


  


Computers and music.

Computer technology exerts a powerful and ever-increasing influence on the world in which we live. The personal computer in particular holds the key to a wealth of processing possibilities that could scarcely have been envisaged less than a generation ago. In terms of music applications the sheer diversity of digital functions makes it increasingly hard to present a balanced perspective within a brief dictionary article. In the following sections distinction will be made between applications that have an essentially passive role in the communication of music information, such as the conventional audio compact disc, and those such as the CD-ROM which involve a more conscious process of musical interaction.
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Computers and music, §II: Composition
1. Early efforts.

From modest beginnings as a highly specialized area of creative research, for the most part isolated on the margins of post-World War II developments in electronic music, the technology of computer music has advanced to the point where hardly a single aspect of this medium remains untouched by its influence. Analogue devices are progressively being replaced by digital equivalents throughout the entire communications industry. In the case of the music synthesizer and its derivatives, such design changes transformed the industry in less than a decade, the process of conversion being all but complete by the early 1990s. In addition, the increasingly powerful processing capabilities of computers have stimulated the exploration of new horizons in musical composition, from the initial formulation of creative ideas to the production of finished works.

The use of the computer as a tool for composition goes back almost to the dawn of commercial computing. In 1955 Lejaren Hiller and Leonard Isaacson investigated the use of mathematical routines to generate music information at the University of Illinois at Champaign-Urbana. Probability routines, inspired by Hiller’s earlier work as a chemical engineer, provided the basis for a series of composing programs that generated music data in the form of an alphanumeric code, subsequently transcribed by hand into a conventional music score. Less than a year later, in Europe, Xenakis started work on his own series of composing programs based on theories of probability known as ‘stochastics’, which similarly generated music data as alphanumeric code. The desire to combine the processes of score generation and acoustic realization led him in due course to develop a fully integrated system that eliminated the intermediate transcription stage, the music data passing directly to a synthesizer for electronic reproduction.

The techniques of digital sound synthesis, whereby the processes of audio generation itself are directly consigned to the computer, also date back to the 1950s, most notably to the pioneering work of Max Mathews at the Bell Telephone Laboratories in Murray Hill, New Jersey. In 1957 he began work on a series of experimental programs which with the support of other researchers have been developed into an extended generic family of programs known collectively as the musicn series (e.g. music4bf, music5, music11). With the increasing power and accessibility of computers in recent years, such software-based methods of music synthesis have gained significantly in popularity. Modern musicn derivatives such as csound, developed by Barry Vercoe at MIT, are available in versions adapted to a variety of computers from sophisticated work stations to personal computers.
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Computers and music, §II: Composition
2. Principles of digital audio.

In order to appreciate how such synthesis tools can be used for creative purposes, it is necessary to understand some basic principles of digital audio. All methods of digital recording, processing and synthesis are ultimately concerned with the representation of acoustical functions or pressure waves as a regular succession of discrete numerical approximations known as samples (see illustration).

The reproduction of a digital sound file requires the services of a digital-to-analogue converter which sequentially translates these sample values into an equivalent series of voltage steps. These are then amplified and passed to a conventional loudspeaker for acoustic conversion. Such procedures are regularly encountered in a domestic environment whenever one listens to a conventional compact disc or the sound output from a CD-ROM. In the digital recording of acoustic material acoustic signals are captured by a conventional microphone to produce an equivalent voltage function. This in turn is passed to an analogue-to-digital converter which continuously samples its instantaneous value to produce a regular series of numerical approximations.

Two factors constrain the fidelity that can be achieved by a digital audio system. The first, the rate at which the individual samples are recorded or generated, determines the absolute range of audio frequencies that can be reproduced. As a simple rule of thumb, the upper frequency limit, known as the Nyquist frequency, is numerically equivalent to half the sampling rate; thus a system recording or reproducing an acoustic function at 20,000 samples per second can achieve a maximum bandwidth of only 10kHz. In practice, the usable bandwidth is limited to about 90% of the theoretical maximum to allow the smooth application of special filters that ensure that any spurious high-frequency components that may be generated at or above the Nyquist frequency are eliminated. In the early days of computer sound synthesis, technical constraints often severely limited the use of higher-order sampling rates, with the result that the available bandwidths were often inadequate for good-quality music reproduction. Modern multimedia computers are capable of handling sound information at professional audio sampling rates, typically 44,100 or 48,000 samples per second, thus allowing the entire frequency range of the human ear (about 17–20 kHz, depending on age) to be accurately reproduced. Older systems, however, are often restricted to much lower sampling rates, which are generally adequate only for speech applications.

The other factor determining fidelity is the numerical accuracy or quantization of the samples themselves. A number of technical expedients have been developed to improve the basic performance of conventional analogue-to-digital and digital-to-analogue converters. However, these devices are constrained by the numerical accuracy of each individual sample, which in turn is determined by the number of binary bits available to code each value as an integer. This requirement to use finite approximations raises the possibility of numerical coding errors which in turn degrade the quality of the resulting sound. 16-bit converters, which allow quantization errors to be restricted to a tiny fraction of 1% (about 15 parts in a million), represent the minimum acceptable standard for good-quality music audio. Converters with a reduced resolution of just eight bits per sample are becoming increasingly rare.

If a digital synthesis system is to work in real time while generating acoustic functions at 44,100 or 48,000 samples per second (or twice this rate in the case of a stereo system where samples for each sound channel have to be generated separately), all the background calculations necessary to determine each sample value will have to be completed within the tiny fraction of a second that separates one sample from its successor. Although many modern computers can meet such demanding operational criteria even for quite complex synthesis tasks, until the late 1980s such resources were rare, even at an institutional level. As a result many well-established software synthesis programs, including the musicn series and its derivatives, were designed in the first instance to support a non-real-time mode of operation. Here a delay is deliberately built into the synthesis process such that the computer is allowed to calculate all the samples for a complete musical passage over whatever period of time actually proves necessary. The samples are stored in correct sequence on a computer disc, and once this sound file has been computed in its entirety the samples are recovered and sent to the digital-to-analogue converter for conversion and reproduction. In the early days of computer music the delays between the start of the calculation process and final audition of the results were often considerable, forcing composers to take a highly empirical approach to the composition process. As computing power increased, these delays dropped from a matter of hours to minutes or even seconds, thus leading finally to the possibility of live synthesis, where the program is able to calculate the samples fast enough for direct output.
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