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UNIQUE, NEW PROJECTS!
¢ An Audio Time-Delay System
% A Hand-Held Computer Terminal
sk A Tone-Signaling Logic Probe

Lab Tests: Car Radio/ Tape Models
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c Audio
Time Delay~
Systems

AN AUDIO BUFF is constantly seeking
ways to make the sound from his audio
system more realistic. That's why
there’'s been a high level of interest in a
family of audio components known as
audio delay lines or ‘‘room expanders.”
Such a component is intended to create
an auditory illusion that simulates the en-
vironment in which music is ordinarily
performed—a large concert hall, a night-

club, etc.—rather than the sense of be-
ing reproduced in a small listening room.

IN THIS three-part series, we present
two different types of audio delay lines,
either of which can be built by a techni-
cally inclined audiophile for a relatively
moderate cost. The delay line described
this month and next is an analog design.
Part three’s project employs digital sig-
nal-storage techniques.

c A Low-Cost ¢ Analog
® c AudioDelay"Line

BY JOHN ROBERTS

Analog system employs a bucket-brigade device and
compansion to provide adjustable delays
and wide dynamic range

HE analog audio delay line described

here employs a high-performance,
“bucket-brigade” analog shift register and
a 2:1 compansion system to preserve as
much of the input signal’s dynamic range
as possible. According to its designer, it
offers an adjustable delay time of from S to
68 ms, a frequency response of 30 to
12,000 Hz (+0, — 1 dB), an output noise
rating (“A” weighted) of —91.5 dBm at 5-
ms delay, and a THD + N content of 1%
at 10 kHz. A complete stereo delay-line kit
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including an ac or dc power supply and a
custom enclosure is available for $250.

Delay Lines and Reverberation. Per-
haps the most significant difference be-
tween a large concert hall and the typical
home listening room lies in their reverbera-
tion times. Reverberation time can be de-
fined as the amount of time it takes for a
steady-state sound field to decay to —60
dB relative to the level that existed before
the sound source was deactivated. The size
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of a room and the materials used to con-
struct it affect its reverberation time.

Because the speed of sound in air is rela-
tively constant (approximately one foot or
0.3 meter per millisecond) for given atmos-
pheric conditions, sound waves travelling in
a very large room will experience fewer
energy-absorbing collisions with the walls,
floors, and cciling per unit time than will
similar sound waves travelling in a small
room. Accordingly, sound waves in the
large room decay less rapidly.
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audio delay

A listener in a reflective room receives a
series of sound waves starting with the
wave that reaches him on a direct path
from the source. The reflected waves arrive
at some time after the direct signal. The
human ear derives from these differences
in arrival times clues as to the size of the
listening space.

When the reflections arrive so soon after
the direct wave that they merge with it, the
room ‘‘sounds” small. By contrast, larger
differences in arrival times and more pro-
tracted reverberation tell the listener that
he is in a large hall.

In operation, an audio delay line accepts
signals from the main audio channels,
stores them for a given amount of time,
and then presents them to a power ampli-
fier which drives one or more speaker sys-
tems. The speakers driven by the main-
channel signals arc placed in front of the
listener, and the speaker(s) driven by the
delayed information is (are) placed behind
him or off to the sides. The goal is 10 syn-
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thesize the reverberative characteristics of
the type of environment in which the re-
corded program material would ordinarily
be performed.

Delaying the Signal. Various means,
electromechanical and electronic, are
available for providing delayed signals; but
cost, complexity, and space requirements
make most of these impractical for use in
the home. It scems fair to say that use of
delayed signals to enhance home music re-
production was brought about by the avail-
ability of purely clectronic delay systems.

