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Abstract 

To reproduce binaural sound at a listener’s ears using stereo loudspeakers in a portable 

device environment, it is important to design inverse filters that cancel out acoustical 

crosstalk signals. However, the direct and the crosstalk paths of a head-related transfer 

function are similar at certain frequencies, resulting in an excessive boost at those 

frequencies when inverse filters are designed. To mitigate this problem, a cross-talk 

cancellation filter design method is proposed which allows for the selective attenuation of 

unwanted peaks in the spectrum by constraining the magnitude of the difference between the 

direct and crosstalk paths. The performance of the proposed method is then evaluated by 

means of subjective source localization and objective tests. It is shown from the tests that the 

proposed method is able to provide binaural sound effects with very closely spaced stereo 

loudspeakers. 
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1. Introduction 

The objective of binaural sound reproduction systems is to synthesize a virtual sound 

image such that the listener perceives a sound as if it had been produced by a specific source 

located at an intended position relative to the listener [1]. This type of binaural sound 

reproduction system can provide an immersive sound environment with variable applications 

in virtual reality [2], augmented reality [3], mobile phones [4-6], and home entertainment 

systems, among others. Typically, there are two main environments in which a binaural sound 

is to be rendered. The first attempts to play a binaural sound back in a headphone-based 

environment, while the second uses two or more loudspeakers to play back a binaural sound 

[7]. In a headphone-based environment, the binaural sound source is easily reproduced at the 

listener’s ears because the headphone separates the binaural sound channels to each ear [8]. In 

contrast, in a loudspeaker environment, binaural sounds from each loudspeaker are mixed and 

simultaneously delivered to both of the listener’s ears. That is, each loudspeaker sends sound 

to the same-side ear, while undesired sound is sent to the opposite-side ear, which is referred 

to as crosstalk and degrades the binaural sound effect [9]. 
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Figure 1. Block Diagram of Crosstalk Cancellation for Stereo 
Loudspeakers 

Various crosstalk cancellation methods have been proposed in attempts to reduce the 

crosstalk effect by designing appropriate inverse filters for acoustic transfer functions [10]. In 

practice, a crosstalk cancellation method can be implemented with a two-by-two matrix of 

digital filters. Unfortunately, a severe inversion problem arises when the difference between a 

head-related transfer function (HRTF) for the direct path and that for the crosstalk path is 

very small [11]. This circumstance results in having to invert an almost singular two-by-two 

matrix. Such an undesirable property significantly amplifies certain frequencies of filtered 

signals. This problem becomes even more severe in a portable device environment because 

the two loudspeakers in the device are generally in close proximity to one another due to the 

limited size of the device [12-15]. 

In this paper, we propose a crosstalk cancellation method suitable for a portable device 

environment. In the proposed method, an ill-posed problem at particular frequencies is 

mitigated by constraining the difference between the direct and crosstalk paths prior to 

designing the inverse filters of the acoustic transfer functions. This is due to the space 

between speakers in portable devices.  

This paper is organized as follows. Following this introduction, a conventional crosstalk 

cancellation method is briefly reviewed in Section 2. Section 3 describes a fast deconvolution 

method using frequency-dependent regularization, and Section 4 proposes a new crosstalk 

cancellation method. In Section 5, the performance of the proposed algorithm is evaluated. 

Finally, Section 6 concludes the paper. 

 

2. Crosstalk Cancellation for Stereo Speakers 

Figure 1 illustrates a block diagram of crosstalk cancellation for two (or stereo) 

loudspeakers, in which the speakers are positioned in front of a listener. In the figure, a z-

transform is used to denote the relevant signals and system responses. Here, )(1 zx  and 

)(2 zx  refer to the input binaural signals, )(1 zv  and )(2 zv  are the inputs to the two 

loudspeakers, and )(1 zw  and )(2 zw  are the sound signals approached at the listener’s ears. 

In addition, )2,1,()( jizHij  is an acoustic transfer function from the i-th loudspeaker to 

the j-th ear, and )2,1,()( jizCij  is a crosstalk cancellation function from )(zxi  to the j-th 

loudspeaker. As shown in Figure 1, we have the following relationships of 
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Even if there are four acoustic paths from the loudspeakers to the listener’s ears, as in 

equation (2), the acoustic transfer matrix becomes symmetric for the symmetric listening 

environment. That is, )()()( 12211 zHzHzH   and ).()()( 22112 zHzHzH   Similarly, 

the crosstalk transfer matrix defined in equation (1) becomes also symmetric such that 

)()()( 12211 zCzCzC   and ).()()( 22112 zCzCzC   

Crosstalk cancellation tries to reproduce the input binaural signals, )(1 zx  and )(2 zx  at 

each ear of the listener, i.e., )()( 11 zxzw   and ).()( 22 zxzw   It is quite straightforward to 

demonstrate that crosstalk cancellation is achieved when the crosstalk cancellation matrix, 

),(zC  is the inverse of the acoustic transfer matrix, ).(zH  Therefore, the main issue in a 

crosstalk cancellation method lies in how to invert the matrix, ).(zH  In practice, achieving 

an exact inverse is not feasible. In other words, although it is possible to obtain a stable and 

causal inverse filter with the minimum phase, the acoustic transfer functions are not likely to 

be the minimum phase. Moreover, )(1 zC  and )(2 zC  become very large when the difference 

between the direct path, ),(1 zH  and the crosstalk path, ),(2 zH  is very small. This problem 

becomes particularly severe at very low frequencies since )(1 zH  is nearly identical to 

)(2 zH  when the wavelength at low frequencies is very long. Such a phenomenon results in 

significantly amplifying the spectral magnitude of filtered signals at certain frequencies. 

