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Modified Overlap-Add and Overlap-Save
Convolution Algorithms for Real Signals

Madihally J. Narasimha, Fellow, IEEE

Abstract—Modified overlap-save and overlap-add algorithms
for filtering a real signal by an -tap finite impulse response filter
are delineated. These algorithms compute two -sample output
blocks simultaneously at every processing step using 2 -point
transforms, while the traditional methods compute only one

-sample block with the same length transforms. They achieve
streamline processing for real signals but incur an additional delay
of samples.

Index Terms—High-speed convolution, overlap-add, overlap-
save.

I. INTRODUCTION

F ILTERING a long-duration real signal by a finite impulse
response (FIR) filter with real coefficients is a familiar

signal processing problem. For longer filter lengths, high-
speed convolution methods based on the overlap-save and the
overlap-add algorithms are traditionally employed to solve
this problem [1], [2]. In these methods, the input signal is seg-
mented into blocks of length typically the same as that of the
filter and processed by fast Fourier transform (FFT) processors.
However, the FFT is most efficient when the input and output
signals are complex. Although it is possible to process two
independent real signals using a complex FFT, with additional
postprocessing, such a scheme is often cumbersome. Hence,
an efficient streamlined procedure for real signals taking ad-
vantage of the efficiency of the complex FFT can be valuable.
The purpose of this letter is to present such a procedure. The
key observation we make is that it is possible to arrange two
consecutive input blocks as a complex sequence before the
first FFT processor, implement the traditional overlap-save
or overlap-add algorithm, and obtain two consecutive output
blocks by separating the real and imaginary parts at the output
of the second FFT processor.

II. TRADITIONAL OVERLAP-SAVE AND

OVERLAP-ADD METHODS

In this section, we formulate the traditional overlap-save and
overlap-add methods as matrix-vector product computations,
where the matrix is circulant, and the vector consists of input
blocks. This will lead us naturally to the modified algorithms
described in the next section.
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Consider the problem of filtering an infinite length sequence
with an -tap FIR filter defined by the coefficients

. Assuming that the output sequence
is computed on a block-by-block basis, we can write the

following expression for the block filtering operation:

(1)

Here, is the block index, and are the current and
previous -length input blocks, and is the current output
block

(2)

and and denote upper and lower triangular matrices
consisting of the filter coefficients as defined

...
...

. . .
...

...
. . .
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...

(3)

We have added an extra column of zeros at the right of the matrix
to equalize the dimensions of the two matrices. The traditional
overlap-save method of implementing this block filtering is to
extend the dimensional matrix into a
circulant matrix . With this extension, (1) can be rewritten as

(4)

where the in the LHS of (4) denotes the outputs that are
discarded. The product of the circulant matrix and the input
vector , which consists of the current and previous blocks, is
computed using well-known FFT techniques.

On the other hand, in the traditional overlap-add method, in-
stead of using two consecutive blocks as the input vector, we ap-
pend a block of zeros to the current block and then evaluate
the matrix-vector product, as shown by the following equation:

(5)
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Note that the circulant matrix is the same as before, and the
matrix-vector product is again computed through FFT methods.
The actual filter output is obtained as the sum of and the
block delayed version of , as shown in the following:

(6)

Here, denotes a delay of one block.

III. MODIFIED OVERLAP-SAVE AND OVERLAP-ADD METHODS

We still consider the input to be segmented into -sample
blocks. However, we step through two input blocks at a time and
generate output samples by employing complex -point
transforms. We assume that the filter coefficients and the data
are real.

In the modified overlap-save method, we consider three con-
secutive -point input blocks at every step: the current one and
the previous two. Denoting these by the symbols , and

, consider the following matrix-vector product method for
processing these blocks:

(7)

Here, we have combined two consecutive input blocks as a com-
plex sequence, as shown in the above equation, but the circulant
matrix is identical to that in the traditional methods. The in-
dicated matrix-vector product can be evaluated using complex

-point transforms. Now, the first output samples in (7) are
given by

(8)

Comparing this with (1), it is clear that the required samples
corresponding to output blocks and can be obtained by
simply separating the real and imaginary parts of the vector.
At the next step, this procedure is repeated after skipping over
two -sample blocks.