State-of-the-art reverberation synthesiz-
ers derive suitable audio delays by means
of analog or digital shift registers. In either
method, the audio signal is divided at a giv-
en rate into samples that describe its in-
stantancous amplitude. These are sequen-
tially deposited in a shift register that
stores them for a given amount of time.
The samples are clocked through the regis-
ter, the end of which is connected to a cir-
cuit that reconstructs a smoothly varying
analog signal out of the series of discrete
samples applied to it.
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The difference between analog and digi-
tal delay lines lies in the manner in which
the input signal is sampled, stored, and
reconstructed. In an analog system, the in-
put signal is sampled and its instantaneous
amplitude is applied to the input of an ana-
log shift register. What happens next de-
pends on the type of analog shift register
that is employed.

If the register is a bucket-brigade de-
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Fig. 1. Block diagram of the bucket-
brigade delay line. Compansion is
employed to keep dynamic range high.
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RE-DELAY

vice, the sampled voltage charges a small
input capacitor. This charge is then trans-
ferred to the first of a long series of storage
capacitors by means of a voltage-controlled
switch ( a FET driven by one component
of a two-phase clock). Next, a new sample
charges the input capacitor and the first
sample is transferred to the second in the
string of storage capacitors. The sample in
the input capacitor is then transferred to
the first storage capacitor; the input capac-
itor receives a new sample; the sample in
the sccond storage capacitor is transferred
to the third while that in the first is trans-
ferred to the second; and so on.

This process goes on continuously and
the analog samples of the input waveform
make their way down the bucket-brigade
device in the form of packets of charge
being shifted from one capacitor to the
next. At the end of the register, a low-pass
filter integrates the stacatto sequence of
samples delivered to 1t into a smoothly
varying replica of the input waveform.

The second type of analog shift register.
the charge-coupled device. functions in a
similar manner but employs a different
method of storing and transferring the
analog samples of the input waveform. In-
stead of using actual capacitors to store the
charge packets, a charge-coupled device or
CCD employs the equivalent capacitances
of a serics of MOSFET channels which
form under gate structures biased by volt-
ages greater than the MOS threshold.

The MOS clements of a CCD are close
enough to cach other that the free charge
consisting of minority carriers stored in the
inversion layer associated with one MOS
capacitor (the channel) can be transferred
to the channel region of the adjacent de-
vice. The transfer of charge is governed by
the muiti-phase clock voltages applied (o
the gate structures of adjacent MOS de-
vices. In o CCD. an analog sample of the
input signal is stored as a channel charge.
Because CCD gates are very small (typi-
cally a few square micrometers in area),
tiny amounts of charge are involved-—
usually from approximately 10 clectrons
(") to 107 ¢clectrons.
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In an analog delay line, the amount of
delay that is obtainable depends on both
the rate at which the samples are clocked
through the shift register and the number
of storage elements in the register. Current
IC fabrication techniques have made possi-
ble the construction of BBD or CCD delay
lines containing hundreds and even thou-
sands of storage elements. Such devices of-
fer delays as long as 100 milliseconds or
more-—longer than necessary for most re-
verberation synthesis applications.

The faster the clock frequency. the
shorter the delay and, for a given device,
the more closely the output signal resem-
bles the input signal. As a rule, longer
delays result in some loss of high frequen-
cies and degradation of dynamic range.
Advanced delay-line ICs offer impressive
performance in spite of these limitations.
For example, the Reticon SAD-4096 em-
ploved in the project to be described here
has 2048 storage elements, a clock-fre-
quency range of 8 kHz to 2 MHz, and a
delay range of 1 millisecond (2-MHz
clock) to 250 milliseconds (8-kHz clock).
The dynamic range of its output is 65 dB
when the clock frequency is a relatively
low 20 kHz. The use of compansion can
provide even greater dynamic range.

In a digital system, the input waveform
is sampled at an appropriate rate. Each
sample is applied to an A/D converter
which transforms it into a sequence of bits
describing its instantaneous amplitude in
digital form. Each digital word describes a
specific sample and 1s applied to cither a
digital shift register or 10 @ RAM, depend-
ing on the design of the delay line. If a shift
register is employed. the words are clocked
through the register at a specific clock rate
and eventually appear at its output. If a
RAM is used. the words are written into
specific memory locations. stored in them
for a certain period of time, and then read
out of the memory locations in the appro-
priate order.

