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Abstract

In this paper, we present a novel approach for the design of near-perfect-reconstruction mixed allpass-/FIR-based
two-band quadrature-mirror filter banks. The proposed design method is carried out in the polyphase domain, where
FIR filters are employed for compensating the non-linear phase introduced by the allpass filters. In contrast to previous
approaches in literature the FIR phase-compensation filters can be designed very efficiently using analytical
expressions. Furthermore, starting from a generalized two-band structure, we introduce three special cases with
different properties which are based on the same design principle. In all systems the remaining amplitude and phase
distortions are controllable and can be made arbitrarily small at the expense of additional system delay. Simultaneously,

aliasing can be minimized or completely canceled if further delay can be tolerated.

© 2005 Elsevier B.V. All rights reserved.
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1. Introduction

Critically subsampled two-band quadrature-
mirror filter banks (QMF banks) are utilized in a
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variety of applications, for example in audio and
image compression, where most design techniques
are dealing with FIR analysis and synthesis filters.
On the other hand, employing IIR filters leads to
very efficient filter bank realizations, which can be
designed such that they have stable and causal
subband filters and are free from both aliasing and
amplitude distortion. However, phase distortion
usually remains in the reconstructed signal.

One solution for canceling the phase distortion
and obtaining a perfect reconstruction (PR)
system can be achieved by using anticausal
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filtering [1] and employing a double buffering
scheme as in [2,3] for the processing of infinite-
length signals. However, this method leads to a
computationally costly synthesis filter bank, which
requires segmentation and time-reversal of the
subband signals. Other approaches for designing
PR filter banks with causal and stable IIR filters
are based on lifting-like factorizations [4,5], which
have the drawback that selective subband fre-
quency responses are difficult to obtain due to the
PR constraints being structurally imposed on the
design process. In order to design low-complexity
two-band near-PR systems, recent publications
propose the use of very efficient allpass-based
analysis filter banks [6-8] in combination with a
stable FIR- or mixed IIR-/FIR-based synthesis
[9-12]. The proposed work also falls into this
category.

In this paper, we present novel near-PR design
techniques for a class of mixed allpass-/FIR-based
two-band QMF filter banks. For example, this
also includes the design of a near-PR analysis—
synthesis system with a low-complexity analysis or
synthesis bank solely based on allpass polyphase
components. All design approaches are based on
FIR approximations for inverse first-order all-
passes, where the remaining error only depends on
the allpass parameters and the order of the FIR
approximation. In contrast to similar approaches
in literature, where the synthesis filters are
obtained by solving an approximation problem
for the ideal overall system response using linear
programming [9], an FIR all-pole filter approx-
imation based on a deconvolution approach
[10,11], or a weighted least-square design method
[12], here the FIR approximation filters are
designed via simple analytical expressions. Em-
ploying this phase compensation technique FIR
synthesis filters are obtained in such a way that the
non-linear phase introduced by the allpass filters is
compensated and furthermore, aliasing and linear
distortions are strongly reduced or even canceled
in the case of aliasing distortions. Furthermore,
the presented design methods have the interesting
property that an increase of the reconstruction
error at the output of the synthesis filter bank can
be traded for a reduction of the overall system
delay and vice versa.

The outline of the paper is as follows. In
Section 2 we briefly review the basic relations for
the allpass-based two-band critically subsampled
filter bank. The phase-compensation approach
utilized in the sequel of the paper is discussed in
Section 3. Section 4 then proposes a general two-
band mixed IIR/FIR analysis—synthesis system
and discusses three special cases emerging from
this general structure. Finally, design examples are
given in Section 5.

2. Classical allpass-based two-band QMF banks

The classical two-band critically subsampled
filter bank structure [13,8] is depicted in Fig. 1,
where the H(z) denote the analysis subband filters
and the Gy(z) the synthesis subband filters for
k = 0,1, respectively.

