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ABSTRACT: Surround sound now appears as a feature on a myriad of consumer audio products. Much confusion exists regarding the
function and capabilities of such systems. This article discusses the range of ‘surround sound” systems available and explains two
fundamental principles of operation. This leads to a discussion of the capabilities and limitations of current systems and likely future

trends.

1 INTRODUCTION

The term "Surround Sound” has been used to describe a
number of products and systems. The frequent use of this term
has watered down its impact. This article describes a range of
past and present surround sound systems discussing their
technical merit. It addresses the questions - What is “Surround
Sound” ? What can it offer consumers, now and in the future?

Some simple systems merely aim to make a difference in
the produced sound. The technical details of these so called
“surround sound” systems are often lost in the marketing hype.
Many ‘surround” or stereo expanders are little more than
selective gain boosters, adding bass, treble and amplifying the
stereo difference.

Other surround sound systems offer a complete new
approach to the recording and reproduction of audio. They
can create a listening experience well beyond that of standard
two channel stereo — fully immersive audio. Several multi-
channel audio systems and media formats have been
developed and are now readily available at a consumer level.

Adoption of new technology requires a reason to change.
In the past, advances beyond two-channel stereo, such as
quadraphonic, have not had great consumer success. The
reader may ask, what has changed now ?

+ Consumer surround sound is being driven by ‘home
theatre’ — recreating the movie sound track experience in
the home.

Advanced media such as the Digital Versatile Disc (DVD)
has made multi-channel audio practical and convenient.
The availability and capability of advanced digital signal
processing has made the technology for recording and
playback of surround audio more affordable.

The range of surround sound product on the market is growing
rapidly and will continue to do so.

2 TYPES OF SYSTEM

Acoustical events generate sound pressure waves or variations
at the point of observation. This can be described as a sound
field — pressure variations about the mean air pressure. A
listener at the observation point perceives this sound field
through the senses (hearing, touch and perhaps sight through
the effect on objects around the listener). To simulate or
reproduce an acoustical event we can either attempt (o recreate
the sound field or just the effect on the senses.

2.1Sound Field

A sound field system aims to recreate the acoustical pressure
field over a region of space. Such a system is independent of
the listener in the sense that a representation of an acoustical
event is recreated even if no listener is present.

Sound field systems typically use a multitude of speakers
to reproduce sounds originating from different directions.
‘The goal may not always be to recreate the exact sound field,
but rather something which will be perceived as similar or
convey the appropriate information.

“This type of system is well suited to delivering surround
sound to a large audience. However to accurately represent a
sound field over a large region of space a very large number
of channels would be required [1].

2.2 Binaural

Rather than recreating an actual sound field, binaural systems
attempt to reproduce an appropriate stimulation of the
listener's auditory senses. By controlling the sound only in the
region of the ears (as with headphones) t is possible to control
the excitation of the listener's eardrums. This can result in the
perception of complex spatial sound.

Binaural systems deal with only two channels of
information.  Through direct recording or appropriate
processing, these two signals are constructed to represent the
pressure variations experienced at the cardrums of a head
placed in the desired sound field. When using headphones,
the transmission path from the headphone driver to the
eardrum can be measured and inverted to compensate for the
effects of the ear canal.

Complexities arise with binaural systems due to the fact
that each individual has a unique head related transfer
function (HRTF) [2). Psycho-acoustic effects can strongly
bias the perceived sound when it is not consistent with visual
cues. Despi drawbacks it is still possi the
perceived position of sound sources using binaural
techniques.
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Binaural systems have the advantage of a smaller signal
space. Less information is required to produce a surround
sound experience. However, once a signal is reduced to a
binaural form, the listener s no longer free to experience the
effect of moving in the sound field. ~Small rotations of the
head are useful for resolving sound source locations — this
‘mechanism is lost once a signal is reduced to static binaural
form.

2.3Hybrid Systems

‘The distinction between the two types of systems is not always
casy. Hybrid systems may use a combination of the two.

‘The premise of a transaural system i to deliver a binaural
signal using speakers [3, 4]. Processing of the binaural signals
must be carried out to cancel the speaker cross talk and head
related transfer functions. The goal is to achieve independent
control of the pressure at each of the listener’s eardrums using
two or more speakers. There is a fundamental limitation of
the region of control and the bandwidth. For full bandwidth,
accurate transaural delivery the listener and speaker locations
‘must be known to within a few centimetres.