Thus, the inverse filter design must carefully consider an environment where stereo 

loudspeakers are positioned in close proximity to one another. 

Crosstalk cancellation filters can be designed in either time domain or frequency domain. 

Time domain design methods typically guarantee a stable and causal inverse filter with a 

complex structure and heavy computational complexity. In contrast, frequency domain design 

methods can be used to easily obtain a sub-optimal filter [16]. In this paper, we aim to design 

a crosstalk cancellation filter in the frequency domain for a portable device environment. 

Thus, it is extremely important to mitigate such an ill-posed problem. 
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Figure 2. Block Diagram of a Frequency-Domain Inverse Filter Design in a 
Least-Square Sense 

3. Frequency-Domain Inverse Filter Design with Regularization 

In this section, a frequency domain inverse filter design method is described for crosstalk 

cancellation. In particular, an inverse filter is realized in a least-square sense [16]. It attempts 

to find the best approximation of the inverse filter in the frequency domain.  

Figure 2 shows the block diagram of a frequency-domain inverse filter design method [17]. 

In the figure, crosstalk cancellation is assumed to be performed in the z-transform domain. 

Here, )(zx  is a vector for the input binaural signals and )(zv  is a vector for the loudspeaker 
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input signals. Also, )(zw  is a vector for the sound signals approached at the listener’s ears, 

)(zd  is a vector for the desired signals, and )(ze  is a vector for the error signals. In addition, 

)(zC  is a matrix composed of the crosstalk cancellation filters, )(zH  is a matrix for the 

acoustical transfer functions, and )(zI  refers to an identity matrix. Notice that mz  

implements a modeling delay of m samples, induced by processing both crosstalk 

cancellation and acoustical transfer functions. As shown in the figure, several relationships 

among the signals are denoted as 

,)()()( zzz xCv                                            (3) 

,)()()( zzz vHw                                   (4) 

,)()()( zzzz m
xId

                         (5) 

and 

.)()()( zzz wde                            (6) 

Employing the Tikhonov regularization [18], the filter design is attained by 

minimizing a cost function denoted as 

)()()()()( 11 zzzzz HH
vveeJ                    (7) 

where the first term at the right side, ),()( zzH
ee  is the performance error and the right 

term, ),()(1 zzH
vv  corresponds to the effort penalty. In addition, H  represents the 

Hermitian operator, which transposes and conjugates its argument. In equation (7), )0(1   

refers to a regularization parameter to control the contribution of the effort penalty [19]. 

Instead of using a real number for ,1  the cost function )(1 zJ  is modified as 

.))()(())()(()()()( 22 zzzzzzz HH
vBvBeeJ                 (8)  

Comparing )(1 zJ  and ),(2 zJ  the 1  for )(1 zJ  is a regularization factor and 

corresponds to )()(2 zzH
BB  for ),(2 zJ  where )()( zzH

BB  is a regularization matrix 

to give an emphasis on ).(zv  )(2 zJ  in equation (8) is minimized in a least-square 

sense, resulting in )(zC  as  

mH zzzzzzz  )(])()()()([)( H1

2

H
HIBBHHC     (9) 

where * denotes the complex conjugate operator. In this paper, )(zB  is a diagonal 

matrix whose element is the z-transform of a filter that amplifies the undesired 

frequencies boosted by crosstalk cancellation. That is, ),()( 2211 zBzB   and 

.0)()( 2112  zBzB  

 

4. Proposed Inverse Filter Design Method 

This section proposes a crosstalk cancellation design method for providing binaural 

sound reproduction through a pair of loudspeakers in very close proximity to one 
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another. As mentioned in Section 3, there is a greater potential for the ill -posed problem 

to arise when the two loudspeakers are positioned close together, particularly in a 

portable device environment, due to the similar nature of the direct and crosstalk paths 

from the two loudspeakers to the listener’s ears [17].  

In order to mitigate such a problem, the regularization methods described in Section 

3 can be applied. However, each regularization method is highly dependent upon the 

selection of a regularization factor or a regularization matrix. However, it may degrade 

due to excessive suppression of the spectrum at frequencies that have no ill -posed 

problem. Therefore, a method must be devised to prevent such a problem at certain 

frequencies by constraining the magnitude difference between the direct and crosstalk 

paths before designing the inverse filters of the acoustic transfer functions. 

