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ABSTRACT

A stereophoric enhancement system is described which
expands the perceved width of the stereo sound image.
The system accets eledricd audio signals comprising a
two-channel (left and right) stereo pair and produces
enhanced left and right stereo signals for use with
conventional two-channel audio recording and dayback
systems. The system includes control circuitry which
monitors the dissmil arity of the left and right input signals
and ogionaly the dissmilarity of the left and right
processed ouput signals.  An al-pass decorrelation
subsystem can also be included for mono-to-stereo
conversion d monophonic input signals prior to the spatial
enhancement system.

1. INTRODUCTION

Spatial enhancement processes are intended to produce the aural
impresson that the stereo sound field has become larger, and
optionally to simulate a stereo effed from a monophonic
recording. These feaures are useful in order to simulate amore
spadous and natural sonic impresson than can ordinarily be
obtained via the small and closely spacal pair of spekers
frequently found, for example, in multimedia personal computing
systems.

The introduction of two-channel stereo reproduction systems in
the cnsumer marketplacein the 1950's caused a growing interest
in mono-to-stereo conversion schemes that would crede pseudo
stereo signals from a pre-existing monophonic recrding. Severa
well-known methods include [1] (a) sending the mono signal
diredly to ore output channel while sending a dightly delayed o
phase shifted version to the other channel, (b) sending alow pass
filtered version of the mono signal to one dhannel and a high pass
filtered version to the other channel, (c) sending a comb filtered
verson d the mono signa to ore danne and a version
procesed by a cmplementary comb filter to the other channel,
and (d) creding an incoherent pair of output signals by passng
the mono input signal through separate dhannels of a stereo
reverberation system.

Spatial enhancement systems may either be single-ended or
complementary [2]. Single-ended systems ad on a standard
stereo audio signal pair without the moperation of the audio

producer, while complementary systems are designed to utili ze
information that was gedficdly encoded into the audio strean
for enhancement purposes, e.g., the surround sound technology
licensed by Dolby Laboratories. Some audio enthusiasts include
a single-ended spatia enhancement device (typicdly a reverb
unit) as part of the home audio reproduction system.

In addition to the standard delay and reverb techniques, a variety
of spatial enhancement methods for two-channel (L and R) stereo
recordings have been proposed that are similar to the sum and
difference (L+R, L-R) methods of Blumlein [3]. Blumlein
discovered that atering the level of the difference signa in a
stereo recording was useful in changing the perceved stereo
image. This technique is also widely used in the middle-side
(MS) microphone arangement.

Single-ended spatial enhancement systems typicdly introduce
sonic atifads that are dharaderistic of the particular processng
techniques that are enployed. For example, sum and dfference
systems often produce an imbalance between the bassand treble
frequency ranges: too much bassif L+R dominates, too much
treble if L-R dominates. Furthermore, attempts to oltain an
expanded sound field may produce noticeale “phasiness’ in the
aural resporse. These spedral effeds are undesirable and often
result in dsstisfied users.

Therefore, a new single-ended spatial enhancement tedhnique is
proposed in this paper. This new tedhnique is designed to avoid
the strong spedra coloration that is frequently noted as a
shortcoming of existing enhancement systems. The system can
operate aitomaticdly to follow changes in the input signa
charaderistics. It is aso computationally efficient and suitable
for implementation in a multimedia personal computer system.

2. ENHANCEMENT STRATEGY

There ae avariety of approaches for performing single-ended
spatial enhancement. As mentioned, many of the published
methods operate on the stereo sum and difference signals.
Although the sum and difference gproaches can be dfedive,
they often suffer from noticedle spedra coloration and the
credion d unnaturaly strong phantom images due to the explicit
presence of inverted components in the opposite channel (-L in
right output and -R in left output). The inverted components are
helpful in producing a diffuse soundfield, but their level neals to
be mntrolled carefully. The investigation leading to the proposed



spatial enhancement method was intended to avoid the
shortcomings of the sum and difference gproach.

2.1 Characteristics of Broadened Sound
Sour ce Reproduction

It is expeded that a small or compad sound sourcerecorded in a
non-reverberant environment will be reproduced in a stereo
recording at a particular percaved locaion in space For small
sound sources located in front, the listener is typicdly able to at
least identify whether the source is to the left or to the right of
center. The resulting stereo sound field has a relatively predse
relationship between the phase of the signals in the left and right
channel. If the sound sourceis large or if severa spacal sound
sources are present, the level and phase of the rresponding
signals beames gread over some gopropriate range. Therefore,
one desirable charaderistic in aspatial enhancement system is the
ability to exaggerate the differences between the left and right
channel signals 9 asto simulate the differences that would occur
in a red environment in which the sound sources were spread
apart and/or made larger.

