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Natural 5.1 recording of orchestra elements, soloists, room acoustics, audience requires adequate stereophonic representation of
direct sound, early and late reflections, reverberation. Particular concepts are proposed to create directional clarity, spatial depth,
spatial impression, envelopment, ambient atmosphere, as well as directional stability within the sweet area. Corresponding mi-
crophone configurations, mixing methods and sgnal processing tools are offering realization of a wide range of spatia sound

design idess.

1 INTRODUCTION

The new 3/2-stereo format according to Recommendation
ITU-R BS 775-1 [1] provides an additional center channel
and two surround channels (Fig. 1), completing theleft and
right stereo channels, thereby offering enhanced quality of
the stereophonic presentation for anumber of listenerswho
are not positioned at the ideal reference point of the loud-
Speaker arrangement.

ITU-R BS 775-1

SMPTE RP 173

—

:/

Fig. 1. The 3/2-stereo format

The format is destined for universal use in the home- for au-
dio-only applications as well as for applications with accom-
panying picture (see SMPTE RP 173 [2]). It provides easy
programme exchange with film sound and - at the same time
— overcomes some of the weakness of conventional two-
channel loudspeaker stereophony when musicisreproduced.

This contribution concentrates on the goal of improving pure
music reproduction. Psychoacoustic principles are used to
determine both the possibilities and the limits of the new ste-
reo format. A brief overview isgiveninTaABLE 1 Itillustrates
that the possihilities of stereophonic imaging are limited in a
number of parameters, whilethe 3/2 stereo format enablesthe
sound engineer to exploit binaural cues more effectively than
is possible with two -channel stereo, and thus to create a new
dimension of spatial depth, spatial impression, and envelop-
ing atmosphere. The more accurately the psychoacoustic prin-
ciples are understood and taken into account from the
technical and artistic points of view, the more successful and
convincing the reproduction will be. Thisis particularly true
in all cases where optimum “naturalness’ of the stereophonic
presentation isdesired.

Tablel:

Imaging performance

2/0-Stereo 3/2-Stereo WFS Dummy-head of stereophonic systems
P—— “urround The 3/2stereo format en-
; P 0 o | +30° -30° hances the possibilities of
Horizontal direction | +30°...-30 surround effects surround (instable front) cormertiond p o -chod
Elevation not possible | constraints | constraints?| possible loudspeaker  stereophony.
However, it isaconpromise,
Near-head distance | not possible no? ossible ? ossible and it haslimits with its abil-
P P P ity to present direction and
. . . . . distance, particularly when it

s ,

Distance, depth simulated constraints? possible possible i compared to dummy -head
- . . . . . sereophony. On the other
Spatial impression | simulated possible ? possible possible hand, it is worth taking into
] ] account that technologies
Envelopment not possible | constraints? possible possible such as dummy -head stereo-
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phony do not provide much
room for creative sound de-
sign.
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Orchestra Soloists Room Audience
elements Table2: Consideration of spe-
cificimaging parametersfor
Horizontal direction 000 000 [ ) o0 naturgal go?md design
_ o o o Imaging of orchestra elements, so-
Elevation loists, room acoustics, or ambient
_ amosphere (audience) requiresthe
Near-head distance ©]0]0) application of specific phenomena
of spatial hearing, each of them
Distance, spatial depth . . . . ' . . . governaj by part|cu|ar laws and
” ' needing adequate microphone con-
Spatial impression 000 L figurations and mixing methods.
However, in the case of 3/2-stereo
Envelopment o0 o000 there are constraints regarding per-
ception of elevation and near-head
Sound colour o000 000 000 ( X J distance.

What does optimum naturalness mean? The simplest an-
swer would be: the reproduced sound image must be nearly
identical to the original sound image. This definition ap-
pears to be problemetic because identity can definitely not
be required, in principle, as a goa for optimising the
stereophonic technique. Identity may conceivably ke ap-
propriate for dummy -head stereophony or wavefield syn-
thesis(WFS, seee.g. [3], [4] ), or perhapsfor the reproduc-
tion of a speaker'svoice through loudspeakers, but itisap-
propriate only to a limited extent for the reproduction of
the sound of alarge orchestra through loudspeakers. Artis-
tic intentions of the sound engineer, aesthetic irregularities
in the orchestra, poor recording conditions in the concert
hall, aswell asthe necessity of creating asound mix "suit-
ablefor aliving room" with respect to practical constraints
(poor listening conditions, reduced dynamic, downward
compatibility) —all causeloudspeaker stereophony to devi-
ate from identity.

The desired natural stereophonic image should therefore
meet two requirements: it should be satisfying aestheticaly
and at the same time it should match the tonal and spatial
properties of the original sound. Both requirements will
undoubtedly be contradictory in many situations. However,
a more flexible stereophonic recording technique will d-
low a more successful optimisation by the sound engineer.
He should be able to apply usefully specific imaging pa-
rameters for creating a natural stereophonic image of the
orchestra, the soloists, the room acoustics, the ambient
acoustical atmosphere (TABLE 2).

It should be mentioned here that the enhanced possibilities
of the 3/2-sterero format (see TABLE 1) are based on the
supplemental surround channels. The center channel is not
intended to provide additional room for cregative sound de-
sign. As regards stereophony, the primary purpose of the
center channel is to increase directional stability (to
broaden the listening area) by using the two 30° imaging
sectors L-C and C-R instead of one 60° imaging sector L-
R, as well as to improve “clarity” and “sound colour” of
the image in the center area. Consequences regarding mi-
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crophone and recording methods are discussed in the next
chapter.

The term “surround” originates from the movie industry
whereitisused mainly to represent the acoustic environment
and directiona effects outside the picture. Surround loud-
speakers are defined in this context as well as loudspeakers
outside the frontal stereophonic imaging plane. This does not
imply that theaim isto provide afull surround imaging plane
giving unlimited directional imaging of arbitrary events. The
three basic applications of the surround channels LS and RS
are presentation of space, atmosphere, and effects, supporting
or completing the frontal stereophonic imege.

In the case of natural music recording the supplemental sur-
round channels offer improved stereophonic presentation with
regard to imaging parameters such as perception of distance
and spatial depth, spatial impression, envelopment (due to

reverberation and / or ambient non-located and non-reflected
sound, e.g. applause), seeTABLE 3. The related psychoacous-
tic principles should be understood as phenomena of spatial

hearing governed by specific laws and thus requiring suitable
types, configurations and locations of microphones, aswell as
distinct handling of delay, interchannel correlation and level

balancing of direct/ indirect sound.

Correspondingly designed natural recording methods are sug-
gested to be the adequate basis to take maximum advantage of
five stereophonic channels. In the following chapters basic
considerations are presented. They are applied to the classical
recording concept “main microphone / spot microphones /
room microphone”. However, it should be noted that the pros
and cons of this concept on the one hand and poly-
microphony on the other are not discussed here. Rather, the
psychoacoustic principles can aso be applied to poly-
microphony. Modern mixing consoles include tools for the
synthesis of arbitrary spatial creations on the same basis (see

eg.[3], [6] ).
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birect Early Environmental
sound reflections | Reverberation | non-reflected Table3:
sound Four types of 3/2-ster eophonic sound
Horizontal direction [ X J o to bed&dgned for natural music re-
cording
Elevation Adequate microphone configurations
and mixing methods are desirable in or-
Near-head distance der to apply usefully specific imaging
parameters for creating a natural stereo-
Distance, spatial depth o0 ] phonic presentation of theorchestra, the
soloists, the room acoustics, the ambient
Spatial impression o0 o0 acoustical atmosphere. Characteristics of
Envelopment PR oo direc’_[ sound, early refl_ectionsand rever-
beration related to spatial hearing can be
i | o0 | e | ee sl Sy ot e

A further principle remark is related to the aesthetical goal
“natural music recording”. As stated above, there are many
reasons causing loudspeaker stereophony to deviate from
identity. It is clear that the 3/2-stereo music production is
governed by anumber of parameters (seeFiG. 2, left Side).
In particular the artistic intention of the conductor, sound
director, producer may differ from the natural recording
ideafundamentally.

A wonderful artistic idea of sound picture may require
aversion from recording techniques offering precise direc-
tional distribution of orchestra elements, image of spatia
depth and spatial impression. Rather, for example, three

stably localisable orchestra elements may be created (“L-C-R
thrice mono stereophony”, e.g. by means of the “Decca
Tree"), completed by panned elements in the foreground of
the stage and enveloping non-localisable indirect sound, re-
sulting in a dense and “open” sound picture. This kind of
sound picture could be compared with an aquarelle, obviously
requiring other painting tools than a painting showing more
realistically objectsin the foreground and background.

Thereader of this paper should consider that natural music recor-
ding isintended here. However, this does not mean that natural
music recording is proposed asthe only aesthetical goal.

| Music event

| Fig 2:

J

Parametersof

music production

$rt|st|c Rec_:grdmg So_und-_fleld Music sound design as aresult of artistic
performance icea SN intentions (left) and application of tech-
| Seos nical tools (right). Psychoacoustic phe-

N

/{Reproduction standard|

| Conductor’s intention I\

({ Psychoacoustic laws |

nomena as well as the principle charac-
teristics of reproduction standard, micro-

|Tonmeister's intention|_>

<—{Microphone technique]

phone techniques, mixing device must be

known and exploited to create the desired

&'

| Producer’s intention IZ

Mixing tools |

product. This paper is dealing with the

| Economic situation

\IPracticaI requirementsl

technical tools, namely in case where

L

natural imaging is intended.

| Music recording

2 L-C-R STEREOPHONIC IMAGING

It is the aim to achieve imaging characteristics equivalent
to those of an optimum two -channel main microphone (Fic
3). Moreover, the stereophonic frontal reproduction is n-
tended to be superior. The first plus point is of course re-
lated to the directiond stability (enlarged listening ared) as
shown e.g. in[7]. Thisisthe primary purpose of the center
channel. The second advantage concerns sound quality. It
is found in a number of studies (e.g. [8], [9]) that the dis-
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crete threechannel system is preferable in comparison to the
two-channel system on “clarity” “sound colour” of the center

image, even when the listener sits precisely on the center line
and does not move his head. It is presumed that this prefer-
ence arises because the center loudspeaker is“easier” to listen
to and that the center phantom image principally causes some
coloration [9] and requires “ greater attention”.
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Two independent stereophonic
imaging sectors

Fig3: Twovs. threefront channels

The primary purpose of the center

channel Cisto dividethe stereophonic
R loudspeaker basis into two stereo-
* phonic “sub-areas’ [7], using the two
30° imaging sectors L-C and GR in-
stead of one 60° imaging sector L-R,
in order to increase directional stability
(to broaden the listening area) as well
as to improve “clarity” and “sound
colour” of theimagein the center area.

Fig 4:
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TrueL-C-R stereophony
vs. L-R stereophony plus C
Left side: The center channel C offers

Stitiastits

| Group L-C Group C-R |

Group L-R

=
lllJl

increased directional stability of the

]

complete L-C-R stereophonic image,
whichisdivided into two stereophonic

t0P Pogn

Left-Center-Right Pan

é@@@(@%

Left-Right-Pan Plus Center

sub-areas. Right side: The center
channel C is used for a stable center
image (e.g. soloist), in addition to the
usua two-channel stereophonic repre-
sentation of theorchestra.

Two recording techniques are principally suitable for use
with the L-C-R loudspesker arrangement, see Fig 4. First,
it is evident that the psychoacoustic principles of loud-
speaker stereophony could be applied to achieve stereo-
phonic presentations within each section of the three-
channel imaging plane, thereby offering an overall presen-
tation as similar as possible to that in the two -channel im-
aging plane but with the advantage of an enlarged listening
area. In order to preserve the imaging capabilities of con-
ventional two-loudspeaker stereo as far as possible, this
“stereophonic sub-area concept” appears to be the appro-
priate approach.

