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Chapter 1: Introduction

1.1 History of Sound Reconstruction

The invention of the electric telegraph by Samuel Morse in 1832 stimulated many inventors of

that time to find new methods for recording and transmitting messages, including sound and

music. Some of the earliest attempts at integrating an acoustic transmitter and electric circuit

occurred in Europe, but quickly influenced many American inventors such as Thomas Edison,

Alexander G. Bell, Ernst Siemens, and Emile Berliner. Figure 1.1 highlights some of the

important developments in sound
reconstruction, beginning with the invention
of the “dynamic” or moving-coil transducer in
1874 by Siemens and telephone in 1876 by
Bell. Both inventions involved vibrating a
diaphragm with an electromagnet by placing
a circular coil of wire inside a magnetic field.
Thirty years later, the vacuum-tube, used in
analog electronics for the first half of the 20"
century, is introduced. The voice-coil
speaker is replaced in 1921 by the direct-
radiator loudspeaker, which employs a
magnetically actuated diaphragm to produce

sound. This design is the prototype for most

1877, Berliner invents
the first microphone™ |

1921, Phonetron, the
first direct-radiator
loudspeaker

1929, Kellogg invents
electrostatic speaker

1947, Invention of the

transistor by Shockley

etal.

1963, Compact stereo ——|
tape cassettes and
players are developed
by Phillips

1982, Digital Compact
Disc (CD) introduced by a
Japanese conglomerate

1996, DVD (Digita! Versatile

Disc) increases capacity of —
digital storage of audio and
video from 725 MB to 14
GB per double-sided disc.

1874, “dynamic or
—— moving-coil transducer
invented by Siemens
and Bell

1906, Fleming invents the
——— first vacuum-tube known
as the “thermionic valve”

e 1928, Nyquist proves

Sampling Theorem

1948, Commercial 33
1/3 LP (Long Playing)
microgroove disc
introduced by Goldmark
1948, Audio
Engineering Society

(AES) formed
1965, Era of digital
signal processing (DSP)

begins with the
application of Fast
Fourier Transform (FFT)
by Cooley and Tukey

—L1990, Phillips introduces
a digital audio rape
recorder (DAT) using a
digital cassette

Figure 1.1 Timeline of Sound Reconstruction

current analog speakers. The invention of the transistor in 1947 begins the changeover from

vacuum-tubes to a cheaper, smaller, and faster technology: integrated circuits. In 1965, the

application of the Fast Fourier Transform (FFT) towards signal processing, gives sound




electronics the ability of real-time filtering and digital/analog conversion. At the same time of the
paradigm shift from analog electronics to digital signal processing (DSP), sound recording
media have also changed from the first microgroove disc records in 1948 to digital media like
CDs and DVDs. The introduction of digital file formats such as MP3 have increased the

popularity of these new media over traditional analog media like cassette tapes and LPs.

1.2 Overview of Research

Despite 130 years of development in sound technology, the transducer is still the only remaining
analog component in a world now dominated by digital media and electronics. Therefore, the
conversion from analog transducer to digital transducer would be the last “piece of the puzzle”
to achieving a completely digital system. This new paradigm of sound reconstruction, referred
to as Digital Sound Reconstruction (DSR), would alleviate many of the inadequacies associated
with traditional analog speakers. The practical limitations of an analog speaker limit its
performance, particularly the frequency response and linearity. For example, it is difficult to
produce low frequency sounds with a small size speaker. In addition, a digital-to-analog (D/A)
converter must be used before electro-acoustic transduction to account for the incongruity
between the analog speaker and digital electronics responsible for filtering and other signal
processing. The converter not only increases cost but introduces additional signal distortion.
Digital sound reconstruction is not a recent concept and has been theorized since the early
1980’s in several patents [1,2]. One of the earliest patents involved the design of a fluid flow
control speaker system consisting of pipe openings of a specific area that correspond to a bit of
a pulse code modulated (PCM) signal. Another patent describes the hypothetical creation of an
array of plastic membranes that are pulsed in time to create a time-varying waveform
interpreted by our ears as an analog signal. As far as we can tell, neither of those inventions
were ever implemented. Several papers examine the acoustic issues behind the use of a

theoretical array of speakers for the purposes of digitally reconstruction sound, including

[\®]




harmonic distortion, directivity, and linearity [3,4]. Again, these papers reflect simulations based
on theory.

1.3 Summary

This thesis serves to cross that theoretical threshold by presenting experimental results of DSR
using an array of microspeakers. Chapter 2 describes the DSR concept in detail and explains
how a transducer array can be used to digitally reconstruct sound. The trade-offs between DSR
and traditional analog speakers are also discussed.

The difficulty in demonstrating digital sound reconstruction stems from the high manufacturing
costs associated with an essential high quality array of speakers. However, the solution can be
found in a technology that is well developed and useful in making uniform and repeatable
components at low cost: Microelectromechanical Systems or MEMS. This technology can be
integrated with conventional CMOS electronics to create devices that intelligently interact with
the environment, such as a microphone or speaker. Chapter 3 will cover the fabrication and
dynamic modeling of a CMOS-MEMS microspeaker developed at Carnegie Mellon University.
This particular speaker design was the foundation of the digital speaker arrays presented in our
research.

In Chapter 4, we will branch out from a single microspeaker to discuss the issues concerning
transducer arrays. Some of these issues are dependent on the size of the array while others
are more pertinent to the mode of operation: analog or digital. Four different speaker arrays
useful for studying digital sound reconstruction are also presented, the most current design
providing a majority of our data.

The first few chapters of this thesis serve to establish the concept and issues behind digital
sound reconstruction. Chapter 5 quantitatively investigates many of these issues and describes
the laboratory setup used in our experiments. Afterwards, we will demonstrate that DSR is
possible for a wide variety of sounds, including music, and compare how well the theory

matches our experimental results. The last chapter summarizes the research done over the



past two years and comments on future work based on results presented. We feel that when it
comes to sound and other acoustical topics, sometimes you have to hear it to believe it.
Therefore, in addition to the many pressure waveforms and frequency analyses, we enclosed a
CD of recordings made with a CMOS-MEMS digital speaker array.

So let us begin...






