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& mmersive audio systems are making strides in such applications as telepresence;

B augmented and Vil’tl.lal reality; enter‘tainme.nt; ai'r trafﬁ.c control, pilpt warning, and
o é guldance systems; displays fo_r the visually impaired; distance learning; and profes-
o sional sound and picture editing for television and film. Here, we examine signal
- processing issues that pertain to the acquisition and subsequent rendering of 3D

&, @ sound fields over loudspeakers. On the acquisition side, recent advances in statistical meth-
ods for achieving acoustical arrays in audio applications are reviewed. Classical array signal
processing addresses two major aspects of spatial filtering, namely localization of a signal of in-
terest, and adaptation of the spatial response of an array of sensors to achieve steering in a given di-
rection. The achieved spatial focusing in the direction of interest makes array signal processing a
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necessary component in immersive sound acquisition
systems. On the rendering side, 3D audio signal process-
ing methods are described that allow rendering of vir-
tual sources around the listener using only two
loudspeakers. Finally, we discuss the commercial impli-
cations of audio DSP.

Immersive Audio Systems

Stereo sound reproduction has its origins in the U.XK.
where Blumlein developed a system in 1931 that could
place a sound in the horizontal (azimuth) plane by using an
appropriate combination of delay and level differences [1].
His work focused on the development of microphone
techniques that would allow the recording of the ampli-
tude and phase differences necessary for stereo reproduc-
tion. A few years later, Fletcher, Steinberg, and Snow, at
Bell Laboratories in the U.S., discussed a “wall of sound,”
and concluded that an infinite number of microphones
would be necessary to capture a sound scene [2]-[4]. At
the reproduction end, an infinite number of loudspeakers
would be required to reconstruct the sound field in a man-
ner similar to the Huygens principle of secondary wavelets.
The Bell Labs researchers proposed a practical implemen-
tation based on a three-channel system consisting of left,
center, and right channels in the azimuth plane. Such a sys-
tem could represent the Jateralization and depth of the de-
sired sound field with acceptable accuracy. The first such
stereophonic three-channel system was demonstrated in
1934, with the Philadelphia Orchestra performing re-
motely for an audience in Washington, D.C., over
wideband telephone lines.

The evolution of sound reproduction from its invention
60 years ago to today is in many respects similar to the evo-
lution of orchestral music [5]. Barly music, such as that of
Mozart, was confined to a relatively small stage. Beetho-
ven’s symphonies widened the stage, as well as the dynamic
range of the sound. Later, composers such as Berlioz and
Mahler placed instruments or soloists off to the side or
even behind the audience. Today, we experience music,
sound, and image in films like “Terminator IT” that utilize
practically the entire audible dynamic range (peaks can
reach 115 dB SPL) and present sounds that fully surround
the listeners. However, even with today’s cinema or home
theater multichannel sound systems, sound is mainly con-
fined in the horizontal (azimuth) plane. Immersive audio
seeks to create a seamless, fizfly 3D aural environment that
preserves the correct spatial sound localization for a lis-
tener that may be moving.

Sound Acquisition with Microphone Arrays

The acquisition of audio signals from spatially distributed
sound sources can be achieved using several methods. For
example, in order to implement high-quality
teleconferencing or telepresence systems, it is necessary to
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The wideband nature of the
signal found at the source

in audio applications adds
complexity not commonly found
in other signal processing
applications.

address problems that are specific to these environments,
such as background noise, reverberation, and echo cancel-
lation. Microphone-array methods have been proposed for
fast blind identification of multipath acoustic channels, as
well as for audio signal copy i.e., for estimation of the
transmitted acoustic waveform. Following are several key
issues that arise in the implementation of such systems.

