International Computer Music Conference (ICMC�94), Sept. 12—17, 1994, Aarhus, Denmark1Virtual Instruments in Virtual Rooms�A Real-Time Binaural Room Simulation Environmentfor Physical Models of Musical InstrumentsJyri Huopaniemi1, Matti Karjalainen1,2, Vesa V�lim�ki1,2, and Tommi Huotilainen11Helsinki University of Technology2CARTESAcoustics Laboratory(Computer Arts Centre at Espoo)Otakaari 5A, FIN-02150 Espoo, FinlandAhertajankuja 4, FIN-02100 Espoo, FinlandJyri.Huopaniemi@hut.fi, Matti_Karjalainen@hut.fi,vpv@vipunen.hut.fi, Tommi@helmholtz.hut.fiAbstractIn this paper high-quality model-based sound synthesis of plucked string and woodwind instru-ments is combined with room simulation and auralization techniques. The result is a real-time vir-tual three-dimensional room where the listener and multiple virtual instruments can be moved. Thesystem was designed using signal processors in a multiprocessing environment. Sound radiationpatterns of musical instruments were measured and direction-dependent filtering was applied toinstrument simulation models. Auralization is achieved by measuring and using head-related trans-fer functions. The binaural three-dimensional audio output of the virtual environment is directed toheadphone listening. The environment is controlled by a mouse-operated user interface while thevirtual instruments are played via MIDI.1IntroductionDigital waveguide and delay line modeling ofwave propagation has been an interesting and reward-ing field in computer music technology. Artificialreverberation generated by digital delay line networkshas been studied for over three decades (see, e.g.,[Schroeder, 1962]). Physical modeling of musicalinstruments using digital waveguides has shown tobe one of the most important inventions in soundsynthesis in the past two decades [Smith, 1987][Smith, 1992]. Computer-based simulation of roomacoustics has also adopted techniques based on digi-tal delay lines. However, applications that combinedifferent implementations of digital waveguides,such as model-based sound synthesis attached to avirtual acoustical environment, are still quite few.This paper describes an implementation of a real-time virtual sound and acoustics simulator. Asopposed to previously introduced virtual acousticalreal-time environments (see e.g., [Foster et al.,1991] [Astheimer, 1993] [Wenzel, 1994]), this papercombines several areas of interest and results in anew way of looking at virtual reality technology.This environment consists of moving soundsources that are physical models of musical instru-ments and a freely moving listener who is control-ling the system. The models, a virtual acoustic gui-tar and a virtual flute, are played via MIDI and theirmovements are controlled from a keyboard. The radi-ation directivity of the instruments is taken intoaccount by applying direction-dependent filtering.The listener wearing headphones captures the bin-aural three-dimensional sound created by the envi-ronment. Auralization [Kleiner et al., 1993] isachieved by applying binaural digital filters designedfrom empirically measured head-related transfer func-tions (HRTF) [Blauert, 1983] [Wightman andKistler, 1989] [M¿ller, 1992].The paper is organized as follows. In Section 2,the digital waveguide models for the acoustic guitarand the flute are reviewed. The major improvementover the former models is that now the sound radia-tion directivity of the instruments is incorporated.In Section 3, techniques for modeling roomacoustics and binaural hearing are discussed. Forroom simulation we have adopted the image-sourcemethod [Allen and Berkley, 1979] combined with amethod for approximating late reverberation. Mea-surements of HRTFs and implementations of thebinaural digital filters are discussed with emphasison real-time sound processing.Section 4 presents the multiprocessor platformthat is used for implementing the virtual environ-ment. The QuickC30/C40 DSP programming envi-ronment is discussed.In Section 5, we reveal the secrets behind thedesigned virtual environment�how and where and

2why the system is running, and what does it soundlike.The final section summarizes our results andmakes suggestions for future work in the field ofvirtual sound reality.2The Physical ModelsSound synthesis based on physical modeling hasrecently become one of the most active fields ofcomputer music research. The development of digitalwaveguide modeling techniques [Smith, 1992] hasled to computationally efficient synthesis algo-rithms. The foremost goal in applying these meth-ods to musical instrument modeling has been toachieve real-time sound synthesis on modern signalprocessors [Karjalainen and Laine, 1991]. Theresearch carried out at the Acoustics Laboratory ofthe Helsinki University of Technology has led tohigh-quality real-time synthesis algorithms of, e.g.,the acoustic guitar [Karjalainen et al., 1993] and theflute [V�lim�ki et al., 1992].2 . 1 The Guitar ModelThe block diagram of the guitar model is depictedin Fig. 1. The output of the excitation filter E(z)represents the signal produced by a finger or a plec-trum touching a string. This signal is fed into thestring model S(z) that is presented in Fig. 2. Thisversion of the string algorithm, derived from awaveguide model, is called the extended Karplus—Strong model. The feedforward loop (on the left inFig. 2) models the effect of the pluck position. Thelength of the delay line

