogonal
observed that the proposed algorithm can be used to whiten GTD (generalized triangular decomposition) filter banks fo

Gaussian/non-Gaussian processes with minimum as well asmo  optimizing coding gain. The proposed filter bank is a cascade

minimum phase. of an optimally orthonormal GTD SBC (Sub Band Coder)

Index Terms—Least squares, signal matched multirate filter precoded with a set of filters depending on the input signal
bank, lattice algorithm. spectra. However they have restricted the filter bank with th
condition of perfect reconstruction for every signal. Udsin

|. INTRODUCTION the concept of Principal Component filter bank, Jhawar et

Whitening, a given sequence of random variables, is tia¢ [10] proposed an FIR PU (Para Unitary) filter bank of
most fundamental issue of concern in the compression psocdixed length filters, for a uniformly decimated sub-band apde
The whitening process is intrinsically linked to the unglemy maximizing the coding gain. However the results and the
model of the process. A number of approaches exist, in tHesign presented were only for a fixed length filter bank and
literature, for whitening signals having different mod§lg. also the complexity of the algorithm increases many fold as
Whereas, the standard models such as Gaussian/non-Gaugb filter order increases.

AR, MA, ARMA etc have been extensively investigated in In this paper, we define a concept of signal matched whiten-
the literature, similar investigation, in the context of dets ing filter bank (SMWFB) which ensures de-correlation in time
based on multirate filter bank, still happens to be an area well as across various channels and provides an optimum
of current research activity. A number of researchers hageding gain. It would be pertinent to mention here that a
proposed different ways for the design of multirate filteslightly different definition is proposed in [2], which howey
bank, addressing fundamentally the same issue of whitenithges not guarantee de-correlation across channels. Tanobta
a sequence. These filter banks are adapted to a given ininét required de-correlation both in time and across bands,
signal or to its statistics. This concept has been investijawe solve a constrained prediction problem. The constrained
by many authors [2]-[7]. In the applications involving gaitt prediction problem is first proposed in a general context,
recognition, signal modeling, compression, sub-band pden the form of a lemma, and is then used to define the
etc, they offer better results [2], [5], [8], [9]. required SMWFB, such that its outputs are constrained to be

Delsarte et. al. [7] designed a multiresolution transfornerthogonal in time and across channels. We define a Hilbert
adapted to a given stationary signal, such that the variahcespace framework to develop the geometrical counterpart of
detall signals is minimized at each resolution level. The p&MWEFB, for the given data case. Using the projection operato
rameters were optimized using a non-linear “ring algorithmupdate relations, given in [1] and [11], we develop a time as
which ensured their convergence only at a local minimumell as order recursive least squares algorithm for thegseg
A signal adapted M-channel biorthogonal filter bank of finit&MWFB. Recursions of the algorithm give rise to a lattice-
length is proposed by Lu et. al. in [4], such that it mintadder like structure. Although the algorithm developedehe
imizes a coding gain related objective function, subject ie for wide sense stationary and cyclo-stationary procgstse
perfect reconstruction condition. The non-linear consed extension to the process with slowly time varying statsstic
optimization problem was converted to a line search probles also straight forward. This can be achieved by simple
by parameterizing a first-order approximation of the PR coexponential windowing technique conventionally used ia th
straint. However, the proposed algorithm only satisfiedgoér development of fast least squares lattice algorithms [1].

_ _ o The least squares multirate whitening filter bank, disadisse
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algorithm, for the computation of the filter bank coefficent From the definition ok, we can write:

in the least squares sense, by making use of pseudo-inverse n

update relation given in [12]. e=x-y byv; 3)
This paper is organized as follows: In section Il, we propose i=1

a lemma for a constrained projection problem. Using this Sincee belongs to the orthogonal complement spacélof

lemma we define the concept of signal matched multiragom condition 1), we have:

whitening filter bank, such that it gives optimum coding gain

in section Ill. In section IV, a Hilbert space framework is .

developed for the proposed problem which provides the given e=e|W (4)

data interpretation of the Signal Matched Whitening Filtetrom (3) and (4) we get:

Bank, defined in the previous section. With the “given data "

case” interpretation at our disposal we develop the reduire e=x|Wt- zbi(vi | W) (5)

least squares algorithm, using projection update formulas i=1

Further, we present a least squares algorithm to obtaiysisal e projections in (5) can be written as:

filter bank coefficients in section V. Simulation results are

presented in section VI, for Gaussian as well as non-Gaussia x| Wt=x- Zp: LW

input signals. Conclusions are presented in section VII. k=1

A. Notations Used

We denote random variables by italic letters, vectors of
random variable by italic bold letters and matrices of randogypstituting the above values in (5) we get:
variables with italic capital letters. Given data vectore a
represented using bold letters and corresponding matbiges
capital letters. A vectar projected on the space= Span{v; |
1<i<n}is denoted by | S and the orthogonal complement
space of S is denoted by*. RM denotes the real vector
space of dimension M| z || denotes the norm of x and it is
the positive square-root of the inner-product of x with litse
wherex belongs to a Hilbert space.

P
vi | Wh=v,; - Z Ci kWE
k=1

n

€= (x— Zp:aka)—Zbi(Vi_ ici,kwk) (6)
=1 i=1 k=1

| |
Discussion:

1) In (6), since b;’s are to be chosen such that
| e |*> is minimized, ¢ is essentially the error
in projecting (x - X akwk) on the space

Spar{(vi - W |1<i< n)} .

II. CONSTRAINED PROJECTION PROBLEM

In this section, we first propose a lemma and observe that
it implicitly defines a constrained projection problem, in a
Hilbert space setting. This concept is then used, in the next2) If we specialize the result of lemma 1 to the Hilbert
section, to define the concept of signal matched whitening space of random variables, with finite mean square

filter bank, which leads to optimum coding gain.

Lemma 1:Let H be a Hilbert space oveR or C and let
W be any finite dimensional, hence closed, sub-spack:of

W = Span{ Wi Ws w, } where,w; € H, Vi.

and

V =Span{ vi vz vn }, Whereyv; e H for0<i<n.