Subspace Tracking of Speech and Sound
In applications such as hands-free audio communication
and videoconferencing, microphone array processing has
been used to suppress noise and speech reverberation that
results from reflections induced by undesirable multipath
propagation. The class of fixed or static arrays addresses
this problem by using microphones with a very narrow
spatial directivity. It has been shown that in an enclosed
space, the direct-to-reverberant-power ratio at a given dis-
tance between the source and the receiver is related to the
directivity factor of the sensor [6]. Combining the output
of several such sensors can enhance the signal from a de-
sired location and improve the quality of recorded speech.
Fixed microphone arrays are robust because they do not
make strict assumptions about the statistics of the acousti-
cal environment or the signals. The downside is that their
performance is limited by the number of sensors in the ar-
ray. In addition, fixed arrays cannot handle complex,
time-changing noise and reverberation environments.
Adjusting the adaptive array coefficients to match the
sound field constitutes a complex inverse filtering problem.
Traditional techniques combine the measurements at the ar-
ray output by inserting time delays so that a direct acoustical
source signal from a particular direction of interest adds co-
herently. This processing step, commonly known as szeer-
ing, maximizes the array system response along a certain
propagation path, and is justified by the fact that sotirces are
usually modeled to propagate along planar or spherical
waves. In real applications of speech acquisition in acoustic
environments, spatially colored ambient noise, reflections,
and reverberation cannot be neglected by the adaptive pro-
cessor. In these cases, simple delay-and-sum beamforming
forming may result in signal cancellation [7]. Hence, in ran-
dom reverberant acoustic environments, it has been sug-
gested that steering should be treated as a matched filtering
problem that involves the inversion of the acoustic channel
impulse response rather than a problem of time delay com-
pensation of the direct path [8], [9].
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Dereverberation of Acoustic Channels
The inversion of the reverberant acoustic channel be-
tween the speaker and the sensor is complicated by the
non-minimum phase characteristics of the channel [10].
Miyoshi and Kaneda solved the problem by using an ar-
ray of sensors, and assuming that the acoustic paths be-
tween the sources and sensors do not have common zeros
[11]. This method requires exact knowledge of the trans-
fer functions of the paths and, thus, it is difficult to imple-
ment in real, time-varying acoustic environments.
Another family of dereverberation methods is based on
microphone arrays followed by optimal postfiltering, which
allows the removal of noncoherent parts of the recorded sig-
nal (Fig. 1). According to this class of systems, first de-
scribed by Allen [12], the sum of properly delayed
microphone signals is filtered by a time-varying postfilter,
whose transfer function is derived from the cross-spectral
densities (coherence functions) of the sensor signals. The
underlying assumption is that the noise and reverberation
form a diffuse acoustic field, and hence can be considered to
be uncorrelated with the direct path of the desired signal.
Simmer et al. were the first to derive a formal expression of
the optimal postfilter based on the Wiener approach [13].
He also included a generalized sidelobe canceler to remove
coherent noise components. Recently, Marro ¢t al. per-
formed the theoretical and experimental analysis of the

A 1. Block diagram of a microphone array with optimal postfiltering. The system consists of three processing modules: the generalized

methods to draw conclusions about their behavior in real
environments [ 14]. They showed that when a strong corre-
lation exists between the desired speech signal and the rever-
berant components, the improvement yielded by the
postfilter is limited. However, in a videoconferencing con-
text, the postfilter reduces other perturbations such as
acoustic echo and localized noise sources.

Adaptive Beamforming
Classical, adaptive, statistically-optimum beamformers
maximize the signal-to-noise ratio of the array output
for optimal signal detection. The multiple side lobe
canceler (MSC) is perhaps the earliest statisti-
cally-optimum beamformer introduced by Applebaum
et al. [15]. Widrow et al. studied the adaptive antenna
problem by minimizing the mean square error between
the beamformer former output and a reference signal
[16]. The array adapts its pattern to form a main lobe
with its direction and bandwidth determined by the ref-
erence signal, and to reject signals and noise outside the
main lobe. Frost generalized Widrow’s approach into a
constrained optimization problem with a goal of mini-
mizing the array output power, while maintaining a cer-
tain frequency response in the desired direction [17].
Conventional adaptive beamforming methods cancel
the desired signal when they operate in environments

beamformer attempts to compensate for the effects of the multipath acoustic environment, the Wiener filter tries to reduce the inco-
herent noise components that have been partially removed by the beamformer, and the data statistics estimator functions in tandem

with the two other modules.
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The design challenge in desktop
audio systems is to successfully
map these standards onto the
desktop environment through
appropriate acoustical and
psychoacoustical scaling and
system design.

where the interference is correlated with the signal of in-
terest. This is particularly true in hands-free speech acqui-
sition using microphone arrays, because reflections from
the enclosed room surfaces produce interference that is
highly correlated with the useful signal. In the context of
coherent signal classification, a spatial smoothing
scheme, first suggested by Evans et al. [18], and subse-
quently studied by Shan ¢t al. [19], was exploited to over-
come this problem. The method involves a uniform linear
array using sub-aperture sampling that essentially
decorrelates the coherent signals. To deal with a reduc-
tion of the effective array aperture induced by smoothing
techniques, Williams ¢# a/. [20] introduced the modified
spatial smoothing method, specifying the conditions un-
der which such a goal is reached. Other advanced tech-
niques used forward and complex conjugate backward
sub-arrays of the original array [21]. For the case of
broadband signals, spectral averaging [22] as well as fre-
quency-invariant beamforming has been employed to de-
stroy the correlation [23].

