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ABSTRACT

Subband adaptive filters have been proposed to avoid the
drawbacks of slow convergence and high computational com-
plexity associated with time domain adaptive filters. Sub-
band processing introduces transmission delays caused by
the filter bank and signal degradations due to aliasing ef-
fects. One efficient way to reduce the aliasing effects is
to allow a higher sample rate than critically needed in the
subbands and thus reduce subband signal degradation. We
suggest a design method, for a uniform DFT filter bank
with any over sampling factor, where the total filter bank
group delay may be specified, and where the aliasing and
magnitude/phase distortions are minimized.

1. INTRODUCTION

Subband adaptive filtering has arised as an alternative for
conventional time domain adaptive filtering, [1]. The main
reason is the reduction in computational complexity and
the increase in convergence speed for the adaptive algo-
rithm, by dividing the algorithm into subbands, [2]. The
computational savings comes from the fact that time do-
main convolution becomes decoupled in the subbands, at a
lower sample rate, [3].
Subband analysis and synthesis is often performed using
multirate filter banks, [4]. Non-ideal filters in the filter bank
cause aliasing of the subband signals. This aliasing can be
cancelled in the synthesis bank when certain conditions are
met by the synthesis filters and in the subband processing.
However, even if this aliasing is cancelled in this way, the
inband aliasing is still present in the subband adaptive fil-
ter input signals and, consequently, the adaptive filters are
perturbed and the overall performance of the system is re-
duced, [5].
Several solutions to the subband filtering problem have been
suggested in the literature. Non-critical decimation has
been suggested in [1], where filter bank delay aspects, and
amplitude distortions, have not especially been taken into
consideration. The use of cross filters, [5], has been sug-
gested to explicitly filter out the aliasing components. A
delayless structure has been proposed in [6], where the ac-
tual filtering is performed in the time domain, with conse-
quences of higher computational complexity. The compu-
tational complexity also increases significantly with cross
band filters. The use of allpass IIR filter banks gives very

high sidelobe attenuation and has been shown to be com-
putationally efficient, while keeping the aliasing effects low,
[7]. Non-linear phase distortions and appearance of nar-
rowband high energy aliasing terms may be noticed at the
subband boundaries with this approach.
We use an uniform DFT modulated FIR filter bank for
the subband transformations. Modulated filter banks pro-
vide a computationally efficient implementation, due to the
polyphase implementation [4], and great design simplicity.
The main contribution in this paper is the suggested design
method, where the inband and the reconstruction aliasing
are minimized simultaneously, while the total filter bank
group delay is pre-specified. A numerical comparison of a
real room identification shows that both the inband aliasing
and the filter bank delay affects the identification accuracy.

2. THE UNIFORM DFT MODULATED FILTER
BANK

A set of K filters forms a uniform DFT analysis filter bank
when they are related to a prototype filter, h0(n), as

Hk(z) = H0(zW k
K) =

∞∑
n=−∞

h0(n)(zW k
K)−n

k = 0, · · · ,K − 1 (1)

whereWK = e−j2π/K . Each subband signal is decimated by
a factor, D. An efficient implementation of such filter bank
is given in [8]. In order to analyze the magnitude and alias-
ing effects caused by the filter bank, a direct form realization
of the filter bank (see Fig. 1) is beneficial when it comes to
uniformity of the derivations for different decimation fac-
tors. The subband filters in the synthesis filter bank are
the same as for the analysis filter bank, i.e. Fk(z) = Hk(z).
Each branch signal, Vk(z), is simply a filtered version of the
input signal

Vk(z) = Hk(z)X(z) = H0(zW k
K)X(z). (2)

The decimators cause a summation of repeated and ex-
panded spectra of the input signal

Xk(z) =
1

D

D−1∑
l=0

Vk(z
1
DW l

D)
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Figure 1: Direct form filter bank realization.
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where WD = e−j2π/D. The interpolators have a compress-
ing effect

