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Abstract Multirate filter banks can be implemented effi-

ciently using fast-convolution (FC) processing. The main ad-

vantage of the FC filter banks (FC-FB) compared with the

conventional polyphase implementations is their increased

flexibility, that is, the number of channels, their bandwidths,

and the center frequencies can be independently selected. In

this paper, an approach to optimize the FC-FBs is proposed.

First, a subband representation of the FC-FB is derived. Then,

the optimization problems are formulated with the aid of

the subband model. Finally, these problems are conveniently

solved with the aid of a general nonlinear optimization al-

gorithm. Several examples are included to demonstrate the

proposed overall design scheme as well as to illustrate the

efficiency and the flexibility of the resulting FC-FB.

Keywords Digital Filters · multirate signal processing ·
optimization · filter banks · sampling rate conversion

1 Introduction

This paper focuses on fast convolution (FC) based implemen-

tation scheme for multirate filter banks. The basic idea of FC

is that the discrete Fourier transform (DFT) of the convolu-

tion of two periodic sequences is equal to the product of the

DFT’s of the sequences [12]. Therefore, the convolution of
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the input sequences can be implemented effectively through

multiplication in frequency domain, after taking DFT’s of

the input sequences. Eventually, the time-domain output is

obtained by inverse DFT. In practice, efficient implemen-

tation techniques, like fast Fourier transform/inverse fast

Fourier transform (FFT/IFFT), are used for the transforms,

and overlap-save processing is adopted for processing long

non-periodic sequences.

The application of FC to multirate filters has be presented

in [3], and FC implementations of channelization filters has

been considered in [4,22,10]. The idea of FC implementa-

tion of nearly perfect-reconstruction filter bank systems is

introduced in [13] and detailed analysis and FC filter bank

(FC-FB) optimization methods are developed in [14,21]. The

FC-FB based transmission scheme with the main parameters

of the 5 MHz Long Term Evolution (LTE) system is de-

veloped in [20] whereas the FC-FB implementation of filter

bank multicarrier waveforms are investigated in [15]. These

papers demonstrate the greatly increased flexibility and ef-

ficiency of FC-FBs in communication signal processing in

comparison with the commonly used polyphase-FFT imple-

mentation structures [9,19].

In this paper an optimization method for the FC-FBs is

described. This method is based on the subband representa-

tion in contrast to the linear periodically time-varying system

model used in [14].1 The goal is to optimize the parameters

of the filter bank in such a manner that, first, the filter bank

specifications are met and, then, the weighted maximum ab-

solute error between the desired and the resulting response is

minimized. The specifications for the filter banks are given in

two cases. In the first case, no additional waveform process-

ing is involved in subchannel filtering whereas in the second

1 This contribution extends the work in [21] by generalizing the op-

timization method for the wider class of problems and by providing

detailed descriptions of the overall FC-FB design scheme.

https://doi.org/10.1007/s11265-015-1004-6
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case, specific pulse shaping is jointly applied together with

the channelization function. It is shown that the performance

of these filter banks is determined by the amount of overlap in

overlap-save processing regardless of transforms sizes. This

result considerably simplifies the parameterization of the op-

timization problem at hand.

The outline of this paper is as follows. Section 2 first in-

troduces the filter bank models under consideration in this

contribution. In Section 3, the overlap-save processing of the

FC synthesis filter bank is first described, then the corre-

sponding subband representation is derived for analysis and

optimization purposes. The optimization problems are stated

in Section 4 and the implementation complexity of the result-

ing FC filter banks are discussed in Section 5. In Section 6,

several examples illustrating the efficiency of the proposed

synthesis scheme are described. Finally, the conclusions are

drawn in Section 7.

2 Filter Bank Models

The structure of Fig. 1(a), together with its dual analysis

bank structure, can be used for realizing separate synthesis

and analysis filter banks, as well as for analysis-synthesis or

transmultiplexer-type (synthesis-analysis) filter bank config-

urations. The importance of filter banks is that it is possible to

implement simultaneously many filters with different center

frequencies, resulting in reduced computational complexity

per subchannel. Analysis and synthesis filter banks find ap-

plications, for example in channelization filtering of wire-

less communication systems. Such systems often use fixed

uniform filter banks, but in the software defined radio and

cognitive radio contexts [8,2], there are various needs for the

increased variability of the channel filters. It has been ob-

served that FC-FBs are particularly useful in this application

since the subchannel bandwidths and center frequencies can

be independently tuned, with the resolution of the FFT bin

spacing during the real-time operation [4,10,14]. It is also

possible to use different transition band shapes for different

subchannels, if so desired.