The input—output relation for this system can be
given as

X(2) = X(2) Tin(2) + X(—2) Tatias(2) (1
with the linear distortion transfer function
Tin(z) = [Ho(2) Go(2) + Hy(2) G1(2)]. (2)

If Thin(z)=c -z~ with ¢ € R and D denoting the
overall system delay, the filter bank has no
amplitude and phase distortion. The transfer
function Tyjias(z) in (1) corresponds to the aliasing
distortion and can be written as

Taiias(2) = 5[Ho(=2) Go(2) + Hi(=2) Gi(2)].  (3)
By choosing the synthesis filters according to
Go(z) = Hi(—z) and Gi(z) = —Hy(—2), 4)

aliasing can be completely canceled. Furthermore,
when the analysis filters are related as Hy(z) =
H(—z), they are referred to as quadrature-mirror

z(n) Hy(z) — |2 Go(z)

Hi(2) a Gil2) #(n)

Fig. 1. Two-band critically subsampled filter bank structure.
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filters. A very efficient way of representing the
filter bank can be obtained by using polyphase
components.

In the following, we consider QMF banks where
(4) is satisfied and where the polyphase compo-
nents consist of stable and causal allpass transfer
functions A;(z), i = 0, 1, of first order according to

z1 + a;

A =T

, 0<|Cl,‘|<l, a; € R. (5)
The analysis and synthesis filters then are IIR
filters, have the power-symmetric property and can

be given in a more compact matrix notation as

follows:
Ho2)| 111 1 Ao(2%) 6
H\(2) _5{1 —1} AP | ©
| p) 11
[GO(Z) GI(Z)] :5[2 Al(Z )A()(Z )] |:1 _1:|
(7N

For the sake of simplicity we restrict ourselves to
classical power-symmetric elliptical subband ana-
lysis filters which can be realized with allpass-
based polyphase components (see, e.g., [6,7]). By
using the fact that these filters have their poles on
the imaginary axis of the z-plane, it can be shown
that this class of filters can be derived from first-
order real-valued allpass polyphase components
(5) having only positive parameters «; [8]. Higher-
order filters can then be obtained by simply
concatenating the first-order allpasses in (5).

By inserting the subband filters from (6) and (7)
into (2) we obtain the linear distortion transfer
function

Tiin(z) = 127 40(2%) 41(2P), (®)

which is now an allpass transfer function. Thus,
amplitude distortion is eliminated and aliasing
distortion is canceled since (4) is satisfied, but
phase distortion persists and depends on the phase
responses of the allpass filters Ay(z) and 4,(z). A
straightforward solution to eliminate the phase
distortions in (8) would be to use non-stable
inverse allpasses A4;(z~2) instead of the A4;(z%) for
the synthesis filters in (7). However, an implemen-
tation of the synthesis bank is problematic due to

the non-causal synthesis polyphase components.”
In the next section we propose as one possible
solution a new closed-form FIR approximation
Fi(z) for a non-causal allpass A;(z"!), where
stability problems do not arise.

3. Compensation of the phase distortion

We present a novel analytical expression for an
FIR filter with the transfer function F(z), i =0, 1,
which approximately compensates the phase dis-
tortion caused by a first-order allpass 4;(z) up to a
certain error. Thus, F;(z) may also be interpreted
as a causal approximation for the non-stable
inverse allpass 4,(z""). To this end, let us consider
the relation

ADF(2) = 274 — elar,dy) = 2~ — (= 1)%ial,
i=0,1, d,-e R, (9)

where the phase compensation error is expressed
by the term &(a;, d;) = (—1)% afl". When the poly-
nomial factorization relation

di—1
B O R e R D e )
k=0
k@10 (10)

is inserted on the right-hand side of (9) and the
first-order allpass transfer function 4;(z) in (5) on
the left-hand side, we obtain the desired closed-
form expression for the phase compensation filter
Fi(z) as

d,’*l
Fia)=(+az") > (~)fdfz"410 (11)
k=0

= (—1)%! af"*l + Z(_])di—l—ka?’f*lfk
k=1
' (1 - Cllz) Z_/C + a[z_di, (12)