z− L

determines the funda-mental frequency of the synthetic tone and the loopfilter

Hl (z)

brings about the damping and disper-sion effects.The body model B(z) is in principle a high-orderfilter that adds the most important resonances andantiresonances of the body to the synthetic sound[Karjalainen et al., 1991]. Due to the commutativityof the blocks depicted in Fig. 1 the impulseresponse b(n) of the body may be incorporated in theexcitation sequence as proposed in [Smith et al.,1991] [Karjalainen et al., 1993] [Smith, 1993].The filter

R(z,θi )

is a single-input-multiple-out-put filter that models the radiation directivity of theguitar to different angles

θi (i = 0,1,2,...,K)

.Thus, the output of the guitar model is a vector ofsignals, that is y(n) =

yi(n)

(i = 0,1,2,...,K)

. Apractical implementation would include a smallnumber of simple digital filters.2.2 e (nputs.2.3mode frequencies of the body have their own patternswe consider three strategies.

Fig. 4. Direction-dependent radiation of the acousticguitar modeled with a 2nd order IIR filter. The ampli-tude scale is in dB.

Fig. 5. Modeling of guitar sound radiation with a1st order IIR filter. The relative amplitude scale ismethod was studied for two instruments: the trumpeteven first or second-order directivity filters give use-tion. �H ( z ) �pole-zerodirectivityfilter.� �expected. In this example the directional filter is(1)nance modes we notice, as described in [Fletcher andhelps to reduce the order of the filter.general the method is computationally expensive if afilters.

computationally very inefficient.sources may be attractive.t r a c i n g i m a g e - s o u r c e sound waves emitted from a sound source and followthe image-source method.3.1desired source position in a bounded space. The Mth-N points.be rectangular and all the reflections to be specular.One remarkable drawback in the use of the image-(i.e.,berationcanbemodeledartificiallyasisdiscussedin3.2allpass filters [Schroeder, 1962]. Most of the modernChaigne, 1991]. We have studied different aspects inguidelines from earlier reverberator designs has beenimaged sources as inputs to the late reverberation fil-tion-independent output from the musical instrument

Fig. 6. A reverberation model using combined image-source method and artificial reverberation.delays and a low-pass structure.A ( z ) 3.3Auralization can be found in [Blauert, 1983] and is stated as:(2)where represents the difference in the path lengthandminimum, accurate modeling of the direction-depen-that has been successfully mastered in recent years ishead-related transfer functions(HRTF).Thistopiciscoveredinthenextsection.tion.data for the direction-dependent filtering in the aural-ization model. The method that was used is describedfre-quency domain as(3)Y 1(w ) ( X 1 ( w)), ( w ) transferfunction,w the loudspeaker transfer func-M (w )H w representsdesired filter transfer function is given by(4)both the loudspeaker and the headphones are uncom-frequency domain.The equipment used for measurements were espe-

The relative amplitude scale is in dB.

MDC40SMDC40SMessage busBlock bus

AD/DAAES/EBU

ones presented in [Wightman and Kistler, 1989].from azimuth positions 0�, -45�,and-135�.Environmentrequired to achieve real-time performance for binauraltions to be realized.parallel digital I/O interface and a handshaking logic.18-bit AD/DA converters by Crystal Semiconductor.

ROOMROOM-WITH-WINDOWAURALIZED-ROOM-WITH-WINDOW

(make-instance ’auralized-room-with-window :bottom 0.0 :top 4.0 :left 0.0 :right 10.0 :sources (make-instance ’guitar :dx 1.0 :dy 0.0 :dz 0.0) :receivers (make-instance ’receiver-item :x 10.0 :y 5.0 :z 0.0 :dx -1.0 :dy 0.0 :dz 0.0))object.s o u r c e s r o o m - w i t h - w i n - d o w r o o m defined and accessed in the host computer�s memory.two signal processors and the host computer are con-The graphical events are the controllers of the cal-needed information for auralized sound processing is:according to [Karjalainen et al.,1993].C40C40

DAMIDI

Room and Auralization Model

Musical Instrument Model

formed with a combined image-source and late rever-HRTFs.ronment and a 3-D graphical network interface to theinstrument radiation patterns.Acknowledgmentsthe Academy of Finland.References 6 5 1 9 9 3 . 1 5

1 9 9 1 . 1 9 9 2 . P r o c . J . 4 1 , , 3 10 1 6 P r o c . S p e c i f i c a t i o n . , 8 5