The FC-FB model can be used for generating different

kinds of filter bank configurations. The frequency-domain

weights wℓ,k’s of Fig. 1(a) consist of two symmetric transi-

tion bands and the passband weights are set to be equal to one.

Figure 2(a) shows a magnitude response of a single channel

interpolator, which is constructed using such basic weights.

One important feature of the FC-FB structure is that the tran-

sition band shape optimized for the basic case can be used

for constructing filters with arbitrary bandwidths within the

FFT resolution. In Figure 2(b), a non-uniform two-channel

filter bank utilizing the same transition band shapes is shown.

Naturally, in systems where (typically) RRC-type pulse shap-

ing filtering is defined, pulse shaping and channelization

are implemented jointly by choosing the corresponding fil-

ter type. Figure 2(c) shows a filter bank multicarrier/offset-

QAM (FBMC/OQAM) type multiplex of subchannels. The

subchannel spacing is half the subchannel bandwidth. There-

fore, the subchannels are oversampled by two, which is also

necessary for staggered OQAM-type subchannel processing.

3 Fast-Convolution Synthesis Filter Bank Modeling

In this section the overlap-save processing of the FC synthesis

filter bank is first described, then the subband representation

of the corresponding filter bank is derived for analysis and

optimization purposes.

3.1 Overlap-Save Processing

The overlap-save processing in FC synthesis filter bank is

illustrated in Fig. 3. We consider a case where K incoming

low-rate, narrowband signals xk(n) for k = 0, 1, . . . ,K − 1

with adjustable frequency responses and with possibly differ-

ent sampling rates are to be combined into single wideband

signal y(p).

In this block-wise processing, the incoming discrete-time

input signals xk(n)’s are first transformed to frequency do-

main using discrete short-time Fourier transform (STFT) as

given by

Xk,b(m) =

Lk−1
∑

n=0

xk(n+mLS,k)θk(m) exp

(−j2πbn

Lk

)

(1)

for b = 0, 1, . . . , Lk − 1. Here, Lk is the transform size, b

denotes the frequency bin index, the decimated sample time

m denotes the frame (or block) index, whereas LS,k is the

hop size, i.e., the number of samples between two consecutive

frames as depicted in Fig. 3. The phase shift, θk(m) in (1),

required to concatenate properly the transformed signal back

to time domain is given by (4).

The resulting frequency-domain signals are then shifted

in frequency domain to their desired positions and weighted

such that their spectra do not undesirably overlap. The

weighted and shifted frequency-domain subband signals are

combined in the frequency domain and converted back to

the time domain with the aid of inverse short-time Fourier

transform. The process of shifting, weighting, and summing

the subband signals and then converting the combined signal

back to the time domain can be expressed as

ym(r) =
1

N

K−1
∑

k=0

Lk−1
∑

b=0

wb,kXk,b(m) exp

(

j2π(b+ bk)r

N

)

(2)
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Fig. 1 (a) Fast convolution based flexible synthesis filter bank using overlap-save processing. In this structure, the interpolation factor of subchannel

k is equal to the ratio of the IFFT size and FFT size. (b) Notations used for the number of samples in different parts of the overlap-save blocks.
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Fig. 2 Examples of different filter bank configurations which can be

implemented using the FC-FB structure. (a) Single channel interpolator,

(b) non-uniform two-channel filter bank having same transition band

shapes for both subchannels, and (c) FBMC/OQAM-type multiplex of

eight overlapping subchannels with RRC-type design and roll-off factor

of one.

for r = 0, 1, . . . , N − 1. Here, N is the size of the inverse

transform, bk is the index of the first bin of the kth subband

whereaswb,k is the frequency-domain weight function deter-

mining the frequency response of the corresponding subband

signal.

The output signal y(p) can be obtained from the output

blocks ym(r)’s by using the overlap-save processing as ex-

pressed as

y(p) =
∑

m

f(p−mNS)ym(p−mNS), (3a)

where NS is the number of non-overlapping samples in

overlap-save processing (cf. Fig. 3) and

f(n) =

{

1 NL + 1 ≤ n ≤ NL +NS

0 otherwise
(3b)

is the function for selecting the samples to be concatenated

in overlap-save processing.

