Part II

AMBISONICS COMES OF AGE

BY WILLIAM SOMMERWERCK

In TAA 3/84, Mr. Sommerwerck
provided some background on Am-
bisonics. He will continue that
discussion this time and give more
details about the Ambisonic ap-
proach.

MICHAEL GERZON 15 2 mathema-
tician at Oxford. In the early
1970s, with all the talk of quadra-
phonics going around, he realized
that something was amiss. He saw
the need for additional channels to
convey the spatial character of live
sound more accurately, but he also
saw that the pair-wise mixing
(PWM) techniques being promoted
were incorrect. He was also disap-
pointed with the poor performance of
simple matrix decoders and thought
that much more credible effects
must be possible for listeners who
had access only to two-channel pro-
gram sources. With this in mind, he
started theoretical and empirical
research into the fundamental prob-
lems involved in reproducing direc-
tionality correctly. He was joined in
this work by Peter Feligett of the
University of Reading. Their re-
search was partially supported by
the National Research Development
Corporation and IMF Electronics.

Over aten-year period, Gerzon and
Fellgett produced a system that al-
lows recording engineers to achieve
almost any directional effect, with
total confidence that the listener will
hear it correctly. Effects can range
from completely natural reproduc-
tion of live sound and its ambience to
totally artificial studio effects, and
these may be freely combined. The
system is called Ambisonics.

Its starting point is the same as
that for UMX. The sound field is
analyzed into four components, one
of which is an omni signal without
directional information. Three fig-
ure-8 components represent front/
back, left/right and up/down direc-
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tionality. These are called the W, X,
Y and Z signals, respectively. See Fig.
7. {Note that the fourth Ambisonic
channel is not the ‘'sin 2 theta'’ used
in UMX. Gerzon showed that this
signal actually degrades perfor-
mance. Its presence gives the brain
additional cues, which cause sounds
near a given speaker to localize at
that speaker. This is undesirable,
since the goal is a smooth, continu-
ous spread of sounds, without any
loudspeaker awareness. When exag-

Reprinted with the permission of NRDC.

FIGURE 7: B-format signal arrange-
ment. In this case, the Z signal points

up.

gerated directionality is desired for
dramatic emphasis, you can use the
fourth channel for just that effect.)
The W, X, Y and Z signals can be
assembled from live sounds by
means of special microphone arrays
or in the studio by simply adjusting
the amplitude and polarity of the
signals, as described earlier. Since the
up/down channel is optional, only
three channels are needed for normal
surround sound. _
Besides the formation of a viable

surround-sound system, Gerzon and
Fellgett studied and applied existing
mathematical models of directional
hearing. These show that Ambisonic
reproduction is correct, and they per-
mit rational trade-offs among con-
flicting requirements in designing
practical systems. Naturally, the
researchers perforthed hundreds of
hours of listening tests, but these

- were guided by mathematics and

psychoacoustics. Little is “cut-and-
try’’ in Ambisomic technology.

1 have already discussed Makita
localization, which is the most im-
portant directional cue. The success
of any surround-sourid system hangs
on its proper implementation. Any
system that does not satisfy Makita
is inherently flawed and cannot accu-
rately reproduce ambience or arbi-
trary effects. But other psychoacous-
tic laws must be obeyed, too.

One of these is described by the
sound field’s ‘'velocity vector magni-
tude,’” which determines how stable
the field is with respect to head rota-
tion for frequencies below about
1kHz. Changes in this parameter can
make the sound move towatd, or
even into, the listener’s head. (Be-
cause PWM fails to satisfy this rule,
it cannot create stable side images.)

Another rule is described by the
“‘energy vector azimuth,’’ which de-
termines the apparent image loca-
tion at high frequencies {about 0.5 to
5kHz). {Oddly, PWM does work in
this range. | Just as the velocity vector
magnitude defines image stability for
Makita localization, a fourth param-
eter, called "energy vectur rnagni-
tude,’’ defines image stability for the
energy vector azimuth.

And then there is ‘‘phasiness.”
One example of phasiness occurs
when your speakers are cofinected
out of phase. There is no clear center
image, and other sounds are bloated
and hard to localize. Another symp-
tom is an uncomfortable ‘‘pressure-



in-the-ears’’ effect, which might
range from a slight blurring of image
location to the sense that fingers are
pushing against your eardrums.
Phasiness is related to the amount of
90-degree (quadrature] component in
the signal. Only small amounts are
acceptable, and the effect appears
most pronounced in the 300 to
1,000Hz range.