The second possibility is drawn from the well-tried mixing
techniques for film/television sound applications. In this
domain phantom sound sources are only rarely used for
important (picture-related) sources such as dialogue; it is
assigned to the centre channel. Stereophonic images are
generated across L-R without providing stable localization
between the loudspeakers. In contrast to the sub-area
gstereophony concept, the signals of adjacent loudspeakers
are barely correlated. - In practical music recording appli-
cations (e.g. orchestraplus sol ist) both techniques may be
used in combination.
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2.1 L-C-R microphone configurations adapted from
two-channel stereo

A consequent stereophonic sub-area approach for large or-
chestra situations is known from [10], see FiG 5. Two usual

two-channel main microphones are widely spaced. Each of

bothisused intheusual way to pick up theleft or right part of

theorchestra. Thedirectional shiftsof phantom sound sources
due to the attenuation in the center channel should be com-
pensated, for example by means of corresponding delay. In

practice it might be sufficient to provide a compensating ori-
entation of the two main microphones axis.

A critical point could still be foreseen in the overlapping area

of the two recording sectors. An instrument in the middle of

the stage will be picked up equally from both main micro-

phones. It is reported however in [10] that neither a decrease

of localisation focus nor coloration (comb filter effect) has

been observed. More practical experience with this method

should verify thisresult. Positive factors are:

- Thelarge distance between the two main microphones

- Noconsiderable correlation between L and R (no disturb-
ing L-R locdisation curve)

The most important aspect would be: In recording situations
where a main microphone is preferred there is no problem to
do it inthe same way asfor two -channel stereophony. Instead
of one stereophonic area there are now two. Spot micro-
phonesin theleft stage area are added to the left main micro-
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phone, and spot microphones in the right stage area are
supporting the right stereophonic image produced by the
right main microphone. The method would offer two sig-
nificant benefits:

1. Current two-channel main microphone methods and
existing experience could be applied accordingly. The
performance of two-channel main microphones is
available without compromises

2. The location and the recording angle of each two-
channel main microphone could be individualy opti-
mised according to the situation in the left and right re-
cording area.

5.1 MUSIC RECORDING

Another configuration shown in Fig 6 is based on widely
spaced microphones (“Multiple-A/B"). Five microphones are
distributed in line across the stage width, the distance between
neighbouring microphones is in the range of 2 m or more.
Two effects are intended: Firstly, the exploitation of the
precedence effect to reduce the multiple phantom sound
source problem. Secondly, the provision of a“stable” phan-
tom sound source half left between L and C and half right
between C and R.

S Fig5:
s Separ ate 2-channel main microphones[10]

i The two-channel main microphones are
widely spaced. Each of both isused to pick up
the left or right half of the orchestra in the
usual way. It is not necessary that the main
microphones are located in line, rather, they
can be positioned and adjusted individually
according to the recording situation given in
the left and right recording area. It is impor-
tant to avoid overlapping recording angles as
perfect aspossible.

Fig 6:

> Fivemicrophonesin lineand widely spaced

(“Multiple-A/B™)

R The microphones are distributed across the
stage width, providing five negligibly corre-
lated signals to produce three stable sources
plus two phantom sound sources for direc-
tional imaging. The R/D-ratio and the balance

of the orchestra elements can be controlled in
certain limits by microphone positioning. Car-
dioid microphones may be used in order to re-
duce the indirect sound energy in the front
channels.

Asaresult, five clearly localisable sources are available for
the directional representation of the orchestra. Of course
thisis again a compromise, however, there results a rather
stable and balanced stereophonicimage, combined with the
typical characteristics of widely -spaced microphones with
regard to spatial inpression.

Obvioudly this configuration can be useful only for large
orchestra situations. It is the wrong way to reduce the mi-
crophonedistances according to asmaller dimension of the
orchestra (e.g. chamber music). The“double-main” method
or widely spaced configurations could perhaps satisfy only
in alimited range of applications. For example, how to re-
cord astring quartet or asolo piano?
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At least here we need area three-channel main microphone
concept to achieve directional stability from the center loud-
speaker and — at the same time — ensure optimum stereo-
phonic quality, i.e. maximum localis ation focus and minimum
coloration dueto combing effects..

2.2 Theinterchannel crosstalk problem

An optimum three-channel L-C-R stereophonic microphone
should exploit the principle benefits of three front channels.
However, a substantial problem is the "triple phantom sound
source” (see the sketch Fig. 7). In all cases where three mi-
crophone capsules are used there are results interchannel
crosstalk.
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More or less correlated signals generate three phantom
sound sources whose direction and expansion depend on
theresulting level and time differences. It isnot possibleto
find ageometrical arrangement of the microphone capsules
which could ensure that the three phantom images are con-
gruent for any source direction. Therefore such a three-
channel microphone is in principle characterised by a de-
crease of the localisation focus and clarity, and by colora-
tion effects.

Thetriple phantom sound source and associated comb filter
effects particularly in the two-channel downmix (see e.g.

5.1 MUSIC RECORDING

[11]) should be minimised as perfect as possible. Idedly, a
source located in the | eft recording areamust not be picked up
by the right capsule, a source located in the right recording
areanot by the left capsule, and asourcelocated in the center
line neither by the left nor by the right capsule. A lthough of
course the channel separation must not exceed about 15 dB,
appropriate directional characteristics do not prevent suffi-
ciently from interfering L-C-R-crosstalk. Even hyper- or su-
per-cardioid microphones do not provide enough channel
separation in usual arrangements.

Right
recording area

........ R
&
——————p o
©
o
‘ 5 ) S

Sound £2 Lo

source -T e
S e
o

Fig7:

The“triple phantom source” problem
arising with a 3-channel stereophonic
microphone
In principle each 2-channel stereophonic
basis GL, GR, L-R produces its own
phantom sound source, and each of them
would be located at divergent places, re-
sulting more or less in a decrease of the
localisation focus and clarity, and in col-

oration effects.

2.3 Practical approaches

Inthispassage anumber of distinct practical solutionsused
in standard recording situations or proposed in the literature
are described and discussed. The configurations are de-
signed not only for frontal imaging but also to provide ad-
ditionally the indirect sound for the front channels as fron-
tal portion of the surrounding environment. This has two
consequences:

1. Narrow or widely spaced microphone configurations
are preferred. It is well-known experience that pure
coincidence microphone concepts are not able to
produce a satisfying natural spatial impression, due
to the lack of adequate interchannel temporal rela-
tions (time-of-arrival, phase, correlation, see eg.
[12], [13], [11]).

2. Cardioid or super-cardioid microphones are applied
not only to minimise interfering crosstalk but also to
attenuate the indirect lateral and rear sound and to
ensure a sufficient leeway for alocating a certain
portion of the indirect sound energy to the surround
channels LS and RS. In [48] it is stated: “An omni-
directiona microphone has been used as the main
microphone for stereo recording in recent years in
order to effectively record affluent reverberatory
components. However, if a surround microphone
were added in such a case, very strong reverberation
would berecorded, resulting in an overly emphasised
ambience in reproduction.”

AES 19™ INTERNATIONAL CONFERENCE

Cardioid microphones are applied in the triangle configura-
tion as shown in FiG 8 and proposed in [14] (“INA 3'). The
geometrical arrangement has been designed under consider-
ation of the “recording angles’ . [15], [16] of the micro-
phone pairs L-C and C-R. The intention is to provide a bal-
anced directional distribution of sources within the left re-
cording area as well as in the right recording area, resulting
together in a corresponding complete image across L-C-R.
However, as demonstrated later more detailed, the optimi-
sation regarding the attachment of adjacent recording areas
does not imply aminimisation regarding artifactsdueto inter-
channel crosstalk. Minimum impairments of localisation b-
cus, clarity, and timbre may not be achievable with this con-
figuration, because the acoustical channel separation is not
sufficient.

I The recording angle (also known as “useful acceptance ar+
gle” [52)]) indicaesthat pick-up sector of a stereophonic mi-
crophone which results in a balanced directional distribution
of sourceswithin the loudspeaker basis. The recording angles
according to the “WilliamsCurves’ [21] of usud two-
channel main microphones are for example (TABLE4):

NOS Cardioid +- 45° 30 cm 80°
RAI Cardioid +/- 50° 21 cm 90°
ORTF Cardioid +/- 55° 17 cm 95°
DIN Cardioid +- 45° 20 cm 100°
A/B Omni 0° 50 cm 100°
A/B Omni 0° 40 cm 150°
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Fig 8: Configuration “INA 3" on the basis of [15]
The triangle arrangement has been designed in line
withtheso-called “Williams -Curves’ [15] aiming op-
timum attachment of the recording areas for L-C and
C-R. In [14] the distances a and b are calculated for
cardioid capsul es dependent on the resulting recording
anglej :

j =100°: a=69cmb=126cm
j =120°: a=53cmb= 92cm
j =140°: a=4lcmb= 68cm
j =160°: a=32cmb= 49cm
j =180°: a=25cmb= 35cm

The off-center angles of the microphones are always
Yaj

L C R

4 ¥ @
l( 17.5cm >L 17.5cm—)|

Fig 9: Near-coincident configuration [17]
Three microphonesin line. The outside capsulesL, R
have a super-cardioid polar characteristic (30° off-
centre). This avoids producing a strong center phan-
tom image. The center capsule has a cardioid polar
characterigtic.

C T
1.5m

L l R
@: >

2m

Fig 10: Widely spaced omnis (“Decca-Treg’ [11])
Three omni-directional microphones are widely -
spaced in a triangle configuration. Due to the wide
spacing the configuration is not suitable for accurate
stereophonic directional imaging. It isused to produce
an open, spacious sound, combined with a solid cen-
tral image. - A similar triangle configuration is applied
in the Fukada-Tree [18], however, cardioid micro-
phonesare used.
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A near-coincident in-line configuration shown in Fig 9 pro-
vides enhanced channel separation, at least between L and R,

because super-cardioid microphones are applied here. On the
other hand, asource close at the center linewill be picked up
by both stereophonic pairs, L-C and C-R, resulting in a dou-
ble phantom sound source, one half left and one half right and
in correspondingly decreased localisation focus and clarity.

Another concern is related to the recording angle j: Com-
pared with an ORTF pair, the recording angle of each stereo-
phonic microphone pair is wider because the off-center angle
is much smaller and a more directiond polar characteridicis
used at one site. Therefore, in contrast to the triangle a-
rangement according to Fig 8, the central sector of overlap-
ping recording areas is unnecessarily vast (in the range of at
least 60°). Furthermore, a cardioid microphoneat onesiteand
a super-cardioid microphone at the other causes dight un-
symmetrical directional distribution of sources.

As mentioned earlier, it is the primary purpose of the center

channel to ensure enhanced directional stability. Moreover, it

is the aim to achieve directiona imaging characteristics
equivalent to those of an optimum two -channel main micro-
phoneat the sametime. Thusthetriangle configuration with a
certain resulting recording angle j should theoretically pro-
duce the same directional image as a two channel configura-
tion with identical recording angle;j .

For a more detailed consideration the so-called localisation
curves are useful. Fig 11 showsthe typica locdisation curve
of a usua narrow-gpaced two-channel stereophonic micro-
phone.