The synthesis bank may be implemented by applying time-
reversed subband sequences to the non-causal synthesis filters
[1], where this solution is only suitable for short input
sequences. Additionally, for achieving PR state information
for the analysis filters has to be transmitted to the synthesis side
besides the subband data, which increases the overall data rate.
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Since 0<|a;| <1, we can select the order d; of the
filter F;(z) such that the term &(a;, d;) in (9) can be
made arbitrarily small at the expense of additional
delay. Then (9) can be approximated as
A(2)Fi(z) ~ z=%.

Note that the equalization problem in (9) is
similar to the all-pole FIR approximation problem
stated in [10,11]. In the latter approach a FIR
phase compensation filter is designed via the
pseudo-inverse of a convolution matrix obtained
from the coefficients of the truncated allpass
impulse response, where depending on the choice
of the design parameters similar filters as from (12)
may be obtained. However, the design via the
approach proposed in [10,11] has a large design
complexity of order O(df), which makes the design
of longer FIR filters (which are required when,
e.g., A;(z) has zeros close to the unit circle [11])
quite costly. In contrast, using the closed-form
relation in (12) the design complexity is linear in
the filter order d;, which for example allows to
change the filter bank parameters adaptively in
different blocks of the input signal also for small
approximation errors &(a;, d;) with large d;.

An example for the proposed phase compensa-
tion approach is given in Fig. 2, where the

w
o

20.01;
2 A (2) F
E’ ” 19.99; G 1 _0_(2_) -O(z)
S el
§. Fo(z), d,=20
& 10
Ao(z), a0=0;6‘5' -
CI 1 . ——— e — e o= =~ T
0 0.2 0.4 0.6 0.8 1

Normalized frequency (w/r)

Fig. 2. Group delays for the first-order allpass A(z) with
ap = 0.65, the corresponding phase-compensation filter Fy(z)
with dy = 20, and the product filter 4¢(z) Fo(z2).

Aa‘o(l) ™ Fu.o(Z)

Aa1(2) = Fan(2)

individual group delays for the first-order allpass
Ao(z) with ay = 0.65, the corresponding phase-
compensation filter Fy(z) of order dy =20 from
(12), and the product filter Ay(z)Fo(z) from (9) are
depicted.

4. Generalized two-band IIR/FIR filter bank

In this section, the FIR phase compensation
approach derived in the previous section is applied
to the generalized two-band allpass-based IIR/
FIR analysis—synthesis system depicted in Fig. 3,
where the A4,/,(z), i=0,1, denote first-order
allpass filters and the F,/;;(z) FIR filters in the
analysis and synthesis bank, respectively. Note
that by choosing F,;(z) =1 the allpass-based
analysis bank from Section 2 is contained as one
special case. A general expression for the linear
distortion function 77;,(z) can be given as

Tlin(Z) = %Z_I(Aa,O(Zz) Fa,O(Zz) As,()(Zz) F;Y,O(Zz)

+ Aa,l(zz) Fa,l(Zz) As,l(zz) Fs,l(z2))r (13)
and for the aliasing function T j,5(z) we have
Tatias(2) = %Z_I(Aa,()(zz) Fa,O(Zz) AS,O(ZZ) Fs,O(Zz)

_Aa,l(zz) Fa,l(zz) As,l(zz) FS,I(ZZ))~ (14)

In the following we discuss special cases with
different properties arising from Fig. 3.

