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Abstract. High quality filters are essential part of vocoders. By means of filter banks structures we 
can combine modem DSP algorithms with hardware realizations having many parallel identical 
devices. This paper proposes digital filter realization based on filter bank structure suitable for 
hardware realization. 
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Introduction 
During last years speech and data transmission is 
realized mainly by digital form. Vocoder devices 
are the most suitable for solving problems of 
low-speed speech transmission with subsequent 
information scrambling and conserving 
acceptable quality level of sound on receiving 
side. At present it is possible to realize high 
quality filters that are essential part of those 
devices on the basis of modem algorithms and 
modem technology. By means of filter banks 
structures we can combine modem DSP 
algorithms with hardware realizations having 
many parallel identical devices. 
A purpose of this paper is to show how new 
discrete transforms can be used in filter bank 
structures for realizing digital FIR filters. 
An aliasing error analysis of filter banks leads to 
the structure shown in fig. I [1]. It was shown (2] 
that such structure is free from aliasing errors if 
matrix P(z) is pseudocirculant. An output 
vector of polyphase components is determined 
from input ones with equation : 
Y(z) = X(z)P(z) = 

P0 {z) 
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where Y(z) = [Y0 {z),~ (z), ... ,YM_1 (z)], 

X(z)=[X0 (z),X1 (z), ... ,XM_1 (z)], P(z) IS 

pseudocirculant, i.e. next row of P(z) IS 

obtained from previous one by performing a 
cyclic right-shift followed by the multiplication 

of z -1 to the elements below the main diagonal. 
In this case filter bank is a linear system with a 
transfer function 

M-1 

F(z) = LP;(zM )z-i (2) 
i=O 

where P;(z) is i -th polyphase component of 

function F(z). From now on we will consider 
only structures with FIR-analysis and synthesis 
filters, so P; ( z ), 0 ~ i ~ M -1 are polynomials. 

An expression (1) is called a pseudocyclic 
convolution. 
A realization of digital filter with a filter bank 
was described in (3],[4]. Computation of (1) was 
made as linear convolution (by performing fast 
linear convolution algorithms) of polynomials 
followed by reduction to pseudocirculant. _ 
However, it is of interest to find more effective 
methods of pseudocyclic convolution because of 
regularity property of P(z). 
An efficient approach to solve this problem is 
based on the eigen transform methods. It is well 
known from [5]-[8] that Vandermonde transform 
is the eigen transform for generalized K N -

convolutions being a parametric convolution in 
particular cases. 
The generalized K N -convolution of 

and hr = (h0 ,hl' ... ,hN_1~ 
can be written as 

YT = xrzN(h) (3) 

where yr = (y0 , y 1, ••• , y N-1) is the row vector of 

the generalized K N -convolution, 
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z(h)= 1s matrix operator for the 

hTKN-1 
N 

generalized K N -convolution, 

0 1 0 

1 
is generalized K N -

qN qN-1 ql 
shift represented by the Frobenius matrix. 

If the parameters of the generalized KN-shift 

operator are defined as q N-l = q N-2 = ... = q 1 = 0 

and q N = jJ then K N = S N (/J) is the parametric 

shift matrix and Z N (h)= C N,p( h) is the 

parametric convolution operator with parameter 
jJ [5]-[8]. 

It will be shown in this paper how pseudocyclic 
convolution can be transformed to parametric 
convolution in order to use eigen transform 
methods for computing (1 ). 

Pseudocyclic convolution using MNTT 
An algorithm for calculation of linear 
convolution by means of modified number
theoretic transform (MNTT) under condition of 
dynamic range decreasing was described in [9]. 
It is possible to use such method to calculate (1). 
A computation of pseudocyclic convolution can 
be realized by means of parametric convolution 

in ring of integers modulo D : 
Yp(z) = X(z)Pp(z) = 

P0 (z) ~ (z) PM-I (z) 

= S(z) jJPM~I (z) Po (z) PM_2 (z) . (4) 

fJP. (z) jJP2 (z) 

If all the coefficients of polynomials of 

Y(z) are in the range -jJI2 ... jJI2, ps,/i5, 
then using uniqueness of number representation 

a+ jh, a< jJ (5) 

it is possible from samples of Y p(z) to recover a 

vector of linear convolution and then to obtain 
vector Y(z), corresponding to (1) [9]. 

