~ The Use of

Early Delays

There’'s more to delays than you think—

you can create entire room ambiences with early delays.

Here's how...

By Dave NMoulton

ack when I gotinto this crazy

business (in the late '60s), delays

were a wonderful but not very
subtle effect. They were generated by us-
ing the travel time between the record and
playback heads of tape recorders. Varispeed
was not a standard item then (in fact, we
were still just trying o get the decks to run
on time—forget about varying their speed!),
so the available delay times were simply
the times that occurred at 7.5 and 15 ips
{about 130 and 65 milliseconds, respec-
tively). Sending the delayed version of a
sound to the opposite channel was awe-
somely, totally creative, even if it was obvi-
ous and audible to a fault.

However, when { tried sending the de-
layed signal to the reverb and then to the
opposite channel, that was beyond total-
ly awesome. That was, well, mega-awe-
some. As I worked with this effect, which
has now become a cliché and the basis for
an entire family of signal-processing tricks,
! began to think about the acoustics and
psychoacoustics that make these effects
work. Since then, little by lirde, I've worked
up my own mode! of an approach to the
use of early delays, which is based on the
acoustics of rooms.

The general use of early delays didn't be-
come possible until digital delay lines be-
came commercially available in the
mid-'70s. The tape defays we used before
were too long, and were blatantly obvious
when we used them. We perceive a delay
of 65mS (milliseconds, or thousands of a
second) as an echo. The dividing line be-
tween early, inaudible delays and audible
echoes seems to be around 40mS, de-
pending on the material. When I began to
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play around with delays, | was struck by
the fact that really short delays aren't con-
sciously heard. This is exactly what the
Haas Effect is all about, as I discussed in
last month's article on panning, ‘The Phan-
tom Image.’

However, the presence of these short,
inaudiblie delays in normal everyday
acoustical listening makes use of a very
powerful set of features in our auditory
perception system. Because of this, the
control of these delays is a basic and useful
tool for the producer and recording engi-
neer. What makes these time-based effects
even more powerful is that their impact is
subliminal or pre-

single event, but an amalgam of at least
seven events. A normal rectangular room
of medium size (12x15x8 feet, for instance)
has a floor, a ceiling and four walls (unless,
of course, it’s Spinal Tap's motel room just
before checkout). Therefore, any sound
made in that room will travel to the listener
via a direct path and six reflected paths.
The original sound will take about 10mS
to travel to the listener, and the longest re-
flection path that represents only one re-
flection will probably take about 30mS.
Therefore, all of those first reflections will
get to the listener over a period of about
20mS, from different directions.

conscious, so that
we're not even aware
of how much impact
their presence is hav-
ingonus.
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I define short, or
early, time delays as
the reiterations of
sound events that fol-
low within the first
twentieth of a sec-
ond, or 50mS, of the
original sound. They

are usually caused by

Figure 1. Seven-path model of early reflections in a room. All of these sound-

room reflections, and paths are perceived by the listener as part of a single sound, until some of the

are closely allied to
the idea of ambience, the sonic signature
or character of a room. Generally, such re-
flections have an amplitude within 10dB
of the original sound. In conventional re-
verberant rooms, there are between 6 and
10 of them for each sound event, ail arriv-
ing at our ears from different directions.

Odd as it seems, a sound is not usually

paths get so long that they begin to be heard as reverb or an echo.

Now then, we don't perceive these re-
flections as such. Our auditory system in-
tegrates this family of early delays with the
original sound so that what we consciously
hear appears to be a single sound that’s ac-
tually an arnatgam of direct sound and ear-
ly reflections. This compound sound has
a much richer timbre and a more interest-



ing character than the single direct sound
alone. Musicians have known this for
years, which is why playing out of deors
(where there are no early reflections) is
not very popular.

Multitrack recordings are generally
made without the early reflections from
the room. This is because we want isola-
tion between instrumernts so we can ¢on-
trol the quality and character of each
individual instrument during mixdown. To
do this, we mic the instruments closely,
and have come to accept the resulting in-
your-face, close-up quality of the basic
tracks as our preferred sound quality. How-
ever, if the truth be known, these sounds
are flat and one-dimensional, compared
to their true acoustical counterparts. When
we hear them with delays added to com-
pensate for the lack of early delays on ba-
sic tracks, we know we prefer them this
way, without necessarily knowing why.

However, there are two problems. First,
when a sound and its delay are recom-
bined, the time of delay becomes the ba-
sis for a pitch that is generated as a
function of the mix of the delay and origi-
nal sound. This effect is called “comb-fil-
tering,” because the spiky frequency
response curve itself looks like the teeth of
a comb. Without going into detail, a sound

delayed by 1mS (for instance) mixed with
its original version will generate a fre-
quency response curve with peaks at 1kHz
and all whole number increments of 1kHz
(2kHz, 3kHz, 4kHz, etc.) and deep notches
at 500Hz, 1.5kHz, 2.5kHz, etc. The re-
sponse curve will look like this:
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which in this case is a pitch whose funda-
mental is LkHz. This pitch will impose it-
self on whatever sound is being delaved
and recombined with itself.

