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Abstract - A scalable implementation scheme for multirate FIR filters 
in consideration of both the processing time and the silicon area is pre- 
sented in this paper. According to our various requirements, the flexible 
and efficient implementation scheme can simultaneously reduce both the 
time cost T to %T and the area cost A to &A (M is the decimation 
or interpolation rate, k is any factor of M). Furthermore, by employing 
the scalable implementation scheme, we also propose an efficient design 
technique for subband filter banks. 

INTRODUCTION 

Recently, there has been rapid progress in the area of multirate digital 
signal processing. The applications of multirate systems include subband 
coding of video, audio, and speech signals, fast transforms using digital filter 
banks, wavelet analysis of all types of signals, and many other fields [l]. In 
multirate systems, decimation and interpolation filters are the most important 
building blocks. A great amount of literature deals with the theory and design 
of decimation and interpolation filters [2], [3]. However, issues concerning the 
VLSI implementation scheme for multirate filters have not been investigated 
thoroughly. Since the speed of processing time and the silicon area are the 
crucial factors in the VLSI implementation] a scalable implementation scheme 
to  flexibly and efficiently implement the multirate FIR filters is presented in 
this paper. 

One of the most important applications of multirate systems is subband 
coding (SBC). Since it was introduced by Crochiere e t  al. 141 in 1976, subband 
coding is so far one of the most effective coding approaches for video and 
audio applications. Because subband coding needs filter banks to  split the 
input signal (see Fig. l), aside from the coding mechanism, the filter banks 
are the kernel of this coding scheme. In the past, various types of subband 
filter banks have been proposed, such as quadrature mirror filters (QMF) 
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[4], conjugate quadrature filters (CQF) [5], and symmetric short kernel filters 
(SSKF) [6], etc. For subband coding systerrts,, implementation of their filter 
banks is the most important task. Since filter banks usually deal with large 
amount of data, high speed computing hardware is indispensable. In order to  
achieve both high performance and low complexity, by employing the scalable 
implementation scheme, we propose an efficient design technique suitable for 
all types of subband filter banks. 

The organization of this paper is as follows: Section 2 presents a scalable 
implementation scheme for multirate FIR filters in consideration of both the 
processing time and the silicon area. In Section 3, based on the scalable im- 
plementation scheme, an efficient design of subband filter banks is proposed. 
Finally, we state conclusions in Section 4. 

SCALABLE IMPLEMENTATION SCHEME FOR MUL- 
TIRATE FIR FILTERS 

When the decimation rate is M ,  the decimation filter can be implemented 
directly by a lowpass filter followed by a M-fcdcl decimator. However, because 
the output samples of the lowpass filter are almost discarded by the decimator, 
the hardware utilization of such implementation is inefficient. Similarly, in 
the M-fold interpolation filter, the input samples of the lowpass filter are 
almost zero, thus direct implementation is also inefficient. Based on the 
polyphase decomposition, Bellanger e t  al. [%I presented an implementation. 
scheme which reduces the processing time T to B T .  On the other hand, 
Miyazaki e t  al. [7] presented another implementation scheme which reduces 
the silicon area A to &A. For example, let UEI consider the decimation-by-4 
filter and assume that the filter has 8 taps: ao, a l ,  a2, . . . , a y .  Fig. 2 shows 
Bellanger’s implementation scheme which reduces the time cost T to aT. 
Miyazaki’s implementation scheme which reduces the area cost A to  4 A  is 
shown in Fig. 3. 

