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In this paper, we present a novel approach for the design of near-perfect-reconstruction two-

band IIR quadrature-mirror filter banks. The proposed design method is carried out in the 
polyphase domain, where IIR filters are employed for non-linear phase compensation introduced by 
the allpass filters. In contrast to previous approaches in literature, IIR phase-compensation filters 
can be designed very efficiently using MATLAB software. Furthermore, starting from a generalized 
two-band structure, we introduce three special cases with different properties based on the same 
design principle. In all systems the remaining phase distortions are controllable and can be made 
arbitrarily small at the expense of the additional system delay. Simultaneously, aliasing can be 
minimized or completely canceled if further delay can be tolerated. 

 

Introduction 
Two-channel quadrature mirror filter (QMF) banks 

have received considerable attention and investigated 
for various signal processing applications, [1], [2], 
such as speech coding, communication systems, 
image compression and design of wavelet bases. In 
designing of QMF banks, three types of error that 
have to be eliminated or minimized exist: aliasing 
distortion, magnitude distortion and phase distortion. 
The conventional methods for QMF bank design, 
generally utilize the structure of finite impulse 
response (FIR) or infinite impulse response (IIR) to 
design a prototype low-pass analysis filter satisfying 
perfect or near perfect reconstruction conditions. 
However, the direct optimization of the prototype 
low-pass analysis filter yields both magnitude and 
phase distortions. Besides, the optimization procedure 
is complex and the computational requirements are 
burdensome. 

Recently, the least-squares design of two-channel 
perfect reconstruction QMF banks can be constructed 
using a parallel combination of IIR all-pass filters. 
This approach allows more efficient implementation 
of the QMF bank in comparison to designing by the 
prototype filter. Much effort has been spent on 
designing IIR all-pass filters [3], [4] to simultaneously 
satisfy both magnitude and phase specifications. As 
compared to the prototype design of low-pass analysis 
filter, IIR all-pass-based methods have the advantages 
of focusing on the phase approximation without 
incurring both aliasing and magnitude distortions [3], 

and therefore posses lower computational complexity 
and accurate performance [5]. Therefore, the design of 
IIR all-pass-based QMF banks can be reduced to 
solving the all-pass filter optimization problem. 

A number of IIR filter banks that have no aliasing 
and amplitude distortion have been reported [6]-[8]. 
The phase distortion is minimized by using a separate 
all-pass equalizer filter once the signal is 
reconstructed [9]. Perfect reconstruction two channel 
filter banks are presented in paper [10]. However, 
proposed IIR filter banks are not suitable for other 
applications where the constant group delay property 
of the analysis and synthesis banks are desired. 

Several approaches have been developed for 
designing the IIR all-pass filters [11] based on 
reducing computational complexity or improving the 
design performance. In the literature [12], Kidambi 
formulated the IIR all-pass filter design problem as a 
linear phase optimization. The optimal all-pass filter 
coefficients are then obtained by solving a set of linear 
equations which involves a Toeplitz-plus-Hankel 
matrix. Consequently, the Cholesky decomposition or 
split Levinson algorithm can be used to efficiently 
solve the set of linear equations. The method proposed 
by Kidambi [12] is computationally efficient as 
compared to solving the general linear equations by 
directly computing a matrix inversion and 
multiplication. Furthermore, the computation of 
matrix inversion may cause numerical problems when 
the filter order is large. In previous work [13], the 
authors used trigonometric identities [14] and 
frequency sampling method to compute the Toeplitz-
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plus-Hankel matrix by a closed-form formula rather 
than a numerical method. 

One solution for group elay compensation would 
be using anticausal filtering [15] and employing a 
double buffering scheme as in [16], [17] for the 
processing of infinite-length input signals. However, 
this method leads to a computationally costly 
synthesis filter bank, which requires segmentation and 
time-reversal of the subband signals. Therefore, more 
recent publications propose the use of stable mixed 
FIR/IIR-based synthesis filter banks, where in most 
cases the synthesis filters are optimized such that the 
overall system satisfies the near perfect reconstruction 
property. 

In this paper we present a novel near perfect 
reconstruction design technique for IIR allpass-based 
QMF filter banks, which uses IIR filters for group 
delay compensation in the polyphase domain. 

The  QMF bank optimization based on IIR all-pass 
filters is first simplified as the problem of solving a set 
of linear equations. Consequently, the proposed 
approach leads to the same QMF banks as the 
approach of [6] but requires a significantly lower 
complexity for calculating the all-pass filter 
coefficients. 

Description problem 
A basic architecture of two-channel QMF banks 

[4] is depicted in Fig.1. 

 
 Fig.1. General structure of the two-channel QMF bank. 