Recording angle j =100°,
£ 2l

R. +30 —

+20f= 1 —— To———— ——

Sound source direction W ——

Fig 11: Desirablelocalisation curve

The curve displays the directiona translation of the two
channel L-R stereophonic microphone. For example, a
sound source located 30° off-center right of the micro-
phone will be perceived approximately 20° off-center
right in the standard two-channel loudspeaker arrange-
ment, dueto the channel signal differencedelivered from
the microphone. The useful recording angle of this mi-
crophone is+ 50°. Within this sector the curve ensures a
well-balanced directional image. — The same shapeisde-
sired for three front channels. The L-C-R microphone
channels should trand ate directions accordingly, in pa-
ticular show a linear curve n the center area. If thisis
achieved in the case of L-C-R stereophony, the desirable
so called “unobtrusive center channed” will be effec-
tive.
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It is presumed here that the shape of this curve as well as
the recording angle is desirable also for a corresponding
three-channel L-C-R microphone (reference curve). Three
examples are outlined in Fig 12. Thefirst (A) corresponds
with the “INA 3" configuration (Fig 8), the second (B)

with the near-coincident microphone according to Fig 9,

and the third one (C) indicates directiona characteristicsof
the “Decca-Tree” (Fig 10). In all cases the localisation

curvesof each pair, R-C, L-C, L-R are plotted. We can see
that interchannel crosstalk can be more or less problematic.
In each configuration the curve L-Ris unwanted, aswell as
the curve L-C in the right sector and the curve R-C in the
|eft sector. However, there are individual differences with
respect to level and delay.

|< Recording angle j =100° >

R ' +30° - —r——
N 2
m ! ]

cld o

L " -30:300

Soundsource directon W =~———»

+90°

H Recording angle j =150° —— 3
R . +30° m ,,,,, T T———
’.." -
BJ fts ,’}_.RC
s i I\
T LC
20° s
L ' B - T T : - - _ )
-90f -60 -30 0 +30° +60' +90°
Sound sourcedirection W =——»
Recording sector
R ‘ +30° ik =
C et /
3
; RC |/
3 )
,
cll o — -
; 1 LC [
L . 30 =
-90° -60° -30° 0° +30° +60° +90°

Sound sourcedirection W = ——»

Fig12:

L ocalisation curves of three-channe microphones
A: INA 3,j =100° (Fig 8) Localisation curve L-R,
W=0° level -3dB, ddlay 1 ms
B: Nearcoincident (Fig 9). Localisation curve L-R,
W=0° leve -1dB, ddlay Oms
C. Decca-Tree (Fig 10). Localisation curve L-R, W
=0°: level 0dB, delay 4,5 ms

Considering the INA 3 configuration (A), the pairsL-C and
R-C provide the desired recording angle and the desired
localisation curve — however either in the left sector or in
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theright sector. Unfortunately the two other curves are diver-
gent (except for the center area). The related interference ef-
fect cannot be neglected, because channel separation is less
than 6 dB, and the delay of unwanted acoustical crosstalk isin
the range 1...2 ms. In particular, the impact of the curve L-R
is considerable, since the associated level isonly 3 dB lower

than that of the desired phantom sound source L-C or R-C.
Thedelay isup to threetimes smaller in caseswherelNA 3is
configured for broader recording angles.

Thissituation is not better for the near-coincident in-linecon-
figuration (Fig 9, 12B). Channel separation is in the range
1...8 dB, and the interchannel time differences are less than 1
ms. In the central recording sector (about +30°) the L-R curve
is as dominant as the two sub-area curves L-C and R-C. Due
to the extreme narrow spacing and the use of super-cardioids
for L and R the recording angle is very broad, which may re-
sult in a close image around the center in usual main micro-
phoneapplications.

Since many yearsanother concept hasbeen used successfully.

The well-known “Decca-Treg” (e.g. [11] ) is a triangle con-
figuration similar to Fig 8, however, omni-directional micro-
phones are applied and widely spaced (Fig 10). This has an
advantage, compared with narrow spacing: The delay of
acougtical channel crosstalk is in the range 3...5 ms, and the
precedence effect is effective: Thus the interfering acoustical

crosstalk does not essentially affect the localisation of phan-
tom sound sources.

On the other hand, the disadvantages of widely spaced (A/B)
microphones with respect to directional imaging are well-
known. There is no suitable localisation curve which could
ensure a balanced distribution of sources between the loud-
speakers. In Fig 12C we must not consider the curve L-R,
because the L-R information arrives 3..5 ms later and is
thereforeirrelevant regarding localisation. Only the curvesL-
C and RC are relevant with respect to localisation. They
demonstrate that the precedence effect is effective, and that
therefore all sources in the recording sector +45° are repio-
duced in the center or very closeto it. This center effect may
be the reason of reports that the center is disturbing without
level reduction. Sources outside the sector +60° are repro-
ducedinL or R

The center microphone in this configuration is certainly an
improvement of widely spaced (A/B) microphones, since the
“hole in the middle” is filled with solid and clean center in-
formation. The spacing provides sufficient time information
to produce a dense and “open” sound picture. Comb filter ef-
fects, which could arise during two-channel reproduction
when the center signal is mixed into L and R, are suppressed
because of the spatial separation of L, C and R during repro-
duction.

As mentioned earlier, in most 3/2-stereo recording situations
it is advantageous to use uni-directional microphones to e-
duce the energy of indirect sound and to provide headroom

for allocating theindirect sound energy to the surround chan-
nels. For this reason it seems to be useful here to replace the
omnis of the Decca Tree by cardioids, each of them facing the
front (off -center angles=0°). Thisdoes not changethedirec-
tional characteristics of the tree, but theindirect sound level is
theoretically 4,8 dB lower (hyper-cardioid: 5,7 dB). A similar
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cardioid triangle configuration is applied in the FRukada-
Treereported in [18].

In some situations it may be suitable to move the micro-
phone towards the soundstage in order to control the R/D-
ratio for the front channels by listening - not only to the
complete 3/2-stereo mix inclusive surrounds but also to the
two-channel down-mix. By placing the microphones high
above the front of the soundstage, the differential distance
between them and the front and back of the stage will be
minimised. This helps reduce acoustical imbalance ke-
tween the nearer and more distant elements of the orches-
tra. - It is possible for any widely -spaced configuration,
since stereophonic directional imaging according to local-
isation curves doesnot happen anyway .

When we look at the L-C-R microphone concepts dis-
cussed above, it appears that none of them works com-
pletely sufficient with respect to the resulting localisation
curve, sound coloration, and localisation focus. It is neces-
sary to reduce the interchannel crosstalk as much as possi-
ble. A corresponding approach is called “Optimized Card -
oid Triangle” (OCT), which has been introduced recently
in[19].

/
! /
—W., /
c /
e/
L n S R
\ !
: : .
Fig 13:

OCT - an optimized triangle configuration
The microphone characteristics of capsules L and R
ae super-cardioids. They are faced sidewards (90°
off-center), in order to ensure maximum channel sepa-
ration. Preferably thefreefield equalisation of cgpsules
L and R is based on W = 30°, and the center micro-
phoneisacardioid.
Distance b depends on the recording anglej (see Fig
15). Distance h=8 cm. - If cardioids are used instead
of super-cardioids, itish =12 cm.

5.1 MUSIC RECORDING

2.4 Optimized Cardiod Triangle (OCT)

Can the center channdl increase directiona stability without
decreasing the stereophonic quality? There are a number of
psychoacoustic principles and basic requirements to be con-
sidered carefully if we try to optimise the main microphone
configurations shown inFiGs. 8,9, 10. The approach proposed
here is basically a conventional narrow-spaced three channel
microphone configuration. It is not based on the application
of microphone array technology, because further research and
development is necessary to achieve suitable directional char-
acteristics, satisfying freefield and diffusefield frequency
response, and optimum audio signal quality at the sametime.

The principle configuration is shown inFiG 13. It isoptimised
regarding the interchannel crosstalk and regarding the result-
ing recording angle. The crosstalk problem isreduced satisfy -
ingly by applying supercardioid microphones for L and R

and facing them towards the sides (90° off-center). Of course
these capsules are used quite unfavourable with respect to the
frequency response, however, thisdrawback can be overcome
by using capsules with minimum diameter and by equalising
the freefield response of L and R for about 60° instead of 0°

microphone axis. The center microphoneisacardioid.

In the case of frontal sound directions (w» 0°) the following
interchannel level differencesDL result:

W L C R Dt
0° -9dB 0dB -9dB | 024 ms

The level differences DL are based on the directivity pattern
of unidirectional microphones (see TABLE 5):

The time differencesDt between L and C or R and C are cal-
culated according to the geometrical dimensions. The equa-
tionis:

Dt = [ \/ h2 + (i12b)2 " - cos (90° — We arctan zb_h)] -O,O3rcn_ns1

The determination of distance b depends on the desired e-
cording anglej . Distance h determinesthetime differenceDt.
In the casew» 0° it ish = 8 cm, which impliest = 0,24 ms.

Asaresult we get thelevel differenceDL =9 dB and thetime
differences It = 0,24 ms between L and C or R and C, both

shifting the phantom sound source into the center (about 10°

due to DL and additionally about 5° dueto D).

Table5: Directivity pattern of unidirectional microphones

Direction (rel. to mico axis) 0° 15° 30° 45°

60° 75° 90° [ 105° [ 120° | 135° | 150° | 180°

Cardioid [dB] 0 -0,3 -1 -2 -3 -4 -6 -8 -11 -15 | <-18| <-18
Super-Cardioid [dB] 0 -0,3 -1 -2 -3,5 -5 -9 -14 [ <-18( <-18 [ <-18( -11
Hyper-Cardioid [dB] 0 -0,3 -1 -2 -4 -7 -12 | <-18 | <-18| -12 -9 -6
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= o
S + 30
o
(4]
= +20°
©
()
=
g +10°
g ¢
c 0
= +6
= [dB]
Interchannel level difference DL ——— p
Two-channel stereo Three-channel stereo
LoudspeakersL - R LoudspeakersL-C-R
Stereo base angle Y =60° Each stereo base angle Y = 30°
Intensity shift factorZ ; =7,5% /dB =2,2°/dB DJi =1,1°/dB
Time shift factor Zy =15% /0,1 ms D), =4,4°/0,1ms D), =2,2°/0,1ms

Effectof intensity plus time shift

DJ g= DJ; + DJ;

DJ; , DJ;: Shift angle of the phantom source due to the interchannel level or time difference
Left Middle Right _ 0
Shift factor Z = Z; =75%/dB
3 T 3 T T T T T Zt =15% /0,1 ms
100 % 0 100 %

FiG.14: Intensity and time shift factor

S-CARD. — CARD. — S-CARD. CARD. — CARD. — CARD. S-CARD. — OMNI— S-CARD.
h=8cm / b=70cm h=12cm / b=70cm h=8cm / b=80cm
Perceived Perceived Perceived
Source angle W Crosstalk 2L Crosstalk 2L Crosstalk >L
angle J angle J angle J
+90° -11 dB (130°) <-18 dB (30°) -11 dB (30°)
+ 60° <-18 dB 30° <-18 dB 29° <-18 dB 29°
+ 45° <-18 dB 25° -15 dB 24° <-18 dB 25°
+ 30° <-18 dB 18° -11 dB 16° <-18 dB 18°
+ 15° -14 dB 9° -8 dB 8° -14 dB 9°
0° -9 dB 0° -5dB 0° -9.dB 0°

TABLE 6: Imaging characteristics of three OCT configurations (right sector)

It has been shown in former papers[7], [20] that the phan-
tom sound source perceived in the middle between two
loudspeakers can be shifted in certain limits according to
the rules as presented in AG. 14. There are two important
facts. Firstly, if the phantom sound sourceis shifted dueto
DL and additionally due to Dt (same direction) the resulting
shift is approximately the sum of both single shifts, itis

J(DL,Dt) =J(DL) +J (Dt).

Secondly, the phantom sound source shift for a certain in-
terchannel level and/or time difference has a constant rela-
tion in the loudspeaker basis. For example, if te inter-
channel level differenceis 6 dB, the shiftis45 %, or DJ ;
= 13,2° in the conventional 60° loudspeaker arrangement.
A decrease of the stereo base anglefromY = 60°to Y =

AES 19™ INTERNATIONAL CONFERENCE

30° will correspondingly halve the shift: itisDJ ; = 6,6°. (By
the way, the “constant relative shift phenomenon” of the
phantom sound source is contradictory to summing locdisa-
tion theories, however, it is explained by the Association
Model, seefor example[7], [20]).