These effects are described in a
group of equations that you can use
to analyze any sound-reproduction
system, regardless of the number of
transmission channels or speakers. 1
decided that I could not be an Am-
bisonic ‘‘maven’’ without going
through the “‘maths,’’ so I applied
them to the three-channel (W, X, Y)
version. They all came out on the
button. (The equations, along with
an explanation of how to apply them,
appear in the sidebar on page 41.)
When you analyze the equations,
you will see that they account for
amplitude and phase differences, but
they do not mention arrival time dif-
ferences. These differences are a
significant source of directional in-
formation for the ear and brain, es-
pecially for the initial transient of
any waveform. Why have they been
left out of Ambisonics?

You Can't Have Everything

The two reasons for this are simplici-
ty and compatibility. The ear and
brain use at least three mechanisms
to localize sound—amplitude, phase
and arrival time differences. Al-
though the arrival differences do
make a major contribution, if ampli-
tude and phase are well imple-
mented, the need for delay is less
important.

Adding those delays introduces
serious problems. You must either
use a kunstkopf (dummy head—
literally, '‘art head”’) for live record-
ings or introduce actual delay for
studio recording, via [expensive) delay
lines. If you do not want to use head-
phones in playback, you must supply
a crosstalk canceller for loudspeaker
listening. This limits the useful **win-
dow'' to a space suitable for only two
people—if they are Siamese twins!
When you mix down to mono for
broadcasting, the delayed compo-
nents will “comb’ with the unde-
layed to create frequency-response
aberrations. [This might not be signif-
icant to those hearing the program
over cheap mono players or receivers,
but it is a potential problem.] The

worst part is that you must either
wear headphones or install a crosstalk
canceller. You cannot sit down and
listen to your system in its conven-
tional state.

JVC has combined all the princi-
ples of directional hearing, including
interaural delay, into a surround sys-
tem called Q-Biphonics. It works
beautifully, but its complexity and

FIGURE 8: The aquthor’s home-brewed
Ambisonic recording setup, using vari-
able-pattern SoundField microphones.

incompatibility with existing sys-
tems and listening habits will, I be-
lieve, prevent it from ever becoming
widely accepted. That leaves us with
Ambisonics.

The Ambisonic Ideal

After all this build-up, just how good
is Ambisonics? The three-channel
version (horizontal only, no height) is
amazing. The sound field has a re-
markable coherence that you rarely,
if ever, hear in conventional quadra-
phonic recordings. The ambience
and the direct sounds hang together
in a way that is difficult to describe,
except to say that it sounds almost
exactly like the hall in which the
recording was made. This is in con-
trast to quadraphonics, where the
ambience is enhanced, but the or-
chestra sounds too far away, and the
reverberation is overdone. Perhaps
an example will clarify this point.

I did some of my earliest quad
recordings with the Orchestra Socie-
ty of Philadelphia, an ‘‘amatcur’’
group. (A lot of '‘professional’” or-
chestras should play this well.) I set

up four cardioid mikes in prescribed
“‘purist’’ fashion, arranging them as
nearly coincident as possible, with
two of them facing the rear. But the
recordings still sounded like conven-
tional stereo. Although the mikes
were 6 feet behind the conductor, the
recording sounded as though I was
sitting in row M. And although there
was a pleasant increase in ambience,
it just did not relate to the
direct sounds. If I raised the rear
channels to the point where they
made a noticeable contribution,
they drew attention to themselves. If
I reduced their level, the ambience
disappeared.

Something was wrong, and now it
is obvious what it was. AsIexplained
before, all the side sounds (the signif-
icant ambience) were being direc-
tionally encoded by amplitude pan-
ning between the front and rear
mikes—acoustical PWM, if you like.
No wonder the ambience was dis-
played incorrectly in playback!

Legal Home-Brew

After getting the Integrex decoder, 1
tried a home-brewed SoundField set-
up (Fig. 8). (The SoundField mike
is manufactured by Calrec and dis-
tributed by Audio + Design, Calrec,
E4480 Hwy. 302, Belfair, WA
98528.) Portunately, my mikes are
variable-pattern, so all I had to do
was rig up the necessary stand/boom
arrangement to bring an omni and
two crossed figure-8s into close
proximity.