Second, we also have to consider our au-
ditory mechanisin. When we are working
with music, we tend to take this incredi-
ble system for granted.
Making beautiful and
powerful music is very
difficult and requires so
much concentration
that we really don't have
the time or mental re-
source left over to think
about what is really go-
ing on in our neurons.
However, this is a situa-
- tion where Vve found

Figure 2. Frequency response curve resulting from the mix of a signal at 0dB
and a 1m$ delayed iteration of that same signal at 0dB. Peaks will be at +6dB
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that a little extra knowl-
edge really made a big
difference in the quali-

2nd nulls will be less than -t00dB. The graph is drawn with a linear horizon-  ty of my recordings, so
tal axis for frequendy, as opposed to the more conventional logarithmic or ¢ [jsten up!

tave-based scale.

This “comb-filter” frequency response
is dramatically different from the fre-
quency response of the original signal,
which is represented by the dotted line at
0dB. Comb-filtering is clearly audible (!)
and, as I said before, has a very clear pitch,

The auditory system
can be thought of as an extremely complex
and highly developed local warning sys-
temn. [t is extremely sensitive, and it has an
elaborate, three-dimensional localizing
feature. This system can locate an object
in space, and it does this both by: 1) direct




observation of the high-frequency com-
ponents of the sound at each ear; and by
2) analysis of the assorted room reflections
of that sound, including their various de-
lays and the above-mentioned angles of
arrival. Furthermore, this amazing system
also locates and establishes the limits of
the room we are in by observation of the
phase differences of low-frequency reflec-
tions. Such a highly complex and multi-
stage echo-location system works mainly
in the pre-conscious realm, and our con-
scious perception of sound is, in fact, a
highly developed construct that has com-
paratively little relationship to the original
physical sound pressure waves. The sys-
tem gives us useful information that we
can trust and act on quickly, without think-
ing! The merging of early reflections with
the direct sound is a clear example of this:
in just 50mS, the brain receives and pro-
cesses enough data to clearly present to
the conscious mind an explicit and un-
cluttered image of a specific sound com-
ing from a specific point in a given space!

If we think about the actual informaton
in visual terms (an exercise I always find
useful and entertaining when I'm trying to
think about these things), the sound and
its early reflections are the equivalent of a
light bulb in the mirror room in an amuse-

You can set up many rooms or ambiences

for different instruments in your mix.

Dur ears are very tolerant of diverse information.

ment park fun house. We see dozens of re-
flected lights that are pretty much indis-
tinguishable from the real one, and are
faced with an illusion that is chaotic and
confusing. To help us survive, the ear
evolved to sort out the audible equivalent
of this fun-house chaocs and tell us, almost
instantly, which sound is the real one.

Now here comes the really weird part.
We have a paradox, a conflict in what we
know. On the one hand, if we recombine
a sound and its delay, we get comb filter-
ing, which really changes the frequency re-
sponse {and timbre) of the sound, in
major-league ways. On the other hand, I've
just been telling you (and you've probably
noticed this on your own as well) that we
don't hear the early reflections as such;
they combine with the direct sound to cre-
ate a richer version of the sound, but with-
out obvious or major damage to the quality
of the sound.

How can this be? Is there comb filtering?
Yes. Do we hear it? Well, yes and no (I told
you this is weird). Here's the scoop: if the
original sound and its reflection have the
same angle of arrival, we hear comb filter-
ing and a dramatic change in timbre. If the
original sound and its reflection arrive
from different directions, we barely hear
the comb-fiitering. There is no appropri-
ate explanation yet as to why this is so0. The
comb filtering is still there and can be eas-
ily observed or measured with a real time
analyzer. You can also demonstrate this for
yourself if you have a delay line. Take a
noise signal and run it to one speaker. Split
the signal and run it through the delay and
mix it with original signal going to that
speaker. Voilal Comb filtering! Big time!
Now send the delay to the other speaker
instead. Voila again! No comb filtering! The
signal sounds like itself. Awesome!

So, the general rule is this: when sound

CALL 1-800-957-717 ], EXT. 500 FOR THE DEALER NEAREST YOLL




arrives from a single direction, any delays
inherent in that sound are considered to
be information about timbre. When the
same sound arrives from multiple direc-
tions, any delays are considered to be in-
formation about space. In a real room,
where there never is a single sound or

sound sourcs
direct path
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fsianer
simulated St wall shnudarad rigit wall

Figure 3. The simulated rocm for the first patch.
The two delayed paths are not quite identical.
even just one reflection, the multiplicity
of reflections from different directions re-
duces the audibility of comb filtering even
further. The fact that we have two ears
and are therefore observing multiple
points in space probably helps as well. So
mostly, in the real world, we don't hear
the effect of comb-filtering, even though
it's there in spades.