Acoustic Arrays for Binaural Hearing Aids
Microphone arrays with binaural hearing aids combine
the spatial filtering functionality of the array and the nat-
ural benefits of sound localization and speech intelligi-
bility due to binaural listening. Currently, arrays of
acoustic sensors with appropriate signal processing
achieve directional selectivity to enhance sound sources
from a specific direction, while canceling jamming and
noise sources. Adaptive processing of the microphone
signals is employed to cancel interference, with good re-
sults when the direct component of the interference is
stronger than its reverberation [24], [25]. Recently,
Desloge ¢t al. pointed out that a user of array systems
with one-channel output cannot localize sounds or per-
ceive speech that may result naturally by ear. Hence,
they developed and evaluated single- and dual-array,
fixed-processing systems that achieve a compromise be-
tween the goals of a maximally directional response and
a faithful preservation of binaural cues [26]. In related
work, Welker et a/. devoted the low-pass frequency part
to binaural processing for left-right source localization,
signal detection, and speech reception, and the
high-pass frequency part to adaptive array processing
for noise cancellation [27].
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Optimization Methods for Sensor Positioning
One of the design aspects of a microphone array is con-
cerned with the optimal positioning of the acoustic sen-
sors. Using the Nyquist sampling theorem for a
uniformly spaced linear array, sensor spacing should be at
most Api/2, where A, 1s the smallest waveform wave-
length to avoid spatial aliasing effects [28]. On the other
hand, the antenna length should be at least A,.,/A8, where
Amax 18 the greatest waveform wavelength, to achieve a de-
sired main lobe beamwidth equal to A8 in radians. Hence,
the number of sensors should be greater than
2 na/ A8, Which may be too large for audio applica-
tions. Efforts to reduce the number of sensors are based
on non-uniformly spaced arrays. In addition, circular and
other planar multiple sensor configurations have been
employed to expand the azimuth localization region of an
array. Minimum redundancy linear arrays allow for in-
creased array aperture by reducing the number of redun-
dant spacings in the array [29]. Several optimization
criteria are proposed by Gazor and Grenier in [30] and
references therein. The described criteria are based on the
quality of the array for beamforming, the array perfor-
mance for linear filtering, minimum variance
beamforming, and mutual information criteria.

New Advances in Robust Array Processing
Recently, the importance of extending the statistical array
signal processing methodology to the so-called al-
pha-stable framework has been demonstrated. Array pro-
cessing methods have been developed for a larger class of
random processes, which include the Gaussian processes
as special elements. The proposed methods, based on al-
pha-stable statistical theory and fractional lower-order
statistics (FLOS), can be applied in environments which,
while sharing many characteristics, also differ from
Gaussian environments in significant ways. In particular,
techniques for source detection and localization, and time
delay estimation were developed, which perform opti-
mally over a wide range of heavy-tailed noise environ-
ments [31]-[33].

Currently, research interests lie in wireless distributed
multimedia applications, where the spatial selectivity of
an array of sensors can be used to operate in close fre-
quency bands and suppress undesirable noise and inter-
ference in favor of the signal of interest. Work has
focussed on the development of methods for beam steer-
ing and waveform recovery. The objective has been to al-
low successful acoustic signal direction-of-arrival
tracking in the presence of a large number of side-lobe in-
terferers in a possibly hostile environment.

Several major design considerations are involved in the
aforementioned scenario, in which moving antenna ar-
rays play an important role. First, signal processing de-
sign must accommodate arrays with a time-varying
manifold. The calibration of such arrays will have to be
done blindly because in many situations it is either impos-
sible or impractical to deploy calibrating sources. Second,
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the environment can be highly non-stationary and unpre-
dictable, characterized by unfavorable ever-changing
propagation conditions due to the presence of interferers
and jammers. Therefore, the design of robust micro-
phone arrays that perform well in a wide range of interfer-
ence and noise environments is of great importance.
Third, the proposed solutions must be impervious to
problems in hardware. Because it is costly and sometimes
impossible to replace faulty hardware, the proposed
methods should be able to work by suitable processing of
the remaining available measurements. Finally, audio ap-
plications require beamforming techniques that are gen-
eral enough to work for wideband signals.

Time-Delay Estimation with
Two-Sensor Arrays

The problem of microphone-array steering and sound
source localization is of great interest in immersive
telepresence and teleconferencing applications. For ex-
ample, it is often required to automatically redirect a
video camera so that the person speaking is in the
field-of-view. In multi-participant environments it is de-
sirable to provide spatially-selective speech acquisition as
well as noise and echo cancellation.