The analysis filters have lowpass and highpass 
transfer functions )(0 zH  and )(1 zH , with cutoff at 

2/π , and the synthesis filters are represented by 
transfer functions )(0 zF  and )(1 zF . The bank 

satisfies the perfect reconstruction condition if 
)()( knxcny −= , for some real c  and some integer 

k . In other words, )(ny  is a reasonably close replica 

of the input )(nx . More economical solutions with the 

reduced computational complexity can be obtained if 

the filter bank achieves the nearly perfect-
reconstruction property [18] defined by 

)()( knxcny −≈ . 

The input/output relation of the system is 
expressed as 
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where the second term on the right-hand side 
represents aliasing distortion arising due to the change 
of the sampling rate. Generally, )(0 zH  and )(1 zH  

are designed to be equal to the low-pass and high-pass 
analysis filters, respectively. To eliminate the aliasing 
distortion in QMF banks, the synthesis of the low-pass 
filter )(0 zF  and the high-pass filter )(1 zF  must be 

properly chosen to be equal to the analysis filters 
)(1 zH −  and )(0 zH− , respectively. Therefore, (1) 

becomes an alias-free system 
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Because the symmetry of the mirror image 
between )(0 zH  and )(1 zH  exists at the frequency 

2/π=ω , the relation )()( 10 zHzH −=  holds. 

Consequently, (2) can be further expressed as 
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where )(5.0)( zMzT =  is linear and shift-invariant 

transfer function also known as overall distortion 
transfer function for alias free QMF system. 
Obviously, the near perfect reconstruction QMF banks 
can be fulfilled by appropriately designing the 
prototype low-pass analysis filter )(0 zH . To achieve 

this goal, )(zM  must be a pure delay, that is, the 

frequency response satisfies 

(4) ( ) ( ) ( ) 1eee
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for all frequencies. Therefore, amplitude and aliasing 
distortions are eliminated but phase distortion can be 
done using the phase correctors or the group delay 

equalizer. The relation ( ) ( ))j(
0

jω
0 ee π−ω= HH  

“Е+Е”, 9-10/2015 29



indicates that ( )jω
1 eH  is a mirror image of ( )jω

0 eH  

with respect to 2/π , quadrature frequency. 

Distortion of the transfer function 

Considering pR  and sR  the passband and the 

stopband ripples of  )(0 zH  in dB, the following 

equation holds, 

(5) 11010 10/10/
=+ −−

sp RR . 

If the stopband ripple is known, then the passband 
ripple is 

(6) ( )10/101log10 sR
pR −−−= . 

The low-pass and the high-pass filters of QMF 
banks can be constructed using a parallel 
interconnection of two IIR all-pass filters (polyphase 
form), the transfer functions of which are shown in 
[8], [19], 
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where ( )2
0 zA  and ( )2

1 zA  are causal stable real IIR 

all-pass filters and the order of )(0 zH  and )(1 zH  is 

odd. Based on the all-pass framework, the overall 
distortion transfer function of the alias free QMF bank 
[20] is given by 
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Therefore this filter bank introduces only phase 
distortion which is governed by the nonlinear phase 

responses of )( 2
0 zA  and )( 2

1 zA . 

The main concern of the QMF banks optimization 
lies in solving the IIR all-pass filter coefficients of 

)( 2
0 zA  and )( 2

1 zA  such that the phase response 

)}(arg{ j ωeM  approximates the linear phase response 

or the constant group delay. Note that the numerator 
of )(0 zH  and )(1 zH  have zeros on the unit circle, 

such that the group delay is only a function of the 
transfer function poles. Since )(0 zH  and )(1 zH  have 

the same poles on the imaginary axis in the z-plane, 
then both filters have the same group delay equalizer. 

Approximation 
In this section, analytic solution for the design 

problems of Transitional Butterworth-Elliptic filters 
NPR two-channel QMF bank is proposed. The half 
band filters poles are placed on the imaginary axis of 
the complex z-plane, where one of them is placed at 
the origin and the remaining conjugate complex-pole 

pairs are located between 2/jπe and 2/jπ−e . All zeros 
of such filters are located on the unit circle and 

1−=z . 
In general, the squared magnitude characteristic of 

the analogue lowpass prototype in s-plane is expressed 
in form 
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where analog filter characteristic function, )(sK N , is 

rational, and the polynomial in numerator contains 
only even or odd power of s, but, the polynomial in 
denominator contains only even power of s. 
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For power symmetric filter design, at the passband 
edge, frequency j±=s , characteristic function is 

equal to unity, so the insertion loss of filter at this 
frequency is 3.0103 dB. In fact, Butterworth and 
Elliptic filters are introduced in this form, and the 
filter properties are governed in a way where )(sK N  

is chosen [12]. 
Here we will convert from continuous-time )(0 sH  

to discrete-time )(0 zH  form using the bilinear 

transform 
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The non-constant group delay characteristic of IIR 
filters can be responsible for the unwanted phase 
distortion. To eliminate this problem we have 
proposed an allpass filter as an group delay equalizer. 
Matlab command iirgrpdelay can be used for group 
delay equalized design. Stable all-pass IIR filters 

