1International Computer Music Conference, September 10-15, 1993, Tokyo, JapanString 1BodySound RadiationExcitationString 2String NFig. 1 Model for a plucked string instrument.Towards High-Quality Sound Synthesisof the Guitar and String InstrumentsMatti Karjalainen1,2, Vesa V�lim�ki1,2, and Zolt�n J�nosy1,2,31Helsinki University of Technology, Acoustics Laboratory2CARTES (Computer Arts Center at Espoo)Otakaari 5A, SF-02150 Espoo, FinlandAhertajankuja 4, SF-02100 Espoo, Finland3Technical University of Budapest, Department of TelecommunicationsSztoczek u. 2., H-1111 Budapest, Hungarymatti.karjalainen@hut.fi, vpv@vipunen.hut.fi, janosy@tsys.hit.bme.huAbstractThe sound quality of real-time synthesis based on physical models has so far been inferior tosampling techniques. In this paper we introduce new principles to make model-based sound syn-thesis of the guitar and other plucked string instruments more attractive from the viewpoint ofsound quality. A major improvement is achieved by estimating the model parameters and the exci-tation signal from the sound of an acoustic instrument. It is shown that the impulse response of thebody is included in this excitation. More complex string behavior, including nonlinearities in someinstruments, is briefly studied. Furthermore, different aspects of controlling the real-time synthesismodel are discussed. High-quality real-time synthesis is shown to be feasible by using a singledigital signal processor.1 IntroductionThe term physical modeling is often used for compu-tational models of acoustic-mechanical principlesfound in musical instruments. By means of physicalmodels it has been possible to simulate quite detailedeffects of sound generation [McIntyre et al., 1983]. Ithas also been shown that remarkable reductions incomputation may be gained, e.g., by digitalwaveguide techniques [Smith, 1987] that allow forreal-time synthesis on modern signal processors[Karjalainen and Laine, 1991]. The sound quality ofisolated sounds has so far remained inferior to sam-ple-based methods. However, model-based synthesishas practical advantages such as a natural set of con-trol parameters that allow wide variations of thesynthesized sound. As an example, so-called sympa-thetic vibrations of strings are difficult to simulate indetail by sampling and other traditional methods.This paper introduces new ways to greatly improvethe sound quality of model-based real-time synthesisof the guitar and plucked string instruments. Such anapproach is based on balancing three major sourcesof knowledge: understanding the acoustic principles(physical modeling), digital signal processing exper-tise, and taking into account human perception.First an introduction to the modeling of a pluckedstring instrument is given. Models for the strings andthe body as well as their interactions are discussed.Examples of complex string behavior are reported asthey have been found in some instruments. In Section3 the estimation of the model parameters is studied asa means to add reality to the sound. Finally, inSection 4 solutions to the problem of controlling thereal-time synthesis model are presented.2 String Instrument ModelThe main elements and intercouplings found in mostplucked string instruments are as shown in Fig. 1.Each string is a distributed subsystem that starts tovibrate when excited (plucked or picked). The stringsare coupled to the body and may also interact witheach other (sympathetic vibrations). The body or asoundboard is a complicated resonator that is neededfor acoustic amplification, sound radiation, and color-ing of the sound.2.1Modeling of the StringThe general solution of the wave equation for a stringis composed of two independent transversal wavestraveling in opposite directions (see e.g. [Fletcher andRossing, 1991]). At the string terminations the wavesreflect back with inverted polarity and form standingwaves. The losses in the system damp the almost pe-riodic vibration of the string. All losses and other lin-ear non-idealities may be lumped to the terminationand excitation or pickup points. The string itself isthen described as an ideal lossless waveguide [Smith,1993]. The system may be modeled by a pair of delaylines and a pair of termination filters as illustrated inFig. 2.

