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ABSTRACT 

Dolby Surround technology offers consumers surround sound 

in their home via a 4: 2: 4 encode/decode matrix. Although 

originally intended for audio accompanying visual media, the 

system has potential as a music-only playback system. 

The purpose of the thesis is to investigate this 

potential, particularly as it appl~es to acoust~c music 

recording. Dolby Surround encode and decode tech~0logy and 

i ts relevance to acoustic music reproduct1.on 1.S reviewed. The 

classic stereo microphone techniques are discussed with 

particular attention paid to each one' s theoretical ab1.J..i.ty to 

"encode" information for the Dolby Surround decoder. 

Practical limitations and benefi ts of these well-known methods 

are cons.idered. 

Recently proposed microphone techniques are reviewed in 

theory and in practice and are found to provide &l1any 

solutions. Methods for optimizing the decoder technology for 

music reproduction are suggested. The paper 1S relevant to 

ar.y acoustl.C recording application for a number of surround 

systems as weIl as for conventional stereo and mono. 
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RESUME 

La technologie Dolby Su:cround rend le son "surround" 

accessible au consommateur par le truchement (L'une matrice 

d'encodage/décodage 4:2:4. Bien que destinée au départ au 

traitement des bandes sonores de films, l,"'!, technique peut 

aussi potentieJ.lement être utl.lisée pour du.J systèmes de 

reproduction musicale. 

La présente thèse a peur but d'étudier ce potentiel et 

son utilisation dans le dom::line de l'enregistrement de musique 

acoustique La technologie d'encodage et de décodage Dolby 

Surround et sa pertinence pour la reproduction de la musique 

aC';1ustique sont passées en revue. Les techniques classique::> 

de pris~ de son stéréophonique et la capacité de chacune 

d'elle d' "encoder" l'information dest.inée au décodeur Dolby 

Surround sont discutées. Les avantages et les limitations 

pratiques de ces méthodes connues d'enregistrement sonore sont 

examinés. 

Les aspects théoriques et pratiques de techniques de 

prise de son récemment proposées sont examinées et certaines 

d'entre elles offrent des solutions intéressantes. Des 

méthodes pour optimiser la technologie de décodage en vue de 

la reprodJction musicale sont suggérées. Les résul. tats 

prèsf::!ntés ici sont pertinents tant à l'enregistrement 

acoustique dest iné à un certaiI, nombre de systèmes "surround", 

qu'à l'enregistrement stérbophonique et monophonique 

( conventionnel. 
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INTRODUCTION 

Surround Sound Accompanying Visual Media 

Dolby Stereo was introduced by Dolby Laboratories in 1975 

[1] . This surround sound system was designed to enhance the 

movie-going experience by making possible an accurate stereo 

presentation and increased sense of atmosphere over the wide 

1istening area of the movie theatre. The now de facto 

industry standard employs a 4:2:4 matrix with three 

loudspeakers -- 1eft (L), centre (C), and right (R) -- in 

front of the audience (behind the scr~~en) and a U-shaped array 

of surround (S) loudspeakers behind and to the sides of the 

audience. 

The strong progress of video techno1oqy in the 1980's 

meant that Many people were enjoying mnvies at home rather 

than in the movie theatre. With stereo audio tracks on video 

tapes the sur round encoded movie soundtrack was availab1e to 

the consumer. Recognizing the new market Dolby Laboratories 

introduced Dolby Sl1rround in 1981 enabling consumers to enjoy 

basic rnovie surround sound at horne. This "passive" decoder 

has Land R outputs, a delayed, band-limited S output and it 

May have an optional C output. 

Dolby Pro Logic -- consumer techno1ogy with the sarne 

decodinq power as the professional units used in movie 

theatres -- became available to consumers in the fall of 1987 



f 
2 

t [2] . In 1988 Sanyo deve10ped an IC which has led to the 

proliferation of Pro Logic decoders in televl.sion sets, 

integrated amplifiers, receivers, etc and whl.ch has greatly 

accelerated the use of the Dolby Surround format l.n the home 

At the end of 1989 there were 3 milll.on surround decoders in 

homes around the world. In Japan nearly 45% of aIl televisl.on 

sets sold that year included sorne form of bUl.lt l.n surround 

decoder. [3]. 

Along with hardware deve1opment.s the software base has 

expanded dramatically. Hundreds of feature films with Dolby 

Stereo or Ultra Stereo audio have been transferred to 

videocassette and videodisc and may be purchased, rented or 

seen in stereo television broadcasts. Regular network 

television programs, major sporting events, and musl.C specials 

are frequently broadcast in sur round using the Dolby Surrou~d 

or Stereosurround systems. 

A New Application 

Consumers who have invested in the decoder, extra 

amplification and loudspeakers will want to play their music-

only software (eg compact dises) through the decoder. Results 

vary widely since the music was not recorded with Dolby 

Surround playback in mind. 

With such strcng support for the Dolby Sur round standard 

it seems logical to produce compatible music software for the 
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growing market. This thesis will investigate the potential of 

the Dolby Surround system as a playback forrn3t for acoust,ic 

music, that is music which is produced in a natural acoustic 

environment. In part~c~üar sorne of the classic stereo 

microphone ter;imiques will be examined as to thÇ..i'[" potential 

as Dolby Surround encoders. Sorne suggestions will be made as 

to how these basic techniques may be altered and adopted to 

achieve a more sui table surround encoding system. Recent 

research on newly developed microphone techniques oNill be 

reviewed. Improvements in the decode chain for music 

reproduction will be recommended. 

A Note on Terminology and Applicati~ns 

The term "Dolby Stereo" refers to Dolby Stereo-encoded 

audio for movie soundtracks presented in theatres using Dolby 

Stereo cinema equipment. "Dolby Surround" programme material 

is that which will be played back in a cv~sumer environment. 

The encoding equipment is the same as that used in Dolby 

Stereo productions. Shure's Stereosurround system ar.d the 

Ultra Stereo system ar@ based on the same technology and may 

be considered largely compatible with Do'.hy Surround. 

For the sake of brevity the term "Dol::>y Surround" will be 

used throughout the paper except where reference is made 

specifically to another system. Left, centre, right, and 

surround are abbreviated to L, C, R, and S respectively. 
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The paper focuses on acoustic music recordlng for 

playback ln the Dolby Surround format. However, the 

discussion will be relevant to those involved in any type of 

acoustlr recording for many different formats lncludlng 

surround (matrixed and discrete), conventl.onal stereo and 

mono. 

RAT IONALE 

There are a number of very practical reasons for using 

the Dolby Surround encode/decode system for acoustic music 

recording and reproduction. 

Support for Standard 

It is widely antlcipated that home entertainment systems 

\N'ill continue to evol ve toward a "home mOVle theat rI?" concept. 

that relatively sophisticated sound systems will be a part of 

this system, and that music-only soft~are wl11 be reproduced 

OV8r thlS same system [4]. 

With the vlsual based media -- video, televislon, tiDTV, 

etc defining the orientatl.on of the home enterta}.nment 

system lt makes sense to adopt a music reproductlon format 

which lS compatible. Indeed lt is the goal of groups 

developing a sound system standard for HDTV ta deflne "a new 

loudspeaker reproduction standard which lS ab Le to satl.sfy the 
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requirements of HDTV sound whilst also providinq optimum 

stereophonie quality to satisfy the 'pur~st' musi.c-lover" [4]. 

This is a very attractive goal frorn the point of view of 

hardware manufacturers, software producers, and consumers. 

A number of <Jroup~ working on an HDTV sound system have 

recommended that the system be compatible wi th movie sound 

reproduction systems [5]. If borne sound systems develop as 

expected it would seem very practical to produce music-only 

recordings intended for reproduction over this sound system. 

Laser disce and vineocassettes of classical music 

performances are currently making stronq market gains. This is 

perhaps ':.he ideal applit..!ation of acoustic music recordings for 

Dolby Surround reproduction. 