The recordings were a revelation.
Now it seemed as though I was about
10 feet behind the conductor, the
reverberation was no long excessive
(in fact, the playback was a bit drier
than the hall}, and everything hung
together beautifully. Furthermore,
these qualities were audible over a
wide listening area. Moving close to
one speaker did not cause the souind
field to collapse in that direction.
And although I could not hear specif-
ic sounds from the sides, they no
longer seemed empty. The sound of
the hall at Drexel University filled
the listening room, without drawing
any attention to itself, just as it
would in real life.

Perhaps the most remarkable and
unexpected improvement was the
significant reduction in coloration. It
was similar to going from Bextrene
to polypropylene drivers. A layer of
excessively liquid sweetness was
stripped away. Woodwinds were
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noticeably “‘reedier,’’ violins started
sounding more like rosin on gut, and
brass instruments had more snap and
attack.

This effect seems related to the
more correct presentation of ambi-
ence that Ambisonics provides. As 1
have said, the most important ambi-
ence is the side delays. In regular
stereo recording, these are folded into
the direct sound. The brain is in-
capable of separating them under
these conditions, and they ‘‘comb"’
with the direct sound to alter fre-
quency response (and, therefore, in-
strumental timbre). In Ambisonics,
the directional cues necessary for
proper localization of the side delays
are present, and the combing does
not occur.

i made anather interesting record-
inig at a neighborhood church's choir
rehearsal. The choir was divided, the
sections facing each other across the
loft. The organ pipes werc behind
oDne group, so it was quite natural to
have them and one choir to the front,
with the other choir “‘behind'’ the
mike array. The result was marvel-
ous. I could close my eyes and hear
the acoustics of the church. {Again,
the recording was a bit drier thar the
real thing.] The speakers disap-
peared: the recording produced no
sense of four sound sotuces, just a
coherent, continuous sound field, no
matter which way I turned. It was
especially interesting to turn around
and pick out individual voices in the
reat choir.

Oddly, the organ appeared to be
above the front choir, as it was in the
church, but I was not using a fourth
channel for height, so I chalked this
up to autosuggestion. (A British re-
cording engineer told me that al-
though height information is not ex-
plicitly encoded, it might be there
implicitly. The brain might judge the
height of a sound soutce by noting
the arrival time difference between
direct sounds and those bouncing off
the floor or stage. Perhaps this is so,
but I do not see haw the hrain can
distingnish between a reflection
from the floor and one from the side
wall.)

Of course, it will be some time
befare three and four-channel Am-
bisonic recordings become available.
For better or worse, they will have to
await true digital recording tech-
niques. In the meantime, Fellgett,
Gerzon and others have developed a
two-channel system, UHJ. ["'U"’ for

40 The Audioc Amateur 4/84

pressurel  gheff —
L W filter 1 3
¢ distance - §_
Vor‘wa_;d compensation | ampi- @
phase clochy shelf 4‘ tude — 3
ampfi- | X | filter2 MATRIX| &
R tude . —3
MATRIX] leftward o}
velocity | shett , s 5
Y fitter 2 ‘ L2
e
I
. shelf
inputs W filter 3 {onasiness
compensation  {ayout shape
d with the p of IMF Electronics.

FIGURE 9: Overall UHJ decoder circuitry. In e VDP decoder, the —jW signal would be
dynamically varied by logic cizcuitry to control the ditection of Jowest phasivess.

Univetsal, ""H*' for Matrix H (hear-
g}, a BBC system whose patents are
now part of the Ambisonic pool, and
1" for 45}, the original two-channel
Ambisonic system. It is sometimes
called BH] to acknowledge the
Caaper-Shiga BMX system, which is
also part of this pool.] This system
audibly outperforms any four-chan-
nel discrete system.

Two Is Greater Than Four

1 have already asked you to swallow
quite a bit by saying that a three-
channel system is superior to any
discrete techmique. A careful ex-
amination of the psychoacoustics in-
volved and a brief listen will confirm
this. But to say that a mere two chan-
nels can provide exceptional per-
formance really strains credulity.
After all, simple two-channe! ma-
trices were awful, having to await
such developments as the QS Vario-
Matrix and the Tate Directional En-
chancement System for SQ. Certain-
ly, UHJ must need some kind of logic
enhancement? No way! It beats SQ
and QS |not to mention discrete} at
their own game with simple, linear
circuitry (Fig. 9).