4.1. Case (i): minimization of amplitude, phase,
and aliasing distortion

By choosing

Fa,O(Z) =1, Aa,O(Z) = AO(Z): Fa,l(z) =1,
Aa)(2) = A1(2), (15)
< = Fs.(](z) ™ AS,U(Z)
+

Faa(z) = Aaa(2)

Fig. 3. Generalized two-band analysis—synthesis IIR/FIR filter bank.
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we obtain the classical power-symmetric analysis
filter bank with allpass polyphase components
[6-8]. By canceling the phase distortion introduced
by the analysis allpasses with the proposed FIR
phase compensation filters the synthesis polyphase
components in Fig. 3 can be given as

Fs,O(Z) = 2F0(Z)7 AA‘,O(Z) =z
Fi1(z2)=2F\(2), Au(2)=1. (16)

The Fi(z), i=0,1, have the order d; and are
designed according to (12). The delay term A;o(z)
is necessary for compensating the different lags in
the polyphase branches as we will see in the
following, where without loss of generality we
assume that d| >d.

The linear distortion transfer function of the
overall analysis—synthesis system can be obtained
by inserting (15) and (16) into (13) and applying
(9) as

Tiin(2)
_ 2dp-1

~(dy—do)

1(( 1)d0+1 d() 72(d1 (l'o) 1+(_1)d1+1a‘]ll Zﬁl),

= Elin(z)

17)
where Ejin(z) denotes the transfer function of the
linear distortion error. If the parameter d; with
dy<d, is selected such that &(a;,d;) ~ 0 in (9), we
also have Ejn(z) = 0. Then, Tjiy(z) has approxi-
mately linear phase and we have | Tjin(e/?)| &~ 1 for
all w, leading to an overall system delay of D =
2 max(dy, d;) + 1 samples. Likewise, by combining
(15), (16), (14), and (9) the aliasing distortion
transfer function can be written according to

1( 1)d1 di —1
l( 1)d0ad0 —2(dy—dy)— ] (18)

T y1ias(2) =

Again, if the parameters ay, a;, dy, and d; are
chosen appropriately, the aliasing distortion trans-
fer function tends to zero at all frequencies.

We can remove the delay element A4,¢(z) in the
synthesis bank at the expense of a slightly higher
computational complexity by choosing the same
order d' = max(dy,d;) for both phase compensa-
tion filters. The linear distortion error transfer
function Ej,(z) in (17) now only consists of a

single delay term according to

Ein(2) = H(=D"H'27(df +a)) (19)
and the new aliasing transfer function can be
given as

Taias(2) =327 (=" (af —af)). (20)

Note that the magnitude frequency response
| T atias(€/”)| is now a constant function in w, that
is, we have the same aliasing attenuation for all
frequencies.

4.2. Case (ii): minimization of amplitude and phase
distortion, cancelation of aliasing distortion

In addition to case (i), here aliasing is canceled
completely, where the analysis polyphase compo-
nents are again chosen as in the classical allpass-
based QMF case in (15). For the synthesis filter
bank we ﬁrst define  Q;(z) = Ail(2)Fi(z) =

— (- l)d a;' as FIR filter of order d;. The
synthesm polyphase components in Fig. 3 are then
specified as

Fs0(2) = 2Fo(2)0,(2),
Fo1(2) = 2F1(2)Qy(2),

AS,O(Z) = 1’
Agi(2) = 1. 1)

It is easy to verify that aliasing is completely
canceled, i.e., Tqjas(z) = 0. The linear distortion
transfer function T'j,(z) of the analysis—synthesis
system can be derived from (9), (13), (15), and
(21) as

Tiin(z) = 7—Q2d1+2do+1) 4 Ein(z) with
dy d do _
Ein(2) = (—l)dﬁdlaoO izl (= l)doa 0 .—(Q2d;+1)

— (- 1)d1 di —Qdy+1) (22)

Clearly, the remaining linear distortion error
eiin(n) = Z Y Ejn(2)} represents the only distor-
tion in the reconstructed signal. The aliasing
cancelation approach leads to an increased system
delay of D = 2d, + 2d + 1 samples compared to
case (1).
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4.3. Case (iii): almost linear-phase analysis and
synthesis filters

