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1.0 In t roduc t ion 

Adaptive finite impulse response (FIR) digital filters 
are extremely useful devices in many applications of 
digital signal processing including channel 
equalization, sensor array processing, echo and noise 
interference cancellation. For simplicity we will 
restrict ourselves to the echo cancellation problem of 
which the basic scheme is given in Fig.l. Signal x(k) is 
reflected via an echo path as an echo signal e(k). This 
echo signal, together with the desired signal s(k) is 
received. The adaptive filter uses a transversal model 
for the echo path and makes a replica e(k) of the echo 
signal e(k). Theoretically the residual signal r(k) = s(k) 
+ e(k) - e(k) in steady state will almost be equal to the 
signal s(k). 
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time domain with multiplication in frequency 
domain, where the transformations between time and 
frequency domain can be done very efficiently, e.g. by 
using an efficient implementation of the Discrete 
Fourier Transform (DFT); namely the Fast Fourier 
Transform (FFT). In FDAF configurations, the linear 
convolution is accomplished by a circular 
convolution. Because of this circular nature special 
overlap methods must be used. Two. well known 
overlap methods are the overlap-save and the 
overlap-add method. Most of the literature on FDAF's 
deal with overlap-save method [2], hence we 
concentrate on overlap-add method. Fig.2a depicts the 
overlap-add method for fixed filter coefficients. The 
output signal e(k) is the result of a linear convolution 
between the input signal x(k) and the impulse 
response . W, (for i = o , . . . , N-l) In all figures the 
DFT's are of length L + LL'. Furthermore signal paths 
with double lines refer to paths in frequency domain 
while signal lines refer to time domain signal paths. In 
the text we will use lower case characters for the time 
domain signals while upper case characters are used 
for frequency domain signals. Exceptions are the 
upper case letters L,L', N and M which are used to 
denote block lengths. 

The overlap-add procedure is as follows (see Fig.2a): 

Figure 1: Adaptive Echo Canceler 

One of the most popular Time Domain Adaptive 
Filters (TDAF) is a digital transversal filter using the 
Least Mean Square (LMS) algorithm to update the 
adaptive weights. These updates are made along the 
direction of an estimated gradient vector [1],(5]. When 
the filter length becomes very large, this filter has the 
disadvantage that the computational requirements in 
terms of multiply-adds per output sample increases 
linearly with the filter length. The computational 
complexity can be largely reduced by using a 
Frequency Domain Adaptive Filter (FDAF). This 
reduction is accomplished by replacing convolution in 
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Figure: 2.a Genera l Over lap-add Me thod Performed in Frequency D o m a i n 

1. Select every iteration a block of L new points 
from the input signal x(k) and augment this block 
by L/ zeros (Segml). The input signal is now 
described by blocks which are defined as: 

X.(m) = X(mL = i) fori = i , . . . , l - l 
O fori = L . . . ,L+L' -1 (1) 

where m = 0,1/— is the block index. 

2. Transform the blocks containing xi(m) to the 
frequency domain. The frequency bins are 
defined as: 

L+L'-l 

Xj(m) = I x-OnJe-'011 with 9 = In 
i=o ' T+L' (2) 

3. Augment the impulse response , which is of 
length N, with M = L+L'-N zeros (Window g) to 
get the block: 

W. = W'j for i = O,. . . N - l 
O ' for i = N , . . . L+L' -1 (3) 

These blocks are transformed to the frequency 
domain which results in: 

. L+L'-l 
W,= I w.e-iou (4) 

i=0 

4. The convolution is performed in the frequency 
domain by multiplying X,(m) with W, for 1 = 
0,...,L+L'-1. 

5. Transform these blocks to time domain by the 
inverse DFT (DFT-1) which results in the blocks: 

L+L'-l 
§i(m) = I El(m)ei 8 i ' (5) 

1=0 

6. By performing a desegmentation (Desegm 1) on 
these blocks the output signal is calculated for m 
= 0,1,- as: 

6(mL + i) = e.(m) + § i a ( m - l ) for i = 0 , . . . , N - 2 
6i(m) for i N - l L-l(6) 

where m = 0,1,... and Si+L(-1) = 0 for i = 0,...,N - 2. 