Before [ explain how this is possi-
ble, [ ought to describe what you can
expect 1o hear from UH] playback. It
is so0 good that many listeners will
not be able to tell it from the full
three-channel, B-format system. The
sound field is equally coherent. You
have no sense of four distinct sound

sources, but instead perceive a con-
tinuous field. Moving close to one
speaker does not degrade the image
as badly as it does in quad ot regular
stereo. In addition, it is possible to
tarn sideways and hear the front
sounds to onec side, the rcar to the
other. As you sidle up to the front,
the front sounds predominate, and
vice-versa. The listening window is
wider and deeper than that for regular
stereo, even extending outside the
speaker boundaries.

These effects are nat passible with
discrete quadraphonics, let alone
matrix systems. A minute or so of
listening will sell even the most
jaded audiophile on two-channel
Ambisonic sound. Why, then, out-
side of up/down effects, du we even
consider three-channel Ambisonic
systems?! The reason has to do with
the inevitable trade-offs involved in
reducing the signal from three to two
channels.

The W, X and Y signals are mixed
to produce a compatible stereo sig-
nal. (The stereo is actually slightly
better than average, since sounds at
the far left or right will appear out-
side the speakers.} UH] is a ‘'kernel”’
system, so the encoding for any posi-
tion is cxactly specitied. Atter dema-
trixing {to produce approximations
to the original W, X and Y signals},
the signal must again go through the
speaker-feed matnix. The amazing
thing is that it is possible to arrange
this processing so that the exact



Makita localization is retained for all
directions. This is why UH] has such
remarkably good performance.

The trade-off is a significant in-
crease in phasiness. Sounds take on a
slightly bloated quality and come for-
ward from the speakers. A subjective
increase in coloration, caused by the
quadrature’ phasiness components’
altering of the frequency response, is
also noticeable. Fortunately, there is
a solution for this.

The ear and brain are much more
sensitive to phasiness-to the front
than to the rear. You can adjust the
decoding so that there is virtually no
phasincss in the front, at the expense
of high phasiness to the rear. For a
forward-facing listener, however, the
effect is one of 2 large improvement

at the front, with little degradation to
the rear. |Of course, if you tum
around, you can hear the phasiness. }
It is possible to dynamically alter the
phasiness reduction so that the loud-
est sound is the least phasey. A
special decoder using this Variable
Directional Preference {VDP) tech-
nique might be available soon, but
such a system enhances full sur-
round recordings the most. VDP pro-
duces little improvement with ambi-
ence-only: recordings, and none is
really needed.

Optimized Two-Channel Encoding

You can sce the advantages of UHJ
encoding by manipulating the en-
code/decode equations, plugging the
results into the speaker-feed equa-

tions, and relating all this to the
psychoacoustic localization formu-
las mentioned earlier. But there are
other ways of explaining what hap-
pens in a two-channel surround
system. The Scheiber Sphere is one
option.

In any two-channel surround-
sound system, we are interested in
three parameters—the intended di-
rection of the sound source, the
relative amplitude of the signals in
the two channels and the relative
phase of the channels. (The last two
parameters, of course, represent the
way we encode the first.} The usual
way of representing the relationships
of these parameters graphically is by
plotting the encoding locus on the
surface of a sphere. In the US, it is

The Psychoacoustics of Directional Hearing

The following approach considers
only sounds originating in the hori-
zontal plane, although you may ex-
tend the methods to periphonic
(with-height) systems. Consider the
X and Y axes as pointing forward and
to the left, respectively. Assume that
N loudspeakers are situated on a cir-
cle in the azimuthal directions phi-
sub-i (i=1,2,..N} measured coun-
terclockwise from ‘the X axis (due
front}. For simplicity, assume that
all' sources lie at a long distance from
the center so that sounds arrive as
plane waves. If a given mono sound
is fed (o all speakers, with the com-
plex gain phi-sub-i to the i'th
speaker, the following parameters
influence the localization of that
sound.