Nevertheless, comb filtering is a big
problem in a crucial area of audio: the
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maono compatibility of stereo recordings.
When we sum stereo sounds to mono,
comb filtering is clearly heard. Multi-di-
rectional delays become single-source de-
lays. What was effective and powerful
spatial information in the stereophonic
mix becomes unintended timbral infor-
mation in the monaural mix. So, good en-
gineering practice demands a careful
consideration of the impact of the use of
time delays on the monaural mix, partic-
ularly if the mix may be broadcast, as
monaural summing is a normal feature in
the reception of radic and TV, [ There’s an
article on mono-compatible mixes sched-
wled for next month.—NB|

What we've said about early delays can
also illustrate the use of effects such as
flanging, phasing and chorusing. For all of
these effects, three things must happen:
first, there must be a delay; second, it must
be recombined with the original signal;
and third, the delay time must vary. With
flanging and phasing, we have a special ef-
fect where the frequency of the comb fil-
ter is swept up and down by varying the
delay time. Delays are very short: a L0mS
delay might be a suitable maximum, be-
cause it gets the fundamental frequency
of the comb filter down to 100Hz (the delay
time will equal the peried of the comb-fil-
ter frequency). The minimum delay should
be .05mS or so, which will bring the comb
filter's frequency to 20,000Hz (20kHz—the
upper limit of audibility). The reason this
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Figure 4. Console flow for left and right reflection simulations. Auxiliary bus sends signaf 10 delay lines that re-
turn to Left and Right stereo buses. Left and right delays should be slightly different. Delay lengths should
be between 10 and 50mS and usually only a few mS different. Level of delayed signals should be to taste, but
typically 6dB below direct signal. Longer delay returns should have higher levels to offset the Haas effect

pulling the image toward shorter delay.
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Delay time | Implied room width [ Implied room length

3 msec 3ft. 6 ft.

5 msec 4 fi. 7 ft.

10msec |74, 12 ft,

15 msec 11 ft. ’ 20 ft.

20msec |17 fi. | 45 f, 1
30 msec |23t 60 ft.

50msec |36 . 80 f.

Table 1. Approximate virtual room sizes imptied for various delays in patch shown in Figures 4 and 5. A 3mS de-
lay implies a tiny reom, while a 50mS delay suggests a fairly large club.

effect is such a psychic bombshell is that
it sonically mimics a situation where the
wall is moving Psychologists call this cog-
nitive dissonance—our various senses give
us conflicting information. It's a really
useful tool for creating profoundly enter-
taining effects. In this case, while our eyes
tell us that everything is stationary, our
ears inform us that the environment is
meving! Yeeha!!

Chorusing mimics something else: the
sound of multiple voices. When you hear

a sound and its room reflection, the
amount of delay (and phase shift) remains
constant unless: a) you move; b) the source
moves; ¢} the wall moves; or d) you've in-
gested too much single malt scotch (that's
a joke—however, I've tested it and it is
truel), This is because there’s a fixed rela-
tionship between you, the source and the
wall. The fixed quality of that relationship
results in a pattern of delays that also have
fixed phase relationships. When two or
more voices sound in unison, however,
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Figure 5. Alternate console flow for left and right reflection simulations. Multitrack equivalent of Middle-
Side stereo microphone setup. Auxiliary bus send signal goes to single delay line that returns to both Left and
Right stereo buses. Right channel return has signal inverted {polarity reversed). Left and Right return fevels
should be identical. Delay lengths should be between 10 and 50mS5, and usually only a few mS different. Lev-
ei of delayed signals should be to taste, but typically 6dB below direct signal.



While our eyes tell us that everything is stationary,

our ears inform us that the environment is moving! Yeeha!!.

they cannot vibrate in a “phase-locked”
way. If the voices are oscillators, each with
its own stable frequency, they will “beat”
with each other with a constant “beat”
rate. If they are musicians, they are con-
stantly correcting and trying to hold ex-
actly the same frequency, so they tend to
drift around each other, always holding
very close to the unison but never at ex-
actly the same frequency. When a whole
group of voices does this, it results in a very
rich, vibrant and dynamically “happen-
ing"” sound. The chorusing device simply
alters the delay timme randomly, and within
afew mS. Additional delays will mimic the
sound of additional voices, and yield a
richer chorusing effect.

