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SUMMARY A pipelined adaptive digital filter (ADF) archi-
tecture based on a two-dimensional least mean square algorithm
is proposed. This architecture enables the ADF to be operated
at a high clock rate and reduction of the required amount of
hardware. To achieve this reduction we introduce a new build-
ing unit, called a block, and propose implementing the pipelined
ADF using the block. Since the number of blocks in a cell is ad-
justable, we derive a condition for satisfying given specifications.
We show the smallest number of blocks and the corresponding
delay can be determined by using the proposed method.
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LMS algorithm

1. Introduction

In this paper we propose a two-dimensional (2-D)
pipelined adaptive digital filter (ADF) architecture
based on 2-D least mean square (LMS) algorithm[1].

2-D ADFs are used for image processing, such as
enhancement and data compression[2],[3]. Processing
of 2-D signals requires a much larger amount of calcula-
tions than one-dimensional (1-D) signals. In addition,
in most cases, 2-D signals are required to be processed
at a higher clock rate than 1-D signals. A 2-D ADF is
therefore required to have the capability of processing a
large amount of calculations per clock period to main-
tain high throughput. An architecture which can pro-
vide high throughput and a small amount of hardware
is therefore required. For satisfying this requirement,
dedicated LSI of an ADF is considered to be one effec-
tive method to satisfy this requirement [4]. There are,
however, no proposals of 2-D ADF architectures so far,
although it is known that the hardware implementations
of 1-D ADFs[7]-[9] are effective for high-clock-rate 1-
D applications.

In this paper we propose a 2-D pipelined ADF
architecture, which is an extended version of the 1-D
pipelined ADF architecture[9] based on the delayed
LMS (DLMS) algorithm[5]. The proposed architec-
ture enables an ADF to provide high throughput. By
applying the proposed architecture we can reduce the re-
quired amount of hardware. The reduction is achieved
by introducing a new processing module which we call

Manuscript received October 4, 1996.
Manuscript revised January 7, 1997.
"The authors are with the Graduate School of Engineer-
ing, Tokyo Metropolitan University, Hachioji-shi, 192-03
Japan.

and Hitoshi KIYA!, Members

a block. A block consists of several taps of an ADF. By
cascading the blocks, a pipelining element of the 2-D
ADF, a cell, is constructed.

The proposed architecture has the capability to
adjust the number of blocks in a cell and to satisfy
the above two requirements by selecting the number of
blocks properly. We derive the condition for obtain-
ing the smallest number of blocks which satisfies the
required throughput. We show that the amount of hard-
ware can be reduced by using the proposed architecture.

In Sect. 2, a review of the 1-D pipelined ADF based
on the DLMS algorithm as a preliminary is given. In
Sect. 3, the pipelined 2-D LMS algorithm is proposed.
In Sect. 4, a 2-D pipelined ADF architecture based on
the proposed algorithm is considered. In Sect. 5, an ef-
ficient technique for reducing the amount of hardware
is provided. Conclusions are given in Sect. 6.

2. 1-D Pipelined ADF

Here we briefly describe the DLMS algorithm and its
pipeline implementation in a 1-D case.

2.1 Delayed LMS Algorithm

The DLMS algorithm[5] has the delay D in the error
feedback path, as shown in Fig. 1. The DLMS for an
N-tap adaptive FIR filter can be described by

wi (i 4+ 1) = wi(i) + pe(i — D)x(i — k - D) n
{0<k<N-1}

e(i—D)=d(i— D) —-y(i— D) ()
N-1
yi—D)= ) wg(i-D)z(i—k~-D) (3)
k=0
where

Fig. 1 Block diagram of the DLMS algorithm.
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Fig. 2 Block diagram of 1-D pipelined ADF using grouping
technique.

i : time index

wg (i) @ k-th coefficient of the filter

I :  the stepsize parameter of the algorithm
e(i) : the error signal defined by Eq. (2)

d(i) : the desired signal at time ¢

z(i) : the input signal at time ¢

y(¢) @ the filter output signal.

The delay D enables an ADF to be operated in
pipelined processing, and there are several proposals for
the architecture of a 1-D pipelined ADF. It is known,
however, that the convergence of the DLMS becomes
poor as D increases because the upper boundary of y be-
comes lower as D increases to guarantee the convergence
of the mean-squared error (MSE) of the DLMS[5],[6].

2.2 Pipelined Architecture

Pipelining of the DLMS is accomplished by moving de-
lays and placing them at every tap of the filter[7],[8].
When applying this method, the delay is determined by

D=N+1. 4)

An architecture using this method achieves very high
throughput. The delay becomes larger, however, as the
length of the ADF increases. One problem is that the
convergence property becomes poor if the length of the
ADF is large.