2digital delay linedigital delay lineExcitationRl(z)Rr(z)Fig. 2 Digital waveguide model for a string.¯x(n)y(n)¯+—z—Ma)b)Hl(z)z—LFig. 3 a) A plucking-position equalizer cascadedwith b) the Karplus-Strong model.A practical implementation is a digital waveguidewith two digital filters which may often be combinedinto a single one�called later the loop filter�andoptional excitation and pickup filters. The losslessdelay line in a waveguide filter can be implementedvery efficiently by a circular buffer. This reduces thecomputational load by several orders of magnitude.An ideal pluck may most conveniently be consid-ered as an acceleration impulse to the excitationpoint, one half of which travels in each direction[Smith, 1982]. Alternative variables for the wavesignals (and related excitations) are velocity (unitstep), displacement (triangular wave), slope (= thespatial derivative of the displacement), and force.The output may be taken from any meaningful pointof the waveguide, e.g., by summing (or differentiat-ing) the velocities from the two delay lines. The ra-diated sound pressure is approximately proportionalto the velocity (integral of the acceleration) of thestring pickup point.As shown by Jaffe and Smith[1983], there is a rela-tion between the model of Fig. 2 and the Karplus-Strong (KS) model [Karplus and Strong, 1983] (seeFig. 3b). Originally excited by a sequence of randomnumbers, the KS filter formulation corresponds to themodel of Fig. 2 if a comb filter (see Fig. 3a) is cas-caded to shape the spectrum due to the effect ofplucking position. The output of an electric guitarpick-up can be simulated in the same manner[Sullivan, 1990].2.2String Model ImplementationAn excellent early paper on the implementation ofstring models was written by Jaffe and Smith[1983].A relatively detailed model of the guitar with a real-time implementation on a single DSP processor waspresented by Karjalainen and Laine[1991]. In thefollowing, we give a brief overview of the latter ap-proach.Fractional Length ApproximationThe implementation of the string may be divided intothe design of a waveguide and one or two loop filters.The desired pitch values to be played by an instru-ment cannot in general be realized by integer-sizeddelay lines (unless the sampling rate is varied).Fractional delay approximation is thus needed and of-ten the length of a string should be continuously vari-able during sound synthesis (e.g. for vibrato andn n+1n+3 fractional delay dincreasing delayn+2n+4D

Fig. 4 Fractional delay approximation.glissando effects).Both IIR and FIR types of interpolation filters maybe utilized. A comprehensive guide to fractional de-lay filter design is given in [Laakso et al., 1993]. Theinterpolation problem is illustrated in Fig. 4 where aband-limited discrete-time signal is known at integersample points but should be known at some real-val-ued point D instead. The ideal interpolator is a shiftedand sampled sinc function of infinite length whichimplies that in practice it is only possible to approxi-mate it.Lagrange interpolation is a good FIR type of ap-proximation that turns out to be a maximally flat (atzero frequency) filter. Its first-order version (linearinterpolation) is used, for example, bySullivan[1990]. The filter coefficients h(n) for theLagrange interpolator are expressed as [Laine, 1988]

h(n) = D- kn - k

k=0,k≠n

N∏ for n = 0,1,...,N(1)where the approximation is computed for a fractionaldelay D = floor(D) + d,