As the digital words stream out of the
register or are read out of the RAM. they
are applied to the input of a D/A converter
which changes them back into analog
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Photograph of the author’s prototype.
The large control knob adjusts vco
frequency and, hence, delay time.

form. Low-pass filtering smooths out the
reconstructed analog waveform. The total
delay provided by a digital system depends
on the fength of the shift register and the
rate at which data is clocked through it or
on the size of the RAM and the rate at
which digital data is written into and read
out of it.

Some delay line designs employ delta
modulation. That is, the input waveform is
sampled continuously and compared to the
previous sample. The circuit that processes
the input waveform generates an output
signal that describes the result of this com-
parison—whether the input signal has de-
creased or increased in amplitude, or re-
mained constant. If this is done, only
“change™ information need be clocked
through a register or written into memory,
rather than information completely de-
scribing the instantaneous amplitude of the
input signal at cach moment that it is sam-
pled. At the output of the storage circuit. a
demodulator reconstructs an analog repli-
ca of the input waveform that is low-pass
filtered to remove abrupt level changes in-
troduced by the delta modulator.

Design Considerations. A digital sys-
tem’s greatest advantage is that the signal
degradation it introduces is fixed and inde-
pendent of the length of the delay. Once a
signal sample has been converted into digi-
tal form. it can be manipulated any num-
ber of times without loss. The quality of
the output signal is affected only by the lin-
earity and dynamic range of the A/D and
D/A converters at the input and output.
The dynamic range of a digital system
in which the digital words directly describe
the corresponding input samples is approx-
imately 6 dB per bit. A 16-bit linear digital
system thus offers a dynamic range of ap-
proximately 96 dB, but is horrendously ex-
pensive. To obtain an acceptable dynamic
range using fewer bits, various “nonlinear”
coding schemes have been developed.
Analog delay systems bypass the com-
plexities of A/D and D/A conversion but
degrade signals more as delays become
longer. Because analog shift registers are
55



audio delay

more-specialized, lower-volume devices
than their digital counterparts, analog reg-
isters are considerably more expensive. In
the author’s opinion, analog systems offer
superior price/performance ratios for de-
lays of less than 100 milliseconds. For
longer delays, he would give digital sys-
tems the nod. As 100 ms was considered a
suitable upper limit for delay time in the
system, the analog approach was used.
The length of delay required depends on
the reverberation times that the designer is
attempting to synthesize. In the author’s
opinion, audibly believable reverberation
can be generated by feeding the output sig-
nal of the delay device back to the input.
The resulting multiple repetitions simulate
the arrivals of reflected sounds along paths
of different lengths. In such a system, the
reverberation time can be calculated from
the length of the delay and the gain of the
feedback loop. For example, if the signal is
delayed 50 ms and the gain of the loop is
— 3 dB, it will take 20 recirculations of the
signal before the output level decays to
—60 dB relative to its initial amplitude.
The reverberation time is thus one second.
Natural-sounding reverberation can be
achieved with a maximum shift-register
delay of 40 to 60 ms as long as the recircu-
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PARTS LIST
DELAY CIRCUIT

C1,C18, C19, C32—0.1-uF, 50-V disc ce-
ramic capacitor

C2—100-uF, 18-V radial-lead electrolytic

C3, C13, C16, C25, C27—4.7-uF, 16-V ra-
dial-lead electrolytic

C4—0.01-uF, 5% Mylar capacitor

C5, C11, C21, C22, C24— 100-pF, 5%
polystyrene capacitor

Ce, C7, C8, C12, C17—1-uF, 25-V radial-
lead electrolytic

C9, C14—5-pF, 50-V disc ceramic capaci-
tor

C10—2200-pF, 5% polystyrene capacitor

C15, C26—0.47-uF, 25-volt radial-lead
electrolytic

C20— 1000-pF, 5% polystyrene capacitor

C23—510-pF, 5% polystyrene capacitor

C28—0.0022-uF, 5% Mylar capacitor

C29, C30—470-pF, 50-V disc ceramic ca-
pacitor

D1, D2— 1N914 diode

IC1—CD4007AE dual complementary pair
plus inverter

|C2—CD4013AE dual D flip-flop

IC3—SAD-4096 bucket-brigade
shift register (Reticon)

