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Online Text for Music 420A

• J. O. Smith, Physical Audio Signal Processing (PASP): for Virtual Musical In-
struments and Digital Audio Effects, http://ccrma.stanford.edu/~jos/pasp/, 2010.
Text for Music 420A: “Signal Processing Models in Musical Acoustics”.

NOTE: The bibliography in PASP is far more up to date than that in this document. However,
the older references are more usefully organized here by topic, and more information is given about
them.

Most Recommended Musical Acoustics Books

• N. H. Fletcher and T. D. Rossing, The Physics of Musical Instruments, Springer-Verlag,
1998 (2nd ed.)— an excellent advanced musical acoustics text. Note that Prof. Rossing is at
CCRMA this year teaching introductory musical acoustics (Music 150).

• P.M. Morse, Vibration and Sound, AIP for ASA, 1976 (1st ed. 1936, 2nd ed. 1948). An
old classic. This inexpensive book can be ordered from The Acoustical Society of America.
See http://asa.aip.org/publications.html.

Other Recommended Books

• Applications of Digital Signal Processing to Audio and Acoustics, edited by Mark
Kahrs and Karlheinz Brandenburg, Kluwer Academic Publishers, 1998—the “Mohonk book,”
an anthology of papers in signal processing applied to audio and music.

• I. G. Main, Vibrations and Waves in Physics, Third Edition, Cambridge University
Press, 1993. (The best monograph I’ve seen on traveling wave mechanics)

• A. Hirschberg, J. Kergomard, and G. Weinreich, eds., Mechanics of Musical Instruments,
Springer-Verlag, 1995. (More specialized, advanced musical acoustics text)
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Other Related Books

• L. Cremer, The Physics of the Violin, MIT Press, 1984. (An intermediate to advanced
musical acoustics book summarizing a lifetime of work in the field by a physicist and his
students.)

• Allan D. Pierce,Acoustics, published by the American Institute of Physics, for the Acoustical
Society of America, 1989. My favorite acoustics textbook. See
http://asa.aip.org/publications.html.

• P. M. Morse and K. U. Ingard, Theoretical Acoustics, Princeton University Press, 1968.
(Superb theory text)

• A. H. Benade, Fundamentals of Musical Acoustics, New York: Oxford University Press, 1976.
Music ML3805.B456. (There is now a Dover version of this classic — very readable)

• J. D. Markel and A. H. Gray, Linear Prediction of Speech, New York: Springer-Verlag,
1976. (Excellent development of lattice and ladder digital filter forms. Advanced. Favorite
reference on linear prediction)

• Curtis Roads, The Computer Music Tutorial, The MIT Press, Cambridge, MA, 1996.
This 1234-page book contains extensive coverage of recent research and practice in computer
music — it’s the next best thing to a complete set of Computer Music Journals (CMJ) and
International Computer Music Conference (ICMC) Proceedings.

• The Music Machine, edited by Curtis Roads, MIT Press, 1989. (Anthology of papers in
computer music)

• Richard Boulanger, ed., The Csound Book: Perspectives in Software Synthesis,
Sound Design, Signal Processing, and Programming, The MIT Press, March 2000.
If you use CSound, this is a rich resource put together by a large number of experienced
contributors.

Related CCRMA PhD Theses

• Julius Smith, Techniques for Digital Filter Design & System Identification with
Application to the Violin, PhD/EE/CCRMA Dissertation, Stanford University, June
1983. Also available as a CCRMA publication, Dept. of Music, Stanford University, Stanford
CA.

• Perry Cook, Identification of Control Parameters in an Articulatory Vocal Tract
Model, with Applications to the Synthesis of Singing, PhD/EE/CCRMA Dissertation,
Stanford University, Dec. 1990. Available as a CCRMA publication, Dept. of Music, Stanford
University, Stanford CA.

