LOOP FILTER DESIGN TECHNIQUES FOR VIRTUAL STRING INSTRUMENTS

Cumhur Erkut

Helsinki University of Technology Laboratory of Acoustics and Audio Signal Processing P.O. Box 3000, Fin-02015 Espoo, Finland Cumhur.Erkut@hut.fi

Abstract Physical models based on digital waveguides are being widely used for sound synthesis of plucked string instruments. With the existing DSP tools for calibration, it is straightforward to synthesize a realistic replica of a given instrument tone. However, simulating the frequency-dependent losses of the string with a better accuracy may further enhance the synthesis quality. This paper presents arbitrary length filter design techniques that are customized for the loop filters, i.e., with the additional constraint that their transfer functions are to approximate the frequencydependent decay estimates of the real strings. Based on the polynomials that compensate the irregularities in the data set, the design of the loop filter will be discussed.

INTRODUCTION

In model-based sound synthesis of plucked string instruments [1], efficient and realistic systems have been realized using the digital waveguide theory [2]. Different models have been constructed using a generic template, i.e., the basic string model shown in Fig. 1. This basic model is a feedback loop that is composed of a delay line and two digital filters [3, 4]. The delay line z^{−L1} and the fractional delay filter F (z) make up the loop delay that controls the pitch of the synthetic tone. The block H_l(z) accounts for the energy losses of the string, and it is called the loop filter. The coefficients of the loop filter are typically obtained by analysis of the recorded tones of an instrument for a high-quality resynthesis [4].

The design of the loop filter H_l(z) = B(z)/A(z) has been tackled in many studies (see, for instance [5, 4]). The stability of the basic model constraints the loop filter magnitude response, i.e., the condition |H(e^{ȷω})| < 1, ∀ω must be satisfied. There is no reliable general solution that guarantees both stability and the accuracy of the approximation. In [6], two novel algorithms that increase the likelihood of the stability has been introduced. Since the relation between the decay times of the harmonics and the loop filter magnitude response is highly nonlinear, both of the novel algorithms are based on a direct match of the decay times τ_k of the real and synthetic harmonics. One of the techniques approximates the decay rate estimates σ̂_k =^1_{τk} of the analyzed tone by an even-order polynomial and converts the polynomial parameters to the one-pole loop filter coefficients using the approximate analytical formulas [6].

This paper utilizes the decay rate polynomial regression technique of [6] into the design of higher-order loop filters. Using a novel two-step scheme, the decay rate estimates are approximated by a continous function, then an arbitrary order recursive loop filter has been designed based on this target function.

Figure 1: The basic string model [3, 4].

DESIGN OF ONE-POLE LOOP FILTER USING POLYNOMIAL REGRESSION

The viscous drag of air is the main cause of damping in a musical string [7]. At low frequencies, the viscous effects lower the decay times in a frequency-independent fashion, whereas for the higher frequencies, the effects depend on frequency. In musical acoustics, it is customary to model the viscous losses by an even-order polynomial: σ(ω) = 1 τ(ω) = c_1 + c_3ω^2 + ... + c_{2m+1}ω^{2m} (1)

Usually, the first two terms provide a good fit to the data [6].

A basic one-pole loop filter g(1+a)/(1+az^{−1} ) that is often used in model-based synthesizers [1] roughly simulates the characteristics of the viscous damping. Previously, a simple design method for this filter has been introduced in [8]. This approach uses an iterative nonlinear parameter search algorithm to match the overall decay of the real and synthetic tones in time domain. In [6], the (truncated) decay rate polynomial is used to match the decay rates of the analyzed and synthetic harmonics. The coefficients c_1 and c_3 are obtained by minimizing the error e_σ between the measured decay rate estimates σ̂_k and the decay rate function at harmonic frequencies σ(ω)|_{ω=kω1}

e_σ = K∑ k=1 1 σ^2_kσ̂^2_k

(σ_k − σ̂_k)^2 = K∑ k=1 W_k(σ_k, σ̂_k) (σ_k − σ̂_k)^2 (2)

A practical difficulty in this weighted LS problem is that the weight function W_k requires the exact decay rates σ_k a priori. This difficulty is solved by initializing W_k by σ̂^{−4}_k , and then using iteration. As shown in [6], the algorithm converges after few iterations. The polynomial coefficients and the first order loop filter coefficients are related by using Taylor series approximations for logarithm, cosine, and square root functions. In their final form, these relations yield

g = 1 − c_1 f_0

(3a)

a = −1 + min { 1 4c_3 ( −f_0 ± √ 8f_0c_3 + f^2_0 )} (3b)

DESIGN OF HIGH ORDER LOOP FILTERS

As higher terms are included in Eq. (1), the relations between the polynomial coefficients and the filter parameters become more tedious to compute. In this paper, a two-step design scheme is considered as an alternative method. The first step obtains an adequate decay rate function, whereas the second step converts the decay rate function into a target magnitude response and calculates the loop filter coefficients. The details of these steps are outlined below.