From a music industry perspective the format is both 

practical being relatively inexpensive and simple to use --

and a very well-established standard. It is also compatible 

with two-channel storage and transmission media. This is 

particularly important sinee two-channel audio is by far the 

dominant consumer standard now and is likely to remain so for 

sorne time to come. 

Improvements Over Conventional Stereo 

Dolby Surround appears to offer significant improvements 

over conventional stereo for acoustic music reproduction. :Cn 

two-loudspeaker stereophony phantom images those r~ot 



6 

located at the left or right speaKer --only work properly for 

a carefully centred listener. As the listener moves to one 

side the images collapse in that direction. The C speaker 

allows for the democratization of the "stereo seat" with image 

stability over a much wider listening area [3], [6]. 

It is also well-established that a "phantom" centre image 

is unsatisfactory with respect to timbre, "clarity", and 

spatial sharpness relative to a centre image provided by a 

virtualloudspeaker [5], [7]. The virtual centre speaker is 

described as being "easier to listen to" [8]. For acoustic 

music recording the L, C, R loudspeakers provide the basis for 

a sol id front soundstage. 

The surround channel provides for a solution to the 

spatial distortion inherent in conventional stereo where 

direct and reverberant sound come from the same direction. 

Madsen [9] suggested placing a loudspeaker on each side of the 

listener and feeding these the same information as the front 

loudspeakers ~ut delayed 2.5 -10 ms. He reported performance 

equal to 4 -channel recordings of the time and an enlarged 

listening area. 

Hafler [10] suggested that ambience could be extracted 

by sending only the difference signal of the stereo pair to a 

rear loudspeaker. This difference signal could be expected to 

contain more reverberant, incoherent information and was to be 

delayed acoustically by placing the loudspeaker far behind the 

listener. Hafler' s complete system, alsu with a derived 
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centre channel has much in common with what is now known as 

the Dolby Surround system. 

It has been established that l.ateral reflections in 

concert halls are largely responsible for our impression of 

spaciousness [11]. The surround channel offers an opportunity 

to recreate these important reflections thus enhancing the 

realism of the listening experience. Recent research has 

confirmed the va1idity of this approach [12], [13]. 

Discussion 

Dolby Surround is better equipped than conventional 

stereo to reproduce the original acoustics of the recording 

venue. Sorne consumer decoders employ DSP to artificial1y 

generate reflections and reverberation in the pl.ayback 

environment. (See for example [14]). This can be very helpful 

for many existing recordings. However, creating a successful 

illusion depends a great deal on the spacial content of the 

original recording and on the skil.l of the consumer in 

selecting appropriate program parameters. 

If recordings are properl.y encoded for Dolby Surround 

playback, control of the spatial content of the recording may 

be left in the hands of the recording producer. The 

philosophy of reproduction as opposed to artificial generation 

is generally more in l.ine with the goals of acoustic mUJi.c 

recording. 
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THE MOTION PICTURE MATRIX 

Background 

A surround sound system for movie theatre installations 

has several requirements. A wide sonic image is needed to 

match the large screell visual image but centred information, 

particularly dialogue and on-screen action, must stay centre 

for viewers the entire breadth of the theatre. In addition a 

surround channel is desirable for sound effects and ambience. 

This draws viewers into the action and places them in the 

acoustic space of the scene. 

However, industry standards and technology dictated that 

the audio would be delivered on the optical sound track of the 

film. Splitting this track into two discrete channels was the 

practical limit for the medium. 

A 4: 2: 4 matrix was adopted from the then recent 

quadraphonic technology [15]. This phase/amplitude matrix 

(described below) allowed four channels to be encoded onto the 

two optical sound tracks and then decoded on playback in the 

theatre. 

'l'he loudspeakers were deployed as shown in figure 1. The 

Land R speakers allowed for stereo sound effects and music 

and the C speaker for well-defined centre dialogue and other 

on-screen sounds. This left a single channel for the S 

signal To improve diffusion and audience coverage many 
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loudspeakers were arranged in aU-shape to the sides and 

behind the audience. To ensure that everyone in the audience 

localized fronL originating sounds as coming from the screen, 

the S channel was delayed relative to the front speakerr. 

Additional processinq on the surround channel ). described 

below. 

The Encoder 

Figure 2 shows the basic Dolby Surround encode scheme. 

SignaIs intended for the L and the R p1ayback positions are 

sent direct1y to the Lt (left total) and Rt (right total) 

channels respectively. The C signal is reduced by 3 dB and 

sent equa1ly to Lt and Rt. The S signal is also reduced 3 dB 

and sent equally to the Lt and Rt but in anti-phase; that is 

the Rt surround compone nt is recorded 1800 out of phase with 

the Lt component. Note that the signal sent to Lt is -900 and 

to Rt +900 to achieve the total. 1800 phase shi ft. This is done 

to avoid stereo compatibility prob1ems with certain panning 

"moves". [16] 

Due to limitations of the optical sound track and 

duplicating media additional processing is applied to the S 

signal. The high end rolls off above 7 kHz to reduce noise in 

the S speakers and to reduce C track b1eedthrough caused by 

azimuth errors. A modified B-type noise reduction is also 
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This action compresses the S signal approximately 

5-6 dB to further guard against artifacts. 

Finally the S channel is also rolled off oelow 100 Hz. 

In the theatre large subwoofers are used to handle low 

frequency information. The roll off aIse helps protect the 

generally smaller S speakers. 

The " ~ " on the Land R signaIs are all-pass phase shift 

networks. These are required to facilitate panning through 

the "interior" of the pan locus, that is from the C position 

te the S position. 

Discussion 

The heavy processing in the encoder is required to cope 

with limitations of analogue film media and transfer stages. 

Acoustic music is generally delivered to the consumer on 

digital media where preblems of noise and proper azimuth 

alignment are insignificant. Much of the encoder' s processing 

will have a negative impact on ideal music reproduction. This 

will be disc1.lssed further below. 

For acoustic music recording the surround encoder can be 

completely bypassed. The stereo microphone systems themselves 

are used as encoders since they centain the required amplitude 

and phase information. 
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The Decoder 

Figure 3 shows a Dolby Sur round 6~coder. 

goes directly to the L output and Rt to the R. 

summed to create the C output. 

11 

The Lt signal 

Lt and Rt are 

The S channel is derived by subtractinq Rt from Lt and as 

with the encoding stage it undergoes more extensive 

processing. There is a 10w pass fi1ter at 7 kHz as we1l as 

comp1ementary modified Dolby B decoding. In addition the S 

channel is de1ayed relative to the front channels. 

As shown in figure 4 there is no 10ss of separation 

between the Land R channe1s since these are discrete 

channe1s. Nor is there any 10ss between C and S; the S signal 

(L-R) comp1ete1y cancels in the C (L+R) and vice versa. 

However, between adjacent channels there is only 3 dB of 

separation -- rather unsati~factory performance. 

This prob1em is dea1t with in one of two ways depending 

on the sophistication of the decoder. Consumer models 

labelled simp1y "Dolby Surround" are "passive" decoders. In 

these more basic systems the centre channel is e1iminated 

improving separation and width across the front soundstage. 

In addition the delay and the low pass filtering on the S 

channel he1ps to improve subjective separation between Land 

S, and Rand S. (See figura 5.) 

A11 professional decoders and those consumer decoders 

labelled "Dolby Pro Logic" use a type of steering 10gic to 
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improve separation between channels. The basic block diagram 

of the Pro Logic decoder is shown in figure 6 and the adapti ve 

matrix is seen in figure 7. Shure' s Aera Vector Logic deeoder 

employs a slightly different approach. However it has been 

the manufacturer's intention to create an active decoder for 

use with DolLY Surround encoded software [17] and it has been 

considered successful in this regard by reviewer's of hi-fi 

equipment [eg 18]. 