• David Berners, Acoustics and Signal Processing Techniques for Physical Modeling
of Brass Instruments, PhD/EE/CCRMA Dissertation, Stanford University, 1995. Avail-
able online at http://ccrma.stanford.edu/~dpberner/.
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• Gary Scavone, An Acoustic Analysis of Single-Reed Woodwind Instruments with
an Emphasis on Design and Performance Issues and Digital Waveguide Modeling
Techniques, PhD/Music/CCRMA Dissertation, Stanford University, March 1997. Available
as CCRMA Technical Report No. STAN–M–100 or from
ftp://ccrma-ftp.stanford.edu/pub/Publications/Theses/GaryScavoneThesis/. (You
purchase any CCRMA publication in the trailers from Tricia for the price of copying.)

• Stefan Bilbao, Wave and Scattering Methods for the Numerical Integration of Par-
tial Differential Equations, PhD/EE/CCRMA Dissertation, Stanford University, June
2001. Also available as a CCRMA publication, Dept. of Music, Stanford University, Stanford
CA. Also available online at http://ccrma.stanford.edu/~bilbao/.

• Hui-Ling (Vicky) Lu, Toward a High-Quality Singing Synthesizer with Vocal Texture
Control, PhD/EE/CCRMA Dissertation, Stanford University, March 2002.
http://ccrma.stanford.edu/~vickylu/thesis/

• Tim Stilson, Efficiently Variable Algorithms in Virtual-Analog Music Synthesis—
A Root-Locus Perspective, PhD/EE/CCRMA Dissertation, Stanford University, March
2006. http://ccrma.stanford.edu/~stilti/

• Tamara Smyth, Applications of Bioacoustics to the Development of Musical Instru-
ment Technology, PhD/Music/CCRMA Dissertation, Stanford University, March 2004.

• Stefania Serafin, The sound of friction: real-time models, playability and musical
applications, PhD/Music/CCRMA Dissertation, Stanford University, March 2004.

• David Yeh, Digital Implementation of Musical Distortion Circuits by Analysis
and Simulation, PhD/EE Dissertation, Stanford University, 2009. Available online at
http://ccrma.stanford.edu/~dtyeh/.

See also the many related dissertations at the HUT Acoustics Lab: http://www.acoustics.hut.fi/
such as

• Vesa Valimaki,
Discrete-Time Modeling of Acoustic Tubes Using Fractional Delay Filters,
PhD/EE Thesis, Helsinki University of Technology, 1995. Available online at
http://bekesy.hut.fi/~vpv/publications/vesa phd.html This thesis contains a detailed
exposition of fractional delay filtering with application to digital waveguides, and in-depth
study of Lagrange interpolation and transient effects, etc.

References by Topic

This list of references can be used as a starting-point for further reading. The citations for each
topic are generally listed in chronological order, except that the first reference cited may be my
recommended best single reference (e.g., most recent and/or comprehensive).
Network Theory: [290, 175, 21]
Basic Circuit Theory: [61, 20]
Laplace Transform Analysis: [59, 40, 148, 82]
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Finite Differences: [261, 68, 34]
Use of Finite Differences in Instrument Modeling: [42, 108, 47]
Modal Analysis: [156]
Modal Synthesis: [5, 60, 271, 275]
Wave Digital Filters: [34, 71, 72, 264, 73, 165, 292]
Digital Waveguide Filters and Models: [233, 234, 235, 237, 278, 241, 292, 68]
Ladder and Lattice Filters: [155, 92, 91, 154, 90, 233, 244]
Virtual Analog Synthesis: [36, 258, 259, 146, 41]
String Modeling: [206, 101, 229, 125, 112, 267, 45, 46, 120, 97, 238, 121, 145, 286, 305, 283, 119,

