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that audio signals can be produced. However, since the invention of the principle, the fundamental structure has never been changed. Due to the complexity, both the linear and nonlinear components are contained in the output signals so that the output is distorted. If the linear output does not satisfy the distortionless condition in reference to the input, the linear distortion is in the output. The nonlinear outputs are classified into the intermodulation distortion which has outputs at the sum and difference of more than two frequency components contained in the input and the harmonic outputs at the integral multiples of the input frequency [1]. Their existence is called the nonlinear distortion. The authors have carried out research on the elimination of linear distortion by digital signal processing as a part of improving the fidelity of audio playback systems [2, 3]. In the process of this research, it was discovered that the nonlinear distortion increases if the equalization effect for the linear distortion is enhanced at low frequencies. Therefore, in order to improve the fidelity of the audio system, it is necessary to eliminate not only the linear distortion but also the nonlinear distortion. Many studies have been reported on the elimination of the linear distortion [4–6]. No work has been reported on the elimination of distortions including the nonlinear distortion. Only Kaizer has expressed the dynamic speaker system by an equivalent circuit and studied the cause of nonlinear distortion by solving this circuit equation. This research did not address the elimination of the nonlinear distortion [7]. The authors have invented a method for elimination of nonlinear distortion by a Volterra filter based on the Volterra series [8] that describes a nonlinear system [9].



SUMMARY The distortion of the speaker system, as the terminal end of an audio playback system, can be divided into linear distortion and nonlinear distortion. The authors have carried out research on elimination of linear distortion by using digital filters. In such a process, when the equalization effect at low frequencies is increased, the amplitude of the speaker vibrating plate increases so that the nonlinear distortion increases. Therefore, in order to construct a high-fidelity audio playback system without distortion, it is necessary to eliminate nonlinear distortion in addition to linear distortion. To this end, the Volterra series that describes the nonlinear input–output relationship is used for identification of the audio playback system. A procedure is proposed to design an inverse system. In addition, a simulation is carried out. As a result, it is possible to reduce the nonlinear distortion of a speaker system by as much as 100 dB by the proposed method, confirming the usefulness of the method. © 1999 Scripta Technica, Electron Comm Jpn Pt 3, 83(2): 110–118, 2000 Key words: Speaker system; Volterra series; nonlinear filter.



1. Introduction The speaker system, as the termination of the audio playback system, is an extremely complex one that converts the incoming electric signals to mechanical vibrations so
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where N is the tap length of the Volterra filter. Also,



In this method, the audio playback system was characterized as a nonlinear system by means of various characteristics of the Volterra series. The authors have realized the proposed characterization method by an automatic measurement system in which the nonlinear distortion of the audio playback system is added. By applying this method to an actual audio playback system so that the characteristics of the nonlinear distortion were obtained, it was found that in contrast to the monotonic increase of the linear output versus frequency at low frequencies the nonlinear output was almost constant even if the frequency was varied. Hence, it became clear that the nonlinear output, and hence the nonlinear distortion, cannot be neglected in comparison with the linear output at such low frequencies as those used in the measurement. It is concluded that the elimination of the nonlinear distortion as we intended is important. Further, the authors have conceived a design method [10, 11] for the Volterra filter that eliminates both the linear and nonlinear distortions. By an application of this procedure, the output level of the nonlinear distortion can be reduced by about 100 dB. The elimination of the nonlinear distortion of an audio playback system is possible by the proposed method. In what follows, the proposed method is described.



xk , yk , and hn are discretized. Further, like the conven-



tional Volterra filter, the symmetry shown in Eq. (2) is assumed. When an audio playback system is described by this series, its first term indicates the linear output and the n-th term corresponds to the n-th output. Also, it is clear from Eq. (3) that the n-th term becomes pn times if the input is p times. Since the objective of the present paper is basically the elimination of the second-order nonlinear distortion, the series described in this paper is truncated at the second term. The nonlinear distortion under such a condition is called second-order distortion. The truncated equation is



(4) 2.2. Discrete Fourier transform of Volterra series When Eq. (4) is discrete Fourier transformed (DFT) with M points, then one obtains



2. Volterra Series Expansion



(5) where Xm and Ym are the M point DFTs of xk and yk while H1m and H2m1, m2 are those of h1k) and h2k1, k2 . Here, H1m and H2m1, m2 are the first- and second-order Volterra frequency responses (VFR). The symmetry given in Eq. (6) of the second-order VFR can be easily derived from Eq. (2):



2.1. Volterra series If an unknown system has nonlinearity and is time invariant, it can be expanded in terms of the Volterra series (1)



(6)



where xt and yt are the input and output of the system while hn is a constant called the n-th order Volterra kernel and is unique to the system. It is assumed that the Volterra kernel has symmetry as follows:



Also, A is called the first-order compacting operator. This operator has a role of mapping a function with two-dimensional dependent variables to the one with one-dimensional variables. The details are described in the next section.