Rather than gain riding techniques which were used in the 

quadraphonic ara, more subtle cancellation techniques are used 

in Pro Logic. For example to reduce C signal leakage into the 

L, the decoder takes the R signal, inverts its polarity and 

blends it in to the L. Since the C component is equal and in 

phase in both the Land R channels this reduces the level of 

C in L. (See figure 8). 

Dominant sounds are focused to their main point of origin 

and non-dominant sounds are redistributed among the remaining 

channels. This constant power scheme ensures that the overall 

loudness of the programme remains the same. The system 

depends a good deal on psyehoacoustics, particularly masking. 

The idea is that a dominant sound lirnits the listeners ability 

to detect a change in directionality of non-dominant sounds. 

To determine the dominant signal it is necessary to find 

the relative level difference as opposed to the absol ute 
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levels of the signaIs. Thus the logarithm of each signa.L (L, 

C, R, S) is derived and subtract9d one from the other to 

produce a logarithmic control volt~ge. Signal dominance can 

be illustrated by plotting the L/R pair and the C/S pair as an 

X-y coordinate as shown in figure 9. The signal dominance is 

a vector quantity with the magnitude representing the :t'elative 

dominance and the angle, the encoded direction of the signal. 

Pro Logic steering has three different levels of 

operation depending on the degree of dominance -- as opposed 

to the absolute lev91 -- of the signal. At higher levels of 

dominance the decoder uses very fast attack times allowing it 

to provide directional enhancement fCJr sOl.mds oCI.:urring in 

rapid succession. At lower levels of relative dominance the 

decoder shifts to a slower, yet fully operati0tial mode. This 

helps maintain a sol id soundstage and avoids a blurry image 

which the fast mode may create. Finally, if no signal 

dominance can be detected the decoder goes into a relaxed 

state and no directional enhancement is implemented. Figure 

10 shows the separation map produced by the Pro Logic decoder 

in the ideal situation of a purely dominant signal . 
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STEREO MIC TECHN:IQUES AS SURROUND ENCODERS: TBEORY 

:Introduction 

Stereo microphone techniques, while generally used with 

the intention of two-loudspeaker stereo playback, actually 

gather much of the infor.nation required for Dolby Surround 

playback. In thi s sense a stereo microphone system may be 

considered as the encoder in a Dolby Surround eneodejdecode 

process. 

For acoustic tnusic reeording the ideal microphone system 

would encode the direct sound sources and early reflections 

from the stage area to the front soundstage: L, C, and R. 

Ambience from the hall would be eneoded toward and into the S 

channel. The mono surround channel is not capaole of phantom 

imaging to the sides or behind the listener and in any case 

the best use of the S channel is for helping to recreate the 

spatial ambience of the recording venue. Side wall 

reflections are particularly important here sinee they are 

primarily responsible for creating a sense of s~aciousness. 

We have seen that the d~coder detects position L to R 

across the front of the soundstag~ by amplitude differences 

and position from front through the interior to the S by phase 

differences. (See figure 11.) It is important to remember 

that the S channel is mono. As a sound is panned from the 

right to the surround it does not continue in a circle behind 



l 
15 

the listener but pulls in toward him/her through the interior 

and to the sides or .rear (depending on layout of S 

loudspeakers. ) 

Keeping in mind both the ideal reproduction goal apd the 

characteristics of the Dolby Surround decoder, how successful 

are the classic stereo microphone techniques as encoders? In 

this section some of these techniques will be analyzed, 

strictly in theoretical terrns, as to their potential as Dolby 

Surround encoders. The analysis will be based on a pair's 

response in an anechoic or free space. I~ following sections 

practical experiences with the pairs will be reviewed. 

Coincident ~c Techniques 

In coincident microphone techniques the diaphragms are 

placed as close together as possible, theoretically at the 

same point in space. The only clues to localization with such 

a system are the intensity differences between the left and 

right pickups. 

Xy 

Figure 12 shows an XY pair of bidirectional microphones 

crossed at 90°, the classic Blumlein configuration. A sound 

arriving from 00 incidence will go to the Lt and Rt channels 

with equal amplitude and in phase and will therefor encode to 

the C position. Moving clockwise around the pair sound 
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sources are encoded more to the Rand less to the L until a 

maximum amplitude difference between the two channels ls 

reached at 45°. Beyond 45° the level encodùd to the right 

channel decreases while the level into the opposite polarity 

rear lobe of the left microphone increases. This results in 

the sound moving from the right channel only then toward the 

S until at 90° the sound enters the Lt, Rt pair at. equal 

amplitude but opposite polarity the S-only position. 

Remember that when decoded this signal will move from the R 

speaker and pull back in toward listener and into the surround 

loudspeakers. 

Continuing around the pai r the sound moves from the S 

position toward the L. From 1350 to 180° the sound moves 

from the left channel back toward the C. A sound di ectly 

behind the pair enters the opposite polarity lobes of the two 

mics with the sarne amplituGe. This is seen by the Lt, Rt pair 

as a common polarity, equal amplitude signal and thus encodes 

to the C. The pattern continues in a symmetr~ca1 fashion 

around the remainder of the encode positions. 

In any coincident system aIl sounds arri ~re at the Lt, Rt 

pair in phase. Microphones with rear 1obe5 encode this 

information with common or opposite pol arity. Th~s means that 

with coincident systems sounds are encoded e~ ther W1. th 00 or 

180° phase angle; other phase angles are not possible. 

Coincident pairs uslng microphones with no rear lobe -- such 

as crossed, zero order cardioids -- are only capable of 
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encoding amp1itude differences. Since there are no encode 

points with opposite polarity we cou1d expect to hear nothing 

in the S channel when such a pair is decoded. 

Insight into ot.her combir.'itions of angles and polar 

patterns may be had by examining theoretica1ly equivalent MS 

pairs. 

MS 

Two-channel stereophony is usua11y thought of in terms of 

left and right channe1 information, as in the case of the left 

and right microphones of an XY pair. However, the stereo 

signa1 can also be described in terms of the sum and 

difference signaIs, that is L+R and L-R. The analogous 

microphone technique here is the MS (Mid, Sides) pair where 

the forward facing M microphone gathers the L+R or mono sum 

information and the sideways facing bidirectional mic collects 

the L-R or stereo difference information. 

These basic principles of intensity stereo were first 

described by Blumlein in the early 1930' s [19]. He showed how 

MS pairs could be converted to XY pairs and vice versa using 

simple sum-and-difference matrices. 

Streicher and Dooley [20] have published an exhaustive 

list of MS to XY conversions showing equivalent polar 

patterns. Hibbing [21] uses graphs to illustrate theoretical 

recording angles and stereo imaging performance of XY and MS 
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1 techniques. He also makes the case that in practice MS 

techniques can provide better results. 

Julstrom's analysis [22] is more easily digested and is 

of particular j nterest to this study. It should be noted that. 

this analysis is mathematically computed and assumes ideal 

first-order microphone polar patterns and perfect coincidence 

of the microphone diaphragms. Practical limitations not 

.:.,: )nsidereci here will :he discussed below. 

Relatinq XY to MS 

Conversion between XY and MS pairs i5 possible if aIl 

first-order polar patterns are available for each microphone 

of the XY pair and for the M of the MS pair. Any first-order 

polar pattern can be described by its polar equation A + B = 

1, where A is the mic' s pressure component and B is its 

velocity component. Figure 13 (from [22]) is a conversion 

chart showing aIl practical first-order coincident pairs. The 

polar pattern of the M mic is plotted on the vertical axi~. 

The relative level of the Smic is shown on the horizontal 

axis. 

Solid lines show an XY pair of microphones with a 

particular pola~ pattern -- eg crossed cardioids as the 

angle between the two mics is varied from 0° toward 180'-'. The 

dashed lines show a particular angle b~~ween an XY pair, dg 

90°, as the polar pattern of the m1CS is varied from 
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omnidjrectional to bidirectional. Polar patterns or angles 

not specifically shown can be interpolated from the nearest 

data. 