The requirements on the block length L and number 
of augmented zeros L' are: 
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L S N to get an addition of two blocks as given in [4] 
(7) 

L' > N -1 to avoid wraparound errors 

The output signal e(k) in Fig.2a is the linear 
convolution between the (infinite length) input signal 
x(k) and the (finite length) impulse response . W. We 
note here that a correlation between an infinite length 
signal and a finite length sequence can be carried out 
in a similar way. The only difference is that we have 
to conjugate the signal X'(m) before it enters the 
dashed box. 

In adaptive filter configurations, the impulse response 
W' : is updated every iteration. For this reason, a 
simple addition of e.(m) and e. + L(m-l), as given in 
equation (6), is not possible in adaptive filters. A 
possible implementation of the overlap-add method 
in adaptive filter configurations is given in Fig. 2b. In 
this figure the impulse response is time varying, 
which implies that all weights do have a time index, 
e.g. W , - 4 W,(m). The multiplication in frequency 
domain has to be carried out separately for W,(m) 
with X,(m) and W,(m) with X,(m-1). The result of W, 

(m)-Xl(m -1) in time domain is circularly shifted over 
L' points to the right, and after that a Window v 
selects the first N-l points and augments these with 
M+l = L+L' -N+1 zeros. These results are added to the 
results of W^mJ-X^m) in time domain which gives a 
block that contains L correct linear convolution points 
at the first L places. 

2.0 Over lap-add imp lemen ta t ion of an 
FDAF wi th 7 DFT's 

In [2] (Fig.4, page 1080) an overlap-add 
implementation of an FDAF is given for the case L = 
L=L' = N. Here we first give a more general overlap-
add implementation of an FDAF, which is depicted in 
Fig.3, by using the previous results. 

Denoting the time domain adaptive weights by the 
adaptive filter has to perform a linear convolution 
between the input signal x(k) and these weights. This 
convolution is performed in the dashed box 
"CONVOLUTION" in Fig.3, where we used the 
results of Fig.2b. 
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Fig: 2.b Implemen ta t ion of Figure. 2a in Adapt ive Filter Conf igura t ions 
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The principle of the FDAF is to update the weights as 
long as there is correlation between the input signal 
x(k) and the residual signal r(k). In adaptive filter 
configurations however both the input signal x(k) and 
the residual signal r(k) are of infinite length. Since it is 
practically impossible to calculate the correlation 
between two infinite sequences, we assume r(k) as the 
finite sequence. Every iteration L new points of the 
signal r(k) are available, which is the result of the 
desegmentation box Desegm2 in Fig.3. For this reason 
we choose the length of the finite sequence r(k) to be 
equal to L points. As mentioned before the correlation 
of an infinite signal with a finite sequence can be 
calculated in a similar way as the convolution just by 
applying the complex the conjugate Xl*(m) as input to 
the dashed box "CORRELATION" in Fig.3. An 
additional requirement to (7) will now be L/> L-l to 
get no wraparound errors in the calculation of the 
correlation. For this reason Window v of Fig.2b is not 
needed. The requirement (7) on the block length L and 
the number of augmented zeros L/ for adaptive filter 
configurations using the overlap-add method now 
becomes: 

L > N and L'> L - l (8) 

Furthermore, we note that we have calculated L 
correlation points from which only N points are 
needed. The Window g is now used to take the first N 
points out of L+L' points and augment these with 
M = L+L'-N zeros. It is obvious tiiat the operations of 
the desegmentation (Desegm2) and the Window g can 
be combined in the Window g. 

By decorrelating the input signal the convergence 
speed can be accelerated [5]. This can be accomplished 
by normalizing the input power spectrum. In Fig.3 
this is done by multiplying the frequency bins R,(m) of 
the residual signal with the inverse of an estimate of 
the l , h input power spectral binP^""1 (m). This power 
normalization however is out of the scope of this 
paper, hence we will not go into further detail on that 
point. 