We understand now the principle function: If a stereo base
angleY =60° isdivided into halves, the sameis necessary for
the recording angle, and the capsule distance of the narrow
spaced microphone has to be increased accordingly. In other
words: compared with a two-channel narrow spaced micro-
phone, the distance between capsules L and R is about four
times larger when a center capsule C isintroduced between L
and R, and when the same recording angle and similar per-
ception of time cues (spatial information, “open” sound pic-
ture) isdesired.

10



Recording angle j

THEILE

Based on this knowledge, the perceived source anglesJ as
well as the interchannel crosstalk has been calculated, see
Table 6. It is assumed here that the source is located right
side (according to Fig 13). In this case no sound should be
picked up from the left microphone. We can see that the
crosstalk situation is acceptable in the case of the super-
cardioid configuration. However, when cardioids are ap-
plied for L and R instead of super-cardioidsthe crosstalk is
not neglectable. With this respect the cardioid configura-
tion has drawbacks. As regards the directional transetion
(perceived angle J) the three configurations demonstrate
similar characteristics. The recording angle is approx-
mately j = 105° - 110°. As regards the imaging quality
(colouration, focus) there are differences.

Calculation tool “Image Assistant”

In[21] listening tests have shown that the calculation basis
used above is valid. The psycho-acoustic laws for latera

phantom sound source shiftsJ (DL, Dt) shown in Fic. 14
have been confirmed for the two-channel loudspeaker ar-
rangement (L-R imaging sector 60°) aswell asfor the L-C-
R arrangement (imaging sectors 30°), for details see [22].

On this basis a calculation tool (“Image Assistant") has
been developed [23].

It offers the calculation of localisation curves (and corre-
sponding recording angle), interchannel level und time dif-
ferences, overall sound level, for any two-channel or three-
channel microphone configuration, including omni, cardi-
oid, super cardioid, broad cardioid, figure of eight charac-
terigtics. For example, the recording angle as a function of
distance b (h =8 cm) is determined in thisway and plotted
inFiG 15.

5.1 MUSIC RECORDING

Adjustment of therecording angle

FiG 16 illustrates an example for redisation. Variable length
of the crossheam between L and R seems to be beneficia,

because the recording angle j can easily be adapted to t
actual recording situation.. This offers more flexibility in

he
di-

rectional balancing (for exampleto modify thedistribution of

orchestraelementsto acertain degree).

—

I I I
C
140° L 8cm R
N 2 3
b
120°
‘\
100° NS
40 50 60 70 80 90 cm
—> Db

Fig. 15. OCT recordingangle
asafunction of distanceb of thecapsulesL and R.
L,R:  Super-cardioid
C: Cardioid
In practical situations the recording angle adjusiment
can be important in order to get freedom of micro-
phone location and resulting direct / indirect sound-
balance aswell as sound colour.
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40cm ® Y,j =50° | 30cm ® Y, j =60°
|
Fig 16:
Individual adjustment of the recording angle
for each side

The distance between L and C or R and C can be al-
justed individually according to the desired recording
angle for the left and for the right part of the soundstage.
Remote control from the control room is desirable and
would befeasible.

OCT low frequency response

A further optimisation is related to the bass response of the
main microphone. It is well-known that the cardioids (in par-

ticular super- or hyper-cardioids) principaly have more
less bassweakness (see e.g. [24] ).

or

C,
A L T
LeaskE sk
C, C,
: 5
L1 -_ _- Rl
Co
e L o— T —@R

Fig17: Alternative OCT configurations
for improved bass response

L1 and R1: S-Cardioid 100 Hz highpassfiltered
L2and R2: Omni, 100 Hz lowpass filtered

LandR: S-Cadioid

C1: Cardioid, 100 Hz highpassfiltered

C2: Omni, 100 Hz lowpass filtered

CO: Omni

Configuration B The bass information C2 can alter-
natively beaddedto L1 and R1

Configuration C: Thisis a smple OCT low cost ver-
sion, seealso Table 6, right column.

11
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A main microphone based on sound pressure capsules
(spaced omnis, sphere microphone) is superior with this
respect. For this reason it is proposed to combine this ad-
vantage of pressure capsules and of the super-cardioid cap-
sules. It seemsto be attractive to devel op a suitable hybrid
(two-way) microphone (known as “Double Transducer
Microphone”), offering pure omni characteristics below
100 Hz and super-cardioid characteristics above 100 Hz
(see also [25] ). Applied to OCT according to Fig 17A or
Fig 17B, above 100 Hz there results directional imaging
performance as described above. Configuration Fig 17A:
Below 100 Hz the center microphone C does not contrib-
ute, which means that here the characteristics of a usual
narrow spaced AB microphone are effective. Configuration
Fig 17B / 17C: Below 100 Hz the center microphone C
contributes.

Practical tests

It appears to be possible to achieve directiona stability
from the additional center channel and— at the sametime—
ensure optimum stereophonic quality in terms of direc-
tional trandation, locdisation focus, clarity, and last not
least sound colour and bassresponse. The OCT systemisa
design initialy based on theoretical and psychoacoustic
principles. Recently a number of sets are available [26],

and sound engineers have got the possibility to test themin
practical situations. In a recent study three-channel L-C-R
stereo microphone systems for the front channels have
been investigated in theory and practice, particularly OCT
and INA3. Careful listening tests were performed to exam-
ine location, extension, and character of the perceived

phantom sound sources. Special interest was related to the
resulting characteristics of the frontal stereophonic image,
in comparison with the result from a corresponding two -
channel stereo microphone: Results can be found in [21]

and [22].

3 THREE-DIMENSIONAL SPATIAL IMAGING

The term “spatial imaging” includes both, imaging of spa-
tial impression as well as imaging of spatial depth. In the
concert hall the major cues for perception of depth or dis-
tancearedelay and level (in relation to the direct sound) of
early and late reflections (reflection pattern), and of rever-
beration. There is only some distance information in the
direct sound — namely the relative loudness of different
musical sections, and the possible presence of some high
frequency rolloff due to air absorption. In a recording the
directional cuesin the direct sound have even less weight
than in natural hearing [27]. So imaging of spatial depth is
related to the design of indirect sound rather than direct
sound. On the other hand, direct sound provides the rele-
vant localization cueswith respect to direction.

AES 19™ INTERNATIONAL CONFERENCE
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Fig 18:

Simulation of spatial depth
The distance of this picture can be compared with the
distance of stereo loudspeakers. The visual perspective,
whichissimulated by applying phenomenaof spatia v i-
sion, can be compared to the stereophonic perspective,
which can be simulated by applying corresponding phe-
nomenaof spatial hearing. The dominant cueisapattern
of early reflectionsin the region 15...50 ms, see nextFig
19.

In conventional two-channel loudspeaker stereophony, the
impression of space necessarily has to be provided exclu-
svely asatwo-dimensional spatial perspective created by the
two front loudspeakers. This can be optimised by applying
phenomena of spatial hearing, for example introducing the
natural pattern of reflections into the stereophonic signal,

however, the principle result is a “perspective picture in the
simulation plan€e” between the loudspeakers[12]. Itiscompa
rable with spatial visua imaging (Fic 18).: The distance of
the picture corresponds to the distance of the stereophonic
imaging plane. Inthe picture, av isual perspectiveissimulated
by applying phenomena. of spatial vision. In both cases the
simulation of perspective has the effect of creating a natural

two-dimensional image of athree-dimensional space

In the case of the 3/2-stereo format, the listener's acoustic en-
vironment can be tailored by the use of additiona surround
loudspeskers. The reproduction of early latera reflections (in
the region 15 ms —50 ms) leads to a realistic perception of
distanceand spatial depth, seeFG 20.

It was found earlier in the context of the so-called room-
related balancing technique [12], [28] that the presentation of

distances in the simulation plane is successful even if only

oneleft and right lateral reflection can be imitated. However a
reflection pattern of about ten or twenty early reflections
mainly laterally distributed are advantageous, also to avoid

colouration effects due to combing. It is reported in [29] that
early reflections that do not come from the same direction of

the sound source can create aperception of distance and depth
without affecting theintelligibility or clarity of the sound, and
without added muddiness.

12
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Spatial depth Envelopment
Direction Spaciousness Reverberance

Spatial impression

1 s

Oms 15ms 50ms —— t

Fig 19:
Generation of spatial attributeswith reflected sound
The dominant cue to create distance, spatial depth and spaciousness is the natural pattern of early
reflections in the region 15...50 ms. In addition with reverberation the spatial impression can be
perceived. Furthermore, reverberation can generate perception of reverberance and envelopment.

A B
2/0-Stereo 3/2-Stereo

FiG 20: Spatial distribution of reflection pattern
The change from two-cannel stereophony to 3/2-multicannel stereophony impliesthe changefroma
simulated to areal impression of space. If the lateral reflection pattern is delivered with the helpof
additional surround loudspeakers and actualy arrives at the listener from lateral directions, the
stereophonic quality can beimproved dramatically. It isworth to point out that the lateral distribu-
tion of reflections allows perception of distance. When we switch from 2/0stereo to 3/2-stereo we
get the realistic impression of a distant source behind the front loudspeakers. The surround sound
LSand RSwill neither be perceived aslateral or surround sound nor as envelopment. In thisappli-
cation the additional surround speakers do not enlarge the scope of artistic intentions, rather they
improve the quality of the stereophonic image in the front by creating depth —an old wish in two-
channel stereophony!- However, in combination with reverberant sound, reflected surround sound

can create additionally perception of spatial impression, envelopment and reverberance.
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Moreover, in combination with reverberation, a largely natu-
rd, real spatial impression /2 can be produced by reproduc-
ing reflections and reverberation through loudspeakers out-
sidethefrontal stereophonicimaging area, notably to the side
of, and behind, the listening area. The stereophonic quality
changesfrom asimulated to areal impression of spatial depth
if the lateral reflections are delivered by surround loudspeak-
ersand actually arrive at the listener from lateral directions. -
Experimental resultsreported in [30] show that the amount of
spatial impression depends on the angle of sound incidence of
lateral reflection. The results are of practical importance be-
cause they demonstrate that reflections from the side are the
most effective way of achieving spaciousness. In contrast,

early reflectionsin the mediaplane are disadvantageous.

It is an interesting phenomenon that the natural spatial im-
pression can be achieved with loudspeakers located exclu-
sively in the horizontal plane. There are two reasons. Firgtly,
reflected diffuse sound energy in the listening room (suitable
directivity of surround loudspeakers as well as appropriately
reflecting walls and ceilings) has an enveloping effect. Sec-
ondly, the upper hemisphere is subjectively involved, due to
our spatial hearing experience (“auditory association”, see
[20] ), and to the precedence effect [31]. The term “three-
dimensiona space imaging” reflects this fact and is justified
for this reason. On the other hand it is clear that additional
channels above the listeners can improve the quality of e-
produced three-dimensional spatial sound (seee.g. [32], [33],
[34], [35)]).

> The spontaneously perceived auditory spatial impression
which is caused by the actua or reproduced indirect sound of a
room comprises two attributes of the auditory event. The first
is “reverberance’ described in [3] as a tempora slurring of
auditory events caused by late reflections and reverberation.
According to [5] reverberance can be understood as the pea-
ception of a “background sound stream” which is primarily
perceived in the time gaps between “foreground sound events’.
Only in the case of continuous foreground sound streams the
image is broadened by the reflected (spatially diffuse) sound.
The second is “auditory spaciousness’, which denotes a cha-
acteristic spatial spreading of the auditory events [3], caused
by the early lateral sound which reaches the listener’s ears
from lateral diretions about 15 to 50 ms after the direct sound.
The effect of spatial spreading of auditory events dueto lateral
reflections depends on their risetime [5]. If the events have a
short rise-time compared to the arrival of major laterd reflec-
tions they will be perceived as sharply localised. If the rise-
time is sow the images will be broadened.