d ∈ ℜ, ανδ Ν ισ τηε ορδερ οϕτηε ϕιλτερ. Αδϖανταγεσ οϕ τηισ μετηοδ αρε τηε σιμπλεχομπυτατιον οϕ χοεϕϕιχιεντσ (ϕορ ρεαλ-τιμε υπδατινγ)ανδ γοοδ συππρεσσιον οϕ σιγναλ τρανσιεντσ ωηιλε τηελενγτη οϕ τηε λινε ισ ϖαριεδ. Τηε μαιν δραωβαχκ ιστηατ τηε μαγνιτυδε ρεσπονσε ισ νοτ ϕλατ υνλεσσ δ = 0.Αν αλλπασσ ϕιλτερ ωιτη αν ιδεαλλψ ϕλατ μαγνιτυδε ρε-σπονσε ισ ανοτηερ γοοδ αλτερνατιϖε. Σεε [Λαακσο ετ αλ.,1992] ϕορ δεταιλσ ον α μαξιμαλλψ ϕλατ ϕραχτιοναλ δελαψαππροξιματιον βψ αλλπασσ ϕιλτερσ. Τηε πριχε παιδ το γεταν ιδεαλ μαγνιτυδε ρεσπονσε ισ α χομπρομισεδ πηασερεσπονσε ανδ α μορε χομπλεξ υπδατε οϕ χοεϕϕιχιεντσ.Φυρτηερμορε, τηε αλλπασσ ϕιλτερ ισ μορε προνε το σιγναλτρανσιεντσ ωηεν τηε δελαψ ισ ϖαριεδ.Ωε ηαϖε υσεδ τηε ωαϖεγυιδε πρινχιπλε οϕ Φιγ. 2ωιτη τηιρδ-ορδερ Λαγρανγε ιντερπολατιον ατ α σαμπλινγρατε οϕ 22 κΗζ [Καρφαλαινεν ανδ Λαινε, 1991] ιν ορδερτο χοϖερ χαρεϕυλλψ τηε ϕρεθυενχψ ρανγε υπ το αβουτ 5κΗζ. Νο αυδιβλε τρανσιεντσ αρε γενερατεδ ιν γλιδεσουνδσ. Φορ σιμπλιχιτψ, τηε πλυχκ ποιντ ασ ωελλ ασ τηεπιχκυπ ποιντ ηαϖε βεεν ασσιγνεδ το ιντεγερ ποιντσ οϕτηε δελαψ λινε. Τηισ ηασ νοτ βεεν α λιμιτατιον ιν πραχ-τιχε.Ιμπλεμεντατιον ΙσσυεσΑχχορδινγ το τηε τηεορψ οϕ στρινγ ϖιβρατιον (σεε, ε.γ.,[Φλετχηερ ανδ Ροσσινγ, 1991]), τηε δαμπινγ δυε το ιν-τερναλ λοσσεσ, αιρ ϕριχτιον, ανδ ενδ συππορτ μοϖεμεντμιγητ βε αππροξιματεδ βψ α σεχονδ-ορδερ λοω-πασσϕιλτερ ιν τηε στρινγ μοδελ λοοπ. Ωε ηαϖε ϕουνδ τηατεϖεν α σινγλε ϕιρστ-ορδερ ΙΙΡ λοω-πασσ ϕιλτερ γιϖεσ ρελα-τιϖελψ γοοδ ρεσυλτσ ωηεν τηε δχ-γαιν ανδ τηε χυτοϕϕϕρεθυενχψ αρε αδφυστεδ προπερλψ. Τηε ϖαλυεσ οϕ τηεσεπαραμετερσ δεπενδ ον τηε στρινγ προπερτιεσ, τηε ϕιν-

