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Abstract 
In this paper, the implementation technique of digital 

crossover network using perfect linear phase IIR filters is 
presented. This system has various advantages which can 
not be obtained from analog crossover network such as 
linear phase response, flat group delay and sharp cut-off 
at low-order over audio frequency band. The simulation 
results show that the group delay response is maximally  
flat and twice more attenuation in stop-band than the 
prototype elliptic IIR filter at all desired frequency. 
 
1. Introduction 
 

Classical design of two-way digital crossover networks 
consist of low-pass filter and high-pass filter to split the 
audio signal into low-pass signal and high-pass signal, and 
each feeding to a separated loudspeaker. However, the 
amplitude, phase and group delay distortions can not be 
eliminated and it is difficult to achieve perfect 
reproduction [1] and [2]. We can derived the odd-order 
digital low-pass filter using the Bilinear transform and it 
can be implemented as a sum of two all-pass filters [3]. 
Two stable all-pass filters (APF) which transfers function 
pairs that is satisfied to all-pass complementary property 
was proposed by Regalia and et al [4]. It is well known 
that this two stable APF have less sensitivity and circuit 
complexity than the classical design. An implementation 
of the all-pass complementary filter pairs as the sum and 
difference of all pass functions is shown in fig1 
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Fig. 1   Two-parallel APF is implementing of two-way 
crossover network. 
 
 
 

 
The implementation of two-way digital crossover can be 
derived by using two-parallel IIR all-pass function as [5]. 
We can write in the expression of low-pass filter and high-
pass filter. Transfer function is given as follows 
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where )(0 zA  and )(1 zA  are stable APF 

 
2. Linear Phase IIR Filter 

 
An implementation of real-time linear phase IIR low-

pass filters was proposed by Powell and Chau [6]. Hence, 
that system is possible to implementation of two-band 
digital crossover networks. However Group delay  distortion, 
linear-time variant system and computational complexity 
are complicated.   

Fig. 2 shows an implementation  of two-way digital 
crossover networks using Linear Phase IIR Filter with 
complementary filter pairs. In the system, input sequence 
is time reversed on block by block  using LIFO (last-in 
first-out) and then sectioned-convoled with )( zLPFH and 

)( zHPFH  to realize a real-time recursive implementation of 

the non-causal transfer function after time reversed by 
LIFO again, the sequence passes through causal transfer 
function H(z) to obtain a linear phase  IIR filters 

 
2.1. Perfect Linear Phase IIR Filters 

 
 We can derive almost perfect reproduction of audio 

signal from two-way digital crossover network by using 
perfect linear phase IIR filters [7]. This system can 
improve both group delay distortion and linear-time 
variance system to Linear-time invariant (LTI) of Powell 
and Chau system by truncating infinite impulse response 
method [8].       
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Fig. 2  Implementation  of Linear Phase IIR Filter with complementary filter pairs 
 
 

This method truncates the finite impulse response 
of linear phase IIR filter to finite length by using IIR filter 
direct form II to approximate a residue impulse response. 
Then subtract from the IIR filter with the transfer function 
H(z) and the output of the truncated filter is a finite 
impulse response. 
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Fig. 3  Truncated IIR Filters 

 
Impulse response of HL(z) with L sample delay can 

be defined as 
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           where h(n) is an impulse response of IIR filter 
H(z), L is sample length. We consider the direct form II 
IIR filter (K-order) in rational transfer function as follow   
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         where Kaaa ,...,2,1 and Kbbb ,...,2,1 are real number 

coefficients for efficient computational of H1(z), a 
minimum order in this case is second order. Therefore, we 
can rewritten Eq.(4) to the second order transfer function  
and applied to two-band of digital crossover networks is 
as follows 
 
Truncated IIR filter for low-pass filter 
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Truncated  IIR filter for high-pass filter 
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In Fig. 4 shows an implementation of two-way digital 

crossover networks by using perfect linear phase IIR 
filters and the output signal of low-pass filter is )(nLy   and 

the output signal from high-pass filter is )(nhy . 

 
3. Simulations 

 
An elliptic H(z) is designed according to the 

following specification 
 

- Normalized frequency pass band 5.0=nω  

- Pass band ripple dBp 5.0=δ  

- Stop band ripple dBs 20=δ  
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Fig. 4  Implementation of power complementary  Perfect linear phase IIR filter by using over-lap add convolution. 

 
Then, we can decompose the transfer function H(z) into 
two-stable APF as follows 
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Then, we can substitution )(0 zA  and )(1 zA  into Eq. (1),  

yields 
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Similarly, we substitute A0(z) and A1(z) into Eq. (2), yields 
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Generally, the residual impulse response is governed 

domainly by the poles of the transfer function nearest to 
the unit circle in Z-plane. Therefore, LPFLH −  and HPFLH −  

can be approximated by 2nd - order function )(~ zLH  using 

pair of complex conjugate poles nearest to the unit circle. 
Denoting the conjugate pole as 1Z  and 1Z , the numerator 

of )(~ zLH are determined by equating the first three impulse 

resonse samples of )(~ zLH  with the residual response 

Transfer function  of  )( zLPFLH −  and )( zHPFLH −  can 

be written in rational polynomial in Z-domain. It minimum 
order is second order(n=2) given as follows  
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    Fig. 5 Summation of complementary system magnitude 
response of prototype third-order elliptic IIR filter. 
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Fig. 6 Summation of complementary system magnitude 
response is flat response of proposed 
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      Fig. 7  Upper trace shown the group delay variation of 
prototype filter and lower trace shown the group delay of 
proposed system 
 
4. Conclusion. 
 

An implementation of two-band digital crossover 
networks by using perfect linear phase IIR filters is 
presented. The simulation results of proposed system show 
that group delay variation is flat as show in fig 7. 
magnitude response is twice attenuation in stop band in fig 
6 than does the prototype filter in fig 5 their impulse 
response of both low-pass signal and high-pass signal are 
symmetry at the peak amplitude. 
 
 

 
   Fig. 8 Impulse response of propose low-pass filter )(nLy  

 

 
 Fig. 9 Impulse response of propose high-pass filter )(nHy  
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