In order to maintain the phase continuity between con-

secutive overlapping processing blocks, an additional phase

shift as given by

θk(m) = exp(j2πmΘk) with Θk = ckLS,k/Lk (4)

is required in the analysis processing of (1) [14]. Here, ck is

the center bin of the kth (bandpass) filter.

In the case of block-wise processing, the number of non-

overlapping samples is typically determined with the aid of

overlap factor as given by

λ = 1− LS,k/Lk = 1−NS/N. (5)

In order to process input signals with different sampling rates

and to utilize the overlap-save processing in forming the out-

put signal, the overlap factor has to be equal for all (forward

and inverse) transforms. The number of leading and tailing

overlapping samples for the forward transforms (FFT) are

defined as

LL,k =

⌈

λLk

2

⌉

and LT,k =

⌊

λLk

2

⌋

, (6)

respectively, that is, there are LL,k+LT,k = Lk−LS,k over-

lapping samples between frames. The corresponding nota-

tions for the inverse transform are depicted in Fig. 3.
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Fig. 3 Block transform representation of the fast-convolution

synthesis filter bank with overlap-save processing.

In the synthesis filter bank case, it is assumed that the

inverse transform size is larger than the forward transform

sizes Lk’s and, therefore, the above process increases the

sampling rate of the subband signal by factors

Rk = N/Lk. (7)

In other words, the sampling rate conversion factor is de-

termined by the FFT size and can be configured for each

subband individually. Naturally, the FFT size determines the

maximum number of frequency bins, i.e., the bandwidth of

the subband. It is also possible to reduce the sampling rate

conversion factor by increasing the FFT size by adding zero-

valued bins outside the wanted subband frequency range [13].

3.2 Subband Representation

Following the well-known duality between the block trans-

form representation and subband representation [6,1,11], the

fast-convolution synthesis filter bank can be identically mod-

eled as a subband filter bank as depicted in Fig. 4.

The analysis transfer functions Gk,b(z)’s can be derived

straightforwardly from the analysis equation (1) by first as-

suming that the hop size is LS,k = 1. After substituting

s = n+m and n̂ = m, (1) can be rewritten as

Xk,b(n̂) =

n̂+Lk−1
∑

s=n̂

xk(s)θk(n̂) exp

(

j2πb(n̂− s)

Lk

)

=

[

n̂+Lk−1
∑

s=n̂

xk(s)gk,b(n̂− s)

]

θk(n̂), (8)

that is, the analysis can be realized by filtering the sequence

xk(n) by analysis filters

gk,b(n) = exp

(

j2πbn

Lk

)

(9)

followed by subsequent modulation by θk(n̂). Correspond-

ingly, the synthesis filters can written as

fb(n) = exp

(

j2πbn

N

)

. (10)

Subsampling Xk,b(n̂) by LS,k > 1 results

Xk,b(LS,kn̂) =

Lk−1
∑

n=0

[

xk(n+ n̂LS,k)θk(LS,kn̂)

× exp

(−j2πbn

Lk

)

]

= Xk,b(m). (11)
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Fig. 4 Subband representation of the FC synthesis filter bank.

Due to the subsampling, there areLS,k different transfer func-

tions for the analysis filters depending on the sampling phase.

Consequently, the decimated subband signals can be written

as

Xk,b(z) =
1

Dk

Dk−1
∑

q=0

[

Gk,b(z
1/Dke−j2πq/Dk , ∆)

×Xk(z
1/Dke−j2πq/Dk)

]

, (12)

where Gk,b(z,∆)’s are the transfer functions of the analysis

filters for the sampling shift ∆ = 0, 1, . . . , LS,k − 1 and

Dk = LS,k is the decimation factor. The resulting output

signal can then be expressed as

Y (z) =

Lk−1
∑

k=0

Lk−1
∑

b=0

wb,kXk,b(z
Ike−j2πΘk)Fb+b0,k(z), (13)

where Fb(z)’s are the transfer functions of the synthesis fil-

ters, Ik = NS is the interpolation factor, and Θk is given by

(4).