3Ε(ζ)Σ(ζ)Β(ζ)ψ(ν)δ(ν)α)β)ψ(ν)Ε(ζ)Σ(ζ)β(ν)ΕξχιτατιονΣτρινγΒοδψξ(ν)ε(ν)Φιγ. 5 α) Τηε στρινγ ινστρυμεντ μοδελ. β) Τηε μοδι-ϕιεδ μοδελ τηατ ισ ϕυνχτιοναλλψ εθυιϖαλεντ το (α).γερινγ ποσιτιον, ανδ ποσσιβλε εξτρα αττενυατιον δυε τοα σπεχιϕιχ πλαψινγ στψλε.Το χοντρολ τηε σηαρπνεσσ ϖσ. σοϕτνεσσ οϕ τηε πλυχκ-ινγ, ωε ηαϖε ϕιλτερεδ τηε εξχιτατιον (αν ιμπυλσε ιν τηεσιμπλεστ χασε) βψ α ϕιρστ ορ σεχονδ-ορδερ λοω-πασσ ϕιλ-τερ ωιτη χοντρολλαβλε χυτοϕϕ ϕρεθυενχψ.2.3Βοδψ ΜοδελινγΤηε αχουστιχσ οϕ τηε γυιταρ βοδψ ηασ βεεν στυδιεδβοτη θυαλιτατιϖελψ ανδ θυαντιτατιϖελψ (σεε [Φλετχηερανδ Ροσσινγ, 1991] ϕορ ρεϕερενχεσ) βυτ δεταιλεδ χομ-πυτατιοναλ μοδελσ σεεμ το βε διϕϕιχυλτ το χονστρυχτ.Φρομ α σιγναλ προχεσσινγ ποιντ οϕ ϖιεω τηε βοδψ ανδτηε σουνδ ραδιατιον το α σπεχιϕιχ διρεχτιον μαψ βεχονσιδερεδ ασ α ηιγη-ορδερ ϕιλτερ. Ιν γενεραλ ωε νεεδμανψ ρεσπονσεσ το σιμυλατε τηε διρεχτιϖιτψ παττερν,αχτυαλλψ α ματριξ οϕ ρεσπονσεσ ϕρομ τηε μαιν ϖιβρα-τιοναλ διρεχτιονσ οϕ τηε βριδγε το ϖαριουσ ραδιατιον αν-γλεσ.Βοδψ Μοδελ ασ α Διγιταλ ΦιλτερΤηε τρανσϕερ ϕυνχτιον ϕρομ τηε βριδγε το τηε λιστενερχαν βε μεασυρεδ αππροξιματελψ βψ εξχιτινγ τηεβριδγε ωιτη α μεχηανιχαλ ιμπυλσε ανδ βψ ρεγιστερινγτηε ραδιατεδ σουνδ. Αν αναλψσισ σηοωσ τηατ τηε σπεχ-τραλ ενϖελοπε οϕ τηε βοδψ ρεσπονσε οϕ α γοοδ αχουστιχγυιταρ ισ ρελατιϖελψ ϕλατ βυτ τηερε ισ α λαργε νυμβερ οϕρεσονανχεσ σταρτινγ ϕρομ τηε λοωεστ μοδε ϕρεθυενχψ(αρουνδ 100 Ηζ). Ηοωεϖερ, νοτ ονλψ τηε ϕρεθυενχψ-δομαιν μαγνιτυδε ρεσπονσε βυτ αλσο τηε τεμποραλενϖελοπε οϕ τηε ιμπυλσε ρεσπονσε (�ρεϖερβερατιον�) ισπερχεπτυαλλψ ιμπορταντ.Ωε ηαϖε τριεδ σεϖεραλ ϕιλτερ-βασεδ πρινχιπλεσ οϕβοδψ μοδελινγ ϕορ σουνδ σψντηεσισ [Καρφαλαινεν εταλ., 1991]. Αν ΦΙΡ ϕιλτερ μοδελ οϕ τηε βοδψ ρεσπονσεμυστ βε 50 το 100 μσ (μορε τηαν 1000 ταπσ) λονγ τοψιελδ σατισϕψινγ σψντηετιχ σουνδ. Λινεαρ πρεδιχτιον(ΛΠΧ) αναλψσισ συγγεστσ αν αλλ-πολε ϕιλτερ μοδελ οϕορδερ 500 ορ μορε. Βοτη οϕ τηεσε αρε χομπυτατιοναλλψτοο εξπενσιϖε ϕορ ρεαλ-τιμε ιμπλεμεντατιον ον αμοδερν ΔΣΠ προχεσσορ. Ωε αλσο δεσιγνεδ ρεδυχεδ-ορδερ ΙΙΡ ϕιλτερσ τηατ αππροξιματε τηε ϕρεθυενχψ ρεσο-λυτιον οϕ τηε ηυμαν αυδιτορψ σψστεμ βυτ εϖεν τηεσεδιδ νοτ ρεδυχε τηε χομπυτατιοναλ λοαδ ενουγη.Βοδψ Ρεσπονσε ασ Στρινγ ΕξχιτατιονΙν ορδερ το οϖερχομε τηε ινηερεντλψ ηεαϖψ χομπυτα-τιοναλ λοαδ οϕ ϕιλτερ-βασεδ βοδψ μοδελσ, α νοϖελμετηοδ ωασ ινϖεντεδ. Λετ υσ χονσιδερ τηε στρινγ ιν-στρυμεντ μοδελ οϕ Φιγ. 5α ασ α χηαιν οϕ λινεαρ συβσψσ-τεμσ

y(n) = e(n)∗s(n)∗b(n)(2)where

∗ ισ τηε χονϖολυτιον οπερατορ, ε(ν) ισ τηε εξχι-τατιον σουρχε (πλυχκ ιν τηε χασε οϕ τηε γυιταρ), σ(ν) ιστηε ιμπυλσε ρεσπονσε οϕ τηε στρινγ (ϕρομ πλυχκινγποιντ το τηε βριδγε) ανδ β(ν) ισ τηε ιμπυλσε ρεσπονσεοϕ τηε βοδψ μοδελ (ϕρομ τηε βριδγε το τηε ραδιατεδσουνδ). Τηε ινπυτ