Parametric convolution ( 4) can be calculated by 
means of MNTI, which is an eigen transform of 

matrix operator Pp(z) [5]-[8]: 

Yp(z) = X(z) T diag[P(z)] T-1 (6) 

where P(z) = [P0 (z),~(z), ... ,PM_1(z)] T, 

T = VW, V = diag[l, v, v2 
, ••• , vM-I ], 

vM = jJ (mod D), 

W = [al" ], 0 5, i,k 5, M -1 is Fourier matrix 

operator in ring modulo D, i.e. NTI matrix 
operator. 

Calculation structure corresponding to ( 6) 
is represented in fig. 2. Samples in profile R- R 
except r M _1 have to be restricted in the range 

- jJ I 2 ... jJ I 2 . In each of parallel channels 

LIM multiplications per sample are performed 
at rate M -times less then rate of input samples. 

Hence, this method requires M !:__1_ = !:_ 
MM M 

multiplications per sample needed to implement 
internal filters. Direct and inverse transforms 
represent pre- and postadditions in Winograd 
sense and can be calculated by any of known 
algorithms. 

Calculation of pseudocyclic convolution using 
MNTT in finite field 
Let filter impulse response length is equal to L . 
Let we are processing input sequence dividing it 
by blocks with length also equal to L by means 
of overlap add scheme (in common case length 
of block B must be equal or greater than 
impulse response length L ). Let number of 
channels of filter bank equal to M . We can 
calculate pseudocyclic convolution (1) by 

embedding it into finite field GF(q 2m), where 

m = L/ M. For convenience we replace z-1 with 
u and write (1) in new notation 
Y'(u) = X'(u)P'(u) = 

P;(u) ~'(u) p~_t(u) 

= X'(u) uP~~~ (u) P;(u) P~_2 (u) , (7) 

uP'(u) 1 uP;(u) P;(u) 

where Y'(u) = [Y;(u),~'(u), ... , Y~_1 (u)], 

X'(u) =[X~ (u),X; (u), . .. , X~_1 (u)]. 

Polynomials Y/(u), x;(u),P/(u) have 

coefficients with mirrored sequence order in 

comparison to f;(z) ,X;(z) ,P;(z), respectively. 

Now we define requirements to the field. 
1. Field characteristic q is chosen in 

accordance with the dynamic range of output 
sequence. 

2. Field extension degree equal to 2m 
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guarantees correct calculation of products 
P;(z)X/z) and z-1P;(z)Xj(z), O~i,j~M -1 

in(l). 
3. Operations in the field are defined 

modulo polynomial f(u). The choice of f(u) 

as a non-primitive polynomial guarantees, that 
there exist certain element v(u), being an M -th 

root of u for certain M . For 
example, 
( u + u 2 + u 3 

) 
3 

= u mod(2,1 + u + u 2 + u 3 + u 4 
) 

4. Element m(u) of order M must exist in 
the field. 

In the field determined like that an 
expression (7) represents parametric convolution 
and can be calculated by means of eigen 
transform T(u) of matrix operator P'(u) in (7): 

Y'(u) = X'(u)T(u)diag(P'(u))T-1(u), (8) 

where P'(u) = [P;(u),~'(u), . .. ,Pf.t_1 (u)Jr(u), 

T(u) = V(u)W(u), 

V = diag[1, v(u), v 2 (u), .. . , vM-I (u)], 

W(u)=[a.lk(u)], Q-::;,i,k~M -1, 

vM(u)=u. 