After some manipulations, the frequency response from

the kth input with sampling shift ∆ to the filter bank output

is expressible as

Hk(e
jω, ∆) =

1

NDk

Lk−1
∑

b=0

wb,kGk,b(e
jω, ∆)Fb+b0,k(e

jω),

(14a)

where

Gk,b(e
jω, ∆) =

Dk−1
∑

q=0

Lk−1
∑

ℓ=0

[

exp

(

j2πℓ(b+ ⌈Lk/2⌉)]
Lk

)

× exp(ℓ+∆+ LL,k)
j2π(q+λk0)/Dk

× exp

(−jI(ℓ+∆+ LL,k)ω

Dk

)

]

(14b)

for k = 1, 2, . . . , L and

Fb(e
jω) =

NS−1
∑

ℓ=0

exp

(

j2πb(NL + ℓ)

N

)

exp(−jωℓ)

(14c)

are the frequency responses of the analysis and synthesis

filters, respectively.

4 Optimization Problems

The goal is to optimize the frequency-domain weight values

in such a manner that, first, the given specifications are met

and, then, the weighted maximum passband and stopband

ripples of the resulting subfilters are minimized. This can

be achieved by minimizing independently for all the lowpass
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prototype filters (i.e., filters with differentLk’s) the following

maximum absolute value of the normalized error function:

ϵ = max
ω∈[0,ωp,k]∪ω∈[ωs,k,π]

0≤∆≤LS,k−1

|Gk(ω)[|Hk(e
jω, ∆)| −Dk(ω)]|,

(15)

whereDk(ω) is the desired response,Gk(ω) is the weighting

function as given by

Gk(ω) =

{

δs,k/δp,k, ω ∈ [0, ωp,k]

1, ω ∈ [ωs,k, π],
(16)

whereas Hk(e
jω, ∆) is given by (14). Here, δp,k and δs,k are

the desired passband and stopband ripples of the kth lowpass

prototype filter, respectively, whereas ωp,k and ωs,k are the

corresponding passband and stopband edge frequencies as

given by

ωp,k =
(1− ρp,k)π

Rk
and ωs,k =

(1 + ρs,k)π

Rk
, (17)

respectively.

Two specification types are under consideration in this

contribution. For Type A specifications, the amplitude re-

sponse approximates unity and zero in the passband and

stopband, respectively, whereas the transition band response

is unconstrained. These specifications are used when it is

desired to approximate as well as possible the frequency re-

sponse of the ideal frequency-selective filters and filter banks.

For Type B specifications, the passband and stopband approx-

imate unity and zero, respectively, as for Type A specifica-

tions, however, the transition band response is constrained to

approximate raised-cosine (RC) or root-raised-cosine (RRC)

functions. These specifications are used when it is desired to

combine the pulse shaping or waveform processing with the

channelization function.

The resulting optimization problems are the following:

Given Rk, δp,k, δs,k, ωp,k, and ωs,k find N , Lk, and λ to

minimize the error function as given by (15). These prob-

lems can be conveniently solved with the aid of any efficient

nonlinear optimization algorithm, e.g., fminimax from the

optimization toolbox provided by MathWorks, Inc [5].

The initial solution for the optimization can be straight-

forwardly generated by sampling the desired frequency-

domain response at the bin locations of the frequency-domain

weights wb,k. Therefore, in the case of Type A specifications,

the initial weights in the passband region are set to be equal to

one whereas the transition band weights can, e.g., be linearly

interpolated between one and zero. In the case of Type B

specifications, the transition band weights are obtained by

sampling half a cycle of the cosine function (RC case) or its

square root (RRC case).

5 Implementation Complexity

The number of real multiplications and additions per real

input sample required for the overall synthesis filter bank

can be expressed, respectively, as follows:

µ =
µIFFT +

∑K−1
k=0 (µFFT,k + 2LP,k + Tk)

(1− λ)
∑K−1

k=0 Lk

(18a)

and

α =
αIFFT +

∑K−1
k=0 αFFT,k

(1− λ)
∑K−1

k=0 Lk

. (18b)

Here, µFFT,k and µIFFT are the number of real multiplica-

tions required to implement the forward and inverse trans-

forms, respectively, whereas the corresponding number of

real additions are denoted by αFFT,k and αIFFT, respectively.