The modified overlap-add method is derived along similar
lines. Like the traditional method, we append a block of zeros
to the current complex block and evaluate the following ma-
trix-vector product:

(9)

Note again that the circulant matrix has remained the same.
Next, we separate the real and imaginary parts of and
to obtain , and . The actual output
blocks and are then computed by adding the current
and delayed versions of these parts as follows:

(10)

Once again, denotes a delay of one block. As before, this
procedure is repeated after skipping over two -sample blocks.

IV. REDUCTION OF THE PROCESSING DELAY

It is clear that the processing delay of the modified algo-
rithms is samples, while that of the traditional algorithms is
only samples. The standard technique to reduce this delay, at
the expense of additional computation, is to use the polyphase
decomposition approach to block filtering [3], [4]. As an ex-
ample, assume that we want to reduce the delay in the modified
overlap-save algorithm to samples. To accomplished this, we
segment the input into -point blocks, where , in-
stead of -point blocks as before. Now the total input vector
length in the RHS of (7) will be , and the dimension of the cor-
responding circulant matrix consisting of the filter coefficients
needs to be reduced accordingly. This can be achieved by com-
bining the filter coefficients, two at a time, using the polyphase
components [6] as defined in the following:

(11)

With these changes, we can reformulate the modified overlap-
save algorithm (7) as a matrix-vector product , in the

-domain, by taking the vector -transform of both sides [5].
The circulant matrix in this case will be identical to the
circulant before, except that the entries will be replaced
by . Although this matrix is a function of , its coefficients
are still real. The evaluation of the new matrix-vector product

consists of a complex -point DFT, followed by
complex two-tap filters and an -point complex IDFT [3]–[5].
We can then obtain the two -length output blocks by sepa-
rating the real and imaginary parts of the first half of the output
vector, whereas the second half is discarded. The amount of
computation indicated above should be compared to that of the
traditional overlap-save method with the same delay, which con-
sists of a first real -point DFT, complex multiplies, and the
equivalent of a second real -point IDFT.

V. COMPARISON OF THE TRADITIONAL AND MODIFIED

OVERLAP METHODS

We wrote Matlab programs to compare the execution time
of the traditional and modified overlap-save methods. While
writing these programs, we found it more convenient to use
the time-reversed versions of the input and output vectors de-
fined in (2) since they represent the natural order of occurrence
of the signals. Denoting the reversed vectors by superscript ,
the modified overlap-save algorithm in (7) can be equivalently
written as

(12)

where, for example, , with being the counter iden-
tity matrix, and is the transpose of the circulant matrix de-
fined in (4). Note that if we reverse the input and output vec-
tors in (7), we also need to reverse the rows and columns of the
matrix , which simply amounts to transposing it owing to its
circulant nature. Now, can be diagonalized using the -di-
mensional DFT matrix as , where the diagonal
matrix is the DFT of the first row of the circulant ; i.e.,
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TABLE I
EXECUTION TIME (SECONDS) FOR TRADITIONAL AND MODIFIED

OVERLAP-SAVE ALGORITHMS ASSUMING N = 2

diag , with , and de-
notes a row vector of zeros. This substitution in (12) yields the
modified overlap-save algorithm that features the DFT blocks at
the first stage and the IDFT at the final stage.

We estimated the execution time of Matlab programs running
on a PC for filtering real input sequences of different lengths
with a real fixed FIR filter of length . The traditional
method was based on (4) with real (reversed) input vectors,
where we coded the front end real-input -point FFT and the
back end real-output -point IFFT using complex -point
transforms as described in [7] and [8]. The modified algorithm
was based on (12) and used -point complex transforms.
Table I presents the execution times that we observed as the
average over ten runs. These results show that the modified
overlap-save method is about twice as fast as the traditional
method. Although a real transform should theoretically require
only half the computation time of a complex transform, we
believe that the additional execution time reported in Table I
for the traditional method is due to the overhead associated
with computing real -point FFTs using complex -point
FFTs and the twofold increase in the number of FFT function
calls.

VI. CONCLUSION

We have proposed modified overlap-save and overlap-add al-
gorithms for filtering a real sequence by an -tap FIR filter,
using complex sequences as inputs to the transform processors.
The computational requirements for the proposed algorithms, to
produce two blocks of samples, are two complex -point
FFTs and complex multiplies. To produce the same amount
of data, the traditional approaches require four real -point
FFTs and complex multiplies. The proposed algorithm ex-
ecutes faster than the traditional algorithm but incurs an addi-
tional delay of samples.
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