307, 124, 281, 13, 147, 69, 26]
Plucking-Point Estimation: [273, 274, 186]
Nonlinear String Modeling: [272, 284, 197, 138]
Vacuum Tube Modeling: [19, 207]
Coupled Strings: [238, 307, 13]
Psychoacoustics for String Modeling (Perception of Parameter Errors): [114]
Piano String Modeling: [307, 14, 47, 48, 77, 26, 28]
Piano Hammer Modeling: [270, 39, 96, 37, 266, 88, 27]
Clavichord Modeling: [277]
Bell Modeling: [118]
Wave Digital Piano-Hammer: [289, 35, 26].
Commuted Piano Synthesis: [249, 287]
Bowed Strings: [219, 220, 158, 301, 162, 163, 164, 229, 56, 231, 187, 93, 189, 113, 228, 240, 226,

94, 95, 114, 310]
Woodwinds: [23, 190, 164, 126, 127, 231, 128, 104, 102, 103, 282, 84, 83, 309, 122, 130, 129, 213,

212, 214, 216, 215, 248]
Horns: [24, 192, 31, 32, 11, 227, 30]
Brass Instruments: [44, 62, 51, 52, 10, 12, 105, 63, 30, 299, 300, 292, 170, 177, 184]
Brass Instrument Excitation: [2, 3, 4, 262, 296, 297, 298, 311, 55]
Flue Instruments: [164, 52, 294, 295]
Conical Acoustic Tubes: [30, 216, 17, 22, 157, 6, 7, 87, 8, 279, 291]
Artificial Reverberation: [221, 222, 223, 167, 255, 224, 203]
Waveguide Mesh: [34, 230, 285, 78, 208, 288, 203, 79, 143, 172, 144, 209, 210, 80, 9, 43, 106,

171, 211, 173]
Feedback Delay Networks: [85, 115, 86, 202, 247, 203]
Voice: [132, 15, 16, 195, 182, 254, 76, 74, 25, 58, 50, 53, 75, 81, 109, 116, 131, 136, 141, 149, 150,

155, 205, 204, 225, 253, 263, 268, 269, 280, 66, 151]
Filter Design: [185, 229, 107]
Filter Design in Digital Waveguide Models: [229, 281, 18]
IIR Digital Filter Implementation: [57]
Minimum Phase FIR Filter Design: [133, 229]
Linear Prediction: [15, 16, 154, 155, 213, 100, 134]
Ladder and Lattice Digital Filters: [155, 92, 91, 90, 232]
Audio Signal Processing: [99]
Applications of Frequency-Warping in Audio Signal Processing: [243, 123, 229, 142, 263,

302]
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General Computer Music and Sound Synthesis: [159, 306, 64, 200, 198, 199, 201, 38, 111,
160, 166, 236, 239, 271]

General Musical Acoustics: [23, 77, ?]
General Acoustics: [168, 169, 33, 29, 135, 188]
Physics of Waves in General: [153, 67]
Physics of Waves in Solids: [89, 137]
Interpolation: [217, 246, 245, 140, 139, 193]
Farrow Interpolation Structure: [70, 98, 140]
Splines: [276]
TIIR Filters: [303, 304]
Musical Instrument Controllers: [308, 251, 252]
Model-Based Audio Compression: [293]
Software Tools: [54, 250, 110, 183, 191, 65]
Elementary Signal Processing: [161, 242, 260, 152, 256, 257, 265, 201, 196]
Intermediate to Advanced Signal Processing: [181, 179, 178, 194, 180, 117, 312]
Intermediate Signal Processing: [180, 194, 117, 312]
Math Reference: [1, 49, 174, 176]
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[170] R. Msallam, S. Dequidt, R. Caussé, and S. Tassart, “Physical model of the trombone including
nonlinear effects. application to the sound synthesis of loud tones,” Acta Acustica, vol. 86,
pp. 725–736, 2000.

[171] D. T. Murphy and D. M. Howard, “2-D digital waveguide mesh topologies in room acoustics
modelling,” in Proceedings of the COST G-6 Conference on Digital Audio Effects (DAFx),
(Verona, Italy), pp. 211–216, Dec. 2000, http://www.dafx.de/.

[172] D. T. Murphy, D. M. Howard, and A. M. Tyrrell, “Multi-channel reverberation for computer
music applications,” in Proceedings of the IEEE Workshop on Signal Processing Systems,
pp. 210–219, 1998.