Lete=x-Y7, b;v;, foranyz € H, wheree is constrained
to satisfy the following properties:

1. Itis confined to the orthogonal complement spac&/of
or equivalentlye is orthogonal to the spadéd’, and

2. b;'s are chosen such thdte ||%, i.e. square of the length

of ¢, is minimized, satisfying constraint 1.
Then the errorg, admits the following representation:

e=x|W*=>"b(v; | W) 1)
=1
or equivalently:

p

D n
e=|x-> apwi |- D bi|vi- D cipwy 2
=1 i-1 =1

Proof:

value, the projection in the Gaussian context is
equivalent to linear combination of random variables,
else it would be conditional mean. Therefore, the
constrained projection problem in case Iof Gaussian
random variables can be represented by (2).

The lemma 1 discusses the projection problem of (3),
where the error is constrained to lie in a subspace (here
it is orthogonal complement space W), we call this
problem as “constrained projection problem”. It can be
very easily seen that if W is a subspace of V, then the
constrained projection problem reduces to the normal
unconstrained projection problem.

Now, in the following section, we make use of this lemma to
define the concept of signal matched whitening filter bank.

IIl. SIGNAL MATCHED WHITENING FILTER BANK

In this section we provide a definition of the concept of
signal matched multirate whitening filter bank, along witle t
associated geometric interpretation.



A. Preliminaries
(N-1)
Vi(n) =x(Mn-i)+ > hj(p)x(Mn - p) (10)
p=M
We attach geometric significance to this expression by
regarding each one of them, < i < M - 1, as prediction
error, therefore we can write the above equation as:

\—-—.—.—-HM,l(Z) M V(0 tM | F,.@ | X(n=ny) (N-1)
. . ' e (Mn—-i)=x(Mn-i)+ Z h; (p)x(Mn - p) (11)
p=M

Analysis Filter Bank Synthesis Filter Bank

Clearly the channel outputs, so defined, represent differen
Fig. 1: M-channel multirate filter bank step ahead predictors starting from 1-step(when i=0) to M-
step (when i=M-1), as shown in fig.4.

The analysis filtersfl;(z) = Y1 hi(k)z ™% for 0 <i < M -
1, shown in Fig.1, can be written in the form of M components

estimation

as:
N/I\{—l M 1 N/M—l M x(Mn—M —N +1) x({Mn—M) x(Mn)
Hi(Z) = (Zp:O hi(pM)z p) + 2z (szo hi(pM + 1)Z p) -—Past Samples— Present Sample
Feee 4 Z_M+1 (ZII:I:/(I)VI_l hi(pM +M - 1)Z_MP) (7) (a) M-step ahead predictor
where these M-components (written in braces), correspond- M M) x(Mn—M) x(Mn—1)
[ he i-th filter, are called Type-I polyphase composent - Past Samples—
Ing to the | ! ! yp polyp p (b) (M-1)-step ahead predictor
and are denoted as follows: .

N/M-1 -

Hile) £ 35 ha(pM + 17 @ e
p=0

From the multirate filter bank theory [13], using the o Wi ot
polyphase decomposition and noble identities, the armlysi
filter bank can be easily re-structured to the form of single

-—Past Samples—

(c) 1-step ahead predictor

input multi output system shown in Fig. 2. Fig. 3: M-forward linear predictors

v o) As stated in the introduction, our objective is to achieve

_° optimized coding gain, thus we wang;(Mn - i), for

L v(n) 0<i< M -1, to satisfy the following conditions:
H(z)

1) e;,(Mn - i) should be orthogonal to space

S; =Spafz(Mn -j) | i+1 < j < M -1}, for
— Vu-ln) 0 < i < M -1, to ensure orthogonalization across

channels.
Fig. 2: Polyphase decomposition of analysis filter bank
2) h;'s are chosen such thite;(Mn - i) ||? is minimized,

From fig.1, the output of i-th analysis filter can easily be ~ Satisfying constraint 1, to ensure orthogonalization in

observed as: time.
N-1
Vv;(n) = > hi(p)x(Mn - p) 9) From the above discussion and lemma 1, equation(11) for
p=0 0 <i < M-1 can be interpreted as a single input multi

With these pre-requisite at our disposal, we are now in Gytput system with outputs orthogonal in time as well assgro

position to discuss the concept of signal matched whitenif@nds, which is the requirement for maximized coding gain.
filer bank and its geometrical significance. If however, condition 1 is not satisfied, the channels wilidna

some common information and thus optimized coding gain

can not be obtained. Now, with all the requisite background,
B. Geometric interpretation of Signal Matched Multiratave are in a position to state the definition of SMWFB.
Whitening Filter Bank

Lets consider (9) in more detail. If we substititgp) =0 C- Definition
for0<p<M-1,p=+iandh;(i) = 1, (9) reduces to the A single input multi output analysis filter bank, given
following form: in Fig.2, is termed as signal matched whitening filter bank



(SMWEFB) if the outputse;,(Mn -1i), 0<i< M -1, given in

(11), satisfy the condition 1 and 2, stated above. the matrices H(p) are given as follows:
The conditions on (11) have precisely the same form as
mentioned in lemma 1, therefoep(Mn —14) can be regarded ho (pM) ho(pM+1) ... ho(pM+M-1)
as constrained projection error and would admit the folfmwi ¢ (;,)— bi(pM) — ha(pM+1) o i (pM+M-1)
form: : : :
hM_l(pM) hM_l(pM+ 1) hM_l(pM+Mf 1)

1<p<N/M-1

k=i+1 . . .
Here, 'A' is an upper triangular matrix, whose elements,

a;(j)’s, are chosen in a way to orthogonalig@\/n). Equa-
tion (15) implicitly leads to a structure for SMWFB, as a dang

(12)  input multi output system, shown in Fig. 4, where A is a pre-
filtering block.

N-1 M-1
+ Z;Ahi(P)(X(MH -p)+ Y. fip(j—i—1)x(Mn-j)

j=i+1

e(Mn-1i)= (X(an) + Mizl gi(ki)x(Mnk))

or equivalently the above equation can be represented as:

x(n) — e,(Mn)
e(Mn-1)= (X(Mni) -X(Mn -1) | Si)
— — e,(Mn—1)
N-1 H(Z)
+poar Ni(P)| X(Mn = p) = x(Mn - p) | Si (13) |
. . . . . . 7 — ey 1(Mn—M+1)
Equation (13) provides a precise geometrical interpretati

of SMWFB as a constrained prediction problem. Equations
(12) and (13) give the mathematical expression for SMWFB,
and play a pivotal role in the understanding and the develop-
ment of the required least squares algorithm.