Figure 3 shows a configuration of the stereo loudspeakers used in this paper. Each 

speaker has a diameter of 2 cm long and is placed 30 cm away from the listener. The 

acoustic path from the speakers to a listener’s ears is modeled  by an HRTF measured on 

a KEMAR dummy head. 

Figure 4 illustrates the magnitude response of the determinant of )()(H zz HH  in 

equation (9), which is used to compute the matrix inversion. As shown in the figure, the 

magnitude is extremely low at three frequencies below approximately 1 kHz, at 

approximately 8 kHz, and over 20 kHz. The low magnitudes are due to steep notches in 

HRTFs, caused by a pinna reflection and anti-aliasing filters [19]. Therefore, if a  

 

10°

30cm

 

Figure 3. Configuration of Two Loudspeakers to Simulate a Portable 
Device Environment 

 

Figure 4. Magnitude response of the determinant of )()(H zz HH  
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crosstalk cancellation filter could be designed by inverting the transfer functions, 

)(1 zH  and ),(2 zH  the spectrum of the output signal processed by crosstalk 

cancellation would contain large peaks near the same frequencies. 

This phenomenon is easily observed in Figure 5 that shows the magnitude responses 

for the crosstalk cancellation filters, )(1 zC  and ),(2 zC  without any regularization. 

Here, the gain regularization factor, ,2  in equation (9) is zero. As mentioned earlier, 

there are sharp peaks at frequencies below approximately 1 kHz, at approximately 8  

kHz, and over 20 kHz. Consequently, the crosstalk cancellation filters should be 

carefully designed so as to prevent sharp peaks at such frequencies. 

In the proposed method, the magnitude of the determinant of )()(H zz HH  is 

constrained. First, a discrete version of the determinant, ),(kD  is defined as 

)exp(

H

2
))()(det()(

N
kjz

zzkD


 HH                           (10) 

where N  is set to 1024 in this paper. Then, )(kD  is modified as 

)),(max()(ˆ
DTkDkD                              (11) 

 

Figure 5. Magnitude Responses of (a) )(1 zC  and (b) )(2 zC  Obtained without 

any Regularization 

 

Figure 6. Magnitude Responses of (a) )(1 zC  and (b) )(2 zC  Obtained by the 

Proposed Method 
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where DT  is a threshold and set to .10 5
 Representing )(ˆ kD  into the z-transform 

domain, ),(ˆ kD  the inverse filter is designed as 

.)()]()()[()(ˆ)( H1H1 mzzzzzzz  HHHDDC                (12) 

Figure 6 shows the magnitude responses of )(1 zC  and )(2 zC  obtained by using 

equation (12). As shown in the figure, the sharp peaks of the magnitude responses 

disappeared at these frequencies, as compared to Figure 5. 

 

5. Performance Evaluation 

 

 

Figure 7. Performance Comparison of Channel Separation 

In this section, the performance of the proposed method was first evaluated from the 

perspective of a channel separation that was defined as the ratio between the 

contralateral magnitude response and the ipsilateral one [20]. Figure 7 compares the 

performance of channel separation for three different methods, including no crosstalk 

cancellation, a conventional method, and the proposed method. Note here that the 

conventional method designed a crosstalk cancellation filter using equation (8) with 

.05.02   As shown in the figure, the proposed method outperformed the conventional 

method, especially at around 8 kHz.  

Next, a subjective test for sound localization was carried out in the environment 

illustrated in Figure 3. Six people participated in this test and were instructed to sit at a 

position in front of the stereo loudspeakers. The test stimulus was a pink noise rendered 

by filtering with KEMAR HRTFs, where the pink noise was 25 msec long. The azimuth 

was changed from -90° to 90° at a step of 30°. Each participant was asked to measure 

the perceived source direction in degree after listening to each stimulus. The stimuli  

were composed of three different pink noises, of which one was the noise rendered by 

HRTFs only, and the others were the noises processed by the conventional method and 

by the proposed method, respectively. 

Figure 8 shows the perceived directions for the pink noises processed by the three 

different methods. When no crosstalk cancellation was applied, the azimuth was 

measured to be within ± 5° of all desired azimuths. However, the azimuths were 

measured as close to the target azimuth after crosstalk cancellation methods were 
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applied. Moreover, the proposed method provided better performance than the 

conventional method. 
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Figure 8. Results of the Subjective Test for Sound Localization 
 

6. Conclusion 

In this paper, a crosstalk cancellation design method was proposed to provide better 

binaural sound reproduction through a pair of very closely spaced loudspeakers. The 

proposed method was able to selectively attenuate unwanted peaks in the spectrum. The 

performance of the proposed method was evaluated by both a subjective test for sound 

localization and an objective test for channel separation. It was shown from the tests 

that the proposed method could indeed provide binaural sound effects using just a pair 

of very closely spaced loudspeakers, compared to a conventional crosstalk cancellation 

filter design method. 
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