)(0 zA  and )(1 zA  which can be used to constructed two 

channel QMF bank as 

(12) 1,0for),()()( 2 == izHzAzA eii . 
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where )(zHe  is group delay equalizer transfer 

function. Thus, the overall distortion of the transfer 
function is 

(13) 1,0for),()()(5.0)( 22
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2
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1 == − izHzAzAzzT eap . 

It can be observed that the analysis and the 
synthesis filters have mini-max approximation 
constant group delay both in the passband and the 
stopband. 

Design Examples 
In this section, the Matlab software packages are 

used to design two-channel near perfect reconstruction 
QMF banks based on the IIR all-pass filters. Eight 
degree group delay equalizer is used in all examples. 

Butterworth solution 
The fifth order characteristic function of the 

Butterworth approximation is special case of equation 
(10) for 5=k  and 0=m . Transfer function is 
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Using the pole-interlacing property obtained 
transfer function of two allpass filters is given bellow: 
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Group delay equalizer transfer function is of the 
eight order 

.
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Fig. 2 shows lowpass and highpass frequency 
responses (left) and impulse response (right) of the 
fifth degree two channel filter bank and group delay 
response of distortion transfer function (13). 

The eight order group delay equalizer is used 
because it covers the entire Nyquist interval [0 1] 
× π /sample. Fig.2 (left) shows group delay frequency 
responses before (8) and after delay equalization (13) 
of the transfer function. The group delay response has 
reduced ripples of only %572926.2±=τE . Also 

note that there are more ripples in the response, 
indicating that all four all-pass sections of the second 
degree of group delay equalizer are utilized. 
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Fig.2. Frequency responses and impulse response of NPR 
two channel filter bank: Butterworth filter is fifth degree 

and group delay equalizer is eight degree. 

Fig.2 (right) shows impulse responses before (8) 
and after delay equalization (13) transfer function. It is 
shown, that delay equalized transfer function produce 
an output signal that is very similar to a delayed 
replica of the input signal.  

Corresponding pole-zero plot of overall distortion 
transfer function is given in Fig.3. 
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Fig.3. Pole-zero plot of NPR two channel filter bank which 

frequency responses are given in Fig. 2. 

Elliptic solution 
The fifth order characteristic function of Elliptic 

approximation is special case of equation (10) for 
1=k  and 2=m . Minimum stopband attenuation is 

40 dB. The transfer function is 

“Е+Е”, 9-10/2015 31



.
1446707.089658940.

)11)(2488.217561.324876.2(105510.
)(

35

234

0
zzz

zzzzz
zH

++

+++++
=  

Eight order group delay equalizer transfer function 
is 
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The group delay response has ripples of 
.11.506747%±=τE  Figure 4 shows frequency 

responses of two channel elliptic QMF bank and 
impulse response of corresponding distortion transfer 
function. 

Transitional Butterworth-Elliptic 
 Approximation 
The fifth order characteristic function of 

Transitional Butterworth-Elliptic approximation is the 
special case of equation (10) for 3=k  and 1=m . The 
transfer function is 
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Fig.4. Frequency response (left) and impulse response 

(right) of NPR two channel filter bank: fifth degree Eliptic 
filter  and eight degree group delay equalizer. 

The group delay response has reduced ripples of 
%200462.6±=τE  This approximation is a good 

compromise between Butterworth and Cauer 
approximation. Figure 5 shows frequency responses of 
two channel transitional Butterworth-Elliptic QMF 
bank and impulse response of corresponding 
distortion transfer function. 
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Fig.5. Frequency response(left) and impulse 

response(right) of NPR two channel filter bank: fifth degree 
Eliptic filter the and eight degree group delay equalizer.  

Conclusion 
A two-channel near perfect reconstruction time-

discrete quadrature mirror filter (QMF) bank, where 
IIR group delay compensation filters are employed in 
the polyphase domain, has been introduced. These 
group delay compensation filters can be easily 
designed via MATLAB function iirgrpdelay. 

Utilizing the theory of two-channel QMF banks 
with two IIR all-pass filters, the design problem is 
appropriately formulated in an appropriate 
Transitional Butterworth- Cauer approximation for the 
desired the magnitude response of the QMF bank and 
the group delay response of the QMF bank is 
compensated by using a group delay compensation 
filter to minimize the phase distortion. 
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