Fig. 4: Modified signal matched analysis filter bank

With the definition of SMWFB, provided above, we now
focus on formulating the problem of least squares filtering

D. Observations ; X X )
algorithm. In the following section we present a Hilbert &pa

In this section we discuss some observations about figework, for the given data case, and use it to present a
SMWFB. These observations, however, are not used in tB?ecise problem statement

development of the required least squares algorithm, lay th

help in understanding the re-structuring of filter bank, as

shown in Fig.4 in the context of SMWFB. ) o
Equation (12) can be re-structured to obtain the following): Notations and Preliminaries

IV. DEVELOPMENT OF THEALGORITHM

equation: At this juncture we would like to emphasize that the
N-1 lemma, presented in section Il, along with its application
e(Mn—i)=x(Mn-1i)+ z h; (p)x(Mn - p) + in the present context in the form of (12) and (13), plays a
p=M central role in the development of the proposed algorithm.
M1 The theme of this section, essentially, is to interpret @)
Z 2i(j = 1-1)x(Mn - j) (14) (13) geometrically for the given data case. For this purpose
Jeid we now present the Hilbert space setting which would lead
where,a;(k) = gx(k-i-1) + Zggl\l,[ hi(p)fi(j-i-1). to the geometric counterpart of (12) (or equivalently (13))
For0<i< M -1, (14) can be written, in a vector form, as
follows: 1) Notations: We call a signalv(n) to be in a pre-

windowed form ifv(n) = 0 for n < 0. For a given discrete time
signal/sequence;(n), the data vector at time ‘n’, is defined
(Mn) = Ax(Mn) N/Mle( (M ( ) (15) aslx L (L is a fixed number) vector
e = AX —| - X _
" " z P e vin)=[ 0 - 0 v(0) v(1) - v(n) ]

p=1
where,M x1 input vectorx(Mn) and output vectoe(Mn),  with L > n. Note that we have inserted enough number

at time Mn, are given respectively, as: of zeros (the condition on L i.eL >> n ensures that the
dimension, of this vector, does not change with time). This
x(Mn) =[ x(Mn) x(Mn-1) ... x(Mn-M +1) ]T is basically a collection of all present and past values(af),

upto time n, in its natural chronological order.
The corresponding x L vector, for the i-th delayed and M-
down-sampled version of the signdln) denoted as' (M n—i)
e(Mn) = [eo(Mn) e (Mn-1) ... exy(Mn-M+1)]" e RL, is given as follows:



v(Mn —i) e (Mn —i) =x(Mn - i)P* [X3"75 "] + hy [XN T

=[0 - 0 v(M-i) v(2M-i) - v(Mn-i) |16) P XM (20)

and the set of p vectofs;(Mn -k)[i<k <i+p-1}, forms This lead to the orthogonalization across channels, as
a p x L matrix, denoted a¥ )", and is given as follows: proved in corollary 1, given in appendix, for given data
case.
v(Mn —i) 2) h;'s are chosen such thiite;(Mn —i) ||? is minimized,
Mn—i _ v(Mn-i1-1) L. )
vpinti= : 17 satisfying constraint 1.

v(Mn-i-p+1) It is then obvious that (19), under these conditions become

cisely the constrained prediction problem stated imniem
ith the above two conditions and equation(ZJMn—i)
can easily be written as:

) r

Here the superscript denotes the top row vector used e%

the subscript “p” denotes number of rows. '

The projection operator is denoted [y and P+ denotes

(I-P), the projection operator corresponding to the orthogo- ) ) . .
nal complement space. e’ (Mn - i) = x(Mn - )P* [ X35 [ P [XI&A "

7 is the pining vector defined ds0 - 0 1 JeR”. P x5, (21)

where0 <i < M - 1.
Equation (21) is precisely the geometric counterpart o§,(12
r the given data case, which will now be used to develop

2) Geometrical framework for the given data cadésing
(11) and (12), which defines the notion of signal match

multirate whitening filter bank and the notations define e required least squares algorithm. The eregfd/n —i)'s,

above, we now present the geometric se_ttmg req_wred for § obtained would be orthogonal across time as well as across
development of fast least squares algorithm. Using (11), WErious channels

write all the outputs for time upto Mn, in matrix form as

follows:
B. Problem Statement
[0 = 0 e(2M-i) - e(Mn-i) |= With (21) at our disposal, the problem statement of least
[0 « 0 z@2M-i) - z(Mn-i) | squares whitening filter bank can be stated as follows: “Gae
+[ hi(M) hi(M+1) - hi(M+N-1) ] set of pre-windowed data samplés(k),0 <k < Mn} at time
0 - 0 x(M) x(Mn - M) Mn, of a zero mean, wide sense stationary process, obtain a
0 - 0 zM-1) - 2(Mn-M-1) single input multi output system, as given in (21), whichemk

present data. i.ex(Mn) as input and produces M-whitened
(18) outputs orthogonal in time as well as across bands, using a

. ) ) , , time and order recursive exact least squares algorithm.”
Using the notations, defined in the above section, the above

equation can be written, in vector form, as follows:
e (Mn—i)=x(Mn—-1i)+hXy"™ (19)

0 - 0 z(M-N+1) - a(Mn-M-N+1)

C. Development of the Algorithm

We now have the required geometrical framework for the
given data case problem, to develop the least squares al-

Since we are interested in developing an order recursiygrithm. Here, our main objective is to obtain the outputs,
algorithm, we have introduced one additional notation, fen tei(Mn —i)'s, at the present instant, hence we post-multiply

L.H.S. of the above equation, i.e., a super-script N, iR poth sides of (21) with transpose of pinning vector,and
the orde_r, ie. the_ number_of past samples used for predictiggq replace fixed order N by a variable p:

Equation (19) is the “ given data case” counterpart of (11)
and hence can now be used to define “given data case” versig
of SMWFB, discussed in section Ill. We, again, observe th&t
optimized coding gain would be achieved only if the diffeéren
channel outputs i.e;(Mn —1i), are orthogonal within as well
as across channels. In this context we can state the camglitio The Comp|ete set of recursionsi to Compute time and order
as follows: updates ofel (Mn - i)’s, can be easily obtained by proper