Inter-sensor Time-Delay Estimation (TDE) is a
method commonly used (see [34] and references therein)
to estimate the position of a source using bearing infor-
mation. The majority of TDE methods proposed so far in
audio applications use second- or higher-order statistics
of the measurements to locate the signal of interest. A
drawback of these methods is that they are not robust in
heavy-tailed noise or severe interference environments.

The wideband nature of the signal found at the source
in audio applications adds complexity not commonly
found in other signal processing applications. Addi-
tionally, the a priori noise and interference statistics are not
known, and they may vary with time. Traditional Gaussian
modeling of noise signals fails when the signals exhibit im-
pulsive behavior. Therefore, a new model is used, namely
the Symmetric o-Stable (SaS), which can better account
for the outliers that exist in real-world signals.

In the following, we formulate the TDE problem, we
describe the Phase Transform (PHAT) method for TDE,
and we present a recently proposed variation of PHAT that
is based on the Fractional Lower-Order Statistics
(FLOS-PHAT) of the received signals. The FLOS-PHAT
stands up to the presence of a severe noise background.

Robust TDE in Heavy Noise

Consider the two-element microphone array system,
shown in Fig. 2, which measures the signals

7, (&) =x(t)+n (t)and 7, (£) =x(t — 1) + 2, (£) (1)

JANUARY 1999

in which the noise components #,(¢) and #,(¢) are as-
sumed to be zero mean and uncorrelated with the desired
speech signal x(¢). The goal is to estimate the delay 1 from
the two microphone measurements in order to localize
the sound source x(¢). Transforming the measurements
into the frequency domain yields

R, () =[X(0) + N, ()]
R, () =[ X ()¢ + N, (B)] 2)

Then, the cross-spectrum of the two signals can be found
from (2) to be

Crr, 0= E{R (k) R; (B)} =070 3)

where 6y* = E{|X(k)|*} is the signal power.
PHAT method [35] smoothes the cross-spectrum
Cr,r, (k) by a window inversely proportional to the mag-

& 2. Block diagram of an array system with two microphone sen-
sors used for time-delay estimation.

IEEE SIGNAL PROCESSING MAGAZINE 59




nitude of the cross-spectrum. This results in a weighted
cross-correlation function

CR]KZ (k)

Cor, ) @

Cw (k)= =3](1)k1:

RR,

whose inverse Fourier transform to the time domain gen-
erates a peak corresponding to the value of the delay .
The PHAT method performs well when the noise com-
ponents are Gaussian. However, when the noise deviates
from the ideal Gaussian assumption, and is better charac-
terized by the alpha-stable class of distributions, the per-
formance of PHAT degrades significantly.

A dual tool to the second-order cross-correlation func-
tion can be defined based on the FLOS of the measure-
ments [36]. The fractional lower-order correlation
function is expressed as

s =" 0 .
where  y'# =|y|1771y*(0<p<1) is  called the
“signed-power non-linearity,” and affects only the mag-
pitude of the measurement. Clearly, whena = & = 1, the
above definition reduces to the usual cross-correlation
function between the measurements. Fractional
lower-order statistics of the form (5) have been used in
the design of signal-processing algorithms that can han-
dle the existence of heavy-tailed noise in the data [36].
The FLOS-PHAT method uses a smoothed version of
the fractional lower-order correlation function defined in
(5) to estimate the time delay in a robust way:

Ay z, ®)
[z 5, ) ©)

The TDE accuracy of the PHAT method, vis-a-vis the
FLOS-PHAT technique is shown in Fig. 3, using actual
sound measurements in heavy noise. The figure depicts the
reaction of the two algorithms to the occurrence of noise
outliers in the measurements. It is apparent that the
FLOS-PHAT time-delay estimates are not influenced as
much by the presence of heavy noise as the PHAT estimates.

AglRl (k)=

Immersive Audio Rendering

The methods for sound acquisition described above rep-
resent one important element of immersive audio. The
other element pertains to the seamless reproduction of
real and virtual sound sources in 3D space around a lis-
tener. In this section, we discuss several issues that relate
to immersive audio reproduction over loudspeakers.
Human sound-source localization is based on the esti-
mation of frequency-dependent differences in intensity
and time of arrival at both ears for source localization in
the horizontal (azimuth) plane. In the median plane time,
differences are constant. Localization is based on spectral
filtering by the outer ear. The reflection and diffraction of
sound waves from the head, torso, shoulders, and pinnae,
combined with resonances caused by the ear canal, form
the physical basis for the head-related transfer function
(HRTEF). This system can be modeled as linear and
time-invariant, and is fully characterized by the HRTF in
the frequency domain [37].
Immersive audio-rendering systems are