In the synthesis bank of Fig. 1, Tk = 2Lk real multipli-

cations are required for multiplying the overlapping input

signal blocks by complex phase rotations. In addition, 2LP,k

real multiplications are needed for weighting the complex

frequency-domain samples by real weight values. In general

LP,k = Lk − 1, however, the number of multiplications can

be reduced by constraining some of the weights to be exactly

equal to one as will be described in Section 6.

In the case of analysis filter bank, the roles of FFT and

IFFT in (18) are switched such that the number of operations

required for the forward transforms are replaced by the num-

ber of operations required for the inverse transforms and vice

versa. In addition, the number of real multiplications needed

for rotating the phases of the output blocks to be concate-

nated after the inverse transforms is Tk = 2LS. In this case,

the resulting complexities correspond to the number of real

multiplications and additions per output sample. The number

of multiplications and additions per input sample can be ob-

tained by multiplying the resulting complexities by sampling

rate conversion factor Rk as given by (7).

When the transform size is a power of two, the split-radix

algorithm is commonly considered to be the most efficient

one [17] and the number of real multiplications and additions

can be expressed as

µ(FFT/IFFT) = N [log2 N − 3] + 4 (19a)

and

α(FFT/IFFT) = 3N [log2 N − 1] + 4, (19b)

respectively, where N is the transform size. This complexity

is the same for both the forward and the inverse transforms.

In these operation counts it is assumed that the multiplication

of the complex value by the twiddle factor is performed using

three multiplications and three additions.
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Fig. 5 (a) Normalized error function as a function of overlap in

Example 1. (b) The corresponding implementation complexity.

6 Numerical Examples

This section illustrates the overall design scheme and the

complexity of the optimized filter banks in terms of three

examples.

6.1 Example 1

It is desired to design a filter bank with the sampling rate con-

version factor of R0 = 28/3 and with a few subfilters. The

desired passband and stopband ripples are δs,0 = 100δp,0 =

0.001 (60-dB stopband attenuation). The passband and stop-

band roll-off factors are ρp,0 = 0.2 and ρs,0 = 0, respec-

tively, i.e., the passband and stopband edge frequencies are

ωp,0 = 0.085714π and ωs,0 = 0.107143π, respectively. The

sizes of the forward and inverse transforms can be chosen as

L0 = 3M and N = 28M , respectively, where M is a posi-

tive integer. For a given M , the overlap factor can be selected

from λ = 1/M, 2/M, . . . , (M − 1)/M .

Three alternatives have been considered for the transform

sizes, that is, M is selected to be either 8, 12, or 16 corre-

sponding to the FFT sizes of 24, 36, and 48. The initial filters

have been designed using the design scheme of Section 4.

The error functions, as given by (15), of the initial solutions

are −36.27 dB, −38.04 dB, and, −37.96 dB with λ = 7/M
for M = 8, M = 12, and M = 16, respectively. Figure 5(a)

shows the normalized error as a function of the overlap in

samples for the optimized filters forM = {8, 12, 16}. As can

be seen from this figure, the given specifications can be met

for M = 8 with λ = 7/8, for M = 12 with λ = 7/12, and

for M = 16 with λ = 7/16, that is, the frequency-domain

performance for the given specifications is characterized by

the overlap in samples regardless of transforms sizes. How-

ever, the number of real multiplications per input sample, as
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Fig. 6 Normalized error as a function of the number of coefficients to be

implemented in Example 1 with L0 = 36, N = 336, and λ = 7/12.

depicted in Fig. 5(b), reduces as the transforms sizes increase

and, consequently, the overlap factor decreases.

It has been also observed that some of the passband

weights can be constrained to be equal to one, that is, only

the transition band weights have to be implemented. This

further reduces the implementation cost. Figure 6 shows, for

the M = 12 (L0 = 36, N = 336) and λ = 7/16 case, the

normalized error as a function of the number of coefficients

to be realized. As can be seen from this figure, constrain-

ing 21 passband coefficients to be equal to one reduces the

normalized error less than 3.0 dB.

The number of real multiplications and additions required

to implement the forward and inverse transforms [17,16] as

well as the resulting minimum computational complexities

required to meet the specifications are given in Table 1.2

The corresponding complexities for the conventional ratio-

nal polyphase interpolator meeting the same specifications

are 88.3 and 79.0, that is, the reduction in real multiplica-

tions is in the best case 16 percent. The overall number of

arithmetic operations of the FC-FB design including both

the multiplications and additions is nearly four times larger.

