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Digital m e th o d s  fo r  sinuso ida l s ignal syn thesis

A com puter - based digital function generator can generate any 
arbitrary type o f signal in the frequency range from 0 Hz to 20,000 
Hz, S/N = 95 dB, and with no harmonic or intermodulation distortion 
(when based on 16-bit, 44.1kHz-sam pling rate D/A converter). 
Frequency stability is determ ined by a quartz clock in the D/A 
converter which has an accuracy in the order o f  1/107. Generation of 
sinusoidal waves is o f  primary importance in digital synthesis, since 
due to the Fourier theorem any periodic wave may be constructed 
via additive synthesis (an addition o f  pure tones with appropriate 
amplitudes and phases). There  are many alternative methods to 
digitally generate pure tones [1,2,3,7]. Very often real-time 
synthesis is accomplished by using a sine function look-up table 
[2,7]. A limitation to this approach is the short length o f  the sine 
table (N). In order to synthesize any arbitrary frequency using the 
look-up table method, one has to synthesize the values o f  the sine 
function using an interpolation process [2], Interpolation between 
sine sam ples leads to the generation ol harmonic and 
intermodulation distortion by this algorithm [2,7]. Another problem 
is that synthesis o f  more com plex signal (combinations of several 
sinusoids with certain amplitudes and phases) in real time could put 
too much performance dem and on tne com puter’s DSP chip or 
microprocessor.

Digital F u n c t io n  G e n e ra to r  so f tw are  fo r  
the N eX T  c o m p u te r

method, one has to synthesize audio file, which contains appropriate 
samples in RAM (Random Access M em ory) or on the Hard or 
Optical Disk. Then reading o f  this file in real time to the D/A 
converter is performed to generate the desired audio signal [6], 
However there is a limit on tne duration o f  this signal due to memory 
consumption = 88,200 Bytes/sec (for 16-bit, 44.1 kH z D/A 
converter). In many situations long durations o f  test signal are 
required. In this case the most appropriate way to generate sine wave 
is to construct the audio file in RAM  in such a way as to be able to 
read this file to the D/A converter over and over again (looping) [7],

G e n e ra t io n  o f  f requenc ies  1Hz, 2H z, 3 H z ...... 20 ,000H z with
the  N eX T  c o m p u te r

NeXT computer has a 16-bit, 44.1 kH z stereo set of the D/A 
converters (CD-quality), available 16-bit, 44.1 kHz stereo set of the 
A/D converte rs , built in DSP processor (Motorola 56001), from 8 to 
256 MBytes o f  RAM  and from 100 M Bytes to 5.6 G Bytes of 
internal hard disk storage. This, therefore, is the best com puter for 
audio and acoustical applications available today. With RAM  buffer 
size N=44,100 (176,400 Bytes - which is small by the NeXT 
standards) the available frequencies for looping are: 1 Hz, 2 Hz, 3
H z..........20,000 Hz. It takes about 3 sec for Motorola 68040-based
NeXT machine to generate a pure tone soundfile o f  this length. Once 
generated, this file can be played in loop from R AM  indefinitely.

A new high precision digital synthesis method 
has been developed for the generation of the 
high quality audio signals [7] . This method 
has been successfully implemented on the 
N eXT com puter and was used with great 
su c c e s s  in t e a c h in g  o f  a c o u s t ic s ,  
psychoacoustics, electronics and in various 
research projects. During the course o f  this 
research, a software package called Digital 
F u n c tio n  G e n e ra to r  (D F G ) was written. At 
present the DFG software consists o f  5 
modules. The P r in c ip le s  o f  Digital A ud io  
module (F ig .l)  allows synthesis o f  pure tones 
and white noise. It can also be used to illustrate 
concepts o f  signal amplitude, frequency, phase, 
interference, coherence, incoherence, signal 
ramping, additive synthesis, beats, virtual pitch 
as well as to demonstrate quantization, 
dithering, aliasing /  hard clipping / harmonic / 
in te rm odula tion  d is to rtions, etc. The 
M o d u la tio n  (A M , F M  & A F M ) module 
allows synthesis o f  pure tones which can be 
Am plitude M odulated (AM ), Frequency 
Modulated (FM) or Amplitude and Frequency 
Modulated (AFM). The A d d itive  Synthesis  
module allows very flexible synthesis of 
complex sounds from their Fourier components. 
The Sw eep G e n e ra to r  (AS, FS  & A FS) 
module is a very flexible tool for generating 
arbitrary amplitude (AS), frequency (FS) or 
amplitude and frequency (AFS) sweeps. The 
F u n c tio n  G e n e ra to r  m odule (Fig.2) can be 
used to synthesize sine, square, triangular, 
sawtooth, pulse and white noise signals.

R A M -based  m eth o d  fo r  sinuso ida l signal 
synthesis

In order to generate sinusoidal signal in this
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Figure I. 1000 Hz pure tone generated with the Digital Function G enerator (Principles of 
Digital Audio module) and displayed with the Spectrum Analyzer.
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Figure 2. 100 Hz square wave generated with the Digital Function Generator (Function Generator module) and 
displayed with the Digital Oscilloscope.