Uk(z) = Xk(zD) =
1

D

D−1∑
l=0

H0(zW k
KW

l
D)X(zW l

D). (4)

By yet another filtering operation by the reconstruction fil-
ters we state a relation between the input signal X(z) and

the output signal X̂(z)

X̂(z) =

D−1∑
l=0

Al(z)X(zW l
D) (5)

where

Al(z) =
1

D

K−1∑
k=0

H0(zW k
KW

l
D)H0(zW k

K). (6)

The transfer functions, Al(z), l = 1, · · · ,D − 1, can be
viewed as aliasing gains. The function, A0(z), is the mag-
nitude gain for the original input signal spectrum.
The magnitude and phase response of the overall transfer
function, T (z), and the distortion function, D(z), can be
described in terms of the repeated spectrum gains, Al(z),
as

T (z) =

D−1∑
l=0

Al(z) D(z) =

D−1∑
l=1

Al(z). (7)

For each subband signal, we define a measure of the inband
aliasing as the total gain of all repeated spectra in that
subband. Due to the modulated structure of the filterbank,
the inband aliasing gains will be the same for all subband
signals. Thus, we only measure the inband aliasing for the
first subband, D0(z), given by

D0(z) =
1

D

D−1∑
l=1

|H0(z
1
DW l

D)|. (8)

The inband aliasing given in Eq. (8) is an upper bound
on the actually incurred aliasing term, since cancellation of
the terms in the sum may occur. However, filtering in the
subbands will alter the cancellation effect and the objective
is to minimize the upper bound in order to successfully
tackle adaptive filtering in the subbands.

3. PROTOTYPE FILTER OPTIMIZATION

We want to find a prototype filter h which minimizes the
overall error function E(h)

E(h) = αε1(h) + βε2(h) + γε3(h) + δε4(h) (9)

where the factors α, β, γ and δ are weight factors and the
average amplitude error, ε1, is defined as

ε1(h) =
1

2π

∫ π

−π

|1 − |T (ejω)|2|dω (10)

and the average phase error, ε2, is defined as

ε2(h) =
1

2π

∫ π

−π

|� T (ejω) − � T (ej0) + τω|dω (11)

where τ is the desired group delay of the filter bank response
T (z). The average aliasing distortion, ε3, is defined as

ε3(h) =
1

2π

∫ π

−π

|D(ejω)|2dω (12)

and the average aliasing distortion in the first subband, ε4,
is defined as

ε4(h) =
1

2π

∫ π

−π

|D0(ejω)|2dω. (13)

The minimization of Eq. (9) is a very involved non-linear
optimization problem. We suggest an iterative two step
procedure, where we optimize Eq. (9) based on two de-
sign parameters, a passband boundary frequency, ωp, and a
stopband boundary frequency, ωs. For given design param-
eters, a prototype filter h, can be created using methods
outlined in [9] and [10]. This is a complex domain filter
design method which allows also for optimization on the
group delay. The objective in this design is to minimize the
function, J(ωs, ωp, τ ), on a sampled grid of frequencies

J(ωs, ωp, τ ) =

N∑
i=1

|Hd(ωi) −H(ωi)|2 (14)

where

Hd(ω) =

{
e−jωτ/2 ω ∈ Ωp

0 ω ∈ Ωs
(15)

is the desired complex filter specification with the passband
region defined as Ωp = [0, ωp] and the stopband region de-
fined as Ωs = [ωs, π]. The predetermined total desired filter
bank group delay is τ , and

H(ω) =

L−1∑
n=0

h0(n)e−jωn (16)

is the frequency response of the prototype filter.
The objective of the optimization is then,

[ωp, ωs] = arg min
ωp>0,ωs>ωp

E(h(ωp, ωs, τ )). (17)

The algorithm follows:



1. Initialization phase. The passband and stopband
frequencies are initialized with ωp,0 = π

M
and ωs,0 =

π
D

, respectively. Initial step sizes ζp,0 and ζs,0 are set.
Iteration index, i, is set to 0.