A 3. Transient performance of the PHAT (top) and the FLOS-PHAT (bottom)
methods for time-delay estimation of an audio signal in heavy noise. The fig-
ure shows the offset of the estimated TDE from the actual value. The use of
fractional lower-order statistics makes the FLOS-PHAT method more resistent
to the presence of noise outliers in the sound medsurements.
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I ' | : ‘ based on digital implementations of such
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8 S e 00 T 10 aon T =m0 a0 | fied spherical head model [38]. More recent
\ 8 ! P ! b methods are based on the measurement of
E 150 r'___f i — ! - HRTF’s for each desired virtual sound source
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l § O'ﬁl}”‘d‘ —ﬂfJ—ﬂ——————— —if- — - —_—— ] sured HRTFs is that they account for the
I S e e 1 effects of the pinnae, diftraction from the head,
100 I_‘ ! L R and reflections from the upper body.
0: ' 50 100 ¢ 150 200 ' 250 300 In principle, it is possible to achieve excellent
Block Number (Each Block 1024 Samples, Fs=22050Hz) reproduction of 3D sound ficlds using such

methods, however, this requires precise mea-
surement of each listener’s individual HRTF’s.
In fact, the magnitude and phase of these
head-related transfer functions vary signifi-
cantly not only for each sound direction, but
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Just map the conventional
processes already available into
the digital domain, execute with
DSP processing, and voila, better
quality over analog techniques.

also from person to person. Current research in this area is
focused on achieving good localization performance while
using synthetic (non-individualized) HRTF’s derived
through averaging, modeling, or by using HRTF’s of sub-
jects that have been determined to be “good localizers”
[40]-[42]. Begault [43] found that there are currently
three major barriers in 3D audio implementations:
psychoacoustic errors, such as front-to-back confusion;
the requirement of long FIR filter lengths to accurately
represent measured HRTF’s; and frequency- and
phase-response errors that arise from mismatches between
non-individualized and measured HRTFs.

Crosstalk Cancellation for
Loudspeaker Rendering

Delivery of immersive audio can be achieved through
headphones or loudspeakers. Here, we focus our discus-
sion on loudspeaker methods for two reasons: There is a
large installed base of desktop computers with two loud-
speakers on either side of the monitor, and headphone de-
livery requires the user to be tethered to the system. While
with headphones it is possible to deliver the appropriate
sound field to each ear, with loudspeakers it is necessary
to eliminate the crosstalk. This crosstalk arises because
each loudspeaker sends sound to the same-side
(ipsilateral) ear, as well as undesired sound to the oppo-
site-side (contralateral) ear.

The two-loudspeaker, two-ear system can be fully
characterized by a 2 x 2 matrix of transfer functions in the
frequency domain (Fig. 4). In order to render a virtual
sound source in a particular direction, it is necessary to
deliver to the left and right eardrums of the listener the
signals E; and Ep, respectively,

I
E, 0 H,|S 7)
in which Hj is the virtual sound source HRTF for the left
ear, Hp is the virtual sound source HRTF for the right
ear, and § is the monaural input sound.

Rendering over loudspeakers, however, introduces an
additional transfer matrix that includes ipsilateral (Hj)

and contralateral (H,) terms, and as a result, the actual sig-
nals arriving at the ears are given by

ST
E, H H,| 0 H, |§ (8)
Note that if the position of the listener changes over time,
then the ipsilateral and contralateral transfer functions
will not be symmetrical as shown above, but will vary to
reflect the HRTF’s for the listener’s new position. Adjust-
ments for these variations can be achieved through track-
ing of the listener’s head in 3D space [49]-[52]. In the
analysis below, we assume that the listener is seated sym-
metrically, with respect to the loudspeakers.

In order to deliver the signals in (7), given that the
physical system results in (8), it is necessary to preprocess
the input signal § by inverting the matrix introduced by
the loudspeakers

E,| [H HTH H'[H, 07s
E.| |H.H,|H, H, 0 H, |S| )

This can be written as

Several methods have been proposed to ad-

dress crosstalk cancellation. The first such {
scheme was proposed by Atal and Schroeder
[44], and later again by Damaske and Mellert
[45]. The main limitation of these early systems
was the fact that any listener movement that ex-
ceeded 75 to 100 mm completely destroyed the
spatial effect. A method proposed by Cooper
and Bauck modeled the head as a sphere, and
then calculated the ipsilateral and contralateral
terms [38]. A similar method by Gardner ap-
proximates the effect of the head with a
low-pass filter, a delay, and a gain (less than 1)