A sound field audio signal can be monitored over head-
phones. By simulating the transfer functions of the speakers
to the listener’s cars, an appropriate binaural signal can be
constructed from the sound field recording. The transfer
functions model the interactions of the playback speakers, lis-
tening room acoustics and head related transfer functions.

Listener

Figure 1. Two channel sterco configuration

3 CURRENT SYSTEMS

3.1Stereo

Stereo is not confined to two channels [4] — cinema stereo in
the 1950’ employed four channels of audio [S]. ~The LP
phonograph became the first major consumer sterco format
and provided only two channels due to physical constraints.
Since then the term stereo has become associated with two
channel audio recording and playback. In its basic form a
stereo system is a sound field type system which can create
the illusion of virtual sound sources between the two speakers
(Figure 1).

Depending on the recording techniques used, a stereo
recording can contain binaurally encoded information and
produce a larger sound image space over headphones or
speakers.

‘The optimal listening position is along a line bisecting the
two speakers. This area is known as the ‘sweet spot’. As the
listener moves away from this region, the quality of the sound

field imaging will degrade — sound images initially between
the speakers will become unstable and collapse to the nearest

speaker.
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30|
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Figure 2. Quadraphonic configuration

3.2 QUADRAPHONIC

Several techniques were developed for delivering more than
two channels of audio in the early 70s. Typically the additional
two channels were encoded on top of the existing two
channels. There were several standards, each requiring its
own decoder.

Quad systems represent a sound field type surround
system covering 360 degrees in a planar array (Figure 2). The
90-degree separation between speakers tends to leave holes in
the sound imaging, particularly at the front centre.

Quad systems were not associated with movie program
material and did not offer a significant advantage to
consumers for audio program material. The presence of
competing and incompatible standards created confusion in
the market. As a result of this and other contributing factors,
quad systems were not commercially successful.

3.3 Matrix Stereo

In the mid to late 70s, matrix techniques similar to those used
for quadraphonic were used for film sound [5). Four channels
of audio information could be encoded on only two channels
by exploiting the phase relationships between the channels.

The Dolby MP Matrix encodes two extra channels as
matched phase and opposing phase additions to the left and
right channels (Figure 3 [6]). In decoding, the centre channel
is derived from the sum of the Lt and Rt channels while the
surround is derived from the difference. The matrix encoding
and decoding process is degenerative and can only achieve
3dB channel separation between adjacent channels [6].

A speaker layout suitable for film sound was adopted with
left and right plus a centre dialog channel and a surround
effects channel (Figure 4). Dolby Stereo became the standard
distribution format for film sound using optical encoding of
the Dolby MP Matrix two-channel soundtrack on the film [].
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Even with steering, all channel matrixing processes,
including Dolby ProLogic, suffer a fundamental limitation.
The four hannels derived from the matrix stercosignal ar not
fully Both th d Is hi
reduced bandwidth [6]. Complicated acousllcal events with
many simultaneous dispersed sound sources cannot be
accurately recreated.

Another matrixed surround format is Circle Surround.
‘This process claims improved channel separation and steering
over Dolby ProLogic [12].

3.4 Ambisonies

is a hi i system for the optimal

Figure 3. Dolby MP Matrix Encoder
Centre
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Figure 4. Dolby Surround configuration
Rather than creating an field,

representation of sound fields. It is based on spherical
harmonic expansions of the wave equation [1, 7). The
techniques involved have been developed from a combination
of acoustical control and psycho-acoustic principles to
correctly match important auditory localisation cues.

Ambisonics is not tied to any particular speaker layout and
represents a very flexible and generic way of recording,
simulating and re-creating three dimensional sound. It has
found applications in large audio displays for virtual reality,
artistic presentations and theme park entertainment.

Several consumer surround decoders offer an Ambisonic
decode mode. A limited amount of program material is
available for these decoders in a matrixed stereo format.
Although the system is well founded in theory and can deliver
excellent results, in practice it has not found a market beyond
surround enthusiasts. The process of correctly setting up an
Ambisonic decoder and speaker array is quite complex.
Hopefully support for this format will continue — it represents.
a good option for true sound field recordings on emerging

lti-ch: 1 audio media.

concerned with reproducing a desired cinematic experience.
‘The surround channel is used to create enveloping effects and
ambience rather than exact sound source image locations.
‘The centre channel is used to create a stable front sound image
across the entire audience — a larger ‘sweet spot’.  This

ts a significant i over hannel stereo.