2. Design phase. The prototype filter h(ωp,i, ωs,i, τ ),
is designed such that Eq. (14) is minimized.

3. Optimization phase. The filter specification fre-
quencies ωp and ωs are adapted according to

ωp,i+1 = ωp,i − ζp,isgn(ω̇p,i) (18)

ωs,i+1 = ωs,i − ζs,isgn(ω̇s,i) (19)

where

ω̇p =
Ei − Ei−1

ωp,i − ωp,i−1
ω̇s =

Ei − Ei−1

ωs,i − ωs,i−1
(20)

where we have used discretized approximations of the
gradient. The step sizes are exponentially decreased.
Index i is increased by one and steps 2 and 3 are
continued until a stop criterion is met.

4. EVALUATION

We have designed two critical and two non-critical deci-
mated filter banks with 32 subbands and each with deci-
mation factor 32 and 16, respectively. The length of the
prototype filter is 128 and the group delay is specified as
τ = 128 and τ = 64. Table 1 shows the final distortion mea-
sures after optimization, for the four scenarios. We evaluate
the performance of the subband implementations in the case
of a real room impulse response estimation. A white noise
sequence is emitted through a loudspeaker in a conference
room and by using a microphone observation as a desired
signal, we identify the acoustic path, see Fig. 2. We use the
least squares estimation method, [2], individually in each
subband, and compare the fullband FIR filter identification
with subband identifications achieved with the filter banks
given in Table 1. The average spectral error of the estima-
tions, are given in Table 2, together with A FFT filter bank
implementation. The system responses of the critically dec-
imated filter bank identifications are shown in Fig. 3, while
Fig. 4 show the response of the non-critically decimated
filter banks, together with the real room system response.
It can be seen that the variations are much larger with the
critically decimated subband implementation, especially at
the subband boundaries.
The estimation accuracy for the non-critical decimated fil-
ter banks are close to the fullband solution and significantly
better than the critically decimated cases.

5. CONCLUSIONS

We have proposed an efficient design method for an uniform
DFT filter bank with the possibility of a prespecified filter
bank group delay. The optimization minimizes the inband
aliasing components as well as the overall filter bank trans-
fer function’s phase and amplitude deviation. A real room
transfer function estimation shows that the accuracy is de-
pendent on both the group delay and the aliasing effects.
Subband oversampling decreases the inband aliasing, which
in turn increases the estimation accuracy. The gain with

Figure 2: Subband room impulse response identification.

over sampling is more significant when reduced delay filter
banks are used.

L = 128, M = 32 τ = 128 τ = 64

D = 32 ε1 -12.56 dB -3.42 dB
ε2 0.03 rad 0.76 rad
ε3 -44.57 dB -43.52 dB
ε4 -12.28 dB -9.48 dB

D = 16 ε1 -21.55 dB -9.85 dB
ε2 0.02 rad 0.05 rad
ε3 -79.22 dB -68.02 dB
ε4 -48.31 dB -36.58 dB

Table 1: Average distortion measures, ε1, . . . , ε4 for critical
and non-critical decimation with two specified delay cases.

L = 128, M = 32 τ = 128 τ = 64

D = 32 -8.17 dB -7.74 dB
D = 16 -8.81 dB -9.16 dB

FFT Filter Bank -5.20 dB

Fullband -9.84 dB

Table 2: Average spectral error of least squares solutions to
a system identification of an acoustic path in a conference
room. Four subband cases with 32 weights and an FFT filter
bank are compared to the fullband solution.
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Figure 3: System responses of the real room transfer func-
tion estimates for the fullband implementation and the crit-
ically decimated subband implementations, L = 128, M =
32, D = 32. It can be seen that the identification error is
relatively large.
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Figure 4: System responses of the real room transfer func-
tion estimates for the fullband and the non-critically deci-
mated subband implementations, L = 128, M = 32, D =
16. It can be seen that the identification error is reduced
compared to Fig. 3.
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