Two-band QMF filter banks with linear-phase
analysis and synthesis filters are desired in some
applications, for example in image processing and
compression. By modifying the structure from case
(i1) above, it is possible to reduce the group delay
deviations of the analysis and synthesis filters, and
to obtain approximately linear-phase subband
filters. In the analysis filter bank of Fig. 3 the
polyphase components are chosen according to

A(I,O(Z) = 17 Fa,O(Z) = QO(Z)a Aa,l(Z) = AI(Z)’
Fo1(z) = Fo(2). (23)

Likewise we have

As,O(Z) =1, FS,O(Z) = 2Ql(z)a As,l(z) = Ao(Z),
Fs,l(z) = 2F'l (2)9 (24)

in the synthesis filter bank. Now, the modified
analysis filters can be given as

H{(2) = 3(Qo(z%) + 2 41(Z)Fo ()
= Ho(2)Fo(z%),
3002 = 27 (2 Fo(2))
= Hi(2)Fo(2). (25)

Hi(z) =

These filters have a smaller deviation from a
linear-phase response compared to the pure
allpass-based QMF analysis bank, which will be
shown in the following for the filter H{(z).

Using relation (9) the filter F(z?) in (25) can be
stated as
Fo(2) = Aoz G720 — (= 1)a?). (26)
Note that this definition still refers to a stable
system since the two poles of the inverse allpass
Ao(z™?) are canceled by two zeros of
(z720 — (=1)"4l%). Now, by inserting (26) into
(25) we can write the lowpass analysis filter H{(z)
according to

H{(2) = Ho(2)Ag(z™) (270 — (=D)ai).  (27)

In the following, we only consider the remaining
group delay of the system

V(z) = Ho(2)Ao(z"%) = 5(1 + 2714, (z%) Ao(z%)
(28)

in (27). This restriction is justified when we assume
that the term (—l)doag is sufficiently small, which
then leads to an approximately linear- phdse
response for the term (z7240 — (—1)%gl).
By inserting (5) into (28) it can be shown that
the numerator polynomial Ny (z) of the rational
transfer function V(z) = Nyp(z)/Dy(z) has the
linear-phase property, such that it suffices
to consider only the group delay contribution
of the denominator polynomial Dy (z) = ay+
(apay + Dz 2 + ajz™*.

According to [14, Chapter 4.2.5] the group delay
of an all-pole system H(e/*) = |H (e/‘”)| e /M) with
N poles ze, = po, e/Voor, v=1,2,..,N, can be
expressed as

oo = 45

i b, CONO V) g

— Poo, COS(0 — Yo, )+ 02

Since the poles zeo,, = £j//ap and zn,, = £/ /a1
of V(z) are all on the imaginary axis of the z-plane
the maximal deviation from a constant group
delay occurs at w = +n/2. The corresponding
group delay ty(+n/2) can be obtained from (29)
and the poles of V/(z) after some simplifications as

i 2 2
if> - C, 30
TV( ) ST Ta T=a (30)
where the constant C = —1.5 contains the group

delay contributions of both the linear-phase
numerator Ny (z) and the fourfold zero at z=10
of the system 1/Dy(z). Likewise, we can obtain an
expression for the group delay of the original
analysis filter Hy(z) in (6) by inserting the
pole locations zeo,, = &j/ag and zo,, = Hj/ar
into (29):

v 2 2
5) - el 31)
where the constant C has the same value and
meaning as in (30). In order to achieve a smaller

‘L'H0 (:l:

_l—a() 1—611
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maximal deviation from the constant group delay
C for the modified analysis filter H{(z) (under the

constraint that ago tends to zero) we thus require

for all

‘ 2 O<ap<1. (32)

l—l/ao

!
'1—6!0

Since |1 — 1/ap|> |1 — ay]| for all ay € ]0, 1] condi-
tion (32) is satisfied and we can conclude that the
maximal group delay deviation ATH;),max =
It Hé)(ﬂ:n /2) — C — 2dy| is always smaller than the
one for the original analysis filter Ho(z).