1) e;(Mn—1), is confined in the orthogonal space spanneslibstitutions in the inner product update formula [1]. For a

by the rows of matrixX}";'=1, i.e. S; = Span{x(Mn~- quick reference the inner-product update relation is given
i-1),x(Mn-i-2),...x(Mn-M +1)}. It can be appendix as (equation (38)). All the auxiliary quantitieisiag
easily seen thab; is the given data case equivalent ofn the algorithm are first defined in table | and their corrielat

Si, mentioned in section Ill. Thus projecting (19) orare defined in table Il. The substitutions required to obtain
the orthogonal complement &f, using (37) as given in the recursions are given in table Ill. In order to give an idea
appendix, we get: about how the entire algorithm is developed, we provide some

(Mn - 1) = x(Mn - i)P* psvinnl b e s bevinnl 1P
(22)



sample computations and then present the algorithm in tablgpendix (refer equation (39)). As an example let us suipstit

IV. the following values in (39)

The auxiliary quantities are defined by substituting the v = x(Mn - M - p - D)P*[X3"77'], x = x(Mn - i -
entries of table | in the following equation: DP XM ] Vi = X3 MPH X0 andw =7 we get:

=yPY]wT 23 :
e=yP [Y]w (23) rP(Mn - M) =x(Mn - M- p—1)P* [XM"]

where e is the error vector involved in pro!ectlng ontp pt [XII\)/InfMPJ_ [XME:Il]]ﬂ_T
the space spanned by the rows of the malfixsee (37) in b N
appendix. = fif1(Mn -M)-AY,, .., (Mn-M)

Example: By substituting the entries of fifth row of table I, R (n).e,, (Mn - 1) (28)

in (23), we obtain the definition of backward prediction erro

_ . Similarly, all the order and time updates are computed gusin
of i-th channel, given as follows: y b P !

substitution values from table Ill, and brought togethegite
the LS algorithm, given in table IV. The recursions of the

r?(Mn—-M) =x(Mn—-M -p-1)P* [Xlﬁ?j{i_‘il] al_gorithm give rise to a lattice-ladder structure as shown i
pt [Xlgln—MPL [XMEISIH AT (24) Fig.5.
Example: Substitute the entries of second row of table | in
(23), to obtain: D. Complexity
The number of arithmetic operations required at every
~i(n)=x(n-i-q-1)P* [Xg’l]wT (25) time step to compute the outputs of the above algorithm

are: (7+6M)N+7M additions and (14+12M)N+14M multipli-
The order update relations, for prediction error and aaili cations, where N is the order of the filters and M is the number
guantities, are calculated by substituting the entriesiftable of channels.
[Il in the inner product update formula [1], (except for the
order updates aff (Mn—-M) andé? (Mn-M),0<i< M-1,
which is discussed latter). V. LEAST SQUARES ESTIMATION OF ANALYSIS FILTER
Example : Substitute the values from second row of table BANK
[, in the inner product update formula (38) to compute the
order update foe! (Mn - i):
we get:

In the previous section, least squares algorithm for signal
matched whitening filter bank is discussed. Since the dlyori
gives rise to a lattice-like structure, and not a direct fam
filter bank, the filter bank coefficients are not directly dadlie.
e?+1(Mn_i) =eP(Mn - i) - Agi,r;(Mn_i) We 1’hrf1_o_w pre_sentr? Ileast Z%arfes algorithm to compl_Jte these
-1 p coefficients, i.e. ther.s and h’s for 0 <7 < M -1 as given
Ry (M= M).rf(Mn=M) - (26) (14), using the lattice parameters. The requihéd arge the
We illustrate the time update computations in this algamith least squares estimates of the parameters, and can beeabtain

with the following example: using (36) as given in appendix, as:
Example 4: Substitute the entries of third row of table Il
in (39): we get: hP = —x(Mn - )P* [X3"7] [Pl [XMnri1] [Xi\)/ln—M]T:I

I:XI])VI'nﬁ]MPJ_ [Xﬁfiijl] [Xi\)&nfl\a]T]"l

R (kM = M) = R} (k= 1)M = M) + 1% (kM - M),

— hP here
(kM — M)r? (kM - M) (27 i . . .
P ( )7‘1 ( ) (27) P [Xﬁrjljl] [Xgln—M]T [Xi\]/[nfMPJ_ [XM‘EIT] [Xg/ln—M]T]—l is
Discussion: the generalized inverse ofy™™P* [X)"1'7'].
Since, the order update af/(Mn — M) and 6?(Mn - It can be observed that in order to calculate the order

M), 0<i< M -1 are not computed using the inner-produdipdate recursions for filter bank parameters, we need arteipda
update formula rather using a update relation, proposetilij [ relation for the generalized inverse. In [12] an updatetita

for quick reference it is given in appendix as equation(39pr a similar space has been proposed, for a quick reference
To illustrate this further, we present a few examples: Timieis given in appendix, as equation(40). Now, all the reedir
and order update off, ,(Mn - M), are computed using arecursions can be obtained with proper substitutions is thi
joint process estimator. From (24), for the specific case gpdate relation. And the various auxiliary quantities iags
i=M-1, and (25) it can easily be noted tha}, ,(Mn - M) in the recursions are defined in table 1. As we proceeded in
is vp(n) down sampled with M and delayed by 1. Updatesection IV, to illustrate how the algorithm is developedngo

of backward residual error for rest of multirate filter bank a recursions are discussed and then we present the algorithm i
calculated using the updatesi§f | (Mn-M) and a corollary table VI.

proposed in [12], for reference this update relation is give Example 1: Definition of auxiliary quantities:



TABLE I: Definition of the auxiliary quantities and
parameters, fof <i < M - 1.