XY pairs are shown by the intersection of two lines and 

the equivalent MS pair can be read f:com this point. For 

example the solid line labelled crossed cardioids and the 

da shed line labelled 1200 intersect at a point showing a Mid 

mi~ with a pattern between subcardioid and cardioid anrj a 

relative S level of about -5 dB. Working in the cther 

direction an MS pair with a supercardioid Mid and a relntive 

Sid~ level of 0 dB would be approximately equivalent to an XY 

pair of crossed hypercardioids at 120°. 

Polar Diagrams 

The stereo polar diagrams of encoding positions shown in 

figure 14 (from [22]) are all based on MS pickup patterns. 

Equivalent XY pickup patterns may be read from the chart in 

figure 13. The original paper goes into sorne detai! on the 

derivation of the encode positions on the polar diagrams. It 

is sufficient to note here that the encoding positions shown 

will not exactly equal their decode positions in Dolby 

Surround. However 1 the data allows for a valuable comparative 

analysis. 

The view of the polar diagrams is from ab ove with 0° 

incidence at the top of the plot. The sensitivity of a given 
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direction in the horizontal plane is shown 

the unit circle (equal to the on-axis 

sensitivity.) The left-hand column shows the encoding's Mid 

pattern which defines the pair's monophonie pickup. 

The dots on the unit circle show positions which, prior 

to encoding, were located at 22 .50 interval s around the 

microphone pair. Thus the dots give an indication of encoded 

angular distortion. The large dots on the unit circle 

correspond to the principal encoding positions of L, C, R, and 

S (labelled "(B)" for "back" in these diagrams) . 

The sensitivity curves have areas of thicker and thinner 

lines. The thicker lines between the Land R encode points 

define the recording angle of the pair. AlI sounds arriving 

within the recording angle arrive in phase at the Lt, Rt pair 

and will be reproduced on the front soundstage in Dolby 

Surround. 

Except for those employing a cardioid Mid pattern, aIl MS 

pairs have an in-phase segment to the rear of the pair. This 

rear-facing recording angle will encode ambience from the back 

of the hall to the front soundstaqe. For rnid patterns with A 

> 0.5 -- eg ornni and subcardioid -- the ambience is encoded to 

the side it originatef from. For mid patterns with A < 0.5 

the ambience is encoded in the opposite channel. 

The front and rear pickup angles a.::-e equal for pairs wi th 

an omnidirectional or a bidirectional Mid pattern. In aIl 

~ther cases the rear pickup angle is smaller and information 
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it encodes is expanded on playback across the front 

soundstage. 

The thinner lines define "opposite polarity recording 

angles" . Sounds encoded at these points will be reproduced 

between the L or R speaker and the surround position. Sounds 

arriving at exactly the angles of incidence labelled "(B)" 

will reproduce only in the S channel. 

From the conversion chart we see that a pair of crossed 

bidirectionals at 900 is the sarne as a bidirectional Mid mic 

and a relative Side level of 0 dB. Figure 14 shows results 

for this combination identical to those discussed above. Note 

that the Blumlein pair is the only configuration with equal 

sensitivity at aIl angles of incidence in the horizontal 

plane. In this case the sensitivity curve is equal to the 

unit circle. 

Determining the suitability of a coincident microphone 

technique as a Dolby Surrou,nd encoder is now a simpler task. 

According to the previously stated goals we should look for a 

recording angle which keeps t,he direct sound sources within a 

front pickup angle, there should be minimal or no rear in 

phase pickup angle, and information to the sides and/or rear 

of the pair should encode to the S position. Unfortunately no 

such pair exists though one or two come reasonably close to 

meeting the requirements. 

detail below. 

This will be discussed in more 
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Spaced Mîcrophone Techniques 

By setting aside some of the practical limitations and 

concentrating on the theory it is possible, with some clever 

thinking and some good computer software, to produce a very 

helpful analysis of coincident stereo microphone technique~. 

This is a much more difficult task for techniques using spaced 

microphones. 

Where coincident techniques provide only for phases 

angles of 00 or 1800
, these and all other phase angles are 

possible with spaced techniques. A surround encoding polar 

diagram is no longer a straight-forward matter since the phase 

angle depends on many factors. 

Spaced Omnis 

Figure 15 helps to illustrate the situation for two 

spaced omnidirectional microphones. Sound sources located at 

a point equidistant from the two microphones will encode to 

the C position. Consider now two sound sources located 45° 

off-axis this centre line, one close to the m~crophone3 and 

one distant. The more distant sound will have a much smaller 

time-of-arrival difference than the closer sound and will pull 

toward the centre. 

In cases where the spacing between the microphones i5 

large compared to the distance between the microphones and the 
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sound sourGe there wi11 be an amplitude difference as well as 

a time difference at the Lt, Rt pair. This is the case with 

the c10ser source in the above example. The addi tiona1 

amplitude difference will help to p1ace this source more 

defini tely at the L encode position. There is no such 

amplitude difference for the further source. All this leads 

to considerable imaging distortion depending on the distance 

of the sound from the microphone pair. We can see that image 

distortion wi11 be different for sound sources at different 

distances and ang1es from the microphone array. 

The situation for the D01by Surround decoder is further 

comp1icated by the fact that the phase difference arriving at 

the Lt, Rt pair varies with frequency. The phase difference 

wi11 be 0 0 for frequencies with wavelengths equa1 to the 

pa.thlength difference to the left and right microphones. 

These frequencies will encode to the front soundstage. A 

frequency one octave below this will arrive at the Lt, Rt pair 

1800 out of phase and thus encode to the S position. Another 

octave below this the sound is 90° out of phase and encodes 

exactly half way between the front soundstage and the S 

channel. 

Thus the fundamerltal of a given musical note and its 

overtones wil1 be encoded at different positions in the front 

to surround axis. The encoded position will he different for 

a different note and the relationships will change depending 
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on the instrument's angle of incidence and its distance from 

the microphones. 

With a11 phase angles possible and equa1 sensitivity to 

sounds from a1l directions spaced techniques will encode 

direct and ambient sounds to a11 positions. 

Near Coincident Techniques 

Near coincident techniques genera1ly use a pair of 

directiona1 microphones positioned at sorne angle and spaced by 

a smal1 amount, typica11y on the order of the spacing between 

a person' s ears. ORTF -- card~oids at 110°, 17 cm apart --

and NOS -- cardioids at 90°, 30 cm apart -- are well known 

examples but many combinations of angles, spacings, and polar 

patterns are possible. 1 

Near coincident techniques combine many of the advantages 

and sorne of the disadvantages, of coincident and spaced 

microphone techniques. There will be fewer complete phase 

reversa1s within the audio spectrum since compared to typical 

spacings for AB techniques the first opposite polarity 

situation occurs at a much aigher frequency. Direct and 

reverberant sound may be encoded to a1l positions but the 

overall room response will be reduced to a degree determined 

Williams [26] has produced a thorough theoret1cal 
review which covers all stereo microphone systems but which is 
particulary useful in demystifying near coincident pairs. His 
data is quite specifically dedicated to conventional stereo 
reproduction but the analysis provides useful insight. 
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by the directionality of the microphone::s. The intensity 

differences created by the microphones' polar patterns will he 

particularly helpful in di~ecting information to its correct 

position left to right. 

STEREO MIC TECHNIQUES: PRACTlCAL APPLICATION 

The theoretical review of stereo microphone techniques 

has shown sorne of the potential of these techniques to act as 

encoders for the Dolby Surround format. We will now consider 

the practical performance of the complete ~ystem -- encoder 

and decoder -- based on critical listening to compact dises 

and recordings made using classic stereo microphone techniques 

during the course of this research. 

Decoder Limitations 

It will he worthwhile at this point to consider sorne of 

the performance limitations of using the Dolby Surround 

decoder for acoustic music playback. Initial cri tical 

listening to commercially available compact discs revealed a 

number of deficiencies. The most immediately obvious problem 

was the reduction of soundstage width which occurs when 

switching from stereo to surround. Almost all recordings lost 

sorne L to R width in surround while a number became almost 

completely mono. Recordings which subjectively seemed more 
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spacious and had wider imaging performed best in Dolby 

Surround in this regard. 