The early lateral sound induces an interaural decorrelation of
the two ear input signals of aform which is specific to the pa-
ticular room, and hence a particular auditory spaciousness. The
dependence of spaciousness on delay time, level, angle of inci-
dence, and spectrum of the early lateral refledtions has been
investigated (see e.g. [4], [5]). Theratio of lateral reflected en-
ergy to the energy of the direct sound as well as the delay of
reflected energy has been found to be relevant cues [5]. Also,
the overal level of the direct sound and of the reflections has
been found to be of central importance [4]. In other studiesitis
suggested that it is the pattern of hall reflections themslf
which causes listener preference, rather than the resulting low
level of interaural correldion.
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3.1 Lateral stereophonic sound

Three dimensional spatial imaging and envelopment requires
lateral sound. It has been shown abovethat theindirect lateral
reflection pattern has a certain psychoacoustic function. Fur-
thermore, reproduction of enveloping reverberation aswell as
the stereophonic representation of environmentd (non-
reflected) sound (enveloping atmo, applause) are special gp-
plications of the lateral stereophonic imaging areas L-LSand
R-RS (seeF G 21).

¥

L R
LS Spata mpresson RS
) ]

Spatial depth
Spaciousness

Fig21: Useof thelateral stereophonicareas
for spatial imaging
The stereophonic representation of L-LS and RRSis
aiming to create important spatial sensations, according
to Fic 19 and FiG.20.

It isnot evident that the stereophonic lateral areas can suitably
be applied for this purpose, since the loudspeaker arrange-
ment [1] isnot intended for lateral placement of stable sources
and for presentation of completely surrounding and localis-
able auditory events. It iswell-known intheory [20] and from
a number of experiments (e.g. [36], [37], [38], [53]) that lat-
eral phantom sound sources are extremely unstable and sensi-
tive regarding signal spectrum and listener’s location. Corre-
sponding test results are shown inF G 22.

We can see that the perceived directions of phantom sound

sources in the frontal loudspeaker basis GL are much more
resistant against deviations of the seat location from the sweet
spot. In contrast, the stability of lateral phantom sound sources
(loudspesker basis L-LS) is rather poor even when the listener
is seating withinthe so called “ sweet ared”, which isthelisten-
ing area where the stereophonic quality of the surround sound
recording should be sufficiently stable, see AG 23. It is sug-
gested to be one principle requirement that sufficient stereo-
phonic quality inside the sweet area is ensured. This is not

achievable if the mix contains important auditory elements to
belocalized on basisof lateral phantom sound sources.

Fortunately, in the case of threedimensional spatial imaging,
directional stability of lateral phantom sound sourcesisnot an
indispensable requirement. It can easily be shown that the

quality of the stereophonic presentation in terms of spatial

depth, spaciousness, spatial impression, and envelopment is
surprisingly resistant against deviations of the seat location
from the sweet spot. This phenomenon has not yet been in-
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vestigated carefully. It seemsto depend on the characteristics
of thereproduced indirect sound.

Ls [l 110° L
70° X
3
L 0] 30 T e
—— Fig 22:
cll o T = Per ception of lateral phantom
sound sourcesdueto level pan-
LS . 110° ning [39]
Perceived directions are plotted as
70° afunction of interchannel level dif-
=" 2 ference in channels C-L and L-LS.
ol N | Subjects were seated at the sweet
L | s . spot (plot 1), one seat | eft hand be-
P side the sweet spot (plot 2), and
cl o —7 one seat in front of the sweet spot
R (plot 3. Standard 5.1 loudspeaker
LS . 110 WO arrangement [1] in the studio, loud-
w speaker distance 2,5 m. For details
70° e see[38].
I - 1
- ‘il
L I 3o =
cl o —=—-"
¥ & 0 6 ¥ 8 4 0 -4 -8 ¥ pLdB]

Panning area (C-L) Panning area (L-LS)

It is common experience and no surprise, for example, that

= fully decorrelated signals (interchannel incoherence factor k

[ = 0) /® feeding two loudspeakers will generate extremely

’ C * stable images, because phantom sound sources obviously
L R do not contribute. If these decorrelated signals have a dif-

ferent “Gestalt” [20] we will perceive two separated audi-
tory events, for example the first is L, the other is LS. If
however the loudspeakers are reproducing decorrelated re-
verberation, the two sources are fusing more or less, result-
ing in a broad auditory “cloud” between the loudspeakers.
This “stereophonic” image is very stable, but correspond-
ingly it contains no spatial information.
RS

Ty

weet area

The situation does not change, of course, if the four speak-
ersL, LS, RS, Rareused instead of two to reproduce decor-
related reverberation. The result is enveloping reverberance,

L‘S/

/3 The degree of coherence is usualy identica with the
maximum absolute value of the normalized cross-
correlation function (see [3] and also [42]). “Interchannel

Fig23 Sweet area
It is assumed that the “normal” home sweet areais

approximately a 1,5 m square. Inside this area the
stereophonic quality of the surround sound re-
cording should besufficiently stable.
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coherence” is a particularly relevant measure for inter-
channel and interaural relationship in spatial hearing. The
term “correlation” used in audio practice is not really
specified. For example, if we delay one channel of a
stereophonic pair of signals, thiswill not change the phys-
cal correlation, rather, the peaks of the normalized cross-
correlation function have a corresponding distance. If this
distance exceeds a certain limit, stereophonic non-
impulsive signals are perceived as “decorrelaed”.

15



giving the feeling to be included in the acoustic event,
however, producing no spatial impression (see aso
Chapter 3.3, Fic. 32). 100% interchannel incoherence
of front sgnals and rear signals implies that the lateral
stereophonic areas are not exploited for reproduction of
reflection patterns. Each latera reflection principaly
contributeswith acertain portion of coherent sound.

It is clear that the lateral stereophonic signals must con-
tain spatial information. Reproduction of natura reflec-
tion patterns in the lateral imaging areas L-LS and R-RS
is even much more important than in the frontal or rear
area. Sincetheindirect sound does not change directions
of auditory events, the principle weakness of lateral
stereophonic presentation as described above is kept less
annoying if asuccession of reflectionsis reproduced.

If the interchannel time difference between channels L-
LS or R-RSbhecomestoo large dueto deviationsfrom the
sweet spot inside the sweet area, there could till remain
a perceptible interchannel relationship giving spatial in-
formation. However, anumber of questionsremain to be
answered here.

Obviously additional lateral channels between L-LS and
R-RS could improve the performance. A practical solu-
tion could perhaps be the layout shown inFiG. 24, which
is aso according to Recommendation ITU-R BS 775-1
[1], see also [7]. The optional loudspeakers LL and RR
are fed with supporting information generated from L-LS
and R-RS by means of suitable 2 > 3 upwards conver-
sion processing, resulting in an enlarged sweet area and
morefreedom of creative sound design.

LL RR

S
@

Sweet arec

LS RS

Fig 24:
Optional speaker arrangement
accordingto ITU-R 775

Optional channels LL and RR are applied offering
improved stereophonic quality of lateral indirect
sound inside an enlarged sweet area. - Interesting
imaging areas are L-LL and R-RR, for example, to
extend the orchestrawidth and/or to bridge thefron-
tal and lateral image.
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3.2 Surround sound main microphones

The term “main microphone” is often used in divergent
ways, and theweight of characteristic attributes may be dif-
ferent in conventional two-channel or five-channel applica-
tions. In principle, the main microphone should combine
two basic psychoacoustic functions:

Directional imaging:
Picking up the prime sound of asource or group
of sources which forms the “first wave front”
[31] during reproduction (direct sound).

Spatial imaging:
Picking up natural reflections and reverberation
(indirect sound).

Realisation of both functions with one stereo (main) micro-
phone appears to be advantageous in the case of conven-
tiona two-channel stereophony, provided that suitable ie-
cording conditions are given and the correct microphone
location is found to ensure the adequate directional image
aswell asthe adequate balance of direct and indirect sound
(R/D ratio [39] ). For example, under these conditions the
so-called sphere microphone [12] has been proven to offer
optimum presentation of direction, depth and spatia per-
spectivein the simulation plane between the loudspeakers.

However, in the case of 3/2-stereophony, the psychoacous-
tic parameters are not identical. We must consider frontal

directional imaging by means of the three loudspeskersL,
C, R, forming the two stereophonic sub-areas [7] L-C and
C-R, and thus requiring a suitable three-channel pick-up of
the frontal direct sound. At the same time we must consider
that about 50% of the indirect sound energy should be allo-
cated to the surround channels LSand RS, and thus an ade-
quate polar pattern of the microphones is required enabling
asufficient separation of direct and indirect sound.

The realisation and even the application of a multichanne
main microphone appears to be particularly difficult. The
microphone has to pick up the direct sound, early reflec-
tions, reverberation, and possibly enveloping sources (e.g.
applause), and to deliver the complete fivechannel mix
which must satisfy with respect to many parameters, such as
sound colour, directional imaging, spatial imaging, and en-
velopment (see again TABLE 2 and 3). The parameters are
governed by psychoacoustic principles and practical con-
straints leaving not much room to get everything well.

It is dways provided here of course that suitable recording
conditions for main microphone applications are given.
However, the scope of applications is suggested to be even
more limited in the case of 3/2stereo than in the case of
two-channel stereo. It is suggested that a 3/2-stereo main
microphone will be preferred for a small ensemble or a so-
loist, e.g. piano concert.

Initially three solutions are discussed below which are
based on the L-C-R configurations presented in Chapter
2.3. Further interesting approaches are introduced for ex-
amplein[17], [40], [41].
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INAS

The first example shows Fig 25. The 3/2-version of the
“INA”" concept is configured in order to provide a e-
cording angle of j = 360°, to cover the complete sur-
round recording area.

C
25cm 25cm
L 35cm R
53cm 53cm

LS / 60cm k RS

Fig 25: Configuration “INA 5" [14]

The L-CR triangle arrangement “INA 3’ (see Fig.
8, recording angle j = 180°) is supplemented by
the surround microphones LS and RS. The dis-
tances are calculated again according to [15], aim-
ing optimum attachment of three additiona re-
cording areas (l€ft, right, intherear), each covering
the recording anglej = 60°.

The microphone distances are cal culated again according
to [15], aiming an attachment of five recording sub-areas:

Sub-area Recording sector
L-C -90° -0°
C-R 0° - +90
R -RS +90° - +150°
RS -LS +150° - -150°

However, there are anumber of concerns. Asregardsthe
psychoacoustic view we must consider principle charac-
teristics of phantom sound sources. It has been shown in
Chapter 3.1 already that lateral phantom sound sources
are extremely unstable and sensitive regarding signal

spectrum and listener’s location. The intensity and time
shift factors measurable for phantom sources in front or
behind the listener (see Fig. 14) and accordingly the
“Williams Curves’ [15] are not applicable here (see
Chapter 3.1, Fig. 28). With the exception of moving
source effects directional imaging of localizable latera

sources is not possible and correspondingly not an in-
tended application of the 3/2-stereo format. For this rea-
son the determination of the microphone distances (53
cm — 60 cm — 53 cm) on this single basis is not reason-
able.
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Another aspect isrelated to the recording sector in the front,
covered by the triangle arrangement L-C-R. Besides the
interchannel crosstalk problem discussed in detail already in
Chapter 2.2, there is an additiona problem regarding the
recording angle. The microphone distances L-C and RC
aresmall in order to get therecording anglej =180°. This
choice may be correct with respect to the intended 360° sur-
round imaging, however, it is abnormal and not useful for
main microphone applications. Particularly in this case,
where the surround mricrophones have similar distance to
the orchestra, there arises a conflict: Due to the broad front
recording angle INA 5must be located very close at the or-
chestra, maybe above the conductor’s head, in order to en-
sure the adequate distribution of instruments across L-C-R.
Obviously this location is unsuitable for the surround rri-
crophonesL Sand RS. On the other hand, if INA 5islocated
optimally with respect to the surrounds, the orchestra will
be perceived more or less concentrated around the center
loudspeaker (“ center effect”).