1. Makita’s localization de-
scribes the localization azimuth for
listeners facing the apparent sound
source at low frequencies (less than
1kHz). Calculate x and y as follows:

Re[[EPdlcoss)|
TP,

X =

LP;)(sing,}
= Re L——L
y = Re[ =t o]
where Re means ‘‘real part of,'’ and
the sums are overi=1to N.
Makita’s localization azimuth (6,)
is given by the following equation:
x = (1,){cosb,)
y = [r)(sin,}

where the velocity vector magnitude

(r,} is greater than zero.
2. The velocity vector magni-
tude (r,) equals

N

where x and y are as defined above.
It describes the stability of sound
localization with head rotation at
low frequencies. For ‘''natural’”’
sounds, 1, equals 1. If r, is much
greater than 1 for a reproduced
sound, you can hear an out-of-phase
effect. If 1, is close to zero, you hear
an ''in-the-head’’ or ''close-to-the-
head'’ effect, along wilth excessive
image movement when'you move
your head. (This effect is under com-
plete control in Ambisonics, allow-
. ing the producer to move the sound
toward or away from the listener.)
3. Phasiness |q) most often af-
fects forward-facing listeners. It is
an unpleasant '‘pressure-on-the-
ears’’ sensation and might include
image blurring. Its value is given by
the following formula:

- 1| (=R ingl
q = m| . ]

where for real u, v, Im(u +iv) means
v. Ideally, for natural sounds, q
should equal zero, but |q| less than
0.21 is relatively innocuous, |q| less
than 0.5 is generally tolerable, and
la| greater than 1 is unacceptable.
4. The energy vector azimuth
describes the image azimuth at high
frequencies {500Hz to 5kHz| and
also appears at low frequencies for
slightly off-center listeners. Calcu-

late it as follows:

v, = [EIPdcoss)
P2

_ [E[P:|*){singy)
Ve S |P.-|2

where

Xg = (tg){cosfg)
ve = {tg)(sinfg)

and rg is
magnitude.
This describes the apparent localiza-
tion, especially when the listener
faces the apparent direction.

5. The energy vector magni-
tude (rg] equals

Vxg? +yg

where x and y equal the values de-
fined above. This quantity describes
the stability of the sound image with
head movement, cspecially at fre-
quencies between about 500 and
5,000Hz. Ideally for ‘‘matural”’
sounds, rg equals 1, and for repro-
duced sounds rz can never exceed 1.
In practice, an 1z of 0.7 is excellent,
0.5 is quite acceptable, and 0.35 is
tolerable for sounds to the rear of the
listener.

When the encode/decode equa-
tions for B-format Ambisonics are
used to derive speaker-feed signals
and these signals are plugged into
the directional equations given
above, all the equations are solved
exactly for all directions. C

the energy vector
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Reprinted, with permission, from the ]JAES
(Volume 23, Number 2), March 1975, p. 117.

FIGURE 10a: Representation of a stereo
position on a sphere. Point A in the
horizontal plane represents a sound
recorded with a gain of a on L and 8 on
R. Point B represents a sound recorded
with « (phase shifted ¢} on L and with
on R.

called the Scheiber Sphere, after the
first person to describe the concept.
The British, in dogged refusal to
acknowledge Peter Scheiber’s con-
tributions to surround sound, insist
on calling it the Energy Sphere or a
Stokes-Poincaire plot.

The plotting goes like this. The
azimuth (that is, the angular position
in the horizontal plane) equals
[2 x arctan{L/R]], where L and K are
the amplitude (including signal po-
larity) of the left and right transmis-
sion channels. Zero degrees is con-
sidered to be due right on the sphere.
A signal on only the right channel
will appear due right. Signals of equal
strength on both channels will point
forward (90 degrees), while signals of
equal strength but opposite phase
will appear at —90 degrees. A left-
only signal will appear due left at 180
degrees. If this is not clear, work
through the trig on your calculator.

Phase differences between the
channels are shawn by angles of ele-
vation and depression. L is con-
sidered to ‘'lead’’ R, sa if L's phase is
ahead of R's, the point is plotted
above the “‘equator,’’ and vice-versa.
Angles vary from 0 degrees (at the
equator) to + 90 degrees at the poles.
See Figs. 10-12.

As I mentioned before, do not con-
fuse polarity inversion with phase
shift. If one of the encoded channels
is of opposite polarity with respect to
the other, then its position along the
locus will be on the equator, not
above it, since the calculation of
azimuth includes signal polarity. [For
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Reprinted, with permission, from 'the JAES
(Volume 19, Number 9), November 1971, p. 113.

FIGURE 10b: Spherical a,8 (amplitude
ratio, phase difference) coordinates
showing amplitude and phase planes.
The positive Z axis is designated the
mono axis because the ‘level with
which any matrixed channel of infor-
mation is reproduced in monaural
playback depends on the proximity of
its a,8 coordinates to those of the mono
axis {90.0).
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Reprinted, with permission, from the )AES
{Volume 19, Number 9), November 1971, p. 113.