[46]. Cooper and Bauck [47], [48] showed that
under the assumption of left-right symmetry, a
much simpler shuffler filter can be used to im-
plement crosstalk cancellation as well as synthe-
size virtual loudspeakers in arbitrary positions.
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A 4. With a loudspeaker-based rendering system, the listener’s ears receive the
desired ipsilateral sound (represented by the transfer functions H;) , as well
as undesired contralateral sound (represented by the transfer functions H,) .
In order to render the correct signal in each ear, it is necessary to remove the
crosstalk terms.
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E, H, H, 1 H, /H,
[ER:\:}:Hr Hi:H:_HE/Hl 1 }
H,/H, 0 T8
0 )

(10)

under the assumption that the second-order ipsilateral
term is much larger than the second-order contralateral
term (i.e.,1-H / H} =1). This assumption is justificd
due to the natural “crosstalk cancellation” that arises from
shadowing of the opposite ear by the human head.

Theterms H, / H,and H, / H, in (10) correspond
to inversion of the HRTF’s introduced by the loudspeak-
ers, while the off-diagonal terms ~H, / H, represent the
crosstalk cancellation. The required loudspeaker signals
are then found to be

H, H,

x, = 2 M —F,S
H H H,
H H

XR — R _Hr L :FRS
H, H, H

(11)

in which F; and Fy are the filters that must be imple-
mented for preprocessing the input signal so that it is per-
ceived from the desired direction.

Inversion of Non-Minimum Phase Filters

The implementation of the filters F and Fr shownin (11)
is complicated by the fact that the ipsilateral transfer func-
tion (Hj) is a non-minimum phase filter. A typ-

tification and inverse modeling problem. Its solution can
be based on standard adaptive methods such as the LMS
algorithm [56]. An example of an HRTF generated using
this method is shown in Fig. 5. It can be seen that the re-
sulting synthetic HRTF is in very good agreement with
the originally measured HRTF for that azimuth and ele-
vation. The FIR filter length, as well as the delay 4, are se-
lected so that the mean squared error is minimized.
Furthermore, iterative adaptation of the step size u leads
to faster convergence as well as fewer incorrect adjust-
ments. This method is particularly well-suited to
real-time applications, in which it is important to account
for movement of the virtual sound source positions and
movement of the listener’s head. A current implementa-
tion is under development that incorporates this algo-
rithm with a video-based head-tracking algorithm that
can operate in real-time on a Pentium/Win NT platform
[57]. In parallel with FIR filter methods, IIR methods
are also being examined for HRTF implementations in
order to reduce the computational complexity inherent in
long FIR filters [54], [58]-[60].

Acoustical and Psychoacoustical
Considerations for Desktop Rendering

A significant amount of work in the area of high-quality
sound production and reproduction has originated from
the film industry. A well-defined set of standards has been
developed for sound monitoring conditions in dubbing
stages to ensure the transparent reproduction of program
material in theaters. Such standards include loudspeaker

ical solution to this problem is to use cepstrum
analysis to design a new filter with the same | @ P L o
magnitude as H; but keep it minimum phase at | = L \[\\,\, L T 7
the same time[53]. The drawback is that infor- % —40 A A A% A Nl E
mation contained in the excess phase islost. Jot | o 80T ' RV “
et al. [54] presented a method in which every | & —80¢ . . ] " \
HRTF is separated Into a minimum phase, and g T T T 8 70 2 14 16 18 20 |
an all-pass component is approximated by a | = Frequency (kHz)
linear phase response. N S
Another method has been proposed [55] E—; =40 N Ty AT T T i ‘
that maintains the HRTF phase information. | = -60 '1 o ™ Sy ' _
The non-causal, but stable impulse response | £ g0 . ‘|
that corresponds to H,/H; in a different Re- | & 00— T T T O—— T s e —20
gion of Conycrgence is found. A delay is then | = T Frequ@ncy (kHz) ,
introduced in order to make the filter causal. | @ e e L
The trade-off and the corresponding challenge 5 r . J ‘
is to make the delay small enough to be imper- ‘ oo . ; o ' "\'UV lt
ceptible to the listener, particularly when there | 8 60 L Takt iy ’” "\ A “f‘"\" M, 4’ "‘-,-'w\‘ WY W 'f\‘ R
is associated video material required to be syn- \ T 804 ‘ ' | o ‘ |
chronized to the sound. ’ ;czs ‘1000_ 42_—4'_’46“ B 10 1 17 14 16 T 20
One possible implementation of this Frequency (kHz) _
method is by using an adaptive algorithm. The | — ]
problem of finding the filter H,,, such that the & 5. Top: HRTF generated using the LMS method described in the text. Middle:

mean squared error E[e(n)] is minimized, can
be classified as a combination of a system iden-
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Original measured HRTF for 0° azimuth and 0° elevation. Bottom: Signal-
to-error ratio of the generated and original HRTF's.
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positioning for multichannel monitoring, loudspeaker
frequency response and directivity requirements, precise
sound-pressure level calibration, control of room acous-
tics parameters (such as reverberation time and discrete
reflections), and background noise levels. Meeting these
standards ensures that material produced in one profes-
sional dubbing stage can be monitored under identical
conditions in another dubbing stage or in a movie the-
ater. The design challenge in desktop audio systems is to
successfully map these standards onto the desktop envi-
ronment through appropriate acoustical and
psychoacoustical scaling and system design.