When increasing the number of subchannels, the compu-

tational complexity per input sample for the FC-FB design

decreases whereas for the polyphase realization the complex-

ity increases rapidly. This is due to the reason that for the

FC-FB only one computationally demanding long transform

is needed for all the subchannels whereas for the polyphase

realization the interpolator arithmetic has to be replicated for

each of the subchannels. Furthermore, the polyphase realiza-

tion requires additional arithmetic for shifting the subchan-

nels to the desired frequency-domain locations. This can be

achieved by either using complex polyphase structure dou-

bling the complexity or a mixer at the filter output resulting

in 3× 28/3 additional real multiplications per input sample

for each subchannel. For example, when the number of sub-

channels is increased to two (K = 2), the overall complexity

2 It should be noted that, in the case of conventional single-band

interpolators, the frequency shift is typically equal to zero [Θk = ck =

0 in (4)] and the rightmost-hand term can be excluded from (18).
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Table 1 Complexities of the fast Fourier transforms as well as that of the overall FC-FB design with one and two subchannels in Example 1.

M L N µFFT αFFT µIFFT αIFFT µ (K = 1) α (K = 1) µ (K = 2) α (K = 2)

8 24 224 44 252 998 8604 362.7 2952.0 204.0 1518.0
12 36 336 80 480 956 8505 73.7 599.2 44.2 315.6
16 48 448 124 2396 636 20316 87.1 776.0 54.2 400.0
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Fig. 7 Magnitude responses and the passband details of the optimized

single-channel FC-FB design in Example 1 with L0 = 36, N = 336,

and λ = 7/12. In this case, the filter has LS = 15 different magnitude

responses.

Table 2 Optimized parameters values of the FC-FB design in

Example 1 with L0 = 36, N = 336, and λ = 7/12.

φ0 = 0.040237820621 φ7 = 1.029011902267
φ1 = 0.252952429875 φ8 = 1.095474594676
φ2 = 0.659287585807 φ9 = 1.013430152166
φ3 = 1.017301227339 φ10 = 0.912827716988
φ4 = 1.083882939266 φ11 = 0.921498456730
φ5 = 0.950554191564 φ12 = 0.968498187137
φ6 = 0.913316640866
φk = 1.0 for k = 13, 14, . . . , 17

of the FC-FB is 72 percent of that of the polyphase filter

bank and only 31 percent when the number of subchannels

is three.

All the LS = 15 different magnitude responses of the

optimized FC interpolator with L = 36 and λ = 7/12 are

depicted in Fig. 7, whereas the optimized parameter values

are given in Table 2. The frequency-domain weights are ob-

tained from the optimized values as wb,0 = w34−b,0 = ϕb

for b = 0, 1, . . . , 17.

6.2 Example 2

It is desired to design a four channel non-uniform filter bank

with δp,k = δs,k = 0.001, Rk = 10/{4, 2, 3, 1}, ρp,k =

0.2/(Rk/10), and ρs,k = 0 for k = 0, 1, 2, 3 [7]. These

Table 3 Optimized parameter values of the FC-FB design in Example 2

with λ = 9/32.

φ0 = 0.008723183016 φ5 = 0.522504883951
φ1 = 0.039685065712 φ6 = 0.688994002258
φ2 = 0.105952535291 φ7 = 0.827264603841
φ3 = 0.212710108035 φ8 = 0.923006064548
φ4 = 0.356610368680 φ9 = 0.978129889354
φk = 1.0 for k = 10, 11, . . . , 15

specifications are met by the overlap of 9 samples, that is,

the shortest FFT satisfying the specifications is 10. However,

in order to reduce the implementation complexity, the FFT

sizes are chosen to be multiple of 32. In this case, the FFT

sizes become Lk = {128, 64, 96, 32} for k = 0, 1, 2, 3 and

the IFFT size is 320.

Table 3 gives the optimized parameter values for the

subfilter with the bandwidth of 0.1π. In this case, six val-

ues are constrained to be equal to one. The frequency-

domain weights can be achieved from these values as wb,3 =

w30−b,3 = ϕb for b = 0, 1, . . . , 15. The frequency-domain

weights of the subfilter with bandwidth of 0.2π can be ob-

tained from wb,3’s by inserting 32 ones between the transi-

tion bands of wb,3. This same procedure is used recursively

to obtain the weights of the remaining subfilters. The mag-

nitude responses for the optimized FC-FB design are shown

in Fig. 8(a). Figure 8(b) shows one of the many alternative

configurations being realizable with the same optimized pro-

totype filters.