Obviously a flexible and independent control of the e-
cording angle at the one hand and direct / indirect sound
level balance on the other is desirable. Thisis not possible
with fixed 3/2 stereo main microphone configurations.
Naturd music recording should aim to create a convincing
spatial perspective and therefore requires careful design of
the R/D-ratio, as well as the corresponding layout of the
direct sound. In the case of INA 5 the wide recording angle
j =180° limits considerably the possibilities of microphone
placement and the optimisation of indirect sound and direct
sound at the sametime.

Therefore the 3/2-stereo main microphone should provide a
suitable compromise: It is suggested to provide a relatively
narrow recording angle § = 90°...100°) in order to alow

the microphone placement in the area of “critical distance”

(see next chapter, Fig. 29) in the majority of recording

situations. Adjustments of the configuration (directional
pattern of capsules, geometrical dimensions) should be pos-
sible to enable both, optimisation of directional image and
of R/D-ratio.

Fukada-Tree

An interesting 3/2-stereo main microphone approach is the
“Fukada-Tree” [18] (Fig 26). The soundstage imaging tri-
angle L-C-R is amodified version of the Decca Tree, (see
Fig 10), where the omnis are replaced by cardioids to re-
duce the energy of indirect sound in the front channels. The
imaging characteristics of widely spaced front channels are
already discussed in Chapter 2.3. Because of the wide mi-
crophone spacing a recording angle does not exist. Due to
the precedence effect al sources in the recording sector

around +45° are reproduced in the center or very closetoit.
Sources outside the sector +70° are reproduced in or close
to loudspeakers L or R. The widely spacedtriangle configu-
rationsare not suitablefor accurate stereophonic directional

imaging. Rather, they are used to produce an open, spacious
sound, and due to the center microphone, to maintain asolid
central image [11]. They are usually placed a few meters
above and behind the conductor, and the distance adjust-
ment is done “without rules’, just by listening to the results
[42].
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Fig. 26: “Fukada-Treg’ [18]

The triangle configuration is a modified “Decca
Tree”, The MicrophonesL, C, R, RS, LS are car-
dioids. Supplementing omni-directional flanking
microphones on the sides (LL, RR) are used “to
present a sense of the orchestra width and to
smooth the sound connection between the front
and the rear” [18]. Spatial imaging is realised by
means of the 1,8 m spaced squareL, R, RS, LS. -
It is aso stated in [18]: “The configuration of the
tree can vary depending on the hall’s acoustic
characteristics, while the microphone intervals
may be changed conforming to the orchestra’s
sizeand formation.”

Proposed OCT-Surround

As stated above there are more than two parametersto be
considered in the optimisation process. frontal direct

sound, early lateral reflections, reverberation, and possi-
bly the audience in the hall (see dso Table 3). How can
we control the level balance of latera reflections and re-
verberation without affecting the direct sound? How can
we control the R/D-ratio in the front channels on the one
hand and in the surround channels LS and RS on the
other hand?

Assuming that suitable recording conditions are given
and the correct microphone location is found to ensure
the adequate directional image as well as the adequate
balance of direct and indirect sound, we can state:

- The five channel main microphone should repro-
duce direct sound as well as the indirect sound not
only with respect to the original level and time bal-
ance but also with respect to the directions of direct
sound and early reflections.

- Consequently the surround microphonesLSand RS
have to suppress the direct sound as much as possi-
ble, and the microphone pairs L-LS, LS-RS, RS-R
must pickup early reflections and - idedlly - to pro-
vide a stereophonic representation for the lateral and
back areas.
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Fig. 27: “OCT-Surround”
OCT issupplemented by LS and RS cardioidsfacing
backwards in order to suppress the direct frontal
sound (seeFig. 28). In this case the sound colour re-
sultsfrom the diffusfiel d response of the capsules.

Considering this, the so-cadled “OCT -Surround” configu-
ration is proposed to be tested in 3/2-stereo microphoneap-
plications. The OCT L-C-R microphone is supplemented by
a pair of surround cardioid capsules facing exactly back-
wards (Fig. 27). This has the effect that the direct sound
from frontal directions will be suppressed according to the
directional characteristics of the cardioids. The resulting
level balances are plotted inFig. 28.
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Fig. 28: OCT-Surround at the critical distance

The table displays the level of direct sound for a
number of sound source directions W in relation to
the level of indirect sound. In each channel the dif-
fuse sound level is0 dB.
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The table demonstrates satisfying separation of stereo-
phonic imaging areas with respect to any sound source
direction. In particular, suppression of direct sound (Or-
chestra, W=0° ...45°) inLS and RSisin therange < -
25dB ... - 13dB. In contrast, early reflections from any
direction are reproduced with adequate level in the corre-
sponding stereophonic pair of channels. This will result
in a balanced image of the actual R/D-ratio and of the
directional characteristicsof early reflections.

Regarding the microphone spacing we should consider
that therelatively close distance (40 cm) of LS and RSto
the front microphones L-C-R is provided in order to en-
sure optimum stereophonic representation of the lateral
sound. Obvioudly the distance between front and sur-
round microphonesis not intended to introduce sufficient
delay of direct sound in the surround channels. Rather,
the direct sound is sufficiently suppressed, delay is not
required for this reason in principal .

Looking at the lateral stereophonic pair L-LS or R-RS
and assuming a lateral reflection YV = 90°) we gather
from the tableFig. 28 that the resulting level differenceis
DL = 6 dB. However, due to the geometrical configura-
tion the lateral reflection will lead about 0,3 msin RS or
LS and thus compensatethe directional “level bias”.

Looking at the rear stereophonic pair LS-RS and assu-
ming rear reflections we gather from the table Fig. 28
that the resulting level difference is always DL = 0 dB.
For the rear sound a pure A/B-microphone (60...110 cm
spaced) iseffective.

The behaviour of the OCT -Surround system with respect
to reverberation and corresponding creation of natural

spatial impression and envelopment should be excellent
for suitable recording situations. The level of the diffuse
sound is equal in each channel, and the adequate degree
of correlation is ensured (see also Chapter 3.3). Fur-
thermore, the natura level balance of early reflections
(from all sides) and reverberation will be preserved suffi-
ciently.

In practical recording situations a successful application
of OCT -Surround will depend strongly on the adequate
choice of the distance and height from the orchestra.
Finding the optimum location is adifficult and time con-
suming task, because many parameters are to be consd-
ered, such as loudness and directional balance of instmu-
ments, R/D-ratio, sound colour, orchestra width, g-
plause, noise of the audience. It is clear that convincing
results can be achieved better with small ensembles, and
that sound engineer’ sexperience is very important.

For OCT -Surround applications it is recommended to
consider akind of check list for natural recording, (see
Table 7), showing the suggested order of decisions and
practica steps. It isimportant to determine the optimum
microphone location at first dependent on R/D-ratio opi-
misation and sound colour (check point 2). When the
location is found the recording angle can be adjusted ac-
cording to the resulting directional situation of the in-
struments. The last two check points will be become
more clear in the following chapters.

AES 19™ INTERNATIONAL CONFERENCE

/Order of steps:

Is natural recording preferable?
Where is the optimum R/D-ratio?
Suitable recording angle adjustment

No separation of main and room microphone?

Spot microphones desirable?

(o s o n e

/

Table7:
Check list for natural recording with a main microphone

3.3 Four channel room configurations

Suitable stereophonic representation of early laterd reflec-
tions, reverberation and environmental non-reflected sound
is required for imaging of distance, spatia depth, spatial
impression, and envelopment (see Table 3. The OCT-
Surround microphone is a consequent solution if a five
channel main microphone is desired. It should be empha
sized here that there is always the basic requirement of four
channels, forming four stereophonic microphonepairs, each
covering one side of the room. Thisis obviously true also
for room microphones.

It has been shown in the chapters before that four channels
arenecessary to pick up lateral sound for imaging of spatial
depth and impression. Another important parameter is -
velopment. It requires exploitation of four channels as well
(Fig. 29

Envelopment

LS Reverberance

<€

Fig. 29: Useof four stereophonic areas
for imaging of envelopment and reverberance
Each of the four stereophonic areas should be ex-
ploited in order to create redistic sensation of sur-
rounding sound in both situations reverberant sound
as well as environmental non-reflected sound (atmo,

e.g. applause).
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Sensation of envel opment includestwo different types of
originating sound. The first is reverberation, reflected
diffuse sound in the room. The second is environmental,
non-reflected diffuse sound, such as applause. It is not
evident that the same four-channel microphone ensures
optimum results in both cases. Rather, experience has
shown that the so called “Atmo-cross’ [44] (Fig. 30)
which has been optimised for recording the atmosphere
(ambient non-reflected sound) is not principally the best
solution for room microphone applications in the concert

However, a general recommendation for optimum spacing
and microphone type is not reasonable. Experiments with
omnis, cardioids and figure of eights have shown that pref-
erence is given dependent on the situation (orchestra, hall,
production) and tonmeister’sintention.

Principally at least four equivalent stereophonic channels
are desirable for realistic imaging of spatial impression and
enveloping atmosphere. The microphone squae shall pro-
vide suitablelateral sound and interchannel correlation. Fur-

hall.
LB‘ T ‘?RB
el g
LS RS

Fig 30: Square configuration for atmo recording
A square arrangement of cardioids (d = 20...25 cm)
isknown as “Atmo-cross’ (or “IRT -Cross’) and of-
fers realistic stereophonic images of ambient sound
such as for example applause. More details can be
found in [44]. However, this configuration can have
disadvantages in room microphone applications ac-
cording toFig. 34 if the R/D-ratio level picked with
Lg and Rg is not largeenough (distance from the L-
C-R main microphoneto short (Fig. 33).

In certain situationsthe direct sound in the hall can cause
problems even if the delay is correct. For this reason a
square arrangement of figure of eight microphones

according to Fig. 31 canimprovethe result.

Orchestra

L R
® ol e °

S CS
LS RS

Fig 31: Squareconfiguration for spatial imaging
In [54] the square arrangement is proposed to be
configured with figure of eight microphones (spac-
ingd=1m). Thenull point of the directional char-
acteristic of each microphone is facing the stage in
order to reduce the energy of direct sound as much
as possible. For lateral sound a pure A/B-
microphone is effective. The array has been placed
“at avery high positioninthe concert hall wherethe
sound isvery diffused and energy from direct sound
isdiminished” [54]. Seeaso Fig 33 and Fig.34.
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ther experiences and tests are required for final specifica
tions. Usually the placement of a separate square should be
far fromthecritical distancein order to provide ahigh R/D-
ratio, adequate density and spectrum (see alsoChapter 3.4,
Fig. 33). Placement and choice of microphone characteris-
tics will depend on the intended stereophonic perspective
and actual recording situation.

A further aspect for the optimisation of microphonespacing
is based on the perception of enveloping diffuse sound. In
the case of reverberation, the reflected sound can be thought
of as being generated by mirror-image sound sources [31].
The resulting sound field can be called “subjectively dif-
fuse” if a well-balanced distribution of auditory eventsis
perceived around the listener.