Similar considerations hold for both the analysis
highpass filter and the synthesis filters, which can
be derived from (7) and Fig. 3 as

(2) = 2Gy(2)F(*) and
G/l(z) = 2G1(Z)F1(22). (33)

Note that the magnitude frequency responses
|H{(e/”)| and |H}(¢/?)| of the filters in (25) are
almost identical to |Ho(e/*)| and |H,(¢/*)| for the
pure allpass-based analysis filter bank in (6), since
the compensation filter Fy(z) has approximate

allpass behavior:
[H(&)] = [Fo(@**) | Hi(e)]
~ |Hi(@)l, k=0,1. (34)

A similar relation can be obtained for the synthesis
filters Gj(z) and G)(z) in (33). Furthermore, it is
straightforward to verify that the same system
delay and the same reconstruction errors as in case
(i1) hold here.

4.4. Summary and implementation complexity

Table 1 summarizes the properties of the
discussed filter bank systems and also states the
implementation complexity of these systems. We
can see that the smallest implementation complex-
ity is given by case (i). The additional cancelation
of the aliasing components in case (ii) only
requires a slightly higher complexity of the
synthesis bank, however, at the expense of a larger
system delay compared to case (i). By reducing the
deviation from a constant group delay in case
(i) a higher complexity is needed, where in

Table 1
Properties of the special cases derived from the general structure in Fig. 3 (see Section 4) (ALD/AMD/PHD: Aliasing/amplitude/phase
distortion, MPS/APS: Multiplications/additions per input sample)

Case (i) Case (ii) Case (iii)
Analysis polyphase components Ago(z) = Ao(z) Ago(z) = Ao(2) Aqo(z) =1
(cmp. Fig. 3) Foo(2) =1 Foo(z) =1 Fao(2) = 0y(2)
Au1(2) = 41(2) A0(2) = 41(2) A1) = A1)
Fa() =1 Fa(e) =1 Fai(2) = Fo(2)
Synthesis polyphase components 4 (z) = z~(“1~) Asp(z) =1 Asp(z) =1
(cmp. Fig. 3) Fi0(2) = 2F(2) F0(2) = 2Fo(2) 01(2) Fi(2) =20,(2)
Ag(2) =1 As1(z) =1 A 1(2) = Ao(2)

Fi1(2) = 2F1(2) Qy(2)
ALD canceled

AMD minimized: (22)
PHD minimized
Nonlinear

Fy1(2) =2F(2)

ALD canceled

AMD minimized: (22)

PHD minimized

Approx. linear in pass- and
stopband

0.5(dy + 3)MPS, 0.5(dy + 5) APS

Fy1(z) =2F(2)

ALD minimized: (18), (20)
AMD minimized: (17), (19)
PHD minimized

Nonlinear

Remaining distortions

Phase responses of H(z) and
Gi(z), k=0,1

Complexity, analysis bank (first-
order allpasses)

Complexity, synthesis bank

1 MPS, 3 APS [8] 1 MPS, 3 APS [§]
0.5(do + d\ +2) MPS,
0.5(do + di +4) APS
D =2 max(dy,d,) + 1

0.5(do + d1 + 6) APS
D= 2d1 =+ 2d0 +1

0.5(d) + 3) MPS, 0.5(d; + 7) APS

System delay (samples) D =2d, +2dy+1

The quantity Q;(z), i =0, 1, is defined as Q,;(z) = A;(z) Fi(z). The analysis and synthesis subband filters may be exchanged without
changing the behavior of the filter bank.
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comparison to case (i) and (ii) both analysis and
synthesis bank approximately require the same
number of operations.

Note that the analysis and synthesis subband
filters may be exchanged without changing the
overall behavior of the analysis—synthesis system
such that case (i) and (ii) are also well suited for
applications where computing power is a critical
resource at the receiver.