The number of real multiplications and additions required

to implement the forward and inverse transforms are given

in Table 4. The number of real multiplications and additions

per input sample for the proposed design are µ = 16.1 and

α = 71.1, respectively. For the filter bank in [7], these val-

ues are µ = 26.3 and α = 29.4, respectively, that is, the

number of multiplications and additions needed for the pro-

posed design are 60.9 and 241.3 percent of those in [7]. Both

the bandwidth and the center frequency of the subchannels

for the proposed design can be adjusted in steps of π/320

(with an exception that the minimum subchannel bandwidth

is 22π/320) whereas for the design in [7] the correspond-

ing value is π/20. Therefore, the FC-FB based design offers

considerably better configurabililty. In addition, the number

of coefficient values to be designed and realized is approxi-

mately 25 times higher in [7].
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Table 4 Complexities of the fast Fourier transforms in Example 2.

N 32 64 96 128 320

µ(FFT/IFFT) 68 196 332 516 1620

α(FFT/IFFT) 338 964 1548 2308 10196
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Fig. 8 (a) Magnitude responses of the optimized FC filter bank in Ex-

ample 2. (b) One of the many other alternative configurations.

6.3 Example 3

It is desired to design a decimator with the following over-

all specification: The input and output sampling rates are

Fin = 307.2 kHz and Fout = 4800 Hz, respectively, that is,

the sampling rate reduction factor is 64. The passband and

stopband roll-off factor for the two-times oversampled out-

put signal is ρp,0 = ρs,0 = 0.25 with RRC-type transi-

tion band. The stopband attenuation should be at least 80 dB

(δs,0 = 0.0001) 2400 Hz away from the channel center.

Due to the RRC-type specification, there should be a

frequency-domain weight in the middle of the transition

bands with a value of 1/
√
2 and, therefore, the minimum FFT

bin spacing is 2400ρ0/2 = 300 Hz resulting to a minimum

IFFT and FFT sizes of L0 = 32 and N = 64L0 = 2048,

respectively. However, these selections do not meet the spec-

ifications and the IFFT and FFT sizes has to be increased to

the next power of two, i.e., L0 = 64 and N = 4096. In this

case, the number of real multiplications (additions) needed

for the inverse and forward transforms are µIFFT = 196 and

µFFT = 36868 (αIFFT = 964 and αFFT = 135172), respec-

tively.

In this case, the specifications are met by the overlap fac-

tor of λ = 37/64. The number of real multiplications and

additions per input sample for the resulting decimator are

µ = 21.5 and α = 78.8 whereas for the modified-DFT fil-

ter bank [18] meeting approximately the same specifications

these figures are µ = 67.1 and α = 75.4, that is, the re-

duction in overall operation count is roughly 30 percent. The

magnitude responses of the optimized decimator are shown

in Fig. 10. In this figure, the frequency-domain mask is de-
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Fig. 9 Optimized frequency-domain window in Example 3 for L0 =

64 and 4096 case.
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Fig. 10 Magnitude responses of the optimized filter in Example 3 for

L0 = 64 and 4096 case.

noted by gray area. Table 5 gives the optimized parameter

values whereas the overall frequency-domain window is de-

picted in Fig. 9. In this case, the frequency-domain window is

derived from the optimization parameters as w62−b,0 = wb,0

for b = 0, 1, . . . , 31 with

wb,0 =



































0, for b = 0, 1, . . . , 12
√

1− ϕ2
15−b, for b = 13, 14, 15

1/
√
2, for b = 16

ϕb−17, for b = 17, 18, 19

1, for b = 20, 21, . . . , 31.

(20)

Table 5 Adjustable parameters of the optimized decimator in

Example 3 for L = 64 and N = 4096 case.

φ0 φ1 φ2

0.900895948755 0.982788941219 0.999116797739
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7 Conclusions

In this paper, an approach to optimize the FC-FBs is pro-

posed. First a subband representation of the FC-FB is derived.

Then the optimization problems are stated using this model.

It is shown that various filter bank configurations can be flex-

ibly obtained using the proposed overall design scheme and

the complexities of the resulting designs compare favorably

with the other designs in the literature.
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