e v U w (C]
forO0<g<M-1-1
al =
) qa
€?(Mn —4) x(Mn ) X Mn-ict m [ai ab ... &) ]
bl =
. a
yH(Mn—-i-1) x(Mn-i-g-1) Xéwn_l ! ™ [ by bg by, ]
S (Mn-i-1) ™ Xyt fr
x(Mn —14) XM i hy=
ei? (Mn —i eie ; P XI5 toh :
( ) pt [Xﬁ_l—il] p* [XMTI:]] P ] [ hi hy o hy ]
x(Mn—-M-p-1) X Mn-M gp=
N o ] p 1 Mn-i-1 i 7 K
(M -0 PN e ] b [ o o 5]
XIWn—IW
i Mn—i— P Mn—i-
8, (Mn ~ M) P XM L[ Mn-i-1 P (X2 ] —
p [XM—I—i ]
c -
e (n) x () b ™ [
P C1 Cc2 e Cp ]
r’ (n-1) x(n-p-1) x(n=1) ™ fe=
P [ di da ... dp ]

TABLE II: Autocorrelation and cross-correlation coeffiote

v w vwT

el(Mn - 1) el(Mn - 1) R (Mn —1i)
Yl(Mn-i-1) ~¥(Mn-i-1) Rj'(Mn-i-1)
el(Mn -1i) Y (Mn-i-1) A . (Mn-1)
Yi(Mn-i-1) €l(Mn-1i) Al e, (Mn-i-1)
el (Mn -1) el (Mn -1i) Ry (Mn - 1)
r?(Mn - M) r?(Mn - M) Ry (Mn - M)
el (Mn —1) r?(Mn - M) AL, - (Mn-1)
r?(Mn - M) e (Mn - i) AP, o, (Mn— M)
eP(n) eP(n) Ry (n)

rP(n-1) rP(n-1) Rp(n-1)

o (n) rP(n - 1) A, (n)

(0 - 1) o (n) AZ.(n-1)

Substituting the entries of fifth row in (36) we get the least/ - p - 1)P* [X})"1'7' ] and x = X7l .
squares estimate @, which is given as: We get:
g = —x(Mn - M- p - )P [XN% 5 ] [P XA ] [X?}“*M]T] hy™ (Mn i) = [b} (Mn -i) | 0] - AZ, (Mk - i)
, S R (Mk - M +1)a) " (Mn - i)
I:XII)VI’IL—]WPL [XMEI:l] [Xlg/ln—M] ] ‘ i
~A? (Mn~i).Ry" (Mn - M).[gh (Mn - M) |1]
(29)

Example 2: Update recursions:

To obtain the order update recursions k&t , substituting
entries of sixth row of table V in (40), i.e.: From the above expression we can observe the relationship
z = x(Mn —1i); Via1 = Xp VP [XN15] v = x(Mn - between the parameter vector of the filter bank and the dattic



TABLE IlII: Substitution table for least squares algorithm
Recursion y v N w . vP* [x] P* [V1;p+1 pt [x]] Update
No. e p+l wT relation
(1) x(n) Xg‘_l) T x(n-p-1) 0 Af (n-1) (38)
) x(n-p-1) Xg‘_l) T x(n) 0 AP (n-2) (38)
(3) x(n-p-1) Xg‘_l) T x(n-p-1) 0 R, (n-2) (38)
) x(n) x{=h ™ x (n) 0 R (n-1) (38)
(5) n X{h 0 7 x(n-p-1) Spi1(k—1) (38)
(6) x(n) Xé"fl) 0 T x(n-p-1) el (n) (38)
@) x(n-p-1) Xé"fl) 0 T x (n) P+l (n) (38)
8) x(Mn - i) [xMmmit] ﬁ x(Mn—-i-q-1) 0 A (Mn-1i) (38)
) x(Mn-i-q-1) [x}mit] ™ x(Mn - 1) 0 A (Mn-M+1) (38)
(10) x(Mn—-i-g-1) [x}mit] ™ x(Mn—i-g-1) 0 R} (Mn—M +1) (38)
x(Mn —1) X;)WTWM l[ Mot ] x(Mn -1) e
(11) - - Pt XM - 0 Ry (Mn - 1) (38)
pt [Xﬁ—lii ] p* [Xﬁ_lii ] Mo pt [Xﬁ—lii ] v
(13) x(Mn-i-q-1) [x )] 0 ﬁ x(Mn —1i) FyTL(ME - i) (38)
(14) x(Mn - i) [x}mit] 0 ™ x(Mn—-i-q-1) el (Mn - 1) (38)
x(Mn-M-p-1) XYM x(Mn-i-1) )
15 i ) i T 0 ro(Mn-M 39
a9 Pt [X%—i—l 1] P* X%f:’fl P [XQII—'L—2 1] ( ) @9
x(Mn-M-p-1) x)nM — x(Mn-M-p-1) ,
(16) i _ Pt [Xtrs! e1oi 0 R, (Mn— M) (38)
(3l b Svarteny IS 5 Pt J M- o Peviinl ?
x(Mn —1) X;W"_A 1[ Moot ] x(Mn -1) )
17) - . Pt [ XM o1 0 R.i(Mn - 1) (38)
p* [XII\VLl}i ] P! [Xlll//i—lii J M Pt [Xll\v/iflii ] !
x(Mn - i) x)mt e — x(Mn-M-p-1)
(18) no1-i neimi P Xyt n-1-i] 0 AL (Mn—i) (38)
PR e T P [R5 5
Lt i XYM x(Mn-i-1) ,
19 P [ Xyl T ) . ™ 0 8t (kM - M 39
(19) [(Xar 2] prxMn] P XM » ) (39)
x(Mn - i) x)nM v x(Mn-M-p-1) ”
(20) i e 0 Pt [ X Mrois noioil €ETH(Mn—d) (38)
S pevining P[0 ] M-1 o Pevinn
coefficients. 0 << M -1, using matrix inversion lemma, neédv? + N

Least squares estimate af s can be computed from (20), operations, as shown in [12].
as given below:

= — (x(Mn - i) + hY XMy [T

p
a;
-1
Mn-i-1 [, Mn-i-1\T
(X (s

A. Complexity

(30)

7N? multiplications are required, however to computefor

A. Coding gain

VI. SIMULATION

We now present simulation results to validate the proposed
algorithm. Since we have not come across any other work
dealing with adaptive algorithm in the context of signal
Recursive update relation fag’s is not calculated here, @dapted multirate filter banks, we compare our work with most

however by using matrix inversion lemma computational coriecent block processing algorithms in the context.
plexity is reduced.

In order to benchmark the results obtained here, we compare
coding gain obtained using the proposed algorithm withehos
In order to computéy; for 0 <i < M -1, 7N? additions and present in the literature. We will first state the coding gain

definition used, here, to obtain the results.