IC4—NES70N compander

IC5—TLO74CN quad BiFET op amp

J1, J2, J3, Ja—phono jacks

analog

The following, unless otherwise specified,

are Ya-watt, 5%, fixed carbon-composi-

tion resistors.

R1, R6, R7— 1000 ohms

R2, R10 through R15, R22, R31, R32,
R34— 100,000 ohms

R3, R36, R41—100,000-ohm, linear-taper
potentiometer

R4, R25, R26—3300 ohms

R5—300,000 ohms

R8, R40— 100 ohms

R9—75,000 ohms

R16, R17—22,000 ohms

R 18, R35—68,000 ohms

R18, R20, R37, R38— 43,000 ohms

R21— 10 ohms

R23—36,000 ohms

R24, R27, R28— 15,000 ohms,

R29-—62,000 ohms

R30— 180,000 ohms

R33—20,000 ohms

R39— 10,000-ohm, linear-taper potentiom-
eter

S1—Dpdt
switch

Misc.—Printed circuit board, IC sockets or
Molex Soldercons, circuit board stand-
offs, control knobs, suitable enclosure,
shielded patch cords, hookup wire, etc.

pc-mount  push-on/push-off

Fig. 2. Schematic diagram of the delay line. Two audio input channels are
combined by IC5C into a single channel which is delayed by IC3.
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lation loop gain is well below 0 dB. A loop
gain of more than 0 dB will make the sys-
tem unstable.

The bandwidth of the delay line and the
rate at which its input signal is sampled are
intimately rclated. Although standard
high-fidelity practice would dictate a flat
frequency response between 20 and 20,000
Hz, a narrower bandwidth is appropriate
for a delay line. The principal reason for
this is that natural reverberation gencrally
causes high-frequency attenuation.

Sampling theory indicates that a signal
must be sampled at least twice every peri-
od if it is to be reconstructed into contin-
uous form without error. The sampling fre-
quency thus should be at least twice that of
the highest frequency in the signal. Fur-
thermore, a rolloff caused by the recon-
struction process itself results in a response
3 dB down at approximately one-third of
the sampling frequency. (This rolloff is in
addition to any duc to a smoothing filter at
the output.)

Any signal frequency greater than one-
half of the sampling frequency will stimu-
late the production of aliases or beat tones
that fold back into the useful passband.
For example, if a 22-kHz signal is sampled
at a rate of only 40 kHz, an ahas will
appear at 18 kHz. Accordingly, for all of
the above reasons, it is good design practice
to band-limit the signal to be sampled to
about one-third of the sampling rate.

About the Circuit. The Analog Audio
Delay Line appears in block-diagram form
in Fig. 1 and schematically in Fig. 2. The
block diagram shows the principal function
stages of the project.

A voltage-controlled oscillator generates
a train of pulses at a rate determined by
the setting of the DELAY potentiometer.
The oscillator drives a flip-flop. which pro-
vides a two-phase clock signal by means of
its complementary (Q and Q) outputs.
This two-phase clock governs the transfer
of signal samples within the analog shift
register.

An op-amp input stage accepts signals
from the two main stereo channels and
generates ecither an L+ R or L —R output,
depending on the position of the MODE
switch. A considerable saving in system
cost and circuit complexity can be realized
by combining the main stereo channels to
form one channel of delayed information.

