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Abstract: This paper provides an effective design method of inverse filters for use in multichannel 3D sound rendering. 
In order to obtain the optimal solution of the inverse filter, the conventional adaptive algorithm requires that the 
parameters are properly tuned through lots of time and effort while through the proposed method we can systematically 
obtain the inverse filter with the desired accuracy and very low computations. In z-domain, we approximately design 
the stable inverse filters of maximum phase system in order to solve the inverse problem of multiple-input-multiple-
output nonminimum phase system. We compare the proposed method with the conventional one based on the adaptive 
algorithm through the computer simulations. 
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1. Introduction 
Multichannel sound reproduction has received a great 

deal of attention as a dual concept of active noise control 
since early 1990’s. While multichannel 3D sound system 
requires complex hardware it has better performance than 
the binaural sound system 1). An inverse filter of acoustic 
transfer functions from loudspeakers to control points 
surrounding the ears of a listener is necessary to generate the 
loudspeakers based 3D sound rendering.  

The design method of the inverse filter in the frequency 
domain may not guarantee the stability of 3D sound system 
while it is easy to obtain the optimal solution and to analyze 
the solution theoretically 2). We can obtain the stable and 
causal solution by using the method to approximate the 
inverse filter in the time domain while it has complex 
structure and heavy computational burden 2). The adaptive 
technique in the time domain requires the tuning parameters 
such as modeling delay and the order of the inverse filter 
that are hardly determined. The mean squared error of 3D 
sound system is dependent on both the choice of modeling 
delay and the number of coefficients in the inverse filters 4). 

In this paper, we propose an effective design method of 
the inverse filter for the multichannel 3D sound rendering. 
We can systematically determine the tuning parameters by 
using the proposed method. We compare it with the 
conventional approach designing the inverse filter 
adaptively in the time domain through computer simulations. 

 

2. Multichannel Sound 

Reproduction  
 

2.1 Inverse problem of multichannel sound 

system 
Multichannel sound reproduction system consisting of 

multiple loudspeakers generates the desired sounds at 
multiple control points by determining outputs of 
loudspeakers based on the optimally designed control filter 
as shown in Fig. 1.  

Figure 2 shows the block diagram of the multichannel 
sound reproduction system. In Fig. 2, x is a sound of virtual 
source and d is a desired sound, which we want to reproduce 
at control points. An error e is defined as the difference 
between the desired sound d and the reproduced sound y at 
the control points. The u is outputs of loudspeakers.  

The P represents the desired acoustic transfer functions 
from the virtual sound source to the control points and C 
represents the acoustic transfer functions from loudspeakers 
to the control points. The control filter G is designed to 
minimize the squared errors. If the control filter G can be 
expressed as a product of a filter W and the P, a problem to 
obtain the filter W driving the loudspeakers becomes an 
inverse problem of the system C as shown in Fig. 3. The 
filter A is a pure delay, which is necessary for adjusting the 
causality of the optimal algorithm because the acoustic 
transfer function has a time delay physically.  

The W is the filter designed to minimize the squared error 
and becomes optimal solution when the W is the inverse 
filter of the C. Therefore, the problem to obtain the driving 
algorithm of loudspeakers in the multichannel sound 
reproduction system is equivalent to the inverse problem of 
the multiple-input-multiple-output (MIMO) transfer 
function C. 
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Fig. 1. Multichannel sound reproduction system 
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Fig. 2. Block diagram of multichannel sound reproduction 
system 
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Fig. 3. Inverse problem structure  

 

2.2 Optimal solution in frequency domain 
We introduce the optimal solution of multichannel system 

derived in the frequency domain 5). The cost function is 
defined as the squared residual errors as follows: 

 
H( ) ( ) ( ),J ω ω ω= e e    (1) 

( ) 1H H
opt ( ) ( ) ( ) ( ) ( ) ( ).ω ω ω ω ω ω

−
=u C C C A d  (2) 

 
In overdetermined case where the number of loudspeakers 

is smaller than that of control points, the optimal solution 2) 
is derived as equation (2). In undermined and fully 
determined cases, the optimal solutions are derived in the 
similar manners 5). However, it may not guarantee the 
stability of 3D sound system while it is easy to obtain the 
optimal solution and to analyze the solution theoretically 2). 

 

2.3 Approximated solution in time domain 
The causal and stable inverse filter can be obtained from 

the time domain solution. It is first assumed that the matrix 
W consists of FIR filters of order L. Define a composite 
vector w that is made up of each element of the matrix W. 
The length of the vector w is L×M×K where M and K are 
the number of the control points and the loudspeakers, 
respectively. To obtain the optimal solution of the vector w, 
inversion of a matrix should be conducted. One way to 

determine the coefficients of the matrix is obviously by 
direct inversion of the matrix. However, this matrix is 
clearly of higher order, being of dimension L×M×K. 
Another approach is to use the LMS algorithm, extended for 
use with multiple errors by Elliot and Nelson 3).  

Because we should determine the proper order of the FIR 
filter and the proper time delay of the diagonal matrix A to 
use the adaptive algorithm, lots of time and effort are 
exhausted for complex MIMO systems. Here, we propose an 
effective design method of inverse filter in the frequency 
domain that doesn’t need to tune the parameters such as the 
order of the FIR filter and the modeling delay of the matrix 
A. 