TABLE IV: The LS algorithm for the analysis side

Setall Asand RstoOatk =10

e’ (n) =1’ (k) = x(k)

€®(Mk —1) = v (Mk - i) = x(Mk — i)
ryp1 (k= 1) = 1o (kM — M)

Forp=1toN,i=0toM -1,k =0ton,where Nisorder of the filter , nislatesttimeand M is number of channel

AP (k)= AP (k-1)+eP(k).5, (k=1).rP(k-1) @
AP (k-1)= AP (k-2)+ 7P (k-1).8;"(k-1).e" (k) @)
Ry (k-1) = Rp(k-2) +77(k-1).0," (k-1).r*(k-1) 3)
RS (k) = RE(k - 1) + P (k).5, (k- 1).eP (k) (4)
Ops1(k=1) = 8p(k-1) = rP (k= 1).R;" (k- 1).rP(k - 1) (5)
eP* (k) = eP (k) - AP (k).R,"(k—-1)r?(k-1) (6)
PP (k) = 1P (k-1) - AP (k- 1)R;°(k).eP (k) @
for i=M-1 to O;

Al (Mk—i)=A2_ (M(k-1)-i)+e?(Mk - i).5;1 (Mk—i-1).49(Mk—-i-1) (8)
AL (M -i-1)=A% (M(k=1)=i-1)+y*(Mk-i-1).5, (Mk -i-1).&(Mk - i) )
RY(Mk-i-1)=R}(M(k-1)-i-1)+y9(Mk—-i-1).3,"(Mk—i-1).49(Mk-i-1) (10)
RS(ME —i) = RE(M (k- 1) —i) + €?(Mk -1).5, (Mk —i - 1). Ry (Mk - i) (1)
Sy (Mk—i-1) =3, (Mk-i-1)) - 4" (Mk-i-1).R](Mk-i-1).y*(Mk-i-1) (12)
eI (M —i) = " (Mk - i) - A?_(Mk—i). R, (Mk—i-1).49(Mk —i-1) (13)
YN (Mk i) =47 (Mk —i-1) = A? (Mk-i-1).R;*(Mk - i).e7(Mk - 1) (14)
e (Mk —i) = M7 (MK - 1)

fori< M -1

rP(kM = M) =r? (kM - M)=AP_ . (kM -M).R, "1 (kM).el_ (kM) (15)
Ry (kM — M) = Ry (kM - 2M) + P (kM - M).8," (kM - M)r? (kM — M) (16)
RS (kM) = RS (kM — M) +e? (kM).65" (kM - M).e? (kM) (17)
AP (kM) = AP (kM = M) + el (Mk).5,* (Mk - M).r? (Mk - M) (18)
62 (kM = M) = 8, (kM - M) —r? (kM - M).R,"” (Mk - M).r? (Mk - M) (19)
PN (Mk) = el (ME) - AP, (Mk).R," (kM).r? (Mk) (20)

TABLE V: Substitution table for parameter estimation

z Viin-1/Vamn x  vnfv1 Update Equation no|
x (k) Xkt 0 x(k-p-1) [€))
x(k-p-1) Xkt 0 x(k) (2) and (7)
x(kM - i) Xpmoitt 0 x(Mk-i-p-2) 3)
x(Mk—-i-p-2) Xpn=izt 0 x(Mk-1) 4)
x(kM-M -p-1) kM ki _
XMMpL XS] 0 x(ME-M -p-1)PH[XMMT] ()
x(Mk -1) . L B
XMEMpt[XMETET] 00 x(ME-M -p-1)PH[XMEMT] ()




TABLE VI: The LS algorithm for parameter estimation
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Initialize  co(k) = do(k) = a2 (k) = b2(k) = R (k) = ¢2(k) =0
cpr1(k) = [ep(k) | 0] - AL - (k).R," (k- 1) [dp(k) | 1] 1
dp+1 (k)= [0]dp(k-1)] - AT (k- 1)R;°(k).[1 | cp(k)] 2
ap+1(k) = [ap(k) | 0] - AL (MK -i).Ry” (Mk—-M +1).[bp(k) |1] 3
byi1 (k) =[0]b(k-1)]- A (Mk-M +1).R;(Mk—1).[1| ap(k)] 4
fore<M -1
gl (kM)=[0|gP(kM - M)] - AP . (kM - M).R,* (kM - M).[1|hP(k-1)] 5
WP (kM) = [WP (kM) | 0] - AL (MK —i).R;” (Mk - M +1).[a}M " 7] 6
AP (kM).R7 (kM - M). [g] (kM) | 1]
ghil (kM - M) = dpy1 (kM - M) 7
. . . -1
af = - (x(Mn =) + WYXY M) [T [ (]| 8
] c"(4n) e'(4n)  €(4n)  €(4n) et (Mn) e)'(Mn) e} (Mn)
x(n) la
z7! Ll ’—' 7—’ y \ N-1 N
/—[ & (an—1) ei(pin-1) e/ (Mn—1) e)'(Mn—1)
. M lan—1) L7 \2/ \Z/
z 1 N-1 \ N
c!(4n—2) e,(Mn—¥) e, (Mn-2) e,(Mn
. VA T 27 V X X
z 1a e)(4n—3)  ej(4n—: . e’ (an—3)  e}(4n—3)
N YAWA 5 X AN
2 Gna) r(an-a) rl(an—a) ry(an—a) 2 an—a) o (an—a)
e’(n) e'(n) . " '(n) e"(n)
r’(n) 71 r'(n) G N I ey | >< r(n)
=7 L ——

Fig. 5: Lattice-ladder structure for the proposed Analysis

filter bank

A generalized coding gain expression for sub-band codengan geometric mean inequality, which is:

was given by Katto et al. in [14] and later a simplified solatio

of the same was presented in [15] by Aase et al., which is as

follows:

2
Tq

where, o

2

Tq

Gspe = —
g,

€q

(31)

2 o, (T 2
og, 2 €277 H o
i=0

/M

(33)

In case of equality for the above relation, minimurﬁq is
obtained and this is possible when all the error variances ar
same. It will be proved using simulations, this condition is

guantized output variance, as discussed in [16], it can be . . )
Therefore, the coding gain can be written as:

written as:

! 2
Uei

1 M
R

2 _
O, =

(32)

where,o2. is the error variance of the unquantized i-th channel
output of the proposed analysis filter barbk,is the bit rate

of i-th channel and the average bit rate b. For maximu
coding gaincrgq should be minimum, using the arithmeti

Gspc =

is the input variance and; is the average gnnroximately obtained using the proposed algorithm.