In several recordings the perceived width in Dolby 

Surrùund varied with the loudness of the program. In quieter 

passages the soundstage was almost mono but in louder passages 

the width would increase somewhat. On other recordings 

certain sound sources held their width rather weIl while 

others collapsed. For example violins would pull in to the 

centre but the lower-voiced instruments and ambience would 

remain in place. 

Recordings varied greatly in how much information decoded 

to the S. Presence of a S signal varied from unnoticeable to 

moderate. Recordings in the latter category seemed to send a 

mix of direct and reverberant sound to the S. A few 

recordings sent plenty of signal to the S but the front 

soundstage collapsed to C. This tunnel effect makes for 

particularly unpleasant listening. 

sounded much more spacious and 

stereo. 

In fact the se recordings 

pleasant in conventional 

Switching to Dolby Surround changed the frequency 

response as well. For all recordings there was a perce~vable 

softening of the high end and for sorne the low end increased 

when switched to Dolby Sur round 

Considerable improvements over conventional stereo 

performance were also noted in a number of recordings. One 

predictable though very impressive result was the stabilizing 
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of the front soundstage at off centre listening positions. In 

al.l. cases the centre image stayed very firmly in place, even 

for listening positions far off centre. For recordings which 

maintained reasonable width in Dol.by Surround the confident, 

unambiguous soundstage made for very comfortabl.e listening. 

The recordings which decoded most successfully sounded 

very good in stereo and gained more than they lost when 

swi tched to Dolby Surround. Rather than looking in on the 

room the listen~r feels enveloped by sound. The front 

soundstage holds very weIl wherever the listener moves in the 

room, and in some cases sound sources move out into the room 

rather than staying on a fIat line between the ~oudspeakers. 

These preliminary listening sessions showed that 

recordings intended for stereo p~ayback give widely varying 

results in Dolby Surround. Aware of the performance 

limitations of the decoder we are better able to select a 

sui table "encoder". 

Of the problems described above the question of 

sufficient width and the quantity and qua~ity of the 5 channel 

may be addressed by the microphone technique. 

Coincident Techniques 

When first working with coincident techniques the major 

preoccupation was with maintaining a usable width across the 

front soundstage. To ensure sufficient width we should look 
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on figure 14 for polar diagrams showing sensitivity levels for 

the Land R encode positions equal to or greater than that of 

C. For Mid patterns with A > B fairly wide pickup angles are 

possible meaning that the pair could be worked relati vely 

close to the source (eg see subcardioid with -1.15 dB side 

level. ) For Mid patterns with A < B only smaller pickup 

angles are possible (eg see Blumlein.) 

Next it is important to choose a pickup angle which will 

place the widest sound sources at the extreme Land R encoding 

positions. Conversely one could place the mus~cians to take 

maximum advantage of the chosen pickup angle. However: one 

must be certain that the musicians on the far Land R do not 

move beyond the front pickup angle or they will spill into the 

S channel, again reducing the width of the image. This is 

particularly critical for setups involving a bidirect~onal Mid 

since the S encode position is relatively close to the edges 

of the pickup angle. 

If the pickup angle has been set then the distance of the 

pair from the musicians has already been determined. If the 

pair is moved back the pickup angle must be narrowed or the 

image will collapse to C. If it is moved forward the angle 

must be widened or images will spill into the S. Of course if 

the pickup angle is adjusted one must be careful not to allow 

a situation where the C encode sensitivity is greater than the 

Land R. 
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All this and we have not yet considered the S channel. 

As we raise the side level to increase the amplitude 

difference between the 1.1 and R encode positions, the level of 

signal moving toward S rises. Approaching useful in-phase 

pickup angles the opposite polarity region' s sensitivity 

becomes quite high, typically greater than for front sound 

stage encode positions. 

Practical experience indicates that better results are 

obtained when the sensitivity of the actual S encode position 

(liB" in figure 14) is on pal:' with the sensitivity of positions 

on the rest of the "opposite polarity pickup angle". This is 

the case with, for example, Blumlein and hypercardioid Mid 

with +.86 dB Side level. 

For cardioid and lower directivity Mid patterns, however, 

the actual S encode position is either very low in level 

relative to other encode postions or does not exist. With 

these pairs a reasonable resul t can sometimes be achieved for 

Dolby Surround reproduction. The decoder is able to spatially 

separate the direct and reverberant information leading to 

better intelligibility. However, when we switch. to stereo the 

ambience folds back in to the front often ?roducing a heavy 

glut of phasey room resonance which masks the direct sound. 

Figures 16a through f [from 22] show the relative levels 

of reverberation for different encoding positions. The 

various Side levels correspond to those shown in figure 14. 

The supercardioid Mid is now included. 
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According to Gerzon [23] the best distribution of reverb 

for stereo reproduction would be shown on these graphs as a 

line which is "either fIat or very sliqhtly biased toward the 

centre. Il For Dolby Surround encoding we might err towards a 

response with a dip in level at C and higher levels at S 

(labelled "(B) Il in these graphs). This would help to keep 

informatior. out of the heavily favoured C channel ond force 

sorne more into the surround. Supercardioid, hypercardioid and 

bidirectional Mids with higher Side levels look promising and 

this corroborates weIl with the author's exper1ence. 

In practice it is difficult t.o achieve a pleas1ng balance 

of direct and ambient sound without compromis1ng sorne other 

parameter particularly since the decoder is unforg1ving of 

anything but the most accurately posit1oned and widest pickup 

angle. Once the pickup angle is set the amb1ent s1gnal at 

this point in space must be used. If th1S is unacceptable the 

angle must be adjusted but without comprom1s1ng the Land R 

channel separation. An ideal result is almost 1mposs1ble to 

achieve except in highly favourable acoustic conditions and 

with time to experiment with placement of microphones and 

sound sources. 

\, 
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A Note About MS 

It is often recommended that MS techniques be used rather 

than their XY equivalents [20], [21]. Practical microphones 

exhibit frequency response anomalies which vary with angle of 

incidence. With MS techniques, centre-stage sound sources 

arrive one-axis where the frequency response of a microphone is 

more likely to be accu rate . Directional microphones typically 

become increasingly omnidirectional. at lower frequencies. 

This can lead to a glut of low frequency information in the 

mono centre channel decidedly reducing any sense of 

spaciousness. It is easier to design a bidirectional mic with 

a consistent pattern at aIl. frequencies. This means that the 

L-R signal in an MS pair will. be picked up more accuratel.y. 

There are sorne trade-offs, however and the y should be 

considered. The pz:'esence of a matrix means that more 

electronics are in the recording chain_ In the heat of a 

recording session it is more difficult to keep track of what 

parameters are being affected when the rel.ative Mid and Sida 

balance is changed. Adjusting XY pairs is a rnuch more 

intuitive process. Julstrom' s analysis should be very helpful 

in ma king MS techniqu~s more "user-friendly". 

The benefit of remote control possibilities with MS pairs 

is often overstated. A small change in the relative side 

level has an effect on every parameter: the pickup angle, the 

way reverberant information is encoded, the relative 
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sensitivity at a~.l encode points, etc. A change in the 

relative M to S balance m,,'st therefor be accompanied by a 

change in either microphone position and/or sound source 

arrangement. These same problems are present in conven~ional 

stereo encoding. However, as we have seen, finding the 

optimum setup is particularly critical for Dolby Sur round 

encoding. 

Spaced Techniques 

Spaced omnidirectional microphones are used as a main 

pair by many classical music recording companies. There are 

a number of benefits which also apply to Dolby Surround 

encoding. Pressure transducers have superior low frequency 

response, are less prone to off-axis colouration, and have 

superior transient response. 