As video recorders became popular in the 80s, matrix
stereo surround found its way into the home. Consumer
Dolby Surround decoders allowed recreation of the four
channel movie sound track from a two channel video source.
A pair of diffuse radiating speakers is generally used to
appropriately reproduce the surround channel.

Active steering was introduced to improve the decoding
process. Through monitoring the relative levels of the decoded
channels, the intended sound direction can be estimated. An
additional gain stage is included in the decoder to ‘steer” the
sound in that direction, emphasizing the effective channel
separation.

Dolby ProLogic incorporates active steering and became
available in consumer products in 1987. This gave an
effective channel separation for a steered sound source of
37dB [6). The additional processing introduces artifacts as
the active matrix responds to the input and steers the output —
this is known as ‘pumping’.

3.5 Multi-channel Digital Formats
To overcome the limitations of matrix surround for movie
soundtracks, multi-channel digital formats were introduced.
Dolby Digital 5.1 (AC-3) and DTS were introduced as com-
peting standards for theatre sound around 1992. Both use
compression algorithms to reduce the multi-channel sound
track to a manageable amount of digital data [8, 11, 13].
Dolby Digital typically uses a higher compression ratio than
DTS. Quali parison of the cheme:
is a contentious issue.

Dolby Digital and DTS offer 6 independent channels of
audio for a cinema configuration — three front channels, two
rear or surround channels and a low frequency effect (LFE)
channel (Figure 5). The rear channels are usually line arrays

of speakers in a theatre to reproduce a diffuse sound field.

Both of these formats are now available in consumer prod-
ucts. Dolby Digital has secured a greater share of the market
by leading the way in available media. More laser discs pro-
vide an AC-3. audio stream compared to DTS titles. The
option of an AC-3 audio stream has been integrated into the
DVD video standard around the world. Dolby Digital trans-
missions are expected to accompany digital TV broadcasting
later this year in the US.

Acoustics Australia

Vol. 26 (1998) No. 3 - 83



[ @

Subwoofer  Listener
[ Right
Surround Surround

Figure 5. Speaker configuration 5.1

‘The sound quality is a significant improvement over ana-
log matrix stereo. The overall audio experience can be more
convincing and enveloping. With an installed base in place,
the 5.1 configuration s also being used for audio only mater-
ial. There are many DTS recordings of popular music now
available on CD [13].

Movie material in the home is brought to life by multi-
channel digital audio. As directors and sound engineers are
learning to take full advantage of the format, new release
movies are delivering powerful and interesting surround
sound.
3.6Sound Enhancements
Many surround products and decoders offer proprietary modes
for surround enhancement. Synthesizing additional surround
channels can enhance conventional stereo  recordings.
Although such systems may produce a ‘surround sound” effect,
it i the result of a processing algorithm rather than the inten-
tion of the recording artist. While being a useful selling fea-
ture they are often fatiguing to listen to for extended periods.

For source material already in a surround sound format,
the unit may add additional ambience or acoustical presence.
Movie sound tracks are intended for playback in the
environment of a large theatre. To recreate this sound in the
home theatre, the system must be accurately set up and
calibrated. Additional processing can be used to compensate
for the difference in frequency response and acoustical
properties of the smaller home theatre. The LucasFilm THX
company offers a range of technology and certification of
equipment for this purpose [14].

Advances in signal processing algorithms and hardware
will continue to provide greater scope for sound
enhancements.  Consumer products will adopt these as
product features and differentiators.

3.7 Virtual Surround Sound

Multi-channel surround formats raise an issue of convenience
for consumers. Setting up a full speaker array can be costly
and impractical in domestic situations. Some interesting
technologies are now emerging in consumer products to
address this.

The term ‘virtual surround’ is being used to describe
products that create the impression of a surround sound system
using headphones or two speakers [9]. The surround speaker
feeds, which would normally be fed to a complete speaker
array, are processed to add spatial information.

Over headphones a binaural signal can create the
impression of virtual speakers around the listener. Binaural
impulse responses can be convolved with the speaker feed
signals adding directionality and spatial characteristics [15].
For headphone listening, binaurally processed virtual surround
can be vastly superior to a simple 2 channel down mix.

Using two speakers, specially designed filters can be used
to create the illusion of sound image locations beyond the span
of the speakers. These filters consist of the head related
transfer function of the desired virtual sound source position
combined with the inverse of the head related transfer function
of actual speaker. The net effect is to use the physical speakers
to excite the listener’s cardrums with a signal approximating
that which would be experienced had the sound source been
elsewhere (the virtual source location).

