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LINEARIZATION OF LOUDSPEAKER SYSTEMS USING MINT AND VOLTERRA FILTERS Yasuo Nomura and Yoshinobu Kajikawa Department of Electronics, Faculty of Engineering, Kansai University 3-3-35, Suita-shi, Osaka 564-8680, Japan ABSTRACT In this paper, we propose a linearization (compensation of nonlinear distortion) method for loudspeaker systems using the MINT (Multiple-input/output INverse-ﬁltering Theorem) and Volterra ﬁlters. In the proposed method, linear inverse ﬁltering of a target loudspeaker system is realized by using the MINT so that exact linear inverse ﬁltering can be realized. The linearization performance becomes consequently very high. On the other hand, since the conventional linearization method cannot realize exact linear inverse ﬁltering, the performance deteriorates remarkably. Experimental results demonstrate that the proposed method has about 20dB higher performance than the conventional one. 1. INTRODUCTION Recently, digital audio systems have been spreading. In the digital audio systems, some distortions occurring in the transmission paths have been reduced signiﬁcantly, and the sound quality has been improved considerably. However, loudspeaker systems, which are a human interface in the digital audio systems, have a lot of distortions, especially, nonlinear distortions. The performance of the whole digital audio systems consequently deteriorates. Hence, the compensation of the nonlinear distortions (linearization of loudspeakers) is a very important issue in the digital audio systems. The compensation (linearization) can be achieved by using a Volterra ﬁlter [1, 2], which identiﬁes the nonlinearity of a target loudspeaker system, and a linear inverse ﬁlter, which compensates the linear distortion [3, 4, 5, 6]. One of some factors inﬂuencing the compensation performance is the estimation accuracy of the Volterra ﬁlter. However, this estimation accuracy can be made high by using an identiﬁcation method employing multi-sinusoidal waves [5, 6]. Another factor is the design accuracy of the linear inverse ﬁlter to compensate linear distortions. In other words, whether exact linear inverse ﬁltering can be realized inﬂuences the compensation performance. However, the exact This research was ﬁnancially supported by MEXT KAKENHI(14750320).
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linear inverse ﬁltering cannot be realized because loudspeaker systems have nonminimum phases. In this case, only an approximate inverse ﬁltering is realized. If the approximate accuracy is low, the compensation performance of nonlinear distortions deteriorates remarkably. We therefore propose a novel linearization method. In the proposed method, we use the MINT (Multiple-input/output INverse-ﬁltering Theorem) [7], which can realize an exact linear inverse of a target acoustic system. The compensation performance of nonlinear distortions is consequently very high. 2. CONVENTIONAL LINEARIZATION METHOD AND ITS PROBLEM Figure 1 shows a block diagram of a conventional linearization system, which can compensate the nonlinear distortions of loudspeaker systems. In Fig. 1, D1 (z) and D2 (z1 , z2 ) represent the transfer functions of the ﬁrst- and second-order ˆ 2 (z1 , z2 ) Volterra kernels of a loudspeaker system, respectively. D is a Volterra ﬁlter to model the second-order Volterra kernel of the loudspeaker system, and H1 (z), which is a linear inverse ﬁlter of D1 (z), is designed so as to satisfy the following condition. D1 (z)H1 (z) = z −∆ (1) The second-order nonlinear transfer function of the whole system is consequently represented by the following equation. ˆ 2 (z1 , z2 ) D2 (z1 , z2 )z −∆ − D1 (z)H1 (z)D −∆ −∆ ˆ = D2 (z1 , z2 )z − z D2 (z1 , z2 ) ˆ 2 (z1 , z2 )}z −∆ = {D2 (z1 , z2 ) − D = 0



(2)



ˆ 2 (z1 , z2 ) is equal to D2 (z1 , z2 ) of the loudspeaker sysIf D tem and H1 (z) is designed so as to satisfy the condition shown in Eq.(1), the nonlinear inverse system can completely compensate the second-order nonlinear distortion. The high ˆ 2 (z1 , z2 ) can be obtained if narrow band signals accuracy D are used to model D2 (z1 , z2 ). On the contrary, H1 (z) to satisfy the condition of Eq.(1) can exist if and only if D1 (z) is a minimum phase function. However, the acoustical trans-
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Fig. 3. Block diagram of identiﬁcation method for H11,min (z) and H21,min (z) by using adaptive ﬁlters. speaker S2 to receiving point C is also deﬁned by D21 (z) = z −(u+w) d21 (z)
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where z −(u+w) is the time delay between S2 and C, d21 (z) the N  th order polynomial of z −1 . To realize inverse ﬁltering of the system, H11 (z) and H21 (z) must satisfy the expression
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1 = d11 (z)H11 (z) + z −w d21 (z)H21 (z)



Fig. 2. Sound ﬁeld inverse ﬁltering using the MINT. fer function D1 (z) is generally considered to be a nonminimum phase function. Hence, only an approximate inverse ﬁlter is obtained. It is therefore very difﬁcult from Fig. 1 to compensate (cancel) D2 (z1 , z2 ) completely because H1 (z) does not satisfy Eq.(1). Accordingly, the performance of linearization system is greatly inﬂuenced by whether exact linear inverse ﬁltering can be realized.



H11 (z) = H11,min (z) + z −w d21 (z)Q(z) H21 (z) = H21,min (z) − d11 (z)Q(z) where Q(z) is an arbitrary polynomial. H11,min (z) and H21,min (z) are the only pair of the minimum order solution that satisﬁes Eq.(5) and the orders have the following relation. deg H11,min (z) < deg H21,min (z) 
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