It is possible to use a coupte of delays, or
even a single one, to effectively create the
early delays to simulate a room around
your multitrack sounds. The trick for using
these effectively is to “think like a room.”
Figure 3 is an illustration of an easily sim-
ulated room with side reflections only.

In this case, the room has only two walls,
left and right, and they are almost equidis-
tant on either side of the direct track. Be-
low are two basic patches for simulating
this room. Take a look at the first patch.

In this case, the direct sound (there can
be many direct sounds, mixed, of course) is
sent in mono to both stereo busses, and is
also sent via the auxiliary bus to two sepa-
rate delay lines, I typically start with de-
lays of 30 and 35mS$, but this is really an
issue of taste—your personal fantasy about
the size of the roorm in which you imagine
the music is playing, and the style and
mood of the material you are recording.

You can also use equalization to enhance
the character of the delays and implied am-
bience: high-frequency boost will add a
hard, bright edge to the ambience, sug-
gesting hard, reflective surfaces with no dif-
fusion, and low-frequency boost will add
a sense of spaciousness and envelopment.

In any case, the delays should be almost
the same, but not quite, and the level of
the longer delay should be greater, to offset
the Haas effect, which will tend to pull the
image toward the channel with the short-
er delay. The overall level of the delayed
sounds should be 6 to 10dB below the di-
rect sound, for three reasons. The first is
simply that in reality (if we “think like a
room”}, reflections, which have traveled
further and attenuated more, will typical-
ly be 6 to 10dB lower in level than direct

sounds. Second, the effect can be a little
overwhelming if it is over- done. Finally,
the comb filtering problems will be re-
duced as the difference between levels in-
creases, which means that you are going
to run into less trouble when you sum the
mix to mono. | find that this patch works
really well on the lead vocal, maybe all the
vocals, the lead instrument, and the elec-
tric bass. It gives a richness and presence
to these lead parts that is quite compelling.
I also love to “wake up" synth sounds with
this kind of treatment. They usually get an
awful lot better with a couple of judicious
delays like this.

Figure 5 shows a variation on this patch
that only requires one delay line.

This patch mimics the Middle-Side
stereo microphone placement, where the
delay line serves the same function as the
side microphone. It has a couple of ad-
vantages, and one big disadvantage that
causes me to not use it very much. The ad-
vantages are that it requires only one de-
lay line, and that it is absolutely mono-
compatible, which is also its big disad-
vantage. When the stereo signal is summed
to mono, the left and right retumns (simple
polarity reversals) will cancel each other
out, so the effect of the delays is com-
pletely removed in mono, which usualty
really changes the musical character and
impact of the mix. On the other hand, the
patch is very effective, and, because there
are no time differences between left and
right buses, balancing it is a cinch.

Naturally, if you have more delay lines,
yOu can set up marny rooms or ambiences
for different instruments in your mix, Qur
ears are very tolerant of diverse informa-
tion, and will cheerfully accept a whole
bunch of overlaid ambiences and reverbs
without much trouble or confusion. You
can also mix dry and wet sounds simul-
taneously without much trouble, and of-
ten with great effectiveness. This is an
area where there is tremendous poten-
tial, and a great deal of experimentation
is called for.

Have fun, but don't delay too long (that’s
another joke)! @

Dave Moulton chairs the Music Produc-
tion and Engineering Department at
Berklee College of Music, and is typically a
little late with deadlines. Peter Alhadeff pro-
crastinates on his assignments in the de-
partment, and Alex Hodge usually echoes
his ideas.

WANT TO CONTROL DUST
IN YOUR STUDIO/LAB?

We do! We can custom make nylon/vinyl
covers for all your equipment. Keep it clean
and looking new. All covers are designed
for cable cut-outs and available in black,
blue, burgundy or gray.

BUT WAIT...WHAT ABOUT SMOKE
AND DUST WHILE | WORK?

True, air-borme particules are constantly
settling as you work. Now you can contrel
your indoor environment with a STUDIC
AIR FILTRATION SYSTEM. Cur sytams
are:

-Portable

-99% effective towards all irritants
~Operates at pennies a day

- Hepa and Electronic Call Filtration

Give us a call and ask us about all the
advantages of an Air Filtration System.
Individual Brociuwes aveilable upon request

1(800)228-DUST

Mastorcard & Viss Accepied

e Dust Control Company
1 N 353 Bloomingdale Rl + Carol Stream, I. + 60188

Serving San Fernando Valley Since 1936

CASSETTE DUPLICATING

Real Time and High
Speed Cassette
Duplication

Chrome Tape

Printed Labels

Speedy Turnaround

Quantity Discounts

WE TEST EVERY CASSETTE

FOR USER-FRIENDLY SERVICE

Call:
818-222-1071

fax 818-222-1072

HoME & STuDio RECORDING 57