[173] D. T. Murphy, C. J. C. Newton, and D. M. Howard, “Digital waveguide mesh modelling of
room acoustics: Surround-sound, boundaries and plugin implementation,” in Proceedings of
the COST G-6 Conference on Digital Audio Effects (DAFx), (Limerick, Ireland), Dec. 2001,
http:

[174] Z. Nehari, Conformal Mapping, New York: Dover, 1952.

[175] R. W. Newcomb, Linear Multiport Synthesis, New York: McGraw-Hill, 1966.

[176] B. Noble, Applied Linear Algebra, Englewood Cliffs, NJ: Prentice-Hall, 1969.

[177] D. Noreland, Numerical Techniques for Acoustic Modelling and Design of Brass Wind Instru-
ments, PhD thesis, Faculty of Science and Engineering, Uppsala Universitet, 2002.

[178] A. V. Oppenheim, Discrete-Time Signal Processing, Englewood Cliffs, NJ: Prentice-Hall,
1989.

[179] A. V. Oppenheim and R. W. Schafer, Digital Signal Processing, Englewood Cliffs, NJ:
Prentice-Hall, 1975.

[180] A. V. Oppenheim and A. S. with S. Hamid Nawab, Signals and Systems, 2nd Edition, Engle-
wood Cliffs, NJ: Prentice-Hall Signal Processing Series, 1997, ISBN 0-13-814757-4.

[181] A. V. Oppenheim, R. W. Schafer, and J. R. Buck, Discrete Time Signal Processing, Engle-
wood Cliffs, NJ: Prentice-Hall, 1999.

[182] D. O’Shaughnessy, Speech Communication, Reading MA: Addison-Wesley, 1987.

[183] J. K. Ousterhout, Tcl and Tk Toolkit, Reading MA: Addison-Wesley, 1994, ISBN 0-201-
63337-X.

17

http://asa.aip.org/publications.html
http://www.dafx.de/
http://www.dafx.de/


[184] B. H. Pandy, G. S. Settles, and J. D. Miller, “Schlieren imaging of shock waves from a
trumpet,” Journal of the Acoustical Society of America, vol. 114, pp. 3363–3367, Dec. 2003.

[185] T. W. Parks and C. S. Burrus, Digital Filter Design, New York: John Wiley and Sons, Inc.,
June 1987, contains FORTRAN software listings.
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[272] T. Tolonen, V. Välimäki, and M. Karjalainen, “Modeling of tension modulation nonlinearity
in plucked strings,” IEEE Transactions on Speech and Audio Processing, vol. SAP-8, pp. 300–
310, May 2000.

[273] C. Traube and J. O. Smith, “Estimating the plucking point on a guitar string,” in Proceedings
of the International Conference on Digital Audio Effects (DAFx-00), Verona, Italy, Dec. 2000,
http://www.dafx.de/.

[274] C. Traube and J. O. Smith, “Estimating the fingering and the plucking points on a guitar
string from a recording,” in Proceedings of the IEEE Workshop on Applications of Signal
Processing to Audio and Acoustics, New Paltz, NY, (New York), IEEE Press, Oct. 2001.
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[284] V. Välimäki, T. Tolonen, and M. Karjalainen, “Signal-dependent nonlinearities for physical
models using time-varying fractional delay filters,” in Proceedings of the 1998 International
Computer Music Conference, Michigan, pp. 264–267, Computer Music Association, 1998.

[285] S. A. Van Duyne and J. O. Smith, “Physical modeling with the 2-D digital waveguide mesh,”
in Proceedings of the 1993 International Computer Music Conference, Tokyo, pp. 40–47,
Computer Music Association, 1993, http://ccrma.stanford.edu/~jos/pdf/mesh.pdf.

[286] S. A. Van Duyne and J. O. Smith, “A simplified approach to modeling dispersion caused
by stiffness in strings and plates,” in Proceedings of the 1994 International Computer Music
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