In [43] the perception of subjectively diffuse sound fields
has been investigated, in particular the impact of interchan-
nel coherence in a square loudspeaker arrangement around
the listener. The results indicate that a low degree of inter-
channel coherence (k < 0,2) results in perception of acau-
mulated directions of auditory events located in the loud-
speaker regions. The more the contributing loudspesker
signals are incoherent (“dissmilar”), the better the auditory
system is able to distinguish the sound sources (loudspeak-
ers). The other way round, an increasing interchannel @-
herence causes fusion effects. Principal results are outlined
in FG32

¢ ¢ \g
RS AR Za

Fig 32:
Effect of coherence on subjective diffuseness [43]
Perceived directions in a diffuse field generated by
four loudspeakers radiating noise (0,25-2,5 kHz)
with interchannel coherence factorsk = 0,2 and k =
0,35. The noise was recorded in areverberation room
by means of spaced omni microphones, distancesd =
60 cm and d = 25 cm. Darker shading representsrela-
tively higher statistical frequency of directions of
auditory events.
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The degree of subjective diffuseness or subjective envel-
opment depends on the spacing d of the square micro-
phone arrangement. If it istoo wide there results aloss of
subjective envelopment. The balanced distribution of
enveloping sources starts to turn into “auditory clouds”

around the loudspeakers. If it istoo close or even coinci-
dent, a phantom sound source becomes audible above
listener’s head, and subjective envelopment disappears
accordingly.

The effects could be studied in practical recording situa-
tions, for example, if we compare reverberation or g-
plause in the concert hall recorded with different micro-
phonetypesin sguare arrangement and different spacing,
eg. d = 20 cm, 50 cm, 300 cm. Optimum microphone
distances should be found in the region of about d = 40
cm...1 m if directiona microphones are applied. How-
ever, thisis subject to further investigations and experi-
ences [45].

It is clear that a number of practical aspects will have an
influence and that compromises must be found. For ex-
ample, if the sweet area should be as large as possible,
the interchannel correlation should be mnimised and
thus the microphone spacing maximised. On the other
hand, if natural imaging of space and envelopment are
dominating requirements, the preservation of time-of-
arrival and diffuse field effects is important and thus the
mi crophone spacing should be determined accordingly.

3.4 Separation of main and room microphone

Summarising, we assume that the proposed sguare ar-
rangement of microphones Lg, Rs, RS, LS can ensure
optimum natural imaging of space and envelopment. The
configuration and placenment of this four-channel room
microphone is aiming for useful lateral sound, adequate
R/D-ratio in each channel, proper density and spectrum
of reverberant sound, suitable interchannel correlation
andtime-of-arrival relations.

However, a compact 3/2stereo main microphone would
require additional consideration of directional imaging
parameters for capsules L, C, R as presented in Chapter
2.4. Obviously there result particular disadvantages with
regard to the arrangement and directional characteristics
of capsules L and R. The front microphone configuration
is primarily designed with regard to stereophonic imag-
ing of direct sound, and thus are not optimised with re-
gard to spatial imaging at the sametime.

Furthermore, the placement of the L-C-R main micro-
phone is governed mainly by the recording angle (con-
sideration of direct sound), while the room microphone
should be placed due to suitable characteristics of the
indirect sound. Thusin many recording situations acom-
pact main microphone causes an unfavourable compro-
mise. This is true even if we consider the variable -
cording angle of the OCT system, offering some margin
in the microphone distance to the orchestra and thus in
balancing the R/D-ratio.
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Itisuseful to imagine on thelevel relation of direct and dif-
fuse sound in the hall, see Fig. 33. It iswell known experi-
ence that the main microphone in most cases is placed ap-
proximately near the critical distance, which meansthat the
energy of the direct sound in the surround channels LS and
RS of a compact main microphone must be reduced to a
great extend.
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Fig. 33: R/D-ratio and critical distancein the hall*

Table 8 showsthat the compact main microphone configu-
rations discussed above provide quite different diffuse
sound levels in relation to the direct front sound incidence
W =0° (“effective directivity indexes”).

L R LS RS
NAS5 +1dB +1dB +6 dB +6 dB
“ukada Tree -3dB -3dB +10dB +10dB

JCT-Qurround +4dB +4dB |>+15dB|>+15dB

Table8: R/D-ratiosof the main microphone capsules
resulting at the critical distance

/4
Critical distancesof music halls[59]
Vim] | Tls] | rym]
Musikvereinssaal, Wien 14600 | 2,2 4,6
Herkulessaal, Munchen 13400 | 2,0 4,7
Théatre National de 'Opéra, Paris 9960 | 1,1 5,4
Teatro alla Scala, Mailand 11250 | 1,2 5,5
Neues Gewandhaus, Leipzig 21560 | 2,0 5,9
Philharmonie, Berlin 24500 2,0 6,4
Cornegie Hall, New York 24300 | 1,7 6,8
Royal Albert Hall, London 86600 | 2,5 10,6
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Fig 33 illustrates the advantage of room microphone
placement far behind the L-C-R main microphone: e-
duction of direct sound energy in the surround channels
is less difficult. On the other hand, it illustrates that the
distance of about 10...12 m (which would be the right
choiceregarding delay of direct sound) may not be large
enough with respect to the R/D-ratio, we can expect only
less than about 10 dB here.

If we are using a single compact five-channel micro-
phone we should not touch the front/back level balance
in order to keep the stereophonic representation of lateral
sound (see Chapters 3.1 and 3.2). In this case front/back
level balancing is understood to be not the right measure
for natural stereophonicimaging of aspatial perspective.
Rather, natura recording of surrounding indirect and en-
veloping sound requires (at least) four equivaent chan-
nels, two for the front and two for the back, each pair L-
R, RRS, RS-LS, LS-L providing a stereophonic repre-
sentation of early reflections and reverberation.

It is therefore suggested that sufficient flexibility and
adaptability is ensured if the two functional tasks of the
main microphone are settled separately with distinct
tools, asillustrated in Fig 33 and Fig 34. Regarding di-
rectional imaging, a suitable front channel microphone
configuration (e.g. OCT according to Chapter 2.4) can
be placed with respect to optimum directiona and spec-
tral tranglation of the orchestra, and with respect to asa -
isfactorily low R/D-ratio providing headroom for ade-
quate four channel spatial imaging.

Re Rg RS
R=R:-+kRg
Cc
L=Lg+kLg c
Le 55 LS
Directional imaging Spatial imaging
— /
—

Composition of 3/2-stereo natural recording

Fig 34: Digtinct psychoacoustic functions

are applied separately for natural recording
An L-C-R triangle configuration is used for direc-
tional imaging of the orchestra, and aseparate L g, Rg,
RS, LS square configuration is applied for spatial im-
aging. The L-C-R main microphone as well as the
room microphone configuration can be optimised and
placed with respect to its purpose and rel ated psycho-
acoustic principals, in particular with respect to the
actual recording situation and the artistic intention,
e.g. stereophonic perspective. ChannelsLr and Lg are
combined to L, channels R: and Rg are combined to
R. The delay between the stereophonic four-channel
space information and the directional front informa-
tion can becreated.
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In thisway the microphone square can be applied providing
suitable information for redlistic imaging of spatial impres-
sion and enveloping atmosphere. Placement and choice of
microphone characteristics may depend on the intended
stereophonic perspective and actual recording situation,
since there are no constraints due to directiona imaging
purposes. The four-channel room microphone can be placed
for exarmplefar from the critical distancein order to provide
appropriate early reflections, a high R/D-ratio, adequate
density and spectrum, as well as far from the auditorium in
order to avoid disturbing noise (Fig 33).

Separation of L-C-R main microphone and room micro-
phoneallowslevel balancing of direct /indirect sound with-
out affecting the stereophonic representation of lateral
sound.

Theinitial delay of the spatial imaging channelsLg, Rg, RS,
LSinrelation to the directional imaging channelsLg, C, Re
can be designed according to the next Chapter 4, without
touching the desirable stereophonic four-channel infor
mation picked up with the room microphone square.

4 SPATIAL DESIGN USING DELAY

Natural imaging of depth and spatial impression requires
careful layout of the delay situation, that isto say according
to principles of the roomrelated bal ancing technique (RRB)
[12], [28], [51]. The basic concept is indicated in Fig 35,
showing the case “orchestra, main microphone plus room
microphone and spot micophones’, as an example. It
should be enphasised here that the concept is not restricted
to the main / spot microphone method but can be applied
accordingly to poly -microphony [5], [6], [29].

In the case of undelayed spot microphone signals (Fig. 35,
upper situation) they are reproduced earlier than the corre-
sponding main-microphone signal. Thus the ear interprets
the spot-microphone signal as the direct sound. Due to the
precedence effect (e.g. [31], see Fig. 36) thelocalisation of
an auditory event is in principle determined by the sound
arriving first at the ear. Accordingly the panned direction
andthe*“close” character of the added spot microphone sig-
nal is dominant, and favourable characteristics of the time
information of the indirect sound are lost. Such recordings
sound unnatural, without spatial depth and spatia impres-
sion.

Itisnot possible to moderate this space-disturbing effect by
compensating the delay of the main-microphone signal.
Those technique is not satisfying, because a pure delay
compensation leadsto "notching” effects, which are particu-
larly distuibing when the musicians move about near the
spot microphone.

In order to avoid this negative effect, and to preserve the
perception of depth, spaciousness and spatial impression,
the spot-microphone signal should be converted to a num-
ber of reflections. This reflection pattern is delayed much
more than necessary for the compensation, so as to fall

within the region of the early reflections (“ arrival-timegap”
[31], [9] of about 15...25 ms, see Table 9and Fig. 38).
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Fig. 35:
Delay design accor ding to the natural room response
The concept of room-related balancing supports the naturalness of spatial impression. It is proposed to design
the delay situation in accordance with the original pattern of reflectionsin the concert hall. In caseswherean L-
C-R main microphoneis used in combination with a (square) room microphoneit isimportant to adjust the arri-
val-time gap due to the natural delay of early reflections. In special recording situations (particularly small en-
sembles, e.g. chamber music) the resulting stereophonic image can be excellent with respect to the directiona
balance and spatid attributes. If corrections with respect to the loudness balance, sound colour etc. are desired,
the spot microphones should be delayed according to the room related balancing (RRB) concept [12], [28].
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The RRB technique causesthat thetemporal reflection
pattern of direct sound and early reflections, whichisgiven
by asurround sound main microphone concept such as
shown in Fig. 34, remainsauthentic (Fig. 35, situation be-
low), and thusthe spatial quality of the steregphonic re-
cording remains natural. The spot microphone signal con-
tributes neverthel essto the desired sound balancing effect
(increased loudness, transparency, €etc).

Since the spot microphone signal is converted to a num-
ber of delayed reflections, it will not impact the direc-
tiona information (direction of phantom sound source)
produced by the main microphone. Consequently the
RRB technique is not applicable if the main microphone
does not produce a satisfying directional image. For ex-
ample, if aDecca Tree (Fig. 10) or widely

spaced microphones (“MultipleA/B”, e.g. Fig. 6) are
used, the result would be unsatisfying because the spot
microphonesdo not provide desirable directional stable
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images. Sound engineers who give preference to widely
spaced main microphone configurations obviously reject
from spot microphone delay techniques. The two principal
conceptsareillustrated in thefollowing table:

Concept L-C-R Main Micr o- Spot Microphones
phone
A OCT delayed (RRB)
B Decca Tree undelayed

Moreover, asregards the complete temporal pattern, Fig. 35
shows that not only the spot microphone signal is delayed
with respect to the main microphone, but additionally these
two with respect to the room microphone. That isnecessary
for the avoidance of echo effects whenever the distance be-
tween main and room microphoneislarger than about 10 m
(accoing to approx. 30 ms).
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4.1 Time-balancing

Experience has shown that the careful layout of delay has
an extremely high importance. It istherefore suggested to
prepare a detailed delay plan for each recording, includ-
ing each of the microphonesinvolved in the mix. An ex-
ample shows Table 9 (again the case “orchestra, main
microphone plus spot microphones’): The delay values
arereferred to thetime baset = 0 ms, asindicated in Fig.
37.