δ(n) in Fig. 5a is a unit impulse.The system of Fig. 5a can be transformed into theform of Fig. 5b by reordering. This modification isvalid due to the mathematical fact that the convolu-tion operation is commutative, i.e.,

f(t) ~ s^y_2(x,t)+ s^z_2(x,t) [ ] 0 l ∫_{dx(4)where sy(x) and sz(x) are the slopes in the two mainplanes (y,z) of the string vibration in position x, and}

l is the length of the string.This case is taken as an example where substantialdifficulties arise in keeping the string waveguideideal since the force is proportional to the integral ofthe string slope squared. The distributed nonlinearityis computationally very expensive so that a simplelocalized approximation is needed for real-time syn-thesis [Karjalainen et al., 1993].3Estimation of Model ParametersThe problems in sound quality of former physicalmodels of plucked string instruments were caused bytoo simple excitation signals, loop filters, and bodymodels. In most waveguide synthesis models thebody has not been considered at all. The input to themodel has been either white noise [Karplus andStrong, 1983] or an impulse filtered with a low-orderfilter, and the coefficients of the loop filter have beenadjusted by hand [Adrien and Rodet, 1985],[Karjalainen and Laine, 1991]. More complicatedexcitation signals and loop filters are difficult to de-vise without help of measurements. Thus the attemptto estimate the string model from the sound of a realinstrument is well motivated.3.1Subproblems in EstimationThe system identification of the waveguide string in-strument model shown in Fig. 5a can be divided intothe following subproblems: (1) Estimation of thebody model B(z), (2) estimation of the string modelS(z) which leads to the estimation of the loop filter

Hl (z) and the delay length L when the Karplus-Strong model is employed, and (3) estimation of anexcitation sequence e(n) or filter E(z).When using the modified string instrument modelof Fig. 5b the estimation problem is simplified. Nowonly the loop filter

Hl (z) and the delay L have to beestimated. Once they are available, the excitationsignal x(n) can be extracted by inverse filtering therecorded guitar sound. The inverse filter A(z) can besolved by inverting the transfer function of the stringmodel S(z):

H^l (z) ac-cording to a recorded sound of a vibrating string wascarefully studied by Smith in the beginning of 1980’s(see [Smith, 1982] and [Smith, 1983]). He reportedresults attained by using a system identification ap-proach and modified linear prediction. The formermethod results in an IIR loop filter and the latter inan FIR filter. The methods were shown to performwell at low frequencies but the variance of the esti-mates was very large at the high end. Our experi-ments have shown that these methods often lead to

5unstable loop filters which cannot be used for synthe-sis unless made stable.DeconvolutionIn [Smith, 1982] it was also proposed that the fre-quency response of the loop filter could in principlebe computed using deconvolution. In the frequency-domain deconvolution means division of spectra.This is equivalent to multiplication where the magni-tude values of the other spectrum have been inverted.In this operation large values become small and smallvalues enormously large, and as a result the noise isamplified. Smith[1982] reports that this techniquecan yield extremely noisy estimates for the magni-tude response of the loop filter.Instead of using the deconvolution of two spectraas the estimate for the frequency response, we havetried averaging over several of them. The estimate forthe spectrum of the loop filter is then expressed as

Ĥl (e jω ) = 1M Y(e jω ,tm + P)