To solve this problem we proposed a new architec-
ture[9]. In this architecture, the delays are placed at
every p tap instead of every tap. The upper boundary
of p becomes higher as D decreases. Thus, the conver-
gence property can be improved as D decreases. Fig-
ure 2 shows the block diagram of this architecture. The
delay of this architecture is determined by

D:gyu (5)

where [z] is the smallest integer greater than z. Using
scheduling and reusing techniques, we can also reduce
the required amount of hardware with maintaining high
throughput [9]. Note that when p =1, this architecture
reduces to the architecture proposed in[7],[8].

In following sections we will derive a 2-D pipelined
ADF which is an extended version of the 1-D pipelined
ADF described in[9].
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3. Pipelined 2-D LMS Algorithm

Here we describe the 2-D LMS algorithm which is used
in the proposed pipelined ADF.

3.1 2-D LMS Algorithm

In 1-D signal processing the LMS algorithm has only
one direction for its adaptation. In 2-D signal pro-
cessing there is some freedom to select a direction for
adaptation. There are therefore several proposals of the
2-D LMS algorithm[1],[10]. In this paper we use the
algorithm described in[1] because it has a simple form
and is therefore suitable for hardware implementation.

The algorithm is described by the following

Eq.[1].

we (7 4+ 1) = wi(5) + pe(d)z(m — k,n 1)
{0<k<N-10ZISN-1} (6)
j=mM+n (7

e(j) = d(m,n) - y(m,n) 8)
N-1N-1

ymn) =Y Y wea(d)

k=0 =0
~x(m—k,n—1) )

£
=
a
=
[¢]

iteration number

the filter size

the size of input plane

filter coefficients at the j-th iteration
the step size of filter adaptation

the input signal

the desired signal

the error signal defined by Eq. (8)
index of vertical direction

index of horizontal direction.
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Because there is some freedom to select a direction
of the processing of filtering, we assume that the filter
processes the signal along n-direction for simplification
of pipeline implementation. Under this assumption we
can rewrite Eq. (9) as

N-1
y(m,n) = yr(m,n) (10)

= 0
i =3

1

yr(m,n) = wi(fx(m — k,n—1). (1

-~

[l

Equation (11) has a similar form as that of a 1-D con-
volution sum. This enables us to use algorithms that
are used for pipelining 1-D ADFs to construct 2-D
pipelined ADFs.
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Fig. 3 Block diagram of 2-D LMS with delayed adaptation.

3.2 2-D LMS with Delayed Adaptation

For pipelining Eq.(6), let us consider using the idea of
the DLMS algorithm [S]. By applying the DLMS to
weight update Eq. (6), we get the following equation:

wi1(§ + 1) = wi(5) + pe(j — D)x(m — k.2 —1)
{(0<k<N-1,0<I<N-1} (12)

1157

o =rem(j — D, M) (14)

3

where |z ] is the largest integer less than x, and rem(z, y)
is a remainder after = divided by y. D is the delay in
weight adaptation and is inserted in the error feedback
path along n-direction. The delay D enables an ADF to
be operated in pipelined processing as in the 1-D case.
The convergence of algorithms becomes poor, however,
as D increases. Figure 3 shows a block diagram of the
2-D LMS based on Eq.(12).

In the next section we describe the proposed 2-D
pipelined ADF architecture which realizes both a high
throughput and a good convergence property.

4. The Proposed Architecture

Here we describe the proposed 2-D pipelined ADF ar-
chitecture. First, we develop a new building unit of the
2-D ADF which we call a block. Next, a 2-D pipelined
ADF architecture is proposed. Then, we show com-
puter simulation to verify the validity of the proposed
architecture.

4.1 Block

Given Eq. (12), the proposed architecture is constructed.
To extend the DLMS algorithm to 2-D we introduce a
new processing module of the 2-D ADF which we call
a block. Each block contains N taps of the ADF in
m-direction. A block is shown in Fig.4(a). The [-th
column of the coefficient matrix which corresponds to
the I-th block, denoted by b;(j), is described by

b (5) = [wou(5), w1 (5), s wn—12()]T (15)

where [-]T denotes transposition of a vector. Using the
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(b) Block cascaded filter
Fig. 4 Data-flow graph of the block and its cascade form.

vector b;(j), we can rewrite Eq. (12) as

bi(j +1) =bi(j) + pe(j — D) (j — D)
{0<I<N-1} (16)

where a;(j — D) is defined as

ml(.] _D) = [.’L’(ﬁl,ﬁ—l),.’l)(’ﬁl— 17ﬁ_l)7
o z(m—-N+1,7-0T. (17)

The form of Eq. (16) is similar to that of Eq.(1). As in
the 1-D case, we can construct a 2-D ADF by cascad-
ing the blocks. Figure 4(b) shows an example of this
structure.

4.2 The Proposed 2-D Pipelined ADF Architecture

Pipelining of the 2-D ADF is accomplished by moving
delays around a data-flow graph and placing them at
every p block[9]. A pipelining element, a cell, consists
of the blocks between delays. Figure 5 shows block di-
agrams of a cell and the 2-D pipelined ADF. The finest
grain of pipelining is achieved when each cell contains
one block, that is p =1, while no pipelining is achieved
if p= N. The pipelined ADF has the highest through-
put if p=1.