(2)



2.3. Reduction where O and W are continuous variables and the O series is obtained by arbitrarily rearranging the W series. In order to characterize the audio playback system by means of this series and to design a digital filter to eliminate the distortion, the Volterra series needs to be discretized. The discretization of Eq. (1) is called the discrete Volterra series and is given by



In general, the reduction implies the operation of converting a function with multidimensional dependent variables to the one with one-dimensional variables and is defined as follows [12]. Here, since the second-order distortion is treated, only the first-order reduction is described:



(3)



(7)
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Fig. 2. Symmetry of second-order VFR.



Fig. 1. First-order reduction.



occurrence, either the input is band-limited to less than S/2 or the second-order Volterra kernel is band-limited to less than S/2.



where r = 0, 1. Here, Y2m and Yg2m1, m2 are the functions with one- and two-dimensional dependent variables. In order to clarify the meaning of Eq. (7), the first-order reduction is explained graphically. In Fig. 1, in order to derive the second-order output Y2p at the frequency p, the values of Yg2m1, m2 in the region where m1  m2 p  rM, r 0, 1 holds are added up. Therefore, the second-order output at the frequency p is obtained by adding up all outputs where the sum of two arbitrary frequencies contained in the input is p. From Eq. (7), it is found that the maximum frequency contained in the output is 2Zmax if the maximum frequency contained in the input is Zmax. Hence, the conventional sampling theorem cannot be used. In this case, the Volterra sampling theorem described in the next section must be applied.



2.5. Region representing VFR In the above, various characteristics in regard to the second-order VFR have been presented. In this section, the region representing the second-order VFR is described. The region representing the second-order VFR is meant to be the minimum region such that the second-order VFR of the entire region can be determined once such a region is given. First, from the symmetry of the Volterra kernel, the VFR is determined by the hatched region in Fig. 2. Further, by taking into consideration the Volterra sampling theorem, only the hatched region in Fig. 3 becomes effective. Next, since the Volterra kernel is a real number, the VFR has a conjugate symmetry: (8)



2.4. Volterra sampling theorem For the reason described above, the authors propose the Volterra sampling theorem that is an extension of the standard sampling theorem. This theorem is as follows. The input x or the second-order Volterra kernel must be band-limited to less than the normalized frequency of S/2. In order to explain this theorem, let us consider the second term on the right-hand side of Eq. (5). If the signal x that is band-limited to the maximum frequency of Zmax is incident to the system expressed by Eq. (5), then the maximum frequency contained in the second-order output is 2Zmax. If Zmax is more than S/2 and the second-order Volterra kernel has frequency components higher than S/2, then the maximum frequency contained in the output exceeds S so that aliasing error occurs. In order to prevent such



Fig. 3. Volterra sampling theorem.
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sponse. On the other hand, in the case of a nonlinear system, the system cannot be identified completely by the input of the impulse. This is because the response to the input incident on the system expressed by the Volterra series in Eq. (5) is (9) Since a second-order system function is included in addition to a linear system function, they cannot be separated. In this paper, according to Eq. (10), the second-order VFR is determined. The derivation method is described in Appendix 1.



Fig. 4. Reality of second-order Volterra kernel.



Hence, the hatched region in Fig. 4 is needed. Finally, by finding the overlapped region of the hatched areas in Figs. 2, 3, and 4, one finds Fig. 5. The hatched region in this figure is the minimum region representing the second-order VFR.



(10) where m1 and m2 are two frequencies contained in the input. If Eq. (10) is calculated for various values of m1 and m2, the second-order VFR of the nonlinear system can be determined. A problem here is inability of determination of the second-order VFR by the “overlap” that may occur at a combination of special frequencies. For instance, in the case of m1 2m2, the spectra of Gm  m2 and of Gm  m1  m2 are overlapped so that the second-order VFR cannot be determined. In order to resolve this difficulty, the second-order VFRs are determined near the combination of the frequencies for which the overlap occurs and then the results are averaged to derive the second-order VFR at the center of this frequency range.



3. Identification of VFR of Audio Playback System In order to eliminate the linear and nonlinear distortions in an audio playback system, it is first necessary to find the input–output relationship of the system to be studied. Hence, the nonlinear system to be studied needs to be identified by means of the Volterra series. This means that the Volterra kernel or the VFR of the system needs to be identified. In this section, a method is presented for identification of the second-order VFR of the audio playback system.