The rear surround channels are processed in this way and
‘mixed into the front stereo channels to create the impression of
a diffuse sound field to the side or behind the listener. With
this type of system, there is a trade off between the quality of
the effect and the range of listening locations it will cover
(‘sweet spot” size). These transaural systems are well suited to
an individual listener in a known location [9].

4 FUTURE TRENDS

A significant force in the development of consumer surround
sound is the available media. Home video material is the
largest source of surround program material. Currently most
of this is in matrix surround format (stereo VHS, cable or
direct TV).  The number of titles released on DVD will
continue to increase and more of these will offer full surround
audio tracks.

Without being an official standard, the 5.1 speaker
configuration (Figure S) is becoming the dominant consumer
configuration. Consumer amplifiers supporting full surround
decoding and speaker outputs will become more affordable.
With a growing installed base of surround sound systems,
more TV programs and audio only material will support the
new multi-channel formats. Computer games and multi-media
will also embrace and support this format as the computer
becomes integrated into the home-entertainment system.

As media capacity and processing ability increase, the cost
of multi-channel audio systems will decrease. It is likely that
several audio formats will evolve for even more channels.
Already higher order systems are used in custom installations
like theme park rides and specialty theatres such as IMAX.

The installation of large speaker arrays will be justificd for
theatres and public spaces but will not be practical for the
domestic market. Even five speakers present a logistics
problem in the average home theatre. There will be an
increasing trend in technologies for reproducing higher order
surround formats over a reduced number of speakers.

High capacity sources, such as the DVD, will contain the
individual speaker feeds to allow the use of a full array. In
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addition to decoding the surround sound, players and
amplifiers will perform processing to make optimal use of the
speaker setup the listener is using. Cordless headphones and
personal speaker arrays will deliver high quality spatial sound.
Personal computer or viewing terminals will use passive video
techniques to locate the listener and optimize transaural audio
delivery [10].

As the number of channels increases, multi-channel audio
and true 3D sound begin to merge. Ultimately audio will be
represented as sound events or samples with specified
locations and acoustical environments. Tntelligent players will
render this audio information taking into account the listeners
speaker configuration and listening environment. ~ Audio
compositions will become virtual audio landscapes in which
the listener is free to roam and explore or simply pull up a
virtual chair, sit down and listen.
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CATT-Acoustic v7 is a seven-module 32-
bit Windows MDI application for Windows 95
or NT 40, It integrates prediction, source
addition, auralization, sequence (batch)
processing, directivity, surface properties and
post processing.

Prediction Module:
employs the unique
Randomized Ta-correced f&

ray- mdng settingsand |
creates numerical resuls, [
plotfiles and optionally |
data for the multiple
source and post-
processing modules.
Geometry editing is
performed in a customized editor linked to
the main program or via an AutoCAD™
interface.

Surface Properties Module: manages
named surface properties. Named properties
can also be defined directly in geometry files.

Multiple Source Addition Module:
creates new echograms based on resukts from
the prediction module. Source directivity, aim,
eq and delay can be varied without need for a
full re-calculation. The module optionally

creates data for multiple source auralization.

Source Directivity Module: imports
data in the common measured 10° format,
interpolates from horizontal and vertical polar
measurements,or uses a unique DLL-interface
that can s pariomn amy modelling.

| with anechoically recorded
material The module offers
many postprocessing
tions, transaural replay,

mumple source auralization, software
convolution, headphone equalization, and an
assortment of file format conversions, scaling
and calibration utilities.

Plot-file Viewer Module: dupht/s. prines
and exports graphics created by the
modules. Lists of plot-files can be e or
presentations, optionally with auto-playing
WAV-files.

Sequence Processing Module:
manages processing lists so that all steps from

Version

7.1 just
released!

prediction over binaural post-processing to
convolution can run unattended in batch.

Lake DSP is the exclusive supplier of
CATTAcoustic in Australia and New
Zealand.

Lake DSP's high performance convolution
and real-time simulation software is fully
compatible with CATT-Acoustic.

o
Convolution Processor or Huron PCI Digital
Audio Convolution Workstation.

Contact Lake DSP or CAT-Acoustic
(wwwanetg se/~catt) for demo disks or Lake
DSP demonstration CD-ROM.
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