As mentioned in Noll’s article [8], the generic throughput rate of a certain 
circuit obtained by proper optimization of the efficiency in a given technology 
will seldom fit the systems requirements. The problem is that typically the 
throughput r a t ea f  a DSP system is fixed (T == constant) and thus we want 
to optimize the silicon area ( A )  and the design effort. Only if we are able to 
find a strategy to match the throughput rates without changing the efficiency 
(equivalent to  moving on a hyperbola with .A . T = constant in an A-vs-T 
complexity diagram), then we can derive the optimal silicon area. Therefore, 
on the architectural level we have to search for so-called scalable solutions by 
e.g., allowing double speed at  double effort (here silicon area) or half speed at 
half effort, and so on. Consequently, in order to obtain the scalable solutions, 
we present a scalable implementation scheme which can flexibly implement 
the multirate FIR filters by reducing both the time cost T to  &T and the area 
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cost A t o  &A (M is the decimation or interpolation rate, k is any factor of 
M). The total reduction factor with respect t o  the AT product criterion is 

stil$%mploy two methods to develop the scalable implementation scheme. 
Method I: reducing the time cost T t o  $T. This we represent by the symbol 
as shown in Fig. 4(a). The polyphase components aligned in the vertical di- 
rection indicate that each of the components possesses its own filter hardware. 
Method 11: reducing the area cost A to $A. This we represent by the symbol 
as shown in Fig. 4(b). The polyphase components aligned in the horizon- 
tal direction indicate that these components share the same filter hardware. 
Therefore, the operation of these components is time-interleaved. Note that 
the above two methods can be transformed by each other, i.e., the polyphase 
components can either possess their own hardware individually or share the 
hardware together. 

First, let us consider the decimation filter. Suppose the decimation rate 
is 4, i.e., M = 4, and the lowpass filter H ( z )  has 8 taps: ao, a l ,  a2, . e . ,  a7. 
We decompose H ( z )  into 4 polyphase components: Eo(z) ,  E l ( z ) ,  &(z) ,  and 
E3(z)  a~ follows: 

~ ( i )  = E ~ ( z ~ )  + Z - I E ~ ( Z ~ )  + Z - ~ E ~ ( Z * )  + z - ~ E ~ ( z ~ ) ,  (1) 

where 

Thus, Eo(z) contains taps and a4; E l ( z )  contains taps a1 and as; E2(z) 
contains taps a2 and a6; &(z )  contains taps a3 and a7. By employing Method 
I and Method 11 individually, we obtain 8 different permutations, i.e., 8 dif- 
ferent design types as shown in Fig. 5(a). The above 8 design types can also 
be transformed by each other as shown in Fig. 5(b)-, For example, in type (i), 
if we regard Eo(z)  and E l ( z )  together as a new component; &(z)  and E~(z) 
together as another new component, type (i) can be transformed into type 
(ii) by use of the Method I to Method I1 transformation. Subsequently, type 
(ii) can be further transformed into types (iii), (iv), and (v). Similarly, by use 
of the Method I1 to Method I transformation, type (v) can be transformed 
into type (vi), and type (vi) can be further transformed into types (vii), (viii), 
and (i). 

Now, we want t o  select the design types which can efficiently utilize the 
hardware, i.e., operate continuously with no idle time. Because types (iii), 
(iv), (vii), and (viii) are irregular designs, they can not utilize the hardware 
efficiently. In type (vi), since the input data flow is illustrated as shown in 
Fig. 6(a) (the underline indicates that the filter hardware of the polyphase 
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component is in use, and the x indicates that the filter hardware of the 
polyphase component is idle), therefore, the hardware cannot operate contin- 
uously. In contrast, the input data flow of type (ii) is illustrated as shown 
in Fig. 6(b). Here, we find the hardware operation can be kept continuous. 
Thus, type (ii) is an efficient design. Fig. 7 shows its corresponding hardware 
architecture. Type (i) is the Bellanger’s implementation scheme as shown in 
Fig. 2. Type (v) is the Miyazaki’s implementation scheme as shown in Fig. 3. 
The input data flows of these two design types are shown in Figs. 6(c) and 
(d). Both of them can utilize the hardware efficiently. 

Consequently, for the decimation-by-4 filter, the total design types which 
can utilize the hardware efficiently are types (i), (ii), and (v). After checking 
carefully, we can derive the following relation equation (3) for M = 4. 

M = 4  

(3) 
= 1 x 4 type (i) 
= 2 x 2 type (ii) 
= 4 x 1 type (v). 