4.3 Simulation Results
To verify the validity of the proposed architecture, we

show results of computer simulations of system identi-
fication.
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Fig. 5 Block diagrams of a pipelining unit, a cell, and 2-D
pipelined ADF.

The optimum system, denoted by W, is a 2-D
low-pass finite impulse response (FIR) filter of size 8-
by-8. The order of the ADF W(j) is selected as the
same size of W ;. The input signal is a 64-by-64 ma-
trix whose elements are normally distributed with mean
0 and variance 1. A white Gaussian noise is added to
the desired signal, and the signal to noise ratio is 80 dB.
As the reference of comparison we use the impulse re-
sponse error ratio (IRER) defined as

W ope — W)
W ope 12

IRER (j) = 10 log,, (18)

where | X||? = Y (diag(XT X)) and diag[] is diago-
nals of a matrix X.

Figure 6 shows learning curves for D =0, 8 and
16. The stepsize p is selected to be the maximum value
which guarantees the convergence of the MSE for the
corresponding D [5]. From this figure we can see that
the convergence property of the ADF is improved as D
decreases because the upper boundary for the stepsize u
increases as D decreases. The proposed architecture, as
described above, enables the ADF to have a small delay
and therefore to get a better convergence property.

5. Efficient Structure

From previous sections we can see that a direct mapping
implementation always requires N blocks. This means
that the amount of hardware becomes larger as N, the
length of the ADF, increases. In this section we show
an effective technique of reusing the blocks for reduc-
ing the amount of hardware with keeping the required
throughput. Then an example of hardware implemen-
tation is shown.
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Fig. 6 Learning curves.

5.1 Preparation

For simplification of the discussion in this paper, we
assume that the ADF treats only one frame of an image
and that pipelined multipliers are used.

Let us consider specifications are given as C' and
Ci: C is the maximum allowable period for pro-
cessing one frame and C} is the clock period of an
adder/multiplier in the block. From those specifica-
tions, the desired throughput is expressed as

M2Cy,
o

Tp = (19)

5.2 Scheduling of Blocks

We can derive the smallest amount of hardware which
satisfies the desired throughput T in the following way.
We define h;, as the number of blocks which can be used
in each cell. Let us derive the condition for h to sat-
isfy Tp. By extending the method of the 1-D pipelined
ADF [9], we obtain the following condition

5% 7 (20
where

Se=r+a+pf-1 Q1)

r= % (22)

o= (hl;] (23)

B = [logy(p — (& = L)hp + [aa-1])] (24)

g =1 ;h” + hy, (25)

Tm 1s the required period for processing one multipli-
cation and 7, is the required period for processing one
addition.

Our purpose is to determine the smallest h; satis-
fying the condition (20). Figure 7 shows an example
of the characteristic of the number of blocks hy versus
the throughput 1/S; and also shows the limit condition
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determined from the condition (20). A detailed descrip-
tion of Fig. 7 is given in the next subsection. When spec-
ifications are given, we obtain the limit condition and
the characteristic like Fig. 7, and from those figures we
can select the smallest h, on each p. Note that when h,,
is less than p, a block is reused. Figure 8 shows an ex-
ample of the procedure of reusing blocks. In Fig. 8, two
blocks are reused and their multipliers and adders are
scheduled. An example of the proposed architecture is
shown in Fig.9. The delay in Eq.(12) is automatically
determined by

D= [5] + [5] (26)
p St

If m and h; are selected properties, the pipelined ADF

is able to have the smallest D with maintaining the de-

sired throughput.

According to the above procedure we can deter-
mine h, and, hence, D. The pipelined ADF can be
implemented using those values which require the min-
imum hardware under the given specifications.

5.3 Design Example

Let us consider implementing the pipelined ADF under
the conditions M = 512, C = 1/60sec, N = 30, r =
4, and Cy = 6.7nsec. Cy is determined by the result
of a design using the PARTHENON [11]. In Fig.7, the
dotted line shows limited throughput under those condi-
tions. From this figure we know that the required block
percell is hy, =3 ifp=10,hy, =1 ifp=5o0rp= 2,
while direct mapping form requires h, = p. The delay
D is reduced to 7, 10 and 20, respectively. By applying
the proposed architecture, the pipelined ADF can have
a small amount of hardware and a good convergence
property with satisfying the desired throughput.

6. Conclusion

We proposed a pipelined ADF architecture based on a
2-D LMS algorithm. We showed that the proposed ar-
chitecture enables an ADF to have both a high through-
put and a small amount of hardware. To achieve
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Fig. 9 Example of cell architecture under p = 5 and h, = 3.

the hardware reduction we proposed to implement the
pipelined ADF using a block as the constructing unit.
The ADF is pipelined by cascading these blocks. We
showed the number of blocks in a cell is adjustable so
that we could derive the condition for satisfying given
specifications. We showed the smallest number of blocks
and the corresponding delay can be determined by using
the proposed architecture. An example of the hardware
design was shown.
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