Spaced omni techniques are said to give a more spacious 

result. It has been argued that this spaciousness 1.S really 

"phasiness" [24] but clearly there are also other factors at 

\'Tork. The level of bass response has been found ta affect our 

perception of spaciousness [25] Since pressure transducers do 

not roll off at low frequencies one will perceive more bass 

and thus mor~ spac~ousness w~th spaced omn~s The reflect1.ons 

and reverberat~on from aIl over the recordlng venue are 

encoded with a more consistent (le::.s coloured) frequency 

response and with the same spatial "accuracy" as that of the 
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direct sound. 2 By contrast most coincident systems reject 

certain information from the hall and encode the ambience to 

monophonie "spots" on the front soundstage or wi th a largely 

distorted stereo spread. This fact alone makes it easier to 

achieve a musical~y acceptable sound with spaced omnis. Ease 

of use is a considerable benefit and one not often offered by 

those who swear by the technique. 

Dolby Surround decoding helps to stabilize centre images 

in recordingD made with two spaced omnidirectionals. A third 

centre mic is often used and provides the engineer with sorne 

more control over the level sent to the S channel. The 

engineer is cautioned not to under use the centre mic -- in an 

attempt to improve width in Dolby Surround -- to the extent 

that the stereo image is comprornised. 

Width is improved if sorne forro of amplitude encoding can 

be implemented. This is possible by at least two methods. If 

the microphones are placed relatively close to the sound 

sources there will be amplitude differences between the 

microphones. This implies that the sound source does not have 

significant depth and that a close perspective is 

aestheticallyacceptable. 

Microphones with sorne directionality will obviously help 

matters and this is possible with pressure transducers. The 

Neumann M50 , prized by many classical recording engineers, is 

2 See Williams [26] for more on the stereo encoding of 
ambience. 
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a pressure transducer with its diaphragm rnounted in a sphere. 

This resul ts in an increasingly directional l:esponse at high 

frequen' s. Woszczyk's spherical diffractors [27] have the 

sarne effect and can be fitted to prrc:.3surC' microphon~s with 

significantly less "grill and body work" than the M50. Such 

a microphone maintains its extended low frequen~y re.:;ponse and 

superior transient response while acquiring a shelf boost for 

frequencies above 1 kHz for on- axis s":)unds and a low pass 

filter acoustic response for off-axis sounds. 

Near coincidE .... lt techniques with their increased 

directionality offer improved amplitude encod1ng. 

In sorne cases 1t rnay be desirable to create a lush 

surround-sound "feel" as opposed to a truly distinct room 

sound. Spaced ornnis do the job very nicely. With random 

phase in the Lt, Rt pair and little or no amplitude encoding 

the steering logic will be suspended. 

Spaced techniques encode direct and ambient sound with 

equal sensitivity to aIl encode positions. Obviously this 

technique can not meet the stated goals of keeping sound 

sources on the front soundstage and ambient informat1on to the 

rear. Nonetheless spaced omni recordings can g1ve a very 

satisfacto"{ y result when decoded. The delay and the h1gh 

frequency roll off in the S channel help to fool the ear into 

perceiving the S signal as ambience. 
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SOLUTIONS -- THE MICROPHONE AS ENCODER 

Some of the classic stereo microphone techniques are 

capable of providing a pleasant resul t when played back by a 

Dolby Surround decoder. However, we have seen that these 

techniques impose many limitations on the engineer and often 

sorne aspect of the recording is compromised to achieve another 

effect. A small number of coincident techniques are able to 

encode directional information in a useful manner. However, 

these techniques are very limited in their flexibility and it 

is very difficult to achieve satisfying results. Spaced and 

near coincident techniques are easier to implement but are not 

able to encode direct and ambient information to specifie 

positions 

Clearly what is needed is irnproved flexibility, in 

particular individual control over the direct sound encoded to 

the front soundstage and the ambient sound encoded to the 

surround. 

The "S -Onl y" Encoder 

One solution is to vse one microphone system to encode 

the front soundstage and another to encode the surround 

information. The" S (urround) -only" encoder is the S (ides) 

component of the MS technique. By removing the L + R 

component we are left with only L - R, a signal which appears 



36 

with equal amplitude and opposite polarity at the Lt, Rt pair. 

The laterally-oriented bidirectional microphone will favour 

side wall reflections which have been shown to be particularly 

important to our perception of spaciousness. The microphone 

is placed farther back in the hall at a position which will 

pick up an appropriate ambient sound. 

A microphone of any polar pattern could be split, 

polarity inverted and used as an S-only encoder. An 

omnidirectional microphone will collect reflections from all 

over the room and will have a better bass response (though 

this could become a liability if room rumble is a problem.) 

The choice of polar pattern will be largely determined by 

acoustic conditions. 

The side- (or surround)-only mic gives the engineer easy 

control over the type and amount of reverb in the hall. Now 

that a surround encoder for ambience is available, the 

enginear requires an amplitude encoder for the front 

soundstage. The most straight forward solution is to use a 

pair of coincident cardioid microphones since this system is 

purely an amplitude encoder. However, as we have seen it is 

difficult to achieve any reasonable width w~th th~s system. 

More options for a front stage encoder will be discussed 

below. 

The recording engineer now has great control and 

flexibility over the sound. The front soundstage encoder can 

be independently controlled and positioned in the optimum 
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position for picking up direct sound and early reflections 

from the stage area. Likewise the sl:rround encoder can be 

placed for optimum sound quality and balanced independently. 

The original goal for the surround system has been met. 

Compatibility 

Typically a relatively small number of listeners will 

hear the recording in surround so i t is important that the 

encode scheme deliver good results in stereo and mono. In 

stereo the front soundstage is played back as usual between 

the two loudspeakers. Being an opposite polarity signal the 

ambience is quite diffuse and unlocalizable in stereo. It is 

perceived as coming from sorne direction away from the plane of 

the loudspeakers. In effect one of the most bothersome 

limitations of conventional stereo is largely overcome. Of 

course opposite polarity ambience is found in many 

conventional stereo encodings but its implementation sometimes 

seems rather arbitrary, almost accidental. 

A further advantage of using separate front and surround 

encoders over a s~ngle coincident system is that the ambient 

information is not coherent with the direct sound. This 

separates the direct signal from its reverberation temporally 

leading to improved intelligibility. 

In mono reproduction the ambience in the S signal is 

completely cancelled. While this can improve clarity on a 
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low-fi system the spatial perspecti VA of the recording is 

altered, sometimes drastically. The problem is easily 

remedied by "leaking" sorne of the ambient surround information 

into the front soundstage. This technique is frequently used 

in the movie industry albeit with the surround encoder. with 

the S-only technique this is accomplished by adding an 

omnidirectional M to the distant mic at a low level. Surround 

reproduction is not significantly compromised. Sorne 

information from the front and rear of the room will be 

encoded to the front soundstage. However, we can interpolate 

from figure 14 that an omnidirectional Mid with a high Side 

level has very high sensitivity at opposite polarity encode 

positions and quite low at ones with common polarity. 

Enhanced Sides 

The Enhanced Sides technique [28] makes use of two 

coincident cardioid microphones at 1800 with the polarity of 

one of the microphones reversed. Figure 14 ~ncludes a polar 

diagram for two cardioids with cornmon polarity at 180" 

(omnidirectional Mid with a Sides level of OdB). If we invert 

the polarity o:f one of the microphones there w~] l be no common 

polari ty signal at any angle of incidence. If we were to 

redraw the stereo polar diagram using Julstrom' s model the 

entire sensitivity curve would be a thin line and the C encode 

positions would become S. 
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The ES technique negates many of the limitations imposed 

by the encode/decode matrix. We can see that there are two 

opposite polarity encode angles, one in front of the pair 

subtending an angle of 1800 and another in the rear, also 1800
• 

No signal will be encoded to the C position. At the same time 

sensitivity at the Land R encode positions is quite high. 

The small dots show that there is wide angular distortion 

which is very helpful in forcing energy toward the S position. 