 

3. Effective Design of Inverse Filter 
 
3.1 Inversion of MIMO system 

In overdetermined case, the least square solution of the 
inverse filter in the z-domain is as follows: 
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where z is the z transform variable. The stability of the filter 
is determined by the denominator polynomial in equation 
(3). Zeros of this polynomial (the poles of the system) 
always occur in groups of four which are at conjugate 
reciprocal positions, that is, the denominator polynomial has 
zeros which are arranged in pairs, with each zero inside the 
unit circle in the complex z-plane being associated with a 
zero outside the unit circle. Therefore, any system designed 
in the frequency domain will not yield a stable system in the 
time domain 2). The determinant in equation (3) becomes a 
nonminimum phase system and we propose the method 
designing the stable inversion of the nonminimum phase 
system in the next section. 

 

3.2 Stable inversion of nonminimum phase 

system 
We define the denominator polynomial with time delay in 

equation (3) as H(z) and separate it into three parts as 
follows: 
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Equations (5) and (6) represent maximum phase system 



and minimum phase system, respectively and R is the order 
of the maximum phase system. 

Note that an inverse of the maximum phase system makes 
the system unstable. The proposed method is focused on 
how to derive the stable inverse filter of the maximum phase 
system. An inverse of the maximum phase system with the 
form of FIR filter becomes an unstable IIR filter. We 
approximate the unstable IIR filter with a stable and anti-
causal FIR filter. Briefly speaking, the causality of the 
system is intentionally abandoned in order to guarantee the 
stability. In Appendix, we represent the inversion of the 
maximum phase system of order 1 in order to help 
understand the basic idea of the proposed approach. Using 
the Laurent series expansion the inversion of the maximum 
phase system of order R can be approximated to the form of 
the anti-causal and stable FIR filter as follows: 
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Equation (7) can be obtained using partial fraction 

expansion and residue theorem of equation (8). Equation (7) 
can be expressed as equation (9) and can be approximated to 
equation (11) if δ is sufficiently large. Note the second term 
of right hand side of equation (9) and the tuning parameter δ. 
If the second term is sufficiently small equation (9) can be 
approximated to equation (10) and the inverse of the 
maximum phase system can be approximated to the stable 
and anti-causal FIR filter as in equation (11). As shown in 
equation (11), the inverse filter requires prediction of δ step 
and large δ makes the inversion accurate while the size of 
the inverse filter increases. Because we can’t access the 
future data in general, we reproduce the delayed sound. The 
delay results from physical delay which acoustic transfer 
functions naturally have. Note the modeling delay of the 
diagonal matrix A in Fig. 3. The δ of the proposed approach 
is related with the modeling delay and the length of FIR 
filter of the adaptive algorithm.  

The conventional adaptive algorithm may not converge 
on the optimal solution if we don’t suitably determine the 
tuning parameters such as the modeling delay and the length 
of FIR filter. Therefore, much time is wasted to determine 
the proper parameters by trial and error approach. Note that 
we can adjust the accuracy of the inverse filter by deciding 
the error bound of equation (12) in the proposed method. If 
the value δ related with the accuracy is determined using 
equation (12), the length of the inverse FIR filter and the 
time delay are automatically determined as follow: 
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To obtain the optimal solution, the conventional adaptive 

algorithm requires that the parameters are properly tuned 
through lots of time and effort while the proposed method 
requires that the only parameter δ needs to be selected. 
Through the proposed method we can systematically obtain 
the inverse filter with the desired accuracy and very low 
computations. 

 

4. Computer Simulation 
 
We simulated both the proposed and conventional 

methods for 3D sound system with four loudspeakers and 
four control points in free field to verify the feasibility of the 
proposed method and compared the two methods. Figure 4 
shows the 4×4 system. Sampling frequency is 12kHz and 
the determinant of the square matrix has 36 zeros consisting 
of 27 zeros inside the unit circle and 9 zeros outside the unit 
circle in the complex z-plain as shown in Fig 5. 

It was assumed that a virtual sound source is a white 
noise located at 30 degree and 2m apart. Figure 6 shows the 
desired sound and the error signal that is the difference 
between the desired sound and the reproduced sound using 
the proposed method. Figure 7 shows the result of the 
conventional method. In the case of the proposed method we 
easily obtained the inverse filter using the above equations. 
On the other hand, we were hardly able to adjust the tuning 
parameters of the conventional method and we determined 
the tuning parameters of the conventional method referring 
to the parameters calculated from the proposed method. 
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Fig. 4. Schematic diagram of multichannel system 
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Fig. 5. Poles of the inverse filter 
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Fig. 6. The proposed method (error bound = 0.01) 
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Fig. 7. The adaptive method (L = 250, ∆=250) 

 

5. Conclusion 
 
We proposed the effective designing method of the 

inverse filter for use in the multichannel 3D sound system. 
The proposed method was focused on how to derive the 
stable inverse filter of the maximum phase system. We can 
systematically obtain the stable and anti-causal FIR inverse 
filter with the desired accuracy and very low computations 
while the conventional method consumes much of time and 
effort in adjusting the tuning parameters of LMS algorithm. 
We carried out the computer simulation to verify the 
feasibility the proposed method and compared it with the 
conventional method. 

 

6. Appendix 
 
The inverse filter of the maximum phase system of order 

1 can be obtained as follows. 
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