In a typical desktop sound-monitoring environment,
delivery of stereophonic sound is achieved through two
loudspeakers that are typically placed on either side of a
video or computer monitor. This environment, com-
bined with the acoustical problems of small rooms, causes
severe problems that contribute to audible distortion of
the reproduced sound [61]. Among these problems, the
one most often neglected is the effect of discrete early re-
flections. The effects of such reflections on sound quality
have been studied extensively [61]-[65], and it has been

The noise of the living space
tends to be low-frequency in
origin, and the noise of the DAC
tends to be white with an
emphasis on high frequencies.

shown that they are the dominant source of monitoring
non-uniformities when all the other standards discussed
above have been met. These non-uniformities appear as
frequency-response colorations in rooms with an early re-
flection level that exceeds —15 dB in spectrum level, rela-
tive to the direct sound for the first 15 ms. Such a high
level of reflected sound gives rise to comb filtering in the
frequency domain that, in turn, causes noticeable changes
in timbre (Fig. 6).

A potential solution that alleviates the problems of
early reflections in small rooms is near-field monitoring.
In theory, the direct sound is dominant when the listener
is very close to the loudspeakers, thus reducing the room
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& 6. The local acoustical environment can influence the quality of the reproduced sound. Sound reflected from nearby surfaces inter-
feres with the direct sound and gives rise to audible comb filtering. The bottom left plot shows a time-domain impulse measurement,
with the direct sound followed by a second peak due to the reflection from the flat table surface. The frequency response of the com-

bined effect is shown on the bottom right.
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effects to inaudible levels. In practice, however, there are
several issues that must be addressed in order to provide
high-quality sound. One such issue relates to the large re-
flecting surfaces that are typically present near the loud-
speakers. Strong reflections from a console or a
video/computer monitor act as baffle extensions for the
loudspeaker, resulting in a boost of mid-bass frequencies.
Furthermore, even if it were possible to place the loud-
speakers far away from large reflecting surfaces, this
would only solve the problem for middle and high fre-
quencies. Low-frequency room modes do not depend on
surfaces in the local acoustical environment, but rather on
the physical size of the room. These modes produce
standing waves, which give rise to large variations in fre-
quency response.

To address the problems described above, a set of solu-
tions has been developed for single-listener desktop repro-
duction that delivers sound quality equivalent to a calibrated
dubbing stage [497, [61]. These solutions include:

Direct-path dominant design. By combining elements
of psychoacoustics in the system design, it is possible to
place the listener in the direct sound field that is dominant
over the reflected and reverberant sound. The colorations
that arise from these reflections are eliminated, resulting
ina listening experience that is dramatically different than
what is achievable through traditional near-field moni-
toring methods. The design considerations for this di-
rect-path dominant design include the effect of the
video/computer monitor that extends the loudspeaker
baffle, as well as the large reflecting surface on which the
computer keyboard rests.

Corvect low-frequency vesponse. There are problems in
the uniformuty of low-frequency response that arise from
the standing waves associated with the acoustics of small
rooms. Such anomalies can produce variations as large as
+15 dB for different listening locations in a typical room.
The advantage of desktop audio systems lies in the fact
that the positions of the loudspeakers and, to a large ex-
tent, the listener, are known a priori. It is, therefore, possi-
ble to use equalization to produce very-smooth,
low-frequency response. Due to the limitations of
small-room acoustics, this can only be achieved for a rela-
tively small volume of space centered around the listener.
One possible solution to this problem can be found by
tracking the listener’s position, and adjusting the equal-
ization dynamically [57].

Digital Signal Processing for
Consumer Audio Applications

When digital signa] processing was first introduced in the
early 1980s, it looked as if most audio-related signal pro-
cessing would be performed by DSP chips within a few
short years. Manufacturers’ application notes for compo-
nents such as graphic equalizers seemed to show the way:
Just map the conventional processes already available into
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the digital domain, execute with DSP processing, and
voild, better quality over analog techniques.