5. Design examples and comparison
Analysis filter bank

In order to design the IIR analysis filters in (6)
we use a direct optimization approach, where the
coefficients ay and a; of the first-order allpass
filters are obtained via nonlinear optimization
under minimization of the stopband energy. The
resulting magnitude frequency responses for the
analysis filters with the values ap = 0.1806 and
a; = 0.6485 are depicted in Fig. 4, where the
stopband edge frequency for the lowpass filter was
chosen as wy; = 0.647. These design parameters
will be used for the corresponding allpasses Ay(z)
and A4,(z) in all following examples:

Case (1): Here we choose the synthesis polyphase
components according to (16), where the filters
F(z) are designed via (12). By using the above
design for the analysis polyphase components in
(15) and the delay parameters dy = 6, d; = 22 in
the synthesis bank, we obtain the amplitude
distortion error depicted in Fig. 5(a) with the
dashed line for the overall analysis—synthesis
system. The magnitude aliasing distortion
| T atias(€/”)| for this set of delay parameters is

0 U P S
— o -
g 20l [Ho )l - H, (&)
> p
e ’
2 40t - o
54 RN v
= 60/ % ;
\ 0 i
-80 W P . .
0 0.2 0.4 0.6 08 1

Normalized frequency (w/r)

Fig. 4. Magnitude frequency responses for the allpass-based
IIR QMF analysis bank.
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(a) Normalized frequency (w/r)
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% o ou oy oy \\" “l' ooy l\l‘ \\l: AR TI
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(b) Normalized frequency (/)
69 T T T T
651 57.002 ;
3 61f se.gg;
8 57 :
Q
2 53f 45.002 ;
g <s JAAA
& 491 44.998 05 1
D e T
41 ; ; ; ;
0 0.2 0.4 0.6 0.8 1
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Fig. 5. Overall analysis-synthesis system, synthesis delay
parameters dy = 6, d; = 22 (dashed line: case (i), solid line:
case (ii)/(iii)): (a) Amplitude distortion error; (b) aliasing
distortion for case (i) (for case (ii)/(iil) T ajias(z) = 0); (c) group
delay.
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Fig. 6. Average magnitude aliasing distortion vs. system delay
for case (i).

shown in Fig. 5(b), and the group delay is given
with the dashed line in Fig. 5(c). We can see that
the overall linear distortion function T},(z) has
approximately linear phase, leading to an average
system delay of D = 45 samples.

Note that the choice of dy and d; is arbitrary
and reflects a compromise between low complexity
and low delay, and the minimization of aliasing
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and linear distortions, which can be also observed
from Eqgs. (17) and (18). The relation between
average magnitude aliasing distortion and system
delay is visualized in Fig. 6.

Case (i1): In this case the synthesis polyphase
components are given in (21), which ensures that
the aliasing distortion is exactly zero at all
frequencies. As delay parameters we again choose
do =6 and d| = 22. This leads to the amplitude
distortion error shown in Fig. 5(a), and the almost
constant group delay depicted in Fig. 5(c), both
shown with solid lines.

Case (iii): Here, all distortions are the same as in
case (i1) (see Figs. 5(a) and (c)) for the delay
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Fig. 7. Case (iii): (a) Magnitude frequency responses of the
synthesis filters; (b) group delays for both low- and highpass
filters in the analysis and synthesis filter bank, resp.

Table 2

parameters dy = 6 and d, = 22. Fig. 7(a) depicts
the magnitude frequency responses of the synthesis
filters G{(z) and G)(z), which are similar to the
analysis filters from Fig. 4 for the pure allpass-
based case (except the amplification by factor
two). Due to relation (34) this similarity also holds
for the frequency responses of the analysis bank.
Finally, in Fig. 7(b) the group delays for the
analysis and synthesis subband filters are shown. It
can be observed that all subband filters have
approximately linear phase both in the passband
and the stopband.