The multiplicands in the above equation indilcake that how many polyphase 
components share the same filter hardware, and the multipliers indicate the 
total number of filter hardware. 

When M = 8, we decompose the decimation-by-8 filter into 8 polyphase 
components. Similarly, we apply the same steps; as in M = 4 and list all the 
design types according to the different permutations of its eight polyphase 
components. After careful examination and elimination of design types which 
cannot keep the hardware continuously in operation, we finally obtain 4 design 
types which can utilize the hardware efficientlg. The relation equation for M 
= 8 is shown in Eq. (4). 

M = 8 =  IX 8 = 2 ~ 4 = 4 ~  2 = 8 ~  1. (4) 

For the same reasons, when M = 9, there are 3 different design types 
which can utilize the hardware efficiently. Their relation equation is shown 
in Eq. (5). 

M =  9 =  1 x 9 = 3  x 3 = 9 x 1. (5)  

When M = 12, there are 6 different efficient design types. Their relation 
equation is shown in Eq. (6). 

M = 12= 1 x 12= 2 x 6 =  3 x 4 =  4~ 3 =  6 x 2 = 12 x 1. ( 6 )  

From above discussions, we can derive the principle of the scalable imple- 
mentation scheme by considering both the processing time and the silicon 
area for the decimation-by-M filter. The scalable implementation scheme is: 

W h e n  t h e  d e c i m a t i o n  ra te  M h a s  n di f ferent  , factors ,  
t h e r e  are n di f ferent  des ign  t y p e s  w h i c h  c a n  u t i l i ze  t h e  hardware  ef f ic ient ly .  
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Here we compare the numbers of multipliers, adders, and registers required 
in different design types for the decimation-by-8 filter. Suppose the decima- 
tion filter has 16 taps: ao, all a2, .. ., a15. According to Eq. (4), there are four 
different design types that can utilize the hardware efficiently: (i) Reducing 
the time cost T to &T. (ii) Reducing the time cost T to i T  and the area 

cost A t o  $A. (iii) Reducing the time cost T to $T and the area cost A to 

+A. (iv) Reducing the area cost A to &A. The comparison result is shown 
in Table 1. 

Finally, the required numbers of multipliers, adders, and registers for the 
scalable implementation scheme can be summarized as follows: 

# of multipliers = N k / M ,  
for k = M I  { :qb + k - 1, otherwise, # of adders = 

N - k, for k = M I  
otherwise, # of registers = (9) 

where M is the decimation rate, N is the number of filter taps, and k indicates 
the different design types. 

Similarly, using the same discussions and deductions, we can obtain the 
same scalable implementation scheme for the interpolation filters. 

EFFICIENT DESIGN OF SUBBAND FILTER BANKS 

First, let us consider the analysis filter banks. In subband coding, the 4- 
band analysis filter bank is the basic structure used to split the input signals 
into 4 subbands. Usually, the 4-band analysis filter bank is tree-structured 
and contains two stages as shown in Fig. 1. 

To design the 4band  analysis filter bank efficiently, we assume “a” is the 
area cost and “t” is the time cost required in stage 1. According to the original 
design as shown in Fig. 1, the silicon area required in stage 2 is double that 
in stage 1. That  is, 2a is the area cost required in stage 2. On the other 
hand, since there is the decimation operation in stage 1, the quantity of data  
for filtering in each branch of stage 2 is half that  of stage 1. Therefore, 
the processing time required in stage 2 is half o f t ,  Le., $t.  From the above 
discussion, we find that because stage 2 is cascaded after stage 1, stage 2 can’t 
work until stage 1 finishes its job. Therefore, there will be 2a x (t - i t )  = at 
hardware idle in stage 2. In other words, the hardware utilization in the 
original design for the 4-band analysis filter bank is inefficient. 

In order t o  utilize the hardware efficiently, we employ twomethods, Method 
I: reducing the time cost T t o  ;TI and Method 11: reducing the area cost A to 

$A, as described in the previous section, for stage 1 and stage 2 respectively. 
Therefore, there are four different new design techniques generated for the 4 
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band analysis filter bank. The performance comparison of the different design 
techniques (including the original design) is shlown in Table 2. 