SPOT -t - spOT
5 |wwew
P o] § &§ © T &
MAIN MAIN
+t

Stereophonic directional imaging

oo plopl

Pl Pl Pl Pl

ROOM ROOM

Examplel Example 2
Fig. 37

Room-related time balancing:
Setting the time base
A common time base should be set in any micro-
phone configuration. Onthisbasisthe delay of each
of the microphone can be designed according to the
natural pattern (seee.g. Fig. 35and Table 9).

The basis of adelay plan is an exact conception of the
reflection pattern to be reproduced. Thisisresting on the
natural situation as predented in Fig. 20b. The intended
result to be created is shown in Fig. 38. The delay plan
determines the temporal order and the spatial allocation
of direct sound and early reflectionsfor the sweet spot of
the listening area. (see Fig. 35, situation below). It must
be decided for each part of the orchestra, which micro-
phone should be "responsible” for the direct sound and
used for directional imaging. This determines the refer-
ence "zero" at the time axis. In the example used in Fig.
35 and Table 9 thisis the main microphone for the com-
plete orchestra. All further microphones involved supply
either leading or lagging sgnals (column 2 of Table 9).

Thedelay plan correspondsto the situation showninF G.
35. In thisexample an L-C-R microphone (e.g. OCT) and
the square room microphone are applied, as indicated in
Fic. 34. It is assumed that the room microphone is lo-
cated 20 m behind the main. In order to achieve asuitable
arrival-time gap between main (direct sound) and room
microphone (indirect sound), the main needs 35 ms de-
lay.- Furthermore, it is assumed that three spot micro-
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phones A, B, and C are required to balance the loudness
and/or sound colour of orchestra elements. In order to pre-
serve the qudlity of directional and spatial impression the
“RRB” concept is applied: From each spot microphone sg-
na (at least) four "early reflections’ are derived, each of
them having an individual arrival-time gap (column 5) and
anindividua initia direction (column 8), seealso FiG. 38.

The individua time-arrival gaps should be chosen accord-
ing to the real situation in the concert hall. Column 6 dis-
plays totals of the compensaing delays and arrivaltime
gaps. Column 7 finally contains the total delays with con-
sideration of the distance of the room microphone. As a re-
sult, the energy of each spot microphone is distributed in
terms of time (column 5) and space (stereo channels, col-
umn 8), in accordance with the natura reflection pattern of
the concert hall. The delay plan does not contain level ad-
justments. The sound engineer can vary the spot micro-
phone levels within awide range, without changing the per-
ception of directionand spatial depth.

Optimum results are attainable even in difficult situations,
assuming that each microphone signal (main and spot mi-
crophones) can be delayed individualy. It is a practicable
approach in cases where anal ogue mixing desks are applied
and only afew delay lines are available, to group anumber
of spot microphones which have approxmately the same
distance to the main microphone (similar lag, + 5 ms).

These spot groups can be treated as shown in Table 8, i.e.
there are spot groups (A, B, C) instead of single spot micro-
phones. It should be mentioned herethat obviously the gen-
eration of more than four reflectionsis useful. Furthermore,
the quality of the spatia impression may be improved by
generating adequate reverberation, in order to match the
reverberance of the supported instrument(s) according to
the actual loudness balance.

In principle the room-related balancing algorithm could be
implemented into digital mixing desks so that it could be
used alternatively to conventional panpot balancing. A cor-
responding mixing desk has been introduced in [5], [6].
Digital processing alows to redlise further optimisation
such as panning across the lateral channels (according to
Fig. 20b), distance equalisation (taking into account
changesin spectrum, due to absorption effects during sound
propagation), additional reflections per spot microphone
signd (redisticaly around 12 ... 24), additional artificial
reverberation (generated from the spot microphone signals
in line with the artificial reflections), “natura panning”
(panning law according to the interaural transfer function of
the sphere microphone) [5], [12], [28].

In a further step the early reflections may be synthesised
completely by means of signal processing. The main micro-
phone will then become obsolete. Thus the RRB concept
can aso be applied to poly-microphony. Modern mixing
consoles could comprise room-related balancing tools for
the synthesis of arbitrary natural spatial impressions[5], [6].
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. Main

v Spot A

Microphone Lead/Lag Compensation ArrivalHtime Comp+Gap Resulting De- !nitigl
(+/- ms) (ms) Gap (ms) (ms) lay (ms) Direction
Main L Time Base 0 0 0 - 45 -
Main C Time Base 0 0 0 - 45 -
Main R Time Base 0 0 0 - 45 -
Refl. 1 -25 -12 -37 - 82 - 30°
Refl. 2: -25 -9 -34 -79 + 30°
+ 25
Spot A Refl. 3: -25 -17 -42 - 87 - 110°
Refl. 4: -25 -20 -45 -90 + 110°
Refl. 1: -35 -19 - 54 - 99 - 30°
Refl. 2: -35 -21 - 56 - 101 +30°
Spot B *30 Refl.3: | -35 -22 - 57 -102 - 110°
Refl. 4: -35 -25 - 60 - 105 +110°
Refl. 1. -45 -17 - 62 - 107 - 30°
Refl. 2: - 45 -11 - 56 -101 + 30°
Spot C v Refl. 3. | -45 _19 “o4 ~109 _110°
Refl. 4. -45 -23 - 68 - 113 +110°
Room L - 60 + 60 -15 + 45 0 - 30°
Room R - 60 + 60 - 15 + 45 0 + 30°
Room LS - 60 + 60 -15 + 45 0 - 110°
Room RS - 60 + 60 -15 + 45 0 + 110°
1m « 3ms / 1ms« 0,33m

Table9: Proposed delay plan for practical recording application (Example 1)

Microphone Signals:

V Spot B

v Spot C
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B Room

Fig. 38: Delay design accordingtothe
natural room response (Example 1)

The arrival-time gap values plotted in column 5 of
Table 8 are displayed here graphically in order to
illustrate the intended mixing result (the time scale
[ms] defines the arrival time of sound for the lis-
tener). The propagation times of the reproduced
channels from the speskers to the listener are prin-
cipally identical at the sweet spot; deviationsdueto
extremelistening positionsinside the sweat areaor
asymmetric surround loudspeaker arrangements
can be ignored with a certain extent of tolerance (
e.g.+ 3msor+ 1m). - Thetime pattern of theindi-
rect sound isdesigned in order to create the desired
spatial impression and perception of depth accord-
ing to Chapter 3. It is proposed to allocate the in-
direct sound derived from the spot and room ni-
crophones into the surrounding channels L, LS,
RS, R. It is advantageous to generate at |east four
reflections (the more the better, e.g. 10 .... 20)
from each spot microphone signal and to use a
four-channel room microphone (see Chapter 3.3).
Reflections in the center channel (median plane of
thelistener) are unfavourable [12], [27], [29].
Note: In this example the “prime” sound is the direct
sound picked up from the main microphone.
Generally it is defined as that sound fraction of a
source or group of sourceswhich formsthe “first
wave front” [31] during reproduction.
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4.2. Aesthetic downward compatibility

An important aspect is downward compatibility of 3/2
stereo music recordings. The downmix equations accord-
ing to Recommendation ITU-R BS 775-1 are plotted in
Table 10. Although it is possible to detemine the
downmix coefficient for surround , it is not guaranteed
that automatically the resulting two-channel downmix
satisfies aesthetically in similar way as the original 3/2-
stereoversion. Ideally, the downmix should prove just as
to sound as an appropriate conventional two-channel re-
cording, which is originally mixed in 2/0stereo, for ex-
ample from the same set of microphone signals. It is
clear that in practice the downmix will not always per-
form optimum quality regarding a number of parameters
such as reverberance balance, loudness balance, percep-
tion of spatial depth.

As regards the spatial information, the downmix result
concerning temporal order of direct sound, early reflec-
tions and reverberation is correct, seeFiG. 39. Theresult-
ing pattern of reflections corresponds with the desirable
pattern for natural two -channel recordings as described in
[12], see dso Fic. 20: From this point of view the
downmix principaly enables perspective imaging of a
three-dimensional space in the two-dimensional simula-
tion plane between the two loudspeakers.

It can be stated that the consideration of time relations
does principally not differ in both cases, two-channel and
multichannel recording. The essential change is related
mainly to the spatial distribution of the indirect sound.
Hence careful handling of time-balancing should be con-
sidered as an important mixing parameter for natural mu-
sic recording not only in the case of 3/2-stereo but even
for two-channel reproduction [12]. This is true also with
respect to quality improvements dueto “natural panning”
suggested in[5], [6], [28].

Onthe other hand, it does not seem to be obviousto pre-
servetheoriginally intended reverberance balance. Itisa
well-known psychoacoustic effect in binaural hearing
that a live room is perceived to be less reverberant than
in the case of monaural hearing [31], and a similar phe-
nomenon occurs in the practice of naturad music re-
cording when we switch from two-channel stereo to
mono or from multichannel to two-channel stereo. This
could mean for example that the total energy of the re-

verberant sound should be smaller in the downmix than
in the multichannel presentation, which can be achieved
with the surround downmix coefficient k =0,7 or k = 0,5,
depending on the programme material.

Lo=L+0,7C+kLS The choice:

RO =R+ 0,7C + k RS k = l, 0.71, 050, 036, 0

Table 10: Compatibility matrix 3/2 = 2/0
The standard downmix coefficient for the surround
isk =0.7, according to ITU-R BS 775-1. However,
it is possible to determine an alternative coefficient
at the production side, which can be transmitted via
“Ancillary Data’ [46] or “Meta-data’ [47] in order
to ensure an adequate two -channel downmix repro-
duction for individua program materiad. The
downmix coefficient for the center C isfixed at 0,7,
since this value works fairly well for all types of
material with respect to directional imaging as well
asloudness balance. The coefficient k = 0 isimpor-
tant in cases where the 3/2-stereo mix has been gen-
erated from an existing two -channel mix (upwards
conversion).

Different experienceisreported in [18], [48]: “For rever-
beration component energy containing spatial informa-
tion to be perceived as natural by the audience, the total
sound levels in both stereo and surround—recording pro-
cedures must be equal.” This would imply k = 1. The
reason could be connected with specific density charac-
terigtics of the reverberant sound picked up with a par-
ticular surround sound microphone concept.

Level-balancing of the indirect sound appears to be a
matter of aesthetic feeling rather than recommended
practice, particularly with respect to downward compati-
bility considerations, because perception of auditory per-
spective and spatial impression is governed by a number
of parameters, such as density, temporal and directiona
distribution, and energy of reflections.

Fig. 34: Pattern of reflec-
tionsin the 3/2-mix
and in the 2/0-downmix

N In the 2/0downmix the

room information of the 3/2-
stereo mix is completely pre-
served. Two-channel repro-

duction alows corres-
ponding spatia impression
in the simulation plane.
However, optimum stereo-

phonic quality is not ensured

Direct
First
reflelcrtsions Reverberation
o | RN
+«——15...25ms
2/0 - Stereo
Downmix ||
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inall cases.
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Considering headphone reproduction it must be stated
that the simple downmix according to ITU-R BS 775-1
(TABLE 10) does not represent the optimal solution. The
well-known “in-head locdisation” effect [31] is a severe
impairment with respect to the perception of space and
depth even in comparison with conventiona two-channel
loudspeaker reproduction. When compared with the real
spatial impression achievable by means of a natural 3/2-
stereo recording, the lack of aesthetic compatibility gp-
pears to be unacceptable. A specia “downmix” method
for multichannel headphone reproduction is required,
which is able to preserve the original threedimensional

spatial impression perceived in a multichannel listening
room.

A suitable approach is the application of auralisation
concepts in order to achieve virtual loudspeaker repro-
duction. A corresponding system proposed in [49] is
based on binaural data measured in a real multichannel
control room. It generates a binaural signal for head-
phone reproduction, and enables listening in the virtual
control room at the sweet spot, thus avoiding any im-
pairment of the spatial impression achievable with loud-
speakers.
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