In fact, one reason that audio signal processing was
used to demonstrate the capabilities of the first DSP chips
is that it was audio hobbyists at semiconductor compa-
nies who led the way by showing off their technology to
the rest of the world, through audio-applications. How-
ever, they did so without regard to the sensitive
cost-performance trade-offs of the consumer market. (Af-
ter all, they had a back room full of chips!) Also, such early
designs may not, in fact, have considered all of the prob-
lems associated with mapping from the analog to the dig-
ital domain. These problems include frequency warping
of equalization and filter characteristics when converting
to a sampled data system, as well as complications from
gain changes between a properly dithered input linear
PCM signal and an output signal. If the signal is attenu-
ated, it becomes under-dithered on the output, revealing
quantization distortion of output DACs. Another reason
that DSP has not taken over the consumer audio market is
the difficulty in programming DSP processors, which are
largely hand-coded for optimum performance.

Audio designers are becoming knowledgeable about
DSP, or at least looking for DSP solutions as prices drop
and performance improves. Additional application areas
once thought too difficult or expensive to consider in ana-
log technology are now becoming interesting topics. In
the last several years, oné principle application area has
emerged where DSP is essential, because other techniques
are just too slow and expensive, or require large capital in-
vestment and quick time to market. This is the area of
low-bit-rate coding systems. To date, about 785,000 DSP
decoders have been sold, incorporating AC-3 or DTS mul-
tichannel codec algorithms, as well as several million
MPEG and AC-2 two-channel codecs. With design wins in
the ATSC digital television system and DVDs now being
fielded in the U.S., geometric growth rates for low-bit-rate
coding applications are expected in the next few years. In
turn, this will bring costs down, as volume builds and ex-
pected performance gains are realized.

What low-bit-rate processing has shown is that incorpo-
rating psychoacoustic principles can be most productive,
with greater than ten-fold compression possible with only
fairly minor degradation of the original quality.
Low-bit-rate coding uses two elements from
psychoacoustics—frequency and temporal masking—to do
the job. There are many more principles of psychoacoustics
that remain to be exploited. These include:

The loudness effect. This is the reason for the loudness
control on audio equipment. It is based on the
psychoacoustic effect that human hearing is not as sensitive
to low frequencies as it is to middle and high frequencies.
This sensitivity varies with reproduction level, more severe
as the playback level is reduced from the original level. Pre-
vious solutions to this problem have been plagued with a
lack of calibration standards, and no understanding that it
is the differential equal-loudness contours of hearing that
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need to be derived to obtain correct results. Once such
psychoacoustic effects are understood, and calibration
made available through a tie in between electrical and
acoustical levels, a system can be designed to overcome
what is a very real defect in most people’s hearing [66].
oom equalization. Research conducted at the Na-
tional Research Council of Canada [62, 63, 67, 68] has
shown that the effects of room acoustics on reproduced
sound are far greater than differences between loud-
speaker brands. This problem has long been recognized,
but is difficult to solve in small rooms primarily due to the
fact that it is theoretically impossible to invert the room
response [ 10]. However, by applying psychoacoustics, in
addition to acoustic principles, it may be possible to de-
velop a transparent inversion method, rather than one
that|solves the general response problem in rooms.
Most high-end equipment today employs DACs with
more than 16-bits. Practically speaking, this is in order to
ensyre monotonicity to the 16-bit level, and good differen-
tial non-linearity performance, since most source material
has @ 16-bit dynamic range. The problem with 16 bits is
that the dynamic range is about 95 dB from instantaneous
peak to broadband noise levels. If the replay level is set to
motion picture theater standards, 0 dBFES will be set to a
105-dB sound pressure level. This means that ~95 dBES
willlcorrespond to 10 dB SPL. While this seems like a par-
ticularly low level, in fact it was shown to be above the au-
dible threshold in a survey of 50 living rooms [69]. The
noise of the living space tends to be low-frequency in ori-
gin] and the noise of the DAC tends to be white with an
emphasis on high frequencies. Thus, for good perfor-
mance, an external level control following the DAC is nec-
essary. This needs to be interlocked with the DAC, with
gain ranging performed by a combination of post-DAC
anafog gain control within the digital domain gain control
befpre the DAC. Even so, 16-bit performance, in terms of
noise level, is considered limiting, and 20-bit performance
may solve this DAC problem, offering a peak replay level
of 120 dB, with a noise floor of 0 dB SPL.
Ihese are a few examples in which psychoacoustic
knowledge can be brought to bear on audio problems that
are|perhaps best solved by DSP techniques. Impediments
due to cost-performance trade-offs and difficulty in pro-
gramming are decreasing, and with new immersive audio
technology on the horizon, application areas are increasing.
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