FIGURE 10c: The plane of the ampli-
tude ratio angle, rotated by the plane
difference parameter @.
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Reprinted, with permission, from the ]AES
(Volume 23, Number 2), March 1975, p. 117.

FIGURE 11: Point A at an angle 20 from
the right point of b represents a direc-
tion of stylus motion at an angle ¢ from
the right wall’s direction of motion as
ina.
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23, Number 2), March 1975, p. 117.
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FIGURE 12: Stereo positions and stylus
motions corresponding to various points
on the energy sphere.

the arctan of an angle to fall between
90 and 270 degrees, either the sine or
cosine of the angle (but not both)
must be negative.]

Most people immediately grasp
these concepts, then get bogged
down in a very common and under-
standable mistake. They think that
the azimuth of the locus necessarily
corresponds to the intended direction
of the sound source. It may, but it
does not have to. (As we will see
later, RM shows exact correspon-

dence, whereas UH]J does not.) To
avoid confusion, the intended direc-
tion should be marked on the locus.
A simple example will illustrate this
point.

Forget about surround sound for a
moment, and suppose that we have
plotted regular stereo on the sphere.
A source that is on only the left chan-
nel will be plotted due left on the
sphere (180 degrees). Our intuition
suggests that this represents duc left
lor center-left). But in the listening



®

Figures a, ¢ and d reprinted, with permission, from
Nature, December 13, 1974. Copyright © 1974
MacMillan. Journals Limited.

FIGURE 13a: Scheiber Sphere plots of
some representative horizontal pan-
loci: a is the Sansui QS, b is the RM, ¢
is the CBS SQ, and d is a great-circle
locus consistent with Ambisonic en-
coding. In sphere ¢, note the cusps and
left-right asymmetry due to the choice
of front-sector mapping and the limita-
tions of encoding from four pair-wise
blended channels. CF is the center
front, CB is the center back, L is full
left, R is full right, and LF is left front.
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1.0

ce
-15°

-90"

Reprinted, with permission, from Wireless World,
April 1977, p. 38.

FIGURE 13b: Scheiber Sphere plot of
two-channel UH] encoding.

room, this signal will appear at the
left speaker, which is usually about
30 degrees left of center-front, not
due left.

Let's examine the Scheiber Sphere
plots for RM, QS, SQ and UH] (Figs.
13a and 13b). One thing not im-
mediately obvious is that RM and
UH]J are kernel systems. Their sys-
tem-encoding specifications describe
exactly how each direction is to be
encoded. On the other hand, QS and

SQ are matrices, which are specified
for only the four comer positions.
The intermediate positions shown
have been computed by assuming
PWM between adjacent channels.
When Sansui says that QS is ‘‘de-
rived from’’ RM, it is true only in
that the four comer positions have
the same encoding in each system.
QS assumes, like all other matrix/
discrete systems, that signals are to

‘be pan-potted between the channels.

It should be obvious that SQ and
QS have serious problems. The worst
of these is that the encoding loci are
not smooth. As you can see, both
have distinct cusps, with SQ the
worse of the two. This means that
points that are relatively far apart in
"'real’’ space will be relatively close
together in '‘encoding’’ space. That’s
a no-no! Both SQ and QS depend on
sophisticated ‘‘logic’’ decoders for
acceptable performance. These en-
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* ST410 200/200W STEREO TRANSISTOR POWER AMP “SHELL™

#454326 DYNACO 35W OUTPUT TRANSFORMER adynaco

— THE FAMOUS Z326/A470 USED IN STEREO 70!
QUALITY UNMAICHED ELSEWHERE AT THIS PRICE ..

30120/20/20 MFD @500V Quad-Seclan Cap (for MKILIMAVISTIO) ...... $9.75
» #444090 POWER TRANSFORMER FOR ST450/300 {§5.76 UPS shipping) ..... . §66.
- » #444026 POWER TRANSFORMER FOR STA4D0/410/416 {$8.75 UPS shipping) .

ONLY the start-up

($3.50 UPS) $39.
gz .75 UPS) $29.

($5.25 UPS)

1$7.75 urs) $99.

