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Figure 1: Direct form realization for analysis and synthesis
filter banks.
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where Wp = e~927/D In the synthesis filter bank, the sub-
band signals Y, are interpolated by the interpolation factor
D, filtered by the synthesis filters G, (z) and then added to-
gether to form the output signal

D-1 M-1
Y(z)= % l_Z()X(zW}:,)Z&m(zD)H(zW}J}Wll))G(zWﬂ).

m=0
3)
Here &,,(z) is the application dependent filtering operation
in subband no. m.

3. Analysis Filter Bank Design

Since the analysis filters are related to a single prototype
analysis filter according to Eq. (1), the analysis filter bank
design problem reduces to the design of a single filter. The
ideal prototype analysis filter is a low pass filter filter with
cut-off frequency w, = m/M. Since FIR filters are not ide-
ally frequency selective, approximations need to be made.
The analysis prototype filter will be designed by defining a
passband region in which the filter response should be flat,
while minimizing the inband aliasing error. By minimizing
the inband aliasing, the prototype filter will obtain low-pass
characteristics since this is similar to maximizing stop band
attenuation.

The passband response error in the passband region 2, =
[—wp,wp] is defined as

ep(h) = — / N |H(e7?) — Hy(e")Pdw  (4)

pr —Wp

where Hy(z) is the desired frequency response. The desired
frequency response is
Hy(e?)=e 9™ weQ, (5)
where 73, is the desired group delay of the analysis proto-
type filter and with that the desired delay of the analysis filter
bank. Writing the analysis prototype filter in terms of its im-
pulse response, H(z) = hT¢(z) and substituting Eq. (5)

into Eq.(4) gives

ep(h) = hTAh - 2hTb 41 (6)
where »
A= [ AN @
and ) o
b = ol Re {/“™ ¢ (e?)} dw. ®

In order to minimize the inband aliasing, define the In-
band Aliasing Error is defined and expressed in terms of the
analysis prototype filter. From Eq. (2), the sum of the inband
aliasing terms X,,, () in subband signal X, (z) is described
by

o

-1
Ho(zPWHEWH)X(z3WE) (9
1

1
!

form =0,---, M —1. In the ideal case with ideal prototype
filters, and thus with zero aliasing in the subband signals,
Xm(z), the frequency response part in each term is zero and
thus A,,(z) = 0. In the non-ideal case with FIR filters the
energy in each term could be minimized. Since the analysis
filters are related by Eq. (1) it is sufficient to minimize the
energy in the aliasing terms of the first subband (m = 0).
The sum of the power magnitudes of the aliasing terms in the
first subband is

D-1
] 1 )
Do(e’) = 55 D |H("/PWh)[*.
=1

(10)

Subsequently, the inband aliasing distortion expressed in
terms of the impulse response of the prototype analysis filter
is

ks

1 .
epey(h) = — [ Dy(’)dw = hTCh

2 an

—T

where the hermitian matrix C is

D-1
1 T w Y
C= 55 § H(7/PWEYH (7! PW L) dw.
=1 Y"T

(12

The optimal analysis prototype filter with respect to mini-

mal passband response error and minimal energy in the alias-

ing components is found by minimizing the sum of the pass-

band response error in Eq. (6) and the inband aliasing error
in Eq. (11)

Etot(h) = EP(h) +ep, (h)
b"(A+Ch-2nTb+1  (13)
that is, by solving the set of linear equations
h = argmin e, (h) = (A + C) 'b. (14)
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Figure 2: Subband room impulse response identiﬁcation;

echo cancellation, a near-end speaker is situated in the room
and it is of major importance to keep the aliasing effect in the
subband for his/her speech at a minimum.

In order to determine the level of aliasing energy present
in the output signal, the Signal-to-Aliasing Ratio (SAR) mea-
sure is introduced. The subband SAR of the output signal is
defined as

B JT Ps(w)dw

SAR = F———
f_ﬂ PA(w)dw

(30)
where Pg(w) denotes the PSD of the desired signal compo-
nent in the reconstructed output signal, which is proportional
to the analysis and synthesis filters according to

M-1
Ps(w) H(e*WIHG(e W),

m=0

€29

and P4 (w) denotes the PSD of the undesired aliasing compo-
nent in the reconstructed output signal, which is proportional
to the analysis and synthesis filters according to

D—-1

b

f—1

Pa(w) H(YWRWE)G(E“WT).  (32)

=1 m=0

Figure 4 shows the power spectral density function of the
desired room transfer function and the estimates for the over-
sampled subband implementation. It can be seen that the real
room transfer function have deep and narrow valleys. In or-
der to resolve these valleys, it is needed to use a large num-
ber of subbands. Table 1 shows the System Error, s and
the SAR measure for 64 number of subbands, while Table 2
gives the same performance measures for 128 number of sub-
bands. It can be seen that the SAR measure is significantly

increased by applying oversampling. Further, the System Er-
ror is also better with oversampling for 128 number of sub-
bands.

6. Conclusions

In this paper, an efficient design method for uniform
DFT filter banks is proposed, with the possibility of a pre-
specified filter bank group delay and where the aliasing
and magnitude/phase distortions are simultaneously mini-
mized. The design method is evaluated in subband system
identification of a real room transfer function. To be able
to estimate the influence of aliasing effects, the Signal-to-
Aliasing ratio (SAR) measure was introduced. The evalu-
ation show that oversampled filterbanks gives a significant
increase of the SAR measure in comparison to critically dec-
imated filterbanks for near-end signals. When increasing the
number of subbands, also the total system error is reduced
for the oversampled filter bank.

The results show that there are significant advantages in
using the suggested design of oversampled filterbanks, when
applying subband identification in applications such as echo
cancellation.

M = 64 Fullband, 5 = —20.68 dB
D =64 D =32
T = 64 T = 128 T = 64 7 = 128
va2s eg || -12.97dD| -13.74dD|| -13.51dB| -13.1 dB
sar)| 5.57dB 7.14dB| 262 dB| 29.2 dB
1—s  es || -13.4 dB| -16.34dB|| -15.05d8B| -13.17dB
sar| 6.75dB| 8.2 dB| 32.62dB| 37.57dB

Table 1: Average distortion measures, £g and the calculated
near field SAR. Number of subbands is 64, critical and non-
critical decimation with two specified delay cases and two
different length of prototype filter.

M =128 Fullband, eg = —22.71 dB
D =128 D =84
T = 128 T = 256 T = 128 T = 256
r=2s6 £g || -14.64dB| -16.34dB|| -15.05dB| -16.88dB
SAR 5.31dB| 7.13dB|| 26.09dB] 28.32dB
L=512 £g -14.67dBj -16.75dB]|| -14.88dB} -17.24dB
SAR 6.51dB| 8.26dB|| 31.68dB| 36.9 dB

Table 2: Average distortion measures, g and the calculated
near-end SAR. Number of subbands is 128, critical and non-
critical decimation with two specified delay cases and two
different length of prototype filter.