Comparison

The above design examples are summarized in
Table 2, which also contains results for FIR-based
two-band systems with identical analysis and
synthesis complexities. Especially, we consider a
PR two-band paraunitary lattice structure [15] and
a classical near-PR QMF design [8] with linear-
phase filters. Both resulting filter banks have
overall system delays being identical (except small
deviations due to the non-ideal phase compensa-
tion) to the delays in the above examples for case
(1)—(ii1). However, note that a comparison between
the mixed allpass-/FIR-based systems and the
classical FIR-based filter banks is quite proble-
matic since for the allpass-based approaches the
choice of the parameters d( and d; and thus also of
the amount of the remaining distortions is in
principle arbitrary. Nevertheless, the examples in

Comparison of the proposed mixed IIR/FIR systems with classical FIR-based approaches (ALD/AMD: Aliasing/amplitude

distortion, MPS/APS: Multiplications/additions per input sample)

System Stopband ampl. (max) ALD AMD

Group delay MPS/APS

Analy. Synth.

Case (i) (do = 6, d, = 22) —46dB
Paraunitary lattice [15] —47dB
Case (ii) (do =6, d| =22) —46dB
Paraunitary lattice [15] —54dB

Case (iil) (=~ lin. phase filter, dy = 6, d; =22) —46dB
QMF [8] (lin. phase filt.) —62dB

IIR/FIR approach [9, case 1] —34dB

—85dB +5.107 45+2.107° 1/3 15/16

cancelation ~ 45 24/23 2424
cancelation +10~4 574+2.1073 1/3 16/17
cancelation =~ 57 30/29  30/30
cancelation +10~* 574+2.1073 4.5/5.5 12.5/14.5
cancelation +10~4 57 29/29  29/29

cancelation +0.044 56 1/3 18/19
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Table 2 give a good overview of the performance
for the proposed mixed IIR/FIR systems.

We can see from Table 2 for case (i) and (ii) that
they generally show a much lower overall com-
plexity than the PR paraunitary lattice banks at
the expense of small distortions in the recon-
structed signal. However, in many applications,
where modifications of the subband signals are
carried out, small additional distortions as intro-
duced by the proposed near-PR systems may be
tolerated. When comparing the approaches having
linear-phase subband filters, we observe that the
strongly reduced complexity for case (iii) is
achieved at the expense of a higher stopband
amplification and thus, of less selective subband
filters compared to the near-PR QMF bank for the
same overall system delay.

Table 2 also contains results for the allpass-
based IIR/FIR system from [9], where the analysis
lowpass has a slightly smaller stopband edge
frequency of w; =0.6n leading to a smaller
stopband attenuation. The system from [9]
achieves a constant group delay at the expense of
a larger amplitude distortion, while the compexity
is comparable to case (i) and (ii).

6. Conclusion

We have proposed a novel approach for the
near-PR design of critically subsampled two-band
mixed IIR/FIR QMF banks, where FIR filters are
employed for phase compensation in the poly-
phase domain. These phase-compensation filters
can be designed via analytical expressions for their
impulse responses. We have shown that all
distortions at the output of the synthesis filter
bank are controllable and can be made arbitrarily
small at the expense of additional system delay.
Especially, it is also possible to cancel the aliasing
components completely and to design subband
filters with approximately linear phase if further
delay can be tolerated. Despite we have only
explicitly addressed the case of first-order allpass
polyphase components in the analysis bank, the
proposed phase-compensation approach can be
extended to higher order (elliptic) subband filters

by concatenating first-order allpasses in combina-
tion with higher order FIR compensation filters.

Furthermore, it is straightforward to exchange
the analysis and synthesis filters in the generalized
structure of Fig. 3. This leads to a low-complexity
synthesis, where now a phase “precompensation”
is carried out on the analysis side. This may be
advantageous for two-way coding and transmis-
sion applications with a mobile and a fixed part.
The mobile part would then contain the low-
complexity versions of the analysis and synthesis
banks for both transmitting directions, resp.,
whereas the fixed part would contain the corre-
sponding higher complexity analysis/synthesis
banks (see Table 1).
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