Summing the two main channels before
delaying them results in a conventional
monaural signal that is then delayed, am-
plified and reproduced by a single loud-
speaker. The uscfulness of the . —R mode
can be dramatically demonstrated by lis-
tening to a sterco FM broadcast. During
the musical portion of the broadcast, rela-
tively high levels of L+R or stereo rever-
beration can be introduced to provide a
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KIT AVAILABILITY

The following are available from Phoenix Systems, 375 Springhill Rd., Monroe, CT
06468 complete kit of parts including enclosure for a single-channel, dc-powered-
delay line, No. P-25-DLC, for $145,; complete kit of parts including enclosure for

a single-channel, ac-powered delay line, No. P-25-DL, for $I50; complete kit of
parts including enclosure for a two-channel, ac- or dc-powered (specify) delay line,
No. P-25-SDL, for $250. All items postpaid within continental US. COD orders
subject to $2 surcharge. Connecticut residents, add state sales tax. Information
on subassemblies and individual parts will be published next month.

pleasing audio effect. When the announc-
er’s voice is heard, it sounds as if he is talk-
ing from the bottom of a well. This can
also happen when a centered vocal or
instrumental soloist predominates.

The L—R mode, in which the direct
center components are cancelled out, can
prevent this from happening. An addition-
al benefit provided by the I.—R mode is
realized because of the common mixdown
practice of placing room or ambience mi-
crophones and studio reverberation unit
output signals away from center. Although
it is not possible to completely characterize
the differences in sound quality provided
by the two modes, the author’s experience
is that L—R reverberation sounds “softer”
or more subtle. The type of music and the
particular mix-down will determine which
mode is more pleasing.

The signal from the input network is
applied to a sccond-order active low-pass
filter with a cut-off frequency of 15 kHz.
This prevents foldback/aliasing problems

ter, which permits adjustment of the
amount of delayed signal fed back to the
input compander. as well as a passive
bandpass filter (R37, R38, C4 and C28).
The bandpass filter provides additional
high-frequency rolloff for each recircula-
tion of the signal and some low-frequency
rolloff. The accelerated absorption of high-
frequency components simulates the treble
loss of natural reverberation; the low-fre-
quency attenuation prevents the reverber-
ant signal from sounding muddy.
Complementary compression and ex-
pansion make it possible for the delay line
project to have an impressive dynamic
range. The rated S/N of the SAD-4096
analog shift register varies from more than
75 dB for its shortest delays to approxi-
mately 65 dB for its longest delay time.
The compansion employed in this project
allows the delay system to have a very
large dynamic range. As measured by the
author, the IHF “A™ weighted noise at the
project’s delayed output is —91.5 dBm at

This photograph of prototype shows how author housed main
pc board and ac supply inside custom enclosure.

that might otherwise occur. A 2:1 1C com-
pressor acts on the filter output before it is
applied to the analog shift register. Also
applied to the compressor input is a signal
component that is provided by the recircu-
lation loop.

Delayed audio signals appearing at the
output of the analog shift register are
treated by a fifth-order active low-pass fil-
ter before being processed by a 1:2 IC
expander. This filter smooths out the signal
provided by the delay line and suppresses
any ultrasonic clock energy contained in it.
One portion of the expander output makes
its way back to the compressor input by
means of a recirculation loop. This loop
comprises R36, the REDELAY potentiome-
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5 milliseconds and —&9 dBm at 100 milli-
seconds. Input-level adjustments are there-
fore unnecessary.

Output signals are presented to PAN
control R39. This potentiometer allows the
user to drive the subscquent stages in the
signal chain with a fully undelayed audio
signal (when the wiper is set to the DIRECT
extreme of its travel), a fully delayed signal
(when the wiper 1s set to the DELAYED
extreme of its travel), or with a mixture of
the direct and delayed versions of the input
signal (when the wiper is set between the
two extremes of its travel). Potentiometer
R4 can be adjusted for the desired bal-
ance of front 1o back sound levels.

(To be continued next month)
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