3.2. Configuration of the second-order VFR measurement system



3.1. Determination of the second-order VFR In the case of a linear system, the system can be identified completely by measurement of the impulse re-



Figure 6 shows the configuration of the automatic measurement system that determines the second-order VFR of an audio playback system based on the principle described above. By means of the host computer, the data for the two-tone mixed sinusoidal waves are generated which are transmitted to the FFT analyzer under the GPIB specification. Since the output waveform from the FFT analyzer is a staircase type, an LPF is inserted for smoothing. The signal passing through the LPF is partly sent to the A channel of the FFT analyzer and partly to the speaker through an audio amplifier. The output from the speaker is measured by a microphone and then is sent to the B channel of the FFT analyzer. The transfer function between the A channel and the B channel is derived. The data are transferred to the host under the GPIB specification and are



Fig. 5. Main region of second-order VFR.
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distortion. From Fig. 7, it is found that the second-order distortion exists uniformly regardless of the distinction between the harmonic and intermodulation distortions. The harmonic distortions are somewhat smaller than the intermodulation distortions. Further, the linear characteristics indicate that the linear output increases monotonically in frequency at lower region while the second-order characteristics indicate that the second-order output is almost constant. Hence, within the range of measurement of the second-order distortion characteristics, the second-order output cannot be neglected in comparison with the linear output.



Fig. 6. Automatic measuring system of second-order VFR.



4. Volterra Filter for Elimination of Nonlinear Distortion



recorded. This sequence of operations is repeated by changing the combination of the input frequencies under the GPIB control by the host. By means of this system, the second-order characteristics of a speaker system made by Company A (with the maximum rated input power of 60 W) were measured. The results are shown in Fig. 7 in which the input is a mixed sinusoidal wave of 1 W. The decrease of the output level is seen from about 50 Hz. This is because an LPF with a cutoff frequency of 48 Hz is used. The vertical axis in Fig. 7 is defined by Eq. (11) and is called the “VFR Level [dB].”



4.1. Desired VFR of the filter The Volterra filter that eliminates both the linear and nonlinear distortions of an audio playback system is placed in the stage prior to the audio playback system as shown in Fig. 8. In this figure, the first-order filter is for elimination of the linear distortion while the second order filter is for elimination of the second-order distortion. In order to derive the Volterra filter coefficients to eliminate the distortions up to the second order, the desired VFR is determined by the following algorithm. (In regard to the design algorithm eliminating the nonlinear distortions higher than the third order, see the proposal in Appendix 2.) In the following discussions, the first- and second-order VFRs of the audio playback system are H1 and H2 while the first- and second-order VFRs of the Volterra filter are D1 and D2.



(11) In Fig. 7, m1 and m2 are the frequencies of the two-tone mixed sinusoidal wave. The points at which the values of m1 and m2 are equal indicate the second-order harmonic distortion and those where the values of m1 and m2 are different indicate the second-order intermodulation



x D1 is designed as the inverse system of H1. Hence, the sound pressure characteristic and the phase characteristic are equalized so that the distortionless conditions are satisfied.



Fig. 8. Procedure of designing the second-order Volterra filter for elimination of nonlinear distortion.



Fig. 7. Characteristic of second-order element.
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x D2 is determined such that the second-order output signal from H2 after passing D1 and that from H1 after passing D2 are canceled. From the above algorithm, the following equation can be derived: (12) The left-hand side is the second-order output from the second term H2 of the audio playback system passing the first-order term D1 of the Volterra filter. On the other hand, the right-hand side is the second-order output from the audio playback system passing the second-order term D2. When H1(m) of the right-hand side is substituted into [ ],



Fig. 9. Output before improving VFR.



(16)



(13) From comparison in the reduction operators, one obtains



Hg2m1, m2 . . . second-order output component for the input signal in Eq. (13) (iib) If the second-order output is increased, D2 is not updated.



(14)



Figures 9 and 10 show examples of updating of the desired VFR of the filter for the speaker presented above by means of this algorithm. Unlike the measurement in Section 3.2, an LPF with a cutoff frequency of 500 Hz was inserted for Figs. 9 and 10. Figure 9 shows the second harmonic distortion for 200 Hz without updating of the filter. Figure 10 indicates the second harmonic distortion for 200 Hz after the updating of the filter was repeated four times. It is seen that the second-order harmonic is decreased by carrying out the updating of the desired VFR of the filter. However, since this updating requires a considerable amount of time, such



In Fig. 8, the fourth-order output that passes through the second-order filter and the second term of the audio playback system is conceivable. However, this fourth-order output is neglected in this paper, because the outputs higher than the second order are much smaller than the first-order output. In principle, the desired VFT of the filter can be determined by the algorithm described above. Depending on the measurement conditions and the environment, the desired VFR that is satisfactory may not be obtained. This problem was resolved by carrying out updating of the desired VFT of the filter as follows. (i) In order to evaluate the degree of reduction of the nonlinear distortion, the signal in Eq. (15) is sent to the audio playback system. This signal is a mixed sinusoidal wave after passing through the Volterra filter.