High-order decay rate polynomials

The problem at this step is to obtain a continuous function σ(ω) that is given by Eq. (1) based on the (noisy) decay rate estimates σ̂_k so that the error function in Eq. (2) is minimized. Fig. 2 shows the estimates σ̂_k of a sample guitar tone (fifth string, fret #5, f_0 = 192.3 Hz). The estimates are obtained by pitch-synchronous short-time Fourier transform (PS-STFT) followed by linear regression of the envelopes of the harmonics on a dB scale [4, 8]. It is typical that the estimates are absent in the high frequency region, since the harmonics fall rapidly below the noise floor. A second-order polynomial (dash-dotted curve in the figure) provides smooth predictions for the decay rates of the missing harmonics. However, it cannot match the lowdecay rates of the analyzed harmonics between 2000 and 4000 Hz. An eigth-order polynomial (dashed curve), on the other hand, provides less MSE at the data points. However in the high

Figure 2: The decay rates estimates of the original tone (dots), and corresponding polynomial fits of order two (dash-dotted curves), of order eight (dashed curves) and decay rate functions obtained by parameter shrinkage (solid curves). The figure on the left is the low-frequency detail of the figure on the right.

frequencies, the exact behavior of an higher order polynomial becomes unpredictable. In the example, it has negative values, and cannot be used as such. An ideal decay rate function should combine the properties of second-order and higher order decay rate polynomials.

The algebraic polynomials are universal approximating functions within a compact domain [9]. If they would, in addition, span an orthonormal basis, then the second order polynomial coefficients would be contained in the higher order fits. Although the decay rate polynomials of Eq. (1) do not span an orthogonal basis, simulations indicate that the c_1 and c_3 coefficients contained in a higher order solution and second order solution of Eq. (2) are very close to each other. This is due to the weighting function W_k. Therefore, an accurate decay rate function can be obtained by solving the weighted LS problem of Eq. (2) for a high-order polynomial, and then by pruning the high-order coefficients as a function of frequency where the distribution of the available data diminishes.

In this study, an exponential shrinkage of the high-order polynomial parameters has been used. The algorithm is initiated within the half frequency range of the available data. The resulting decay rate function is represented by a solid curve in Fig. 2. It can be seen that the function satisfies the properties of a desirable decay rate function, i.e., it fits to the available data quite well at low-frequencies (left), and provides reasonable decay rate predictions at high frequencies (right).

Higher-order recursive loop filter design

The continuous decay rate function σ(ω) obtained by the shrinkage algorithm may be converted to the desired filter magnitude response using the following relation:

Γ(e^{jω}) = e^{− σ(ω)f}0 (4)

Since this target magnitude response is smooth and continuous, the filter design is significantly simplified. Many algorithms can be utilized for magnitude-only approximation of the target magnitude response. In this paper, modified Yule-Walker method [5] has been used. The target magnitude response and the magnitude response of the designed eighth-order minimum-phase IIR filter is compared in Fig. 3. As can be concluded from the example, the proposed two-step method provides a good match to both the target magnitude function obtained from the decay rate function (left), and the characteristics of the data (right). Moreover, the likelihood of the stability is increased.

CONCLUSIONS

A two-step recursive loop filter design method based on decay rate polynomials has been introduced. The proposed technique is based on a first-order loop filter design method given in [6],

Figure 3: The target magnitude response (dashed) and the magnitude response of the designed eighth-order IIR filter (solid) in the whole frequency range (left) and in the frequency interval of the available data (right). The desired gains of the data are shown by circles.

however it has been generalized for an arbitrary order filter. In the proposed technique, only the algebraic polynomials have been used for approximation, motivated by the specific form of the decay rate function proposed in musical acoustics literature [6]. Alternatively, the approximation may be based on different families of functions. Some of these functions may result in a better approximation, and more importantly, they may have direct relations between the polynomial and filter coefficients, as in the case of Chebyshev polynomials [9].

ACKNOWLEDGMENTS

This work has been financed by the Academy of Finland. The author has been supported by the Jenny and Antti Wihuri Foundation. Vesa Välimäki’s help and comments are highly acknowledged.

REFERENCES

[1] Karjalainen, M., Välimäki, V., and Tolonen, T., “Plucked-string models: From the Karplus- Strong algorithm to digital waveguides and beyond,” Computer Music J., 22, pp. 17–32, 1998.

[2] Smith, J. O., “Physical modeling using digital waveguides,” Computer Music J., 16, pp. 74– 91, 1992.

[3] Jaffe, D. A. and Smith, J. O., “Extensions of the Karplus-Strong plucked-string algorithm,” Computer Music J., 7, pp. 56–69, 1983, Also published in Roads C. (ed). 1989. The Music Machine, pp. 481–494. The MIT Press. Cambridge, Massachusetts, USA.

[4] Välimäki, V., Huopaniemi, J., Karjalainen, M., and Jánosy, Z., “Physical modeling of plucked string instruments with application to real-time sound synthesis,” J. Audio Eng. Soc., 44, pp. 331–353, 1996.

[5] Smith, J. O., Techniques for digital filter design and system identification with application to the violin. PhD thesis, Stanford University, California, USA, 1983.

[6] Bank, B., “Physics-based sound synthesis of the piano,” tech. rep., Helsinki University of Technology, Laboratory of Acoustics and Audio Signal Processing, 2000. See http://www.acoustics.hut.fi/publications/.

[7] Fletcher, N. H. and Rossing, T. D., The Physics of Musical Instruments. New York, USA:

Springer-Verlag, 1991.

[8] Erkut, C., Välimäki, V., Karjalainen, M., and Laurson, M., “Extraction of physical and expressive parameters for model-based sound synthesis of the classical guitar.” Presented at the 108th AES Int. Convention 2000, Paris, France, preprint no. 5114, 2000.

[9] Lorentz, G. G., Approximation of functions. Chelsea Publishing, 2 ed., 1986.