Calculation of (8) can be realized with a filter 
bank structure (fig. 3). 
In each of M parallel channel a product of two 
degree 2m polynomials modulo irreducible 
polynomial f(u) is computed. Such product can 
be calculated with 4m-l multiplications. 
Therefore, total number of multiplications 
required for implementing internal filters is 
(4m-l)M =4L-M per each block of L 

samples, or less than 4 multiplications per 
sample. Direct and inverse eigen transforms are 
decomposed into product of diagonal matrix and 
NIT matrix operator in considered finite field. 

Calculation of pseudocyclic convolution using 
polynomial transform 
If polynomial f(u) is reducible convolution (7) 

is embedded in polynomial ring modulo f(u). 

We add one more requirement to the previous 
four ones - existence of inverse number M -I of 
M (i.e. MM-1 = 1 (modq) ). 

Now eigen transform T(u) is a polynomial 

transform [ 1 0]. Calculations are arranged again 
in correspondence to equation (8) and fig. 3. 
If polynomial f(u) is decomposed on linear 

factors each polynomial product can be 
calculated with 2m multiplications. Therefore 

we can arrive a total number of multiplications 
for implementing internal filters equal to 
2mM = 2L per each block of L samples, or 2 
multiplications per sample. 
Example. 

25 
Let q = F5 = 2 + 1. Let filter length L = 8, and 

number of channels M = 4 . Then degree of 
polynomial f(u) must equal to 2LI M = 4. Let 

f ( u) = u 4 + 1. It is evident, that OJ( u) = u 2 has 
order equal to 4 in ring modulo f(u). A fourth 

root of u has a form 
v(u) = 17821697 + 4008640513 u + 

+ 4026466545 u 2 + 3855 u 3
• 

As a result we obtain eigen transform T(u) m 

the form: 
T(u) = diag([l, v(u), v 2 (u), v3 (u)]) x 

1 1 1 1 

1 uz -1 -u 2 (9) 
X 

1 -1 1 -1 

1 -uz -1 uz 

Now consider internal filter implementation. 
Polynomial f(u) is decomposed in product of 

four linear cofactors 
f(u) = (u -3735508651)(u- 3718731691) x 

x (u- 559458646)(u - 576235606). 

Hence, polynomial product modulo 
f(u) = u 4 + 1 representing skew-cyclic 

convolution can be calculated with four 
multiplications. 
A skew-cyclic convolution is a parametric one 
and can be computed also by eigen transform : 

T sc = diag([1, T, r 2
, T

3 
]) x 

1 1 1 1 

1 c 
X 

1 -1 

-1 -& 

1 -1 

1 -& -1 c 

where c= 46837383 is 4-th root of unity, 

(10) 

T = 3735508651 is 8-th root of unity. 
In total, four channels require 4 * 4 = 16 
multiplications for processing of block of length 
8. Eigen transforms require in this example only 
additions for their implementation. 

Conclusion 
This work proposes new methods for FIR filter 
realization by means of filter banks structure. 
New kind of transform were used to reduce 
number of channels in comparison with method 
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proposed in [3] and hence to decrease 
arithmetical complexity of realization. 
Described methods have sufficiently large 
flexibility for structure choice for each concrete 
realization. In general optimal number of 
channels is computed to minimize objective 
function 

c =M CF(LI M) + 2 CT(M)' (11) 

where C F (LIM) is direct filter realization 
complexity of length LIM , 

CT (M) 1s transform realization 
complexity of length M . 
Note for example that for M = 1 we obtain a 
direct filter realization and for M = L we obtain 
a method of convolution calculation by means of 
MNTT's similar to one of the methods proposed 
in [9]. 
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Fig. 1. Equivalent filter bank structure. 
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Fig. 2. Digital filter realization by means ofMNTT 
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Fig. 3. Digital filter realization in polynomial fields and rings 

MAVEBA 1999, Firenze, Italy 69