Y(e jω ,tm) m=1 M- 1∑(6)ωηερε τηε τερμσ

Y(e jω ,tm) are the windowedFourier spectra computed at the instant

tm, M is thenumber of these spectra, and P is the period-length ofthe guitar sound. This method gives estimates withreasonably small variance at low frequencies.However, the results at high frequencies are fullyunreliable.A Robust AlgorithmWe introduce a new, more robust technique for theestimation of the magnitude response of the loop fil-ter. This straightforward algorithm consists of the fol-lowing steps:1)Compute the short-time Fourier transform (STFT)of the guitar sound to be resynthesized;2)Measure the magnitude of each detectable har-monic in the STFT frames and form a sampledenvelope curve for every harmonic;3)Fit a straight line on a logarithmic (dB) amplitudescale to each sampled envelope curve;4)Compute the corresponding loop gain for eachslope;5)Design a digital filter to match the magnitudespectrum that is formed by the collection of loopgain estimates at different frequencies.In Step 1 we have computed the STFT (using FFT)using a Blackman window with 50% or 75% overlapwith the adjoining windows. Pre-emphasis (e.g., dif-ferentiation) should be applied to the original signalbefore the analysis to flatten its spectrum. It is wiseto use zero-padding in the FFT to increase the reso-lution of the magnitude response.The amplitude of the overtones can be measured byfinding the highest amplitude value near the assumedfrequency of the harmonic and by using parabolicinterpolation to find the peak value [Serra, 1989].The analysis should be started only after the attacktransient of the guitar sound has died, i.e., after theenvelope of the recorded signal shows exponentialdecay. The higher harmonics of a guitar sound atten-uate quickly and after a while they can not be de-tected because of the background noise. For this rea-son, the measurement of harmonics can be terminatedsome 200-500 ms after the attack.In Step 4 the gain g of the loop filter (at the fre-quency of the overtone in question) can be computedas

g( fk ) =10 β kL20H for k = 1, 2, ..., K(7)where

βk is the estimated slope of the kth harmonic,

Fig. 7

Temporal envelopes of the four lowest har monics of a guitar tone and straight lines fits.

Fig. 8 Estimated magnitude spectrum (circles) and frequency increases. As can be seen in Fig. 8 the practical situation deviates slightly from this simple In this example the envelopes of the higher har monics were extremely noisy because the relative level of those harmonics was very low. Thus the cor

The final step in the model estimation procedure is to design a loop filter to match the estimated magnitude response (see Fig. 8). It would be easiest to design an

FIR loop filter. Then the filter could also have a lin ear phase response, if necessary. In practice it has been noticed that a fairly high-order FIR filter is re quired to accurately model the frequency-dependent damping of the string. Therefore we decided to use a

As a first method we matched an all-pole model using linear prediction (LPC) to the power spectrum of the loop gain. A practical problem in this procedure is that the target spectrum is known only in a small set of points at the low end of the frequency band and the LPC analysis is seriously disturbed if the magnitude response is set to zero in the rest of the band. A solution to this in

convenience is to assume exponential attenuation for the power spectrum at the high end. The exponent should be proportional to the order of the all-pole filter to be fitted. Otherwise this kind of trick will increase the approximation error at the important frequency band. It can be concluded that the LPC method is very critical and successful

results can be obtained only with careful manual

The most efficient structure for the loop filter is obviously an infinite impulse response (IIR) filter with both poles and zeros. As an example we designed a first-order IIR filter for the case of Fig. 8 using an iterative algorithm that alternately adjusts the filter coefficients to reach the minimum of the approximation error. The magnitude response of an

IIR loop filter matched to the given points is shown

It can be seen that such a low-order filter is not able to model the gain of each harmonic but merely has

In the design of this filter we used an error weight ing function that penalizes the errors at the points near unity. This guarantees that the resulting magni tude response will not exceed unity and that the match will be best for the lowest harmonics whose at tenuation rate can be heard easily. Due to the lack of reliable gain estimates at high frequencies we used zero values in the target spectrum to bring about the

The waveform of the guitar tone analyzed in Fig. 7, its residual after inverse filtering, and the resynthe sized version are shown in Fig. 9. The loop filter of

Eq. (8) was used for this example. The excitation signal in the resynthesis was formed by truncating the first 100 ms of the residual of Fig. 9b. It can be seen that the attack of the resynthesized signal is nearly identical with the original one. The resynthesized

tone sounds definitely like the guitar but when com pared with the original it can be perceived that it attenuates a little more rapidly. Nevertheless this approach results in much more realistic synthesis than the earlier models that used artificial excitation.

Naturally the resynthesis can still be enhanced by a

Although in principle a different loop filter and ex citation should be used for each tone we tried synthe sis using the same excitation and loop filter but a dif ferent delay line length and found the result convinc ing. This means that only a relatively small number of excitation signals need be stored. This is an advan tage of the model-based guitar synthesizer over sam pling synthesis where a large amount of sampled data has to be stored to achieve good sound quality on a

The current model of the guitar has a large number of parameters many of which must be updated every time a note is played. In most situations it is imprac tical to control all of them directly but to send basic control information only and compute the unsupplied values automatically. At this stage the current musi cal context can be also taken into account.