In addition to the interaural phase differences, a variety of other
spedral and temporal charaderistics are expeded for sound
sources locaed at different points in space Some of these
differences are due to the geometry and amusticd properties of
the red or simulated recording environment, while other
differences are dtributable to the geometry and amusticd
properties of the listener, eg., the gpropriate head-related
transfer functions (HRTFs). For single-ended gpatial
enhancement it is desired to dter the existing spedral and
temporal behavior of the signal in such as way as to exaggerate
the size and separation of the reproduced virtual sound sources.

Through the examination of a variety of theoreticd and empiricd
models for HRTFs corresponding to zero azmuth (straight ahead)
and other diredions, a set of salient spedra feaures can be
determined. By applying this equdlization to the signal from a
source locaed nea zero aamuth, it is possble to give the aura
impresson that the source has moved ou from the center, as
sugoested by Schroeder [4, 5]. A low order approximation to
these feaures indicaes the spedra magnitude equalizaion
depicted in Figure 1. The rresponding phese response for a
sound source d& azmuth nea 90° compared to a zeo azmuth
source ca be simulated by adding a @ntrolled amount of
inverted signal to the opposite channel.
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Figure 1: Equalizaion magnitude for side/front comparison

2.2 Mono-to-Stereo by Decorreation

For reasons of convenience, emnamy, or source aail ability, it is
sometimes desirable to convert a monophonic recrding into a
pseudo-stereo signal. As noted above, it is posshle to perform
mono-to-stereo  conversion uwsing a variety of delay and
equalization procedures. However, these standard techniques are
often ursatisfadory due to the spedral dterations that they
crede.

Decorrelation is a term that can be defined as a procedure to
increase the perceved dssmilarity between audio signds
without introducing audible spedral or tempord artifads [6]. In
the proposed mono-to-stereo system the decorrelation processis
acomplished by phase dispersion, i.e., the introduction of
diff erent frequency-dependent delays to a pair of signal paths.

In order to dotain alargely flat response in the frequency domain
and a dense, aperiodic impulse response in the time domain, the
proposed mono-to-stereo procedure involves two cascades (left
and right) of inverting digital al pass filters of the form
H(2)= -(a+z")/(1+az™). Each cescade @mprises svera
(typicdly five) single-coefficient al pass sages of different delay
lengths. The design choice of delays and coefficients is made to
result objedively in a low value of cross correlation and
subjedively in an urcolored response. An example set of delays
and coefficients determined empiricdly are given in Table 1.
These cacades result in impulse responses of approximately 50
msecwith a44.1kHz sample rate.

Stage 1 Stage 2 Stage 3 Stage 4 Stage 5
Left N: 169 51 18 13 5
a 0.684 0.678 -0.673 0.692 0.686
Right N: 150 69 21 9 7
a | -0.6% -0.689 0.683 0.677 -0.672

Table 1: Example dl pass delay lengths, N, and gain
coefficients, a, for left and right 5 stage decorrelator cascades

2.3 Spatial Enhancement I mplementation

The fundamental equalizaion charaderistic for the proposed
spatial enhancement procedure is chosen to reduce the mid-band
signal level (reduction o ~3dB nea 2kHz), and to provide ahigh
frequency boost (~2dB nea 8kHz) to simulate the natural
increase in brightness of sound sources locaed to the side of the
head due to the azmuth-dependent response of the externa ea
(pinna) and the orientation o the ea cana. The required
equalization can be acomplished with a paralel combination o
afirst-order low passfilter, a seaond-order band paessfilter, and a
dired path, in order to approximate the equali zation o Figure 1.

The aurrent procedure has been developed to identify and boost
dissmilar components in the L and R signads and to insert
controlled (attenuated and inverted) versions of the disdmilar
comporents into the opposite output channel. This controlled
image inversion procedure correlates grongly with a perceptual
impresson o sound field expansion by introducing prese ad
amplitude dfeds that would occur naturaly for large and widely
separated sound sources.