(15) (iia) If the second-order output is decreased, then D2 is updated according to



Fig. 10. Output after four times of improving VFR.
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Fig. 12. The second-order Volterra filter coefficient.



Fig. 11. Desired VFR of the second-order Volterra filter.



by about 100 dB and hence the distortion is sufficiently eliminated.



updating is invoked only if a more accurate desired VFR needs to be determined.



5. Conclusions



4.2. Filter design and verification of the effect By means of the theory described above, the desired VFR of the filter can be determined. In the present section, a filter with characteristics as close to the desired VFR as possible is designed by means of a nonlinear optimization technique. By means of computer simulation, it is shown that the distortion can be eliminated by this filter. Figure 11 shows the desired VFR of the Volterra filter that eliminates the identified nonlinear distortion of the speaker in Section 3. The VFR of the entire region is shown in Fig. 11. This is reconstructed from the minimum region shown in Fig. 5. The actually effective region is identical to that in Fig. 5. Also, unlike Fig. 7, the vertical axis is “VFR Level” and is an absolute value scale because the center region becomes 0 in the process of reconstruction so that the logarithmic expression is not possible. Also, the correspondence between the region of the VFR in Fig. 11 and the region in Fig. 5 is as follows. The region where both m1 and m2 are from 0 Hz to 50 Hz and the region where m1 is from 0 Hz to –50 Hz and m2 varied from 0 Hz to 50 Hz correspond to the lower left and lower right regions in Fig. 5. The lower right region in Fig. 11 does not appear to be varying in the graph since this is small in comparison to the lower left region. The filter to realize this characteristic was designed by means of the nonlinear optimization. The results are shown in Fig. 12. Here, the tap length of the Volterra filter is 64. When the designed filter is inserted, the second-order distortion characteristics of Fig. 7 become those of Fig. 13. When Figs. 7 and 13 are compared, it is found that the level of the second-order distortion is reduced overall



In this paper, a theory is proposed to identify the second-order VFR of a speaker system by using the characteristics of Volterra series. Based on this theory, an automatic measurement system for the second-order VFR was constructed and the characteristics of the first- and secondorder distortions are clarified. Next, a filter design method was proposed to carry out a higher level of equalization dealing with the second-order distortion than the previous one dealing with the linear distortion. With the filter designed by the authors, the second-order distortion is reduced overall by about 100 dB. This result not only indicates that the proposed filter is effective but also that the elimination of the second-order distortion is theoretically possible. The method presented in this paper is found to be very effective. In the future, it is intended to improve the control program of the measurement equipment so that the problem



Fig. 13. Second output after Volterra filtering.
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of long measurement time is resolved in the proposed second-order VFR automatic measurement system for audio playback system.



APPENDIX (1) Derivation of Eq. (10) The mixed sinusoidal wave with frequencies m1 and m2 is incident on the system described by Eq. (5). Then, the output spectrum is given by
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(A.1) Of these, the spectrum of frequencies m1 + m2, {H2m1, m2  H2m2, m1 }Xm1 Xm2 Gm  m1 + m2 , is extracted and is divided by the product of the input spectra Xm1 Xm2 . Then, one obtains {H2m1, m2  H2m2, m1 }. However, since there is symmetry in the second-order VFR H2, one finds that H2m1, m2 is equal to H2m2, m1 . Therefore, Eq. (10) can be derived. 2. Proposal of Design Algorithm of Volterra Filter Eliminating Distortions up to the n-th Order In the text, the design procedure of the desired VFR was described by limiting the distortion to the second order. Here, the algorithm is described for up to the n-th distortion.
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When H1m on the right-hand side is substituted into [ ],



It is assumed that the identification of the audio playback system is completed by another method. Let the n-th VFR of the audio playback system be Hn and the n-th VFR of the Volterra filter be Dn. Then, the n-th output from the n-th order of the audio system through the linear term of the Volterra filter and the n-th output from the linear term of the audio playback system through the n-th term of the Volterra filter canceled each other so that the n-th order distortion is eliminated.



(A.3) By comparing the contents of the reduction operators,



(A.2)



(A.4)
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