Furthermore, the physical model of a human per former (e.g. limited speed of finger movement)

In the following we discuss some methods of con trolling the real-time synthesis model. The control interfaces used here translate the control input (e.g.

In a usual live performance situation the control in terface has to respond immediately to an incoming control event. This implies that it cannot take future events into account which leads to poor control of note transitions. If strictly real-time performance is not needed introducing a reasonable solves this problem. Furthermore, in guitar synthesis control this method makes optimal string allocation

Using off-line preprocessing of the input the musi cal context can be analyzed in detail and an internal representation or a new MIDI sequence can be gener ated. If the input is a music description language the synthesis can be controlled explicitly by including special information into the score. However, most parameters can be adjusted automatically in this case

We added various control interfaces to our new model in order to try it in both real-time and off-line situations. The interfaces are written in Common

Lisp / CLOS. Built upon a set of low-level functions

(used for updating the model parameters) we imple mented an object-oriented sequencer which allows for automatic performance generation (see also

[Friberg, 1991] or [Bresin et al., 1992]). For MIDI

The input of the Lisp sequencer is a score description language with Lisp syntax that enables mixing of high-level (notes, chords, sequences) and medium or low-level control information (like string used for the note, pluck type, the timing of the arpeggios, or the

The sequence of notes is transformed into a low level control sequence in four passes: parse, perform, expand and play. Each pass can be explicitly con

MIDI events are processed in real time by calling

CLOS method functions specialized both for the event type and the instrument class. For additional flexibility each string can have method functions of its own that are called after a note assignment by the

For a more realistic live performance using a MIDI keyboard we developed a new concept similar to

[Garton, 1992]. The MIDI interpreter provides differ ent performance styles

(e.g. classical, flamenco,

blues, pop, or jazz). In addition to the appropriate timbre these presets provide most of the characteris tic playing techniques of the given style, like differ ent strokes, strums, hammer-on, pull-off, slide, tremolo, harmonics, pluck position change, mapped to keys, key combinations or controllers, all easily playable from a keyboard. The styles are used to gether with enhanced MIDI control modes. In Solo

mode the interpreter can assume that only a single note is intended to be played at one time, thus certain playing techniques (e.g. bend, slide, hammer-on, or pull-off) can be recognized. The Strumming mode is

A special problem of controlling the guitar synthesis is the selection of the appropriate string for a given note since on the real guitar a note could usually be played on many strings resulting in a different sound quality. Another consideration is that not all possible note combinations can be played since the strings have different playing ranges (see Fig. 11). For real istic simulation it should be taken into account that the fret range used for the notes of a chord or for suc

A simple solution is that a note is assigned to the highest free string that can play it. From the guitar-

player’s viewpoint this is a strategy of playing each note as close to the first position as possible. This strategy does not take into account the playability of a given sequence of notes and sometimes it even re fuses to play a chord that could otherwise be played

If real-time performance is not needed a backtracking algorithm for optimizing the movement of the fingers can be used. This approach makes it also possible to automatically add synthetic fret-noise at

Improvements and extensions to earlier physical models of plucked strings were introduced. The main contribution of this work is that more natural syn thetic sounds than before which imitate the acoustic guitar can be produced in real time. This was achieved by interpreting the guitar as a cascade of linear subsystems: the excitation, the string, and the body. Thereafter the parts in the chain were reordered in order to use the body response as the input. The input can be, e.g., a measured body response or a sig nal obtained by inverse filtering a recorded guitar

We also discussed how to estimate a digital filter that models the frequency-dependent attenuation in the delay loop of a waveguide string model.

Modeling of more complex behavior of the string, like double-length behavior and nonlinearities, was

We have implemented the described guitar model on a single TMS320C30 signal processor using the

QuickC30 software environment [Karjalainen, 1992] running on an Apple Macintosh computer. This DSP system can run a six-string guitar model in real time at a sampling rate of 22.05 kHz. The synthesis model can be controlled either from MIDI or by a special

We are grateful to Mr. Toomas Altosaar for his comments on an earlier version of this paper. Special thanks are due to Mr. Jukka Savijoki for his kind co operation in recording high-quality guitar sounds.