There ae severa ways to implement a system with these
charaderistics. A lattice (crosscouped) structure is chosen for
its smplicity of construction and analysis. The basic structure is
shown in Figure 2.
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Figure 2: Lattice arangement for spatial enhancement
procedure

In the most basic enbodiment, the dired and cross equalizer
(EQ) blocks perform spedra shaping similar to the charaderistic
shown in Figure 1.

However, to achieve suitable spatial enhancement it is important
to provide signal-dependent equalization. In cases where the left
andright input signals are very similar it is necessary to apply the
most aggressve processngin order to extrad and exaggerate any
small interchannel differences that may be present. On the other
hand, if the left and right input signals are dready substantially
different, the spatial enhancement processng can be goplied more
conservatively.

The required signa-dependent processng is achieved by
deteding the diff erence between the left and right input signals.
The “difference” can be simply a smoothed version of |L-R|, an
estimate of the aosscorrelation between L and R, or some other
comparison function. The diff erence function can then be used to
dter the dired and cross EQ gains to achieve the proper level of
spatial enhancement.

An example of this smple structure is sown in Figure 3. The
smoothed diff erence signal, labeled PFACTOR, is used to adjust

the gains of the dired and crosspaths. The dired and crossgains
will, in general, be diff erent functions of PFACTOR.
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Figure 3: Equalizer with signal-dependent gain control
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One posshle implementation of this gructure is depicted in
Figure 4. In this form, the equalizaion and gain adjustments are
acomplished using a wmbination of shared low passand band
pass filters with different signal-dependent gains for the dired
and cross EQ paths. The resulting configuration offers a low-
complexity implementation that is convenient for use on a
programmable DSPplatform.
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Figure 4: Low-complexity implementation o the signa-
dependent spatial enhancement procedure

The performance of this configuration can be improved till
further through the use of a seacond difference detedion block
monitoring the left and right output signals. The diff erence signal
at the output is used in a feadbadk manner to adjust the LPF,
BPF, and dred gains sparately. The fealbadk arrangement
enables a change in the shape of the spedra equalization that
exaggerates the differences between the left and right output
signals.

4. PERFORMANCE EXAMPLES

The behavior of the mono-to-stereo and spatia enhancement
systems described in the previous sdion can be demonstrated in
the time and frequency domains.

4.1 Decorrelation Behavior

Becaise dl pass filters are used, the decorrelator cascades
described in Sedion 2.2 have aflat magnitude response but
differing phase resporses. The dfedivenessof the decorrelation
can be observed by determining the output cross correlation
function, as down in Figure 5. For the spedfied set of
coefficients the aosscorrelation never exceals 0.1 in magnitude.
The audible dfedivenessof the derrelation hes been verified
through informal listening tests with a wide variety of signal
SOUrces.
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Figure5: Crosscorrelationfunction between left and right
decorrelator output signals

4.2 Behavior for L and R Very Similar

If the left and right input signals are very similar, it is posshble to
describe the input signals as L=M+L_ and R=M+R, where M
represents the ommon (mono) components shared between left
and right, and L, and R are the left-only and right-only
comporents, respedively. In this stuation it is desirable to
attempt to boost whatever small diff erences between L and R that
are present. In this stuation the input differencesignal (L -R) is
nea minimum. Using a ontrol function which results in a
dightly greaer boost of the dired path compared to the aoss
path, the response & the output for the “mona” portion (M) of the
L and R input pair recéves alower gain than the dired and cross
comporents which differ between the inputs. The dfedive
resporse functions are shown in Figure 6.
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Figure 6: Frequency response magnitudes for input L and R
very similar

4.3 Behavior for L and R Very Dissimilar

If L and R are dready very dissmilar at the input, it is not
necessary to ater the residual mono signal very much. ThelL, R
difference is nea maximum, and the dired path gain is
automaticdly adjusted to be much greaer than the gain for the
cross path. In this configuration the major audible dfea of the
enhancement procedure is the sight spedral shaping between 2
and 8 kHz. The response functions are shown in Figure 7.
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Figure 7: Frequency response magnitudes for L and R very
disgmilar

5. CONCLUSIONS

In this paper a description has been given of a stereo spatial
enahancement system. A mono-to-stereo al pass decorrelation
structure has also been described. The proposed structures are
effedive and o sufficiently low complexity to be suitable for use
in multimedia personal computer systems.
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