This system encodes sounds arriving from the sides of 

the mic very firmly at the Land R encode positions. This is 

because of the high difference in amplitude created between Lt 

and Rt channels. Sounds arriving from in front of the mic and 

ambience from the rear are encoded with a wide spread between 

the ~ and R encode points but toward the S position instead of 

across the front soundstage. Unlike the situation with the S

only mic, directional information about the ambience is 

encoded, reinforcing directional cues from the amplitude 

encoder. 

The fact that front originating sounds are encoded at the 

S position would appear to be contradicting the desired 

directional encoding. In fact this "distort~on" is very 

helpful in pulling instruments away from the plane between the 

front loudspeakers. The instruments seem to be in the 

listening room instead of suspended on an unseen wall in front 

of the listener . 

• 
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The ES technique is very effective in creating a stable 

ambient environment stretching from the Land R speakers and 

around to the surrounds. There is now a comfortable opening 

at the C speaker where centre stage sound sources can be 

positioned. This may be accomplished in a number of ways as 

discussed above. 

Compatibility 

Again in stereo the ambience is "localized ll out away from 

the loudspeakers, effactively widening the overall image and 

improving intelligibility.3 

Instead of cancelling in mono reproduction the ES 

technique produces a laterally-oriented bidirectional pickup. 

The overall ambience level is lower improving clarity but the 

original perspective and some important room information are 

maintained in mono. 

Some Comments on Application 

The ES technique has proven very successful in providing 

a solid spatial environment in which to build up a soundstage. 

It can be used further back in the recording venue to encode 

sidewall reflections and reverberation. Direct sound can also 

3 See [28] for additional psychoacoustic advantages of 
the ES technique in stereo reproduction. 



41 

be encoded to great bene fit by closer placement of the ES 

microphone. The image of the source will be very wide and 

will pull out into the listening room away from the plane of 

the loudspeakers. 

Boundary placement of the microphone improves signal-to

noise ratio and increases the system's directivity. Diffuse 

sound level rises 3 dB (addition of incoherent signal) and 

direct sound by 6 dB (addition of coherent signal). 

More than one ES microphone can be used in the sarne 

recording. A setup might use one boundary layer ES mic on the 

floor in front of the musicians, another against a wall behinri 

them, and another further back in the hall for reverberant 

pickup. Or more than one ES microphone could be used at 

different locations in the hall to encode more complex 

information. 

An experimental piano recording using a combination of 

techniques produced very good results. A pair of pressure 

microphones fitted with diffractive attachments and setup in 

cl quasi-ORTF configuration was used to encode the centre 

soundstage. An ES mie further back encoded sidewall 

reflections to the hard Land R positions and general ambience 

toward S. Finally an S-only mic was placed even further back 

in the hall to encode the.\ more distant reverberation only into 

the S channel. Using an S-only mic farther back in the hall 

ensures that the ambience collected here will not "compete" 
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for localization space with the sidewall reflections encoded 

by the closer ES mic. 

A number of compact discs which have been recorded using 

the ES, Baffle Boards and other techniques are about to be 

released by the McGi11 Records label. 

other Useful Techniques 

Woszczyk [29] conducted tests with various stereo 

microphone systems set in the diffuse field of a concert hall 

with speech and music sound sources. Listeners eVdluated the 

results for spatial involvement and imaging accuracy in 

conventional stereo and Dolby Surround playback. The ES 

technique was included in this study and its rnany benefits 

were confirmed. 

"Baffle boards" -- two pressure transducers mounted on 

the sides of high density particle boards angled at 45° 

were also very highly rated. This system, which should be 

used close to the source, can spread direct sound sources wide 

across the front soundstage and give a very convincing spatial 

effect in the surround channel. 

One limitation is reduced flexibility in controlling 

direct and am~ient pickup. This can be helped by using the 

baffle boards in combination with other techniques such as ES. 

Timbres and reverberation were sometimes judged to be coloured 

in this system. Baffle techniques wi th lower dl.ffraction 
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effects such as the Sphere microphone [30] show promise in 

resolving this problem. 

During the preliminary listening sessions some ambisonic 

UHJ-encoded CD' s from Nimbus gave interesting results. Nimbus 

uses a "home made" Soundfield microphone for their recordings. 

[31] A forward-facing and a side-facin<; bidirectional mie, 

and a pressure mic are aIl set up in a coincident array. With 

the addition of the omnidirectional pickup any first order Mid 

pattern can be achieved by properly combining it with the 

forward facing bidirectional. These recordings are encoded 

with the intention that they be played back through an 

Ambisonic decoder for surround sound. [32] There are some 

side effects through the Dolby decoder but reproduction is 

definitely superior to stereo. 

These recordings have very wide images in stereo and this 

width holds up quite weIl in Dolby Surround reproduction. As 

a bonus the S channel often contains only reverberant 

information. In stereo these recordings can sound phasey and 

have unstable images. These problems are largely overcome 

when played through the Dolby Surround decoder. Of course 

these recordings should ideally be doacoded with a proper 

ambisonic system. The point made here is that coincident mic 

techniques can be made to give worthwhile results. 

Spot microphones are essentially amplitude panned mono 

encoders. They can gi,\re helpful extra cues to the dominance 

detection circuits. spot microphones would generally be 

, 
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counter the decoder' s inclination to 
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applications to help 

pull sounds to the 

centre. Problems with phase are largely avoided by the large 

distance between the close and the main pickup microphone. 

Obviously there is lots of room left for experimentation 

and combining various existing techniques can produce 

excellent results. John Eargle's recordings for Delos stood 

out for their Dolby Surround performance in the preliminary 

listening sessions. Eargle generally uses a near coincident 

main pair, flanking omnidirectionals, occasional clo<;e support 

pairs, and an ambient pair of cardioids looking at the side 

walls and spaced about 1.5 m apart. [33] 

Additional Practical Comments 

Ideally a decoder and surround monitoring system would be 

available for the recording session. This allows the eng~neer 

to check for pumping and other steering artifacts which do not 

appear in stereo and to ensure sufficient front stage width. 

Of course it is useful to hear what ~s happenlng in the 

surround channel. However, the recently developed techn~ques 

described above are qui te reliable in thel r actlon. After 

sorne practice wl.th these "encoders" and with the decoder a 

competent engineer can produce pred~ctable results whl1e 

monitoring in stereo. The engineer can rely on his/her ears 
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and mono checks to work in stereo and be confident of a good 

result. 

One of t.he great benefits of working in Dolby Surround is 

that the engineer becomes much more eonscious of the important 

L-R component of his/her stereo recording. This is where the 

ambience of the hall should he encoded sinee a good spatial 

impression is much more effectively portrayed in surround 

sound and in conventional stereo when ambience is 

proportionally high in the L-R component. 

SOLUTIONS -- THE DECODE UNIT 

The original Dolby Stereo decoder was conceived 

speci fically for use in cinemas. It is important that Dolby 

Surround decoders be compatible for proper reproduction of 

encoded movie soundtracks. However, much of the circuitry of 

the decoder is dedicated to solving problems inherent in 

analogue visual media. This can im?ose unnecessary 

performance lim~tations on music-only software particularly 

since this software is likely to be delivered in a digital 

medium. 

An appropriate solution would be to have a "music" mode 

on the decoder. This would use the same speaker layout as 

Dolby Surround but would eliminate unnecessary processing and 

perhaps ~ntroduce sorne improvements for music reproduction. 
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Optional control of sorne parameters on more sophisticated 

decoders allow listeners so inclined to make adjustments. 

Surround Output Processing 

Delay 

As mentioned above the surround delay can be helpful in 

making sound in the S channel seem more like ambience, 

partieularly when spaeed microphone techniques are used. 

Consumers should be able to adjust the delay time to a setting 

appropriate to the individual re~ording. For example when an 

ES mie is set back in the hall to collect ambience there is an 

inherent delay built into the S channel of the recording. The 

additional delay of the decoder often creates a undesirable 

echo effect. 