. $49.00 ($3.25 UPS)

* Dynaco “RMA” rack mount {for all Dvnn
-Any DYNAGO Owner's Manual (ali

funess, inf.,

$6.40; 2AT7ECCE,
§cca2, sa 95; asmms

STEREO COS1
CII'I'T@ERS

DEPT. TAA P.O. BOX 531
DUBLIN, OHIO 43017

FAST REPLY #DG75

liable; POSTPAID shipp

) ... $26.
Q) ... $4.50

TUBES ALMOST IMPOSSIBLE-TO-FIND ELSEWHERE. ..
Lc LLARD —— GREAT BRIAIN): BL34/ ALSO . Tungsqram (Hungary o §
A7, $8.00; 6L6GC, $9.95; 12AX7/ 12AX7/ECCS 844
ECC83, $4.95; 12' AX7AI’72:¥5/ §11.60; 6FQ7, $4.8

299 GE:

MINIMUM SHIPPING/HANDLING CHARGE
{first 5 1bs.): $2.00.
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Curcie pan tocus
(noi energy sphere )}

Reprinted, with permission, from Wireless World,
April 1977, p. 38.

FIGURE 14: This circle shows the op-
tirmized nonsymmetric distribution of
different encoded directions within the
circle “‘pan-locus.”’ CF is center front,
RB is right back, CL is center left, and
so on. This is not a picture of the
energy sphere.

90°

2o

Low
phasiness

1BQ° o°

L L g

l.lﬂutllble
region
-120°

-90°
Speaker position

Reprinted, with permission, from Wireless World,
April 1977, p. 38.

FIGURE 15a: The quality of nmiono and
stereo reproduction shown on the
energy sphere as viewed from the right
side. The speaker position curve in-
dicates that the signal appears to come
from only one speaker in stereo.

Reprinted, with permission, from Wireless World,
Apnl 1977, p. 38. -

FIGURE 15b: Three possible choices of
the two-channel encoding system hav-
ing optimized mono and stereo
reproduction.

cading cusps make it more difficult
for the logic circuitry to determine
the intended directionality. When
UHJ decoders use logic circuitry to
reduce phasiness, this kind of prob-
lem cannot occur because UHJ has a
smooth locus.

Another problem with SQ is its
lack of symmetry. Some abstruse
mathematics in Peter Fellgett's arti-
cle ''Surround Sound '76" (Hi-Fi
Sound Annual 1976) shows that a
nonsymmetrical matrix cannot be
decoded (that is, manipulated to pro-
duce speaker-feed signals) in such a
way that all the psychoacoustic cri-
teria governing low-frequency direc-
tionality are satisfied simultaneous-
ly. Before the QS supporters start
snickering, it turns out that the side
signals in QS cannot be decoded cor-
rectly either. Although both systems
are bad, SQ is worse than QS.

Both RM and UH]J allow correct
decoding for all signals. Why doesn't
UHJ use the same encoding as RM!?
Why does the locus have that odd tilt
to it? And why are the sources spread
out all over the place? Let's look at
the last question first.

The ear and brain do a much better
job of localizing sounds to the front
than to the rear. Logic suggests we ar-
range the encoding so that frontal
sounds take up as much of the en-
cading space as possible. This en-
sures that any transmission or decod-
ing errors will have minimal effect
on the perceived positions of frontal
sounds. Of coutse, the rear sounds
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then get the worst of it, but it does
not matter because the brain does
not localize them as well anyway.
This is the philosophy of UH], where
the front half-circle of ‘‘real’’ space
gets 240 degrees of the encoding
locus. RM is fully symmetrical, with
front and back taking up equal en-
coding space (Fig. 14).

Now for the tilt. It was introduced
to improve mono and stereo compat-
ibility and to reduce the phasiness of
rear sources as heard by stereo listen-
ers. Let’s examine compatibility first
(Figs. 15a and 15b).

Compatibility problems are not
new: they arrived with stereo. The
most common is the build-up of the
center signal when a stereo recording
is played in mono. The channels add,
giving a 6dB boost to a central per-
former. Sounds not quite center are
increased proportionately less, while
sources to the far left or right get no
increase at all. The soloist becomies
unduly prominent, a problem with
all types of music. When matrix quad
came in, a new incompatibility ap-
peared. Sounds at or near center-back
wete recorded anti-phase (QS, RM,
SQ), which caused them to cancel or
be severely attcnudted in mono.
(Stereo listeners also perceive phasi-
ness and lack of localization.}

Therefore, the word went out:
thou shalt not encode center-rear
signals in matrix quad. But why
should the producer be prohibited
from placing the sounds to the rear so
that mono listeners will not miss

anything, when the raison d’etre of
surround sound is the ability to place
sounds anywhere around the
listener?

