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Abstract—A system for the extraction of uncorrelated reverber-
ation from two-channel (stereo) audio signals is proposed and eval-
uated. Applications for the new system vary from surround-sound
multichannel loudspeaker upmixers for home-theater or automo-
tive audio systems, to headphone-based auralization for enhancing
the spatial sound quality of a listening experience. The new