From Table 2, we find if we apply Method I ,  reducing the time cost T t o  
i T ,  to stage 1, and Method 11, reducing the area cost A to ;A, t o  stage 2, 

the area cost and the time cost are both the same a and i t  in stage 1 and 
stage 2. Consequently, the total area cost is 2a and the total time cost is 
i t ,  The AT product is at and no hardware is idle in stage 2. That is, the 
performance of the new design technique is three times more efficient than the 
original design for the 4-band analysis filter bank. In contrast, other design 
techniques, as listed in Table 2, will make some hardware idle in stage 2. 
Thus, they are inefficient designs. 

Similarly, using the same discussions and deductions, we can obtain the 
same efficient design for the synthesis filter banks. 

CONCLUSIONS 

In the field of video filters, linear scalable solutions for time-sharing become 
increasingly more important due to the progress of VLSI technologies. There- 
fore, in this paper, we present a scalable implementation scheme for multirate 
FIR filters in consideration of both the processing time and the silicon area. 
According to  our various requirements, the scalable implementation scheme 
can simultaneously reduce both the time cost ’IC to i T  and the area cost A 

A (M is the decimation or interpolation rate, k is any factor of M). 
We to T a so compute the numbers of multipliers, adders, and registers required in 
this scheme. After that, by employing the scalable implementation scheme, 
we propose an efficient design technique suitable for all types of subband filter 
banks. The advantage of the proposed design is that the hardware utilization 
of the filter banks is very efficient. Consequently, it helps to develop a high 
performance subband coding system. 
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M = 8 ,  N = 16 (taps) 

T 3 T/k,  A 3 Ak/M 

A (1) k = 8 I T/8, 

Multipliers Adders Registers Proportion 

N (16) N-k+k-1 (15) N-k (8) N 

Table 1: Comparison of the numbers of multipliers, adders, and registers 
required in four different efficient design types for the decimation-by-8 filter. 

I Stage 2 Total Total AT Stage 2 
I Area 1 Time I Area I Time Area Time Prod. Idle 

Table 2: Performance comparison of five different design techniques for the 
4-band analysis filter bank. 
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Figure 1: The 4-band subband analysis,lsynthesis filter bank. 

Figure 2: Hardware architecture of the decima-tion-by-4 filter for reducing the 
time cost T to +T. 

0 

a0 
a1 
a2 
a3 

Figure 3: Hardware architecture of the decimation-by-4 filter for reducing the 
area cost A to +A. 
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(a) Method I. 

-EO-El - 
(b) Method 11. 

Figure 4: (a) Method I: the symbol used to represent the reduction in time 
cost from T to i T .  (b) Method 11: the symbol used to represent the reduction 

in area cost from A to  i ~ .  

Figure 5: (a) The 8 different design types for the decimation-by-4 filter. (b) 
The transformation of 8 different design types for the decimation-by-4 filter. 
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HardwareO: 0 1 >:C4 5 

Hardware 1: x 2  3 * * 

(a) Type (vi). 

HardwareO: 0 2 4 6 8 10 

Hardwarel: X1 3 5 7 9 11 
... 

(b) Type (ii). 

HardwareO: 0 4 8 12 16 20 

Hardwarel: 11 5 9 13 17 21 

Hardware2: X2 6 10 14 18 22 

Hardware3: X 3  7 11 15 19 23 

... 

(c) Type (9. 
HardwareO: 0 1 2 3 4 5 - - - 

(d) Type (VI. 

Figure 6: Illustrations of the input data flows for the decimation-by-4 filter 
in different design types: (a) Type (vi), (b) T;ype (ii)l (c) Type (i)l and (d) 
Type (v). 

fs 

0 

Figure 7: Hardware architecture of the decimzition-by-4 filter for reducing the 
time cost T to i T  and the area cost A t o  +A.. 
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