[Adrien and Rodet, 1985] Jean-Marie Adrien and Xavier

Rodet. Physical models of instruments: A modular approach, application to strings. In Proc. ICMC�85

, pp. 85

, 1992] Roberto Bresin, Giovanni De Poli, and

Alvise Vidolin. Symbolic and sub-symbolic rules system for real-time score performance. In Proc. ICMC’92

, pp.

[Chung, 1992] Joseph T. Chung. Hyperlisp Reference

[Fletcher and Rossing, 1991] Neville H. Fletcher and

Thomas D. Rossing. The Physics of Musical Instruments [Friberg, 1991] Anders Friberg. Generative rules for music performance: A formal description of a rule system. [Garton, 1992] Brad Garton. Virtual performance mod-

[Jaffe and Smith, 1983] David Jaffe and Julius O. Smith.

Extensions of the Karplus-Strong plucked string algo- [Karjalainen and Laine, 1991] Matti Karjalainen and Unto

K. Laine. A model for real-time sound synthesis of guitar on a floating-point signal processor. In Proc. IEEE Int.

Conf. on Acoustics, Speech, and Signal Processing [Karjalainen

, 1991] Matti Karjalainen, Unto K. Laine,

and Vesa V�lim�ki. Aspects in modeling and real-time synthesis of the acoustic guitar. In

Proc. 1991 IEEE

ASSP Workshop on Applications of Signal Processing to [Karjalainen, 1992] Matti Karjalainen. Object-oriented programming of DSP processors: A case study of

QuickC30. In

Proc. IEEE ICASSP’92, pp. V-601—V-604,

[Karjalainen et al., 1993] Matti Karjalainen, Juha

Backman, and Jyrki P�lkki. Analysis, modeling, and realtime synthesis of the kantele, a traditional Finnish string instrument, In

Proc. IEEE ICASSP’93, pp. 229-232,

[Karplus and Strong, 1983] Kevin Karplus and Alex

Strong. Digital synthesis of plucked-string and drum tim-

Karjalainen, and Unto K. Laine. Real-time implementation techniques for a continuously variable digital delay in modeling musical instruments. In Proc. ICMC�92

, pp.

Karjalainen, and Unto K. Laine. Digital filter approximation of fractional delay�A tutorial review. To be pub- [Laine, 1988] Unto K. Laine. Digital modelling of a variable length acoustic tube. In Proc. Nordic Acoustical [Laroche and Jot, 1992] Jean Laroche and Jean-Marc Jot.

Analysis/synthesis of quasi-harmonic sounds by the use of the Karplus-Strong algorithm. In Proc. of the Second [McIntyre et al., 1983] M. E. McIntyre, R. T. Schumacher,

and J. Woodhouse. On the oscillations of musical instruments.

Journal of the Acoustical Society of America

[Serra, 1989] Xavier Serra. A System for Sound

Analysis/Transformation/Synthesis Based on a

Deterministic Plus Stochastic Decomposition, Ph. D. dis sertation. CCRMA Tech. Report STAN-M-58, Stanford [Smith, 1982] Julius O. Smith. Synthesis of bowed strings.

[Smith, 1983] Julius O. Smith. Techniques for Digital to the Violin

, Ph. D. dissertation. CCRMA Tech. Report

[Smith, 1987] Julius O. Smith.

Music Applications of

Digital Waveguides. CCRMA Tech. Report STAN-M-39, [Smith, 1993] Julius O. Smith. Physical modeling by digi-

[Sullivan, 1990] Charles R. Sullivan. Extending the

Karplus-Strong algorithm to synthesize electric guitar timbres with distortion and feedback. Computer Music [V�lim�ki et al., 1993

] Vesa V�lim�ki, Matti Karjalainen,

and Timo I. Laakso. Fractional delay digital filters. In

Proc. IEEE Int. Symp. on Circuits and Systems, pp. 355 and Timo I. Laakso. Modeling of woodwind bores with finger holes. In

Proc. ICMC’93

(this proceedings),