The update algorithm is now given by: 

W^m+l) = WjOtn^aAjOn) (9) 

Where is the adaptation constant(m) and AT is an 
estimate of the gradient. 

The complexity of the FDAF is roughly made by the 
number of DFT's. From Fig.3 we see that the 
complexity of the FDAF using the overlap-add 
method is in the order of 7 DFT's. 

3.0 Problem formula t ion 

From literature [2] it is known that the complexity of 
an FDAF configuration using the overlap-save 
method is in the order of 5 DFT's. It is also stated in 
literature [2] (pl073) that the FDAF configuration 
using the overlap-save method is to be preferred 
above the one using the overlap-add method, because 
of complexity reason. As shown in Section 2, overlap-
add method needs 7 DFT's. 

4.0 N e w over lap-add imp lemen ta t ion of an 
FDAF w i t h 5 DFT's 

In this section, we will first take a closer look to the 
overlap-add method separately. For this we make use 
of the requirements given in (8) for adaptive filter 
configurations using the overlap-add method. We 
refer to Fig.2b and note that the Window v is not 
needed here. By using the property that a circularly 
shift over L' points in time-domain is equal to a 
multiplication in frequency domain with e-1"11-', we can 
derive Fig.4a from Fig.2b, where we also used the 
linearity property of the DFT. We note here that in 
Fig.4a only one inverse DFT is needed while we need 
two of them in Fig.2b. This is the main reason of 
reducing the number of DFT's in an overlap-add 
implementation of an FDAF. 

Since both X,(m) and X,(m-1) are multiplied by W,(m), 
we can further reduce Fig.4a by shifting this 
multiplication with W,(m) after the addition point. 
This results in Fig.4b. 

Using the above results in the dashed boxes of the 
FDAF configuration in Fig.3, leads to the FDAF 
configuration which is given in Fig.5. This new 
overlap-add implementation contains 5 DFT's while 
the original one (Fig.3) which was derived from [2] 
contains 7 DFT's. 

5.0 I m p l e m e n t a t i o n . 

In most practical situations, we will use an efficient 
realization of the DFT, namely the Fast Fourier 
Transform (FFT). A requirement for this is that the 
length of the transformation L+L' has to be a power of 
two. A possible choice is L = L'. In this case the length 
of the FFT's is 2L while moreover the multiplication 
with e- i 8 i L' becomes very simple, namely: 

E J 6 I L ' / L-L ' = e " j " ^ I L (-1)1 (10) 

This implies that even frequency bins are added to 
their previous values, while for the odd bins we have 
to subtract their previous values. 

19 



Conj. 

X W D T T ^ T U Window Lfjyfi 

2orf£(m) 

I Segm. 1 I L ~ m 
1 — n r — 1 r m 

| , . D F T | 

DFT | 1 D F T : 1 j 

t V 
Segm. 1 : ' 1 ° . l Desegm. 2 

1 1 o 1 
r(A) 

IV 

Figure 5: N e w Over lap-add Implementa t ion of an FDAF wi th 5 FFT's 

As a final comment of this section we note that when 
shifting the multiplication of the factor e , 8 I L and the 
addition to the input signal (time domain), the 
segmentation of the input signal becomes different 
and the scheme is "overlap-save" like. However the 
segmentation and desegmentations of Fig.3 and Fig.5 
are equivalent. For this reason, it is obvious that the 
new FDAF configuration of fig.5 is an overlap-add 
implementation. 

6.0 Conc lus ions 

In contrary to the statement in [2], we have introduced 
an FDAF configuration using the overlap-add method 
which has equal complexity as the FDAF using the 
overlap-save method. In Fig.5 we can see that the 
segmentation and desegmentations are "equivalent", 
which is not the case for the overlap-save 
configuration. This implies that the configuration 
using the overlap-add method has DFT's which have 
more "equivalent" structures. This "equivalency" 
make the overlap-add configuration more efficient. 
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