LPF 

Users should be able to adjust the ~igh frequency roll

off in the surround channel as weIl. H~gh frequency 

components whieh deviate which are partly or completf" l y out of 

phase will be sent to the S channel and removed from the 

overall sound. This may have an adverse affect the percûived 

"openness" of the sound. 
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However some degree of fil tering may be helpful in 

certain recordings to help disguise direct sound as ambient 

sound. The electrical roll-off ~imulates ·the acoustical roll

off caused by absorbtion in a typical concert hall. High 

frequency lateral components contribute to the perception of 

image bro~dening [34], an effect which may be undesir.able in 

some recordings. 

Modified DOlby-B Decodinq 

This processing merely elCacerba~es the problem of pumping 

and image shift, a particularly bothersome effect in acoustic 

music reproduction (sea below). In fact this process is not 

even compatible with programma material which is 

conventionally encoded for surround sound. The compressed 

signal going into the encode side of the matrix does not equal 

the derived S signal expanded on the output. [35] 

processing should be eliminated from the decoder. 

Stereo Surround 

This 

Many people in the audio community take exception to the 

idea of a mono surround channel being used for music 

reproduction, eg [36] and [37]. On most programme material 

mono ambience simply contributes to an overall collapse toward 

centre. However if the ambience is properly encoded, as it is 
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by sorne of the techniques described above, this should be less 

of a concern. 

Sorne manufacturers use sorne mild processing on the S 

output to produce a quasi-stereo effect. In cne study many 

different techniques were tried in an attempt to decorrelate 

the mono surround and thus improve spaciousness. Complementary 

comb filtering, time delays, and phase shift networks between 

left and right surround speakers were aIl found to be 

inadeq\.,ate [38]. Holman reports that a slight pitch shift 

between left and right surround outputs produces a greatly 

enlarged spatial impression. This could easily be implemented 

on consumer decoders, particulary those which decode in the 

di.gital domain. However, this is a simulation Qf spaciousness 

rather than a reproduction and sorne would have trouble 

accepting the idea of pitch shift introduced in a music 

reproduction system. 

Another solution might be to devise a special steering 

logic which would derive additional control voltages from the 

L, R, and S signals. This could be used to steer information 

between the Land S toward a left-surround output and that 

between Rand S toward a right-surround output. At least one 

manufacturer is workinq on an as of yet undisclosed procedure 

(different from the one just described) for deriving a stereo 

surround. [39] 
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Pumping 

On some programme material the steering logic of the 

decoder produces significant image shift. This is particulary 

obvious following a strong transient in a highly reverberant 

environment. If the amount of directional enhancement could 

be controlled the user could adjust it to suit the programme. 

In a digitally implemented decoder the output could be 

delayed until the signal has been analyzed and the logic 

sorted out which information was to be steered where. When 

the audio is accompanying a picture synchronization between 

the audio and the visual image imposes an upper limitation on 

this processing time. This limitation does not exist in 

music-only reproduction and this fact should be exploited. 

Derivation of steering logic control signaIs could 

include a more rigorous analysis of the audio signal and could 

take psychoacoustic factors into account. Time constants for 

the steering logic should also be optimized for typical 

musical programme material. 

Loudspeaker Layout 

Even the most elaborate home theatre environment is 

significantly different from that of the cinema. The 

loudspeaker setup can be optimized for music reproduction in 

the home. A number of references offer good discussions on 
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this topic [12], [38], [5]. The general consensus is that if 

two surround loudspeakers are used that they be placed on 

either side of the listener rather than behind for maximum 

spatial impression. (See figure 17). 

It is important that the centre loudspeaker be the same 

distance from the listener as the le ft and right speakers. In 

typical setups the speakers are placed in a straight line for 

practical reasons. Sounds from the centre loudspeaker will 

reach the listener first and the front soundstage will be even 

more biased toward the centre. This could easily be 

compensated for in digital decoders by an adjustable delay on 

the centre channel output. 

It is imperative that the three front loudspeakers be 

weIl matched to ensure a smooth front soundstage and aven 

timbres. Surround speakers should match the timbre of the 

front speakers and should be have a wide directivity 

characteristic to improve the impression of spaciousness. 

Leve! Contro1s for C and S Output 

It is important that the level controls for the four 

speaker outputs be properly balanced for accurate reproduction 

of properly encoded material. However, it may be helpful to 

supply sorne level controls to compensate for inadequate 

programme mate rial. C output level could be reduced to 
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improve width across the front soundstage and/or the S output 

1evel brought up increase the ambient level. 

DISCUSSION 

Dolby Laboratories have always stressed that their system 

was designed to improve audio accompanying visual media. In 

the past they have actively discouraged the use of the system 

for music-only productions [40]. Recently, however, a couple 

of compact dises bearing the Dolby Surround logo have 

appeared. The fact that the first dise consisted of remixed 

versions of movie overtures perhaps made the move easier to 

rationa1ize! 

Shure, by contrast, seems eager to exploit this and other 

markets. Their Stereosurround encoder is essentially 

compatible with the Dolby Stereo system but has been 

"optimized" for the production of programme material intended 

for the home environment. The surround channel in this rystem 

is full bandwidth and does not include noise reduction [35]. 

Meanwhile the hi-fi music press has been practically 

screaming for properly encoded music-on1y software to playon 

the elaborate new decoding systems they review [37] [41], 

[42] . Engineers involved in recording acoustic music are 

rightfu11y suspicious of extra circui try and processing. This 

circuitry is required on surround encoders to meet the demands 

of audio accompanying visual media. Here i t has been 
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demonstrated that the Dolhy Surround Encoder can be completely 

bypassed. 

If one set out to design tbe ideal mu si c surround sound 

system the result would not be Dolby Surround. Nevertheless, 

the system offers significant improvements over conventional 

stereo. Practical reasons for adopting this particular 

surround sound system have been discussed above. Perhaps the 

most significant factor is that Dolby Surround has penetrated 

the horne market to a degree far exceeding any other surround 

system. This will likely pave the way to general acceptance 

of surround technology and improved systems for music 

reproduction in the future. 

Evidence of this trend can be found today. A number of 

manufacturers have included "music" modes and some user 

adjustabili ty in their decoders. Many of the decoder 

improvements mentioned above are found in the Lexicon family 

of processors. Sorne of these units also include processing 

for binaural recordings, cross-talk cancellation, stereo 

shuffling, as weIl as concert hall simulation. (Features of 

the CP-l are described in [l2]}. 

Recently a Home THX system has been introduced in an 

effort to improve compatibility between the sound intended for 

the movie theatre audience and that reproduced in a home 

environment. [43] It remains to be seen whether this system 

will benefit music-only reproduction. Perhaps the systems 
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main contribution will be the concept of standardizinq the 

home listening environment. 

CONCLUSION 

Dolby Surround is a well-established surround sound 

format with significant and rapidly expanding acceptance in 

the consumer market place. The system offers considerable 

improvements over conventional stereo including a stable front 

soundstage across a wide listening area and a surround 

ambience channel. While these improvements are particularly 

beneficial to acoustic music reproduction very few recordings 

have exploited the medium. 

It has been demonstrated that while sorne of the classic 

stereo microphone techniques are capable of encoding for the 

system, they are either very cumbersome to implement or unable 

to encode direct and ambient energy with spatial accuracy. 

Recently developer.l microphone techniques overcome 

limi tations of the matrix and are capable of ideal encoding of 

a stable spatial environment. Recordings made with these 

techniques offer improved stereo and monophonie performance as 

well as full surround encoding. 

It has been established that no special processing should 

be used, nor is it required, when encoding acoustic music for 

the system. Considerable improvement in the decoder 
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technology can be made, particularly in optimising it for 

musical programmes. 

A number of compact discs recorded wi th these new 

techniques are currently being released and feedback from the 

market place should demonstrate the validity of adopting the 

Dolby Surround system for acoustic music recording. 
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