With RAM buffer size N=441,000 (1,764,000 Bytes - still small by 
the NeXT standards), one can generate all frequencies from 0.1 Hz 
to 20,000 Hz with 0.1 Hz resolution. Precision of these frequencies 
is determined only by the precision of the D/A converter s clock 
which is in the order of 1/107 , and in the case of a 1000 Hz tone this 
leads to an expected error in the order of ± 0.0001 Hz. Generated 
soundfiles with desired frequencies can be stored on the Hard or 
Optical Disk and recovered into RAM prior to generation of sine 
tones.

Improving DFG through the use of Digital Dither

The only harmonic and intermodulation distortion generated by the 
used algorithm is associated with round-off error ofTinal amplitudes 
A[n] due to the signal correlated nature of quantization noise [4,5,7], 
Elimination of the harmonic and nonharmonic (intermodulation) 
distortion (which are imposed by the resolution of the D/A converter 
) may be accomplished by using Digital Dither, with a small white 
noise penalty (3 dB- for uniform-pdf dither) [5,8], resulting in 
S/N=95 dB for 16-bit dithered digital generator (theoretical 
S/N=98.2 dB for undithered 16-bit digital system) [4]. This 
technique was implemented in the DFG software to improve quality 
of the generated signals.

Generating stereo signals with NeXT

The procedures outlined in ref [7] were applied for synthesis of stereo 
waveforms with the NeXT computer. One can generate different or 
similar waveforms in each channel. Phase relationship between 
waveforms will be maintained during playback. Since signal phase 
constants are arbitra 17 real numbers, arbitrary phase shifts between 
waveforms can be obtained. This could be important for some 
audiological and psychoacoustic tests [6, 11,12],

Conclusions

The most precise digital-domain method for the generation of

arbitrary audio signals 
w a s  s u c c e s s f u l l y  
implemented on the 
NeXT computer. Since 
NeXT is a multitasking, 
UNIX operating system- 
based machine, many 
software applications 
c a n  r u n  o n  i t  
simultaneously. DFG 
software by-design puts 
very little demand on the 
hardware and does not 
use the built-in Motorola 
DSP 56001 processor 
for sound synthesis. This 
allows running of the 
Digital Oscilloscope 
( F i g . 2 ) ,  S p e c t r u m  
Analyzer (Fig.l) and 
S o u n d  R e c o r d i n g  
software simultaneously 
with DFG. This in turn 
allows very sophisticated 
tests and demonstrations 
in such  f ie ld s  as 
acoustics, electronics, 
physics and engineering 
to be performed on a 
single NeXT computer.

References:

[1] Leland B. Jackson, 
"Digital Filters and 
S igna l P rocess in g" , 
Second Edition, Kluwer 
Academic Publishers, 
B o s to n ,  D o rd rech t ,  
London, 1989.
[2] Andreas Chrysafis, 
"D ig ita l S ine-W ave

Synthesis Using the DSP 56001", MOTOROLA Inc., Brochure No. 
APR 1/D REV1, 1988.
[3] Waldemar Kucharski, Andrzej Czyzewski, "Implementation of 
Basic Methods of Sound Synthesis for 1BM-PC compatibles", 
Proceedings of Thirty Seventh Open Seminar on Acoustics, 
Technical University of Gdansk, September 10-14, 1990, pp. 225- 
228.
[4] Marek Roland-Mieszkowski, "Introduction to Digital Recording 
Techniques", Proceedings from "Acoustic Week in Canada 1989"- 
CAA Conference,Halifax.N.S..Canada, Oct. 16-19,1989, pp. 73-77.
[5], Robert Wannamaker, Stanley Lipshitz and John Vanderkooy, 
"Dithering to eliminate quantization distortion". Proceedings from 
"Acoustic Week in Canada 1989" - CAA Conference, Halifax, N.S., 
Canada, October 16-19,1989, pp.78-86.
[6] Annabel J. Cohen and Marek Mieszkowski, "Frequency synthesis 
with the Commodore Amiga for research on perception and memory 
of pitch". Behavior Research Methods, Instruments, & Computers, 
1989, 21 (6), pp. 623-626.
[7] Roland-Mieszkowski, M. (1991 ). "Digital Generation of the High 
Quality Periodic Audio Signals with the aid of a D/A Converter and 
Computer"."Acoustic Week in Canada 1991" -CAA Conference, 
Edmonton, Alberta, Canada, October 7-10, 1991,Published in 
"Canadian Acoustics" Journal, Vol. 19, No.4, Sept. 1991, pp.47-48.
[8] John Vanderkooy, Stanley P. Lipshitz, "Digital Dither: Signal 
Processing with Resolution far below the Least Significant Bit", AES 
7th International Conference,Toronto, Ontario, Canada, May 14- 
17, 1989, paper No. 4.E.
[9] Stanley P. Lipshitz and John Vanderkooy, "The principles of 
Digital Audio: a Lecture Demonstration", AES 7th International 
Conference, Toronto, Ontario, Canada, May 14-17, 1989, paper No. 
2.B.
[10] S.P. Lipshitz and J. Vanderkooy, "Digital Dither", presented at 
the 81st Convention of AES, JAES (Abstracts), Vol. 34, p. 1030 
(1986 Dec), Reprint No. 2412.
[11] John D. Dunant and Jean H. Lovrinic, "Bases of Hearing 
Science", Sec. Ed., Williams & Wilkins. Baltimore/ London, 1984“
[12] Brian C. J. Moore, "An Introduction to the Psychology of 
Hearing", Second Edition, Academic Press Inc., New York, 1982.

-  12 -