One goal of Ambisonics was to
allow any type of recording to be pro-
duced, without favoring one tech-
nique over another. This means that
a record producer should be free to
place the performers anywhere
around the listener, without losing
anything in mono or producing irri-
tating aural quirks in sterco. That's
what compatibility is all about.

Ambisonics solves the compatibil-
ity problem [as well as reducing
phasiness for rear signals) by the sim-
ple expedient of tilting the encoding
locus. To see how this works, look at
Fig. 15a. It shows the Scheiber
Sphere from the right side. The en-
coding space has been marked off to
show the degree of phasiness per-
ceived by stereo listeners. As sources
move closer to center-redr, the en-
coded signals are less and less in
phase with each other, especially for
encoding loci that are strictly on the
equator, as in RM. Sounds encoded
close to center-rear but not dead-on
approach full inversion less closely
and show correspondingly less phasi-
ness. Figure 15a reflects phasiness
caused by polarity differences, as
well as interchannel phase shift.
Notice how, as the angle of elevation
i-e., interchannel phase shift) in-
creases, the area of unacceptable
phasiness moves closer to the front of
the sphere.



Lowering and tilting the locus
gives us what we need. {See Fig. 15b
for the variety of possible center-
front phase shifts.] All rear sources
are now moved out of the positions
of unacceptable phasiness. This
comes at the expense of increased
phasiness for most frontal signals,
but, paradoxically, this is desirable!
For one thing, the extra phase shift
causes sounds encoded at the sides to
move out beyond the loudspeakers.

We also get the desired enhance-
ment of compatibility. Center-front
sounds are now 45 degrees out of
phase, limiting their mono build-up
to only 3dB. {The maximum amount
of stereo phase shift tolerable to
critical listeners is 45 degrees.) With
the shift reduced to 115 degrees or
less, center-rear signals are no longer
anti-phase, giving a maximum mono
‘attenuation of less than 2dB.

Going Around in Circles

{You will notice that the encoding
locus for UH]J is a circle. Is this opti-
mum? Yes. We have seen that a
smooth locus, free of kinks and cusps,
is desirable, and a circle meets this re-
quirement perfectly. Furthermore,
the circle should be a ‘‘great” cir-

cle—that is, its center should pass
through the center of a sphere. A great
circle has the largest possible circum-
ference of any circle that can be drawn
on a sphere, so we are assured of using
the maximum amount of encoding
space. The UH]J locus sits a bit below
center, so it is not quite a great circle.
This allows the encoding locus to
touch the locus of apparent single-
speaker sources, which is required to
ensure a good spread of sound be-
tween the speakers.

Why is a great circle optimum?
Why not use an elongated, twining
locus, like the stitching on a base-
ball? Wouldn't that use much more
of the available encoding space? Yes,
it would, but it would be worse in
other respects. Notice that walking
around the sound field is the same
thing as traversing the encoding
locus. If you follow this on your
baseball, you will see that encoding
points that are well separated along
the length of the locus are nonethe-
less relatively close together on the
surface of the sphere [i.e., close in en-
coding space). A ''serpentine’’ locus
would, therefore, defeat the reason
for enlarging the encoding space.

One other point is worth address-

ing. Some of you might be wondering
whether Ambisonics is "*holograph-
ic. (its supporters sometimes de-
scribe it as ‘'quasi-holographic’’ be-
cause its performance is so remark-
able.) An optical holograph presents
to the eye essentially the same
waveform it would receive if it were
actually looking at the object. For a
comparable sonic result, it wonld be
necessary to duplicate the sound
field over a very large listening area.
Currently, this is impossible, so Am-
bisonics takes a different tack.

As we have seen, the most impor-
tant parts of the sound field for deter-
mining directionality are the zero
and first-order components. Ambi-
sonics extracts these and presents
them to the listener in a psycho-
acoustically optimum way. This pro-
duces accurate and stable imaging
over a wide listening area. It is
holographic only in the sense that it
properly reproduces those parts of
the sound field that are required for
good localization. No other so-called
system does this.

Next time, Mr. Sommerwerck will
give construction and recording
details for the Ambisonic system.
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