02

(Hfif&l O_g‘)l/]w (34)

Experiment 1: Simulations are performed for a four channel

C@MWFB, for a filter length 8. We consider two cases of
AR(2) input, with poles af.975¢*/% and compare the coding

gain of proposed filter bank with the results presented by Lu
et. al. [4], in table VII.
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TABLE VII: Coding Gain Comparison the bold line is forh1 (1) and the dashed line fdr; (2). In all
the following examples of Experiment 4, these represeoriati
are followed.

0 Biothogonal Filter Bank, [4] Modified SMFB
/2.8 6.6411 14.5564
m/1.75 4.9174 10.5967

Experiment 2: The response of the proposed filter bank
an AR(2) filter with poles ape*/™/? asp moves towards unit
circle is shown in Fig.6

Coefficient Value

(@

Coding Gain

:
Fig. 6: Coding gain ag goes towards unity | " L

Coefficient Value

iy
Number of Samples

Experiment 3: In [5], design of a GTD-biorthogonal )
sub-band coder is presented, it is shown that this filter bank Fig. 7: For input signal of Experiment 2(i), Parameter
offers better coding gain as compared to existing sub-band  trajectory of filter coefficients (&) and (bH;.
coders. As number of channels increases the coding gain
comes closer to the theoretically maximum coding gain. Here (i) Here the input signal is an AR(2) input, with poles
for the same input signal, an AR(2) process with poles at 0.9¢*17/3, number of bands are 2 and filter length is 3,

+jm/3 i i . . .
0.975e*7/, we shoyv that the coding gain Converges wheipe convergence of the filter parameters as time progresses i
number of channel is as small as 2, this result is embeddgg, .\ in Fig.8

in table VIII. The filter bank is designed with each analysis
filter of order 5 and number of channels are 4.

TABLE VIII: Behavior of Coding gain (in dB) as number of E
channels change z
Number Gspc using ApproximateGsgc gj
of channels| the proposed algorithm from [5] -
2 11.7872 10.4
3 11.4975 9.9
4 11.8174 11.2 e
5 11.8492 11.3 S
6 11.8081 1.1 g
S
0]
s
o w L L
) ' Number Of Samplelsw -
B. Convergence of filter bank parameters ®)

We illustrate the convergence property of the proposed
algorithm for estimation of filter bank parameters, using th
following examples:

Experiment 4: (i) Here the input signal is an AR(2) input,
with poles at0.6e*7/3, number of bands are 2 and filter (i) Here the input signal is an AR(2) input, with poles at
length is 3, the convergence of the filter parameters as tii®e*/™/3, number of bands are 2 and filter length is 3, same
progresses is shown in Fig.7. These parameters are compuatedbove but this AR filter has been excited using a white
using the algorithm given in section Il and can be interpdet input with gamma distribution. The convergence of the filter
using (15). In part(a) of Fig.7, the bold line represelj$l) parameters as time progresses is shown in Fig.9.
and dashed line gives the trajectory /af(2) and in part(b)

Fig. 8: For input signal of Experiment 2(ii), Parameter
trajectory of filter coefficients (&, and (bH;.



Coefficient value

| |
) 2 W 50 ) 100 120 140 160 180 20
Number of samples

@

Coefficient value

L I I L L I L L I
0 2 0 60 8 100 120 140 160 180 20

Number of samples
(b)

Fig. 9: For input signal of Experiment 2(iii), Parameter
trajectory of filter coefficients (&, and (bH;.

From the above results, the fast convergence property of

12

o3 o o o o7
Normalized Frequency (xradisample)

(@

Powerlfrequency (dB/rad/sample)

o3 o os o o7
Normalized Frequency (xradisample)

(b)

Power (dB/rad/sample)

o3 o o o o7
Normalized Frequency (xrrad/sample)

(©

the algorithm can be appreciated, for various kinds of input,:ig. 11: Power spectral density of input signal(solid line)

signals.

C.

Output of first channel(dashed line) and output of second

channel(dotted line) when the input signal, as given ingabl

IX (a)signal 1, (b)signal 2 and (c)signal 3.

We have observed that the proposed algorithm can be used

to whiten Gaussian/Non-Gaussian processes with minimum
well as non-minimum phase. This observation is illustrate
by considering the input and output spectra of the propos
SMWEFB for different type of signals.

Experiment 5: We consider stochastic signals, with digtrib
tions given in column 1 of table IX, filtered using three fiter
with transfer functions given in the first row of table IX, the
outputs, so obtained, are now used to design a two chan
SMWEFB. The spectra of input signal and output of the firs
channel of SMWFB are plotted in fig.(7)-fig.(9).

(dB/rad/sample)

Power

oz o5 o o o or o
Normalized Frequency (xTtrad/sample)

(@

Powerlfrequency (dB/rad/sample)

o5 o os o o7
Normalized Frequency (xrad/sample)

(b)

Fig. 10: Power spectral density of input signal(solid line)
Output of first channel(dashed line) and output of second

Power (dB/rad/sample)

- Norr{{alizedulzrequeur{cy (XHurad/saBLlple) .

@

o3 o o o o7
Normalized Frequency (xrad/sample)

(b)

Normalized Frequency (<rrad/sample)

©

Fig. 12: Power spectral density of input signal(solid line)
Output of first channel(dashed line) and output of second

channel(dotted line) when the input signal, as given inegabl

IX (a)signal 7, (b)signal 8 and (c)signal 9.

VII. CONCLUSIONS
In this paper we have proposed a fast least squares algorithm

channel(dotted line) when the input signal, as given inétabkyr 4 modified signal matched multirate filter bank, with the

IX (a)signal 4, (b)signal 5.

aim of optimizing the coding gain. It is also observed that
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TABLE IX: Input Signals For Experiment 5

Input signal Minimum phase Maximum phase Mixed phase
Distribution Hi(z) =1~ 0-8461«2:; H() = 2= 1.2 Hy(2) = — 2° = 2.952 + 1.90
+0.95062 22 -0.975z + 0.9506 23 —1.775022 + 1.7306z — 0.7605
Gaussian distributed,
p=0ando®=1 Signal 1 Signal 4 Signal 7
Uniformly distributed,
[-1 1] Signal 2 Signal 5 Signal 8
Exponentially distributed ,
pn=15 Signal 3 Signal 6 Signal 9

the recursions of the algprithm gives rise toa lattice-eadd where,’a’ is the parameter vector. ¥ is minimized in
like structure. In table VII and table VIII, we compare coglin the least squares sense, implies orthogonal to space span
gain obtained using the proposed algorithm with some resu{iV;., }, the optimum &' can be written as:

present in the literature and a considerable improvement is B - -1

obtained. Since we have not come across any other work a=-vV" (Vin Vi) (36)
dealing with adaptive algorithm in the context of signal gypstituting the value ofa in (35), we get:

adapted multirate filter banks, we compare our work with

most recent block processing algorithms in the context. To e= V—I/VT(V1;HV17:1H)71V1;H

obtain the optimized coding gain each channel is whiten%de
across time and across bands, this is shown using simulatbg
results, from fig.(10) , fig.(11) and fig.(12). From fig.(10), i
can be noticed that the outputs of both channels have almost

the same variance, a condition mentioned in section VI (A) e=v-vP[Vi,]

for optimized coding gain. Also, a least squares algorltbm [ e =P [Vin] (37)
presented for calculating order update recursions for ttes fi

bank parameters, these parameters converge in 20-40 sampibere, P+ denotes the projection on the orthogonal comple-
to illustrate it we have plotted the convergence for thre@ent space of V. From the above equation, it cab be clearly
examples in fig.(7), fig(8) and fig.(9). The simulation resultobserved that the least squares error lies in the orthogonal
presented are for both Gaussian as well as non-Gaussiamplement space spanned by the rows of spap.

signals with minimum and non-minimum phase, as given in

table IX. B. Inner Product Update Formula:

VIII. A PPENDIX For any two row vectorss and w and the above defined
1.n the inner product update relation as given in [1] is:

noting VI (VVT)=1V in terms of projection operator as
er], we can the re-write the above equation as:

In subsection A to D, some of the important relations use
in this work, are presented to give a quick reference. In
subsection E, we propose a lemma and a corollary to provep [y, Jw" = vP* [Vipm 1] W' = vP* [Vim1] vr
that the proposed algorithm in this paper orthogonalize thTU PLV,, 11/T]_1] P [Vimt ] w” (38)
outputs across the channels. " T o e

A. Least squares error in terms of projection operator C. Corollary 1.3 from [11]
Consider any row vectorr and a matrix Vi, = Let v, w andx be row vectors belonging to the spaRé

[ T T T * . wherev;'s are row vectors RE, andVy, is the matrix defined above. In [12], corollary 1.3 is
> n. Considere as the error in estimating from the rows 9Iven as:

of V1., given as:
VP [x] P [Vin Pt [x]]w?
e=v+aViy, (35) = VP [Vig]w! =P [xP* [Vin]]w'  (39)
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D. Pseudo-Inverse Update Relation from [12]:

Let z andx be row vectors R™ and define as, vP [xP* [V ]| P [VinP* [xP* [V1,]]] is @ zero op-

Via[x] = [(P[x]vD1I(P[x]y})] " and erator.
Ka[x] = VI [x][Via[x]VE [x]]%, which is the pseudo- FOrm (48) and (46):
inverse .ofVLn[x]. [1?] gives an update relation for pseudo- VP [xP* [Vin]] P [ViaP* [Vim]]wT
inverse i.e. K, [x] as: P [Vin ] wT - P [P [Vin]] w7 (49)
= vP* [x] P [V Pt [x]]wT
zKn[x] = [2K, 1[0 ]I ]+zPl[V1:n—1]v1T
]
[L [V“’ 1 | w1 ) -0 1] In order to understand how the filter A will orthogonalize
+2P [V Jx " [xP [ Vi x" ] (—XK [0]) (40) the channels, substitute the following values in the LHS of

It can be observed from the above update equation that {@e): Moo M Mooi1
first two terms of the right hand side will update the matriX = X(Mn —i), Vin = Xg0, x = Xy
K,-1[0] to K,,[0] and the last term updatés, [0] to K, [z]. 9€T:

andw = T we

E. Lemma 2 and Corollary 1
Lemma 2:

p [VlznPl [XPL [Vlzn]]] =P [Vl:n] (41)

where,x are any row vectoe R”.
Proof: In [11] an augmented set has been defined similarly
an augmented sgV ., | xP* [V, ]] is defined here as:

L
[2]
[3]

_—

(42)

xP* [Vltn] [4]

Let S[Vin | xP*[V1n]] denote the space spanned by thei
row vectors of[ Vi, | xP* [V ]]. Therefore, this space can
be written as:

S[Vim [ XP* [Vin]] = S [Vin P [XP* [Vi]]]

(6]

eS[xP*[Vin]]  (43) m
and also as
S[Vim | xXP [Vin]] = S [Vig] @ S[xP [Via]]  (44) o
Comparing (43) and (44) we get: E]
S [VinPxP* [Vin]] = S [Via] (45)

The above equation can be written in terms if projectioA®l
operator as:

P [VinPxP" [Vin]] = P [Vin] (46)
B [12]
Corollary 1:
VP [xP [V ]]P* [Viw Pt [XPH [Via]]] W’ [13]
= vP* [x] P [Vim Pt [x]] w7 (47) 4]

Proof: LHS of (47) is:
[15]

VP [XP* [Vii ]| P* [V P [xP [Via]]] W'
=v (I -P[xP" [Vi]]) (I - P[ViuP* [xP* [Viu]]]) w"
= VP [V P [xP* [Vim]]] W' = vP [xP* [Via]]w'  (48)

[16]

5] C. C. Weng and P. P. Vaidyanathan,

x(Mn - )P [XA5 P [0

P
PL [XII:hl—MPL [XMnll 11PL I:XMn M:I]:I T
=x(Mn - i)P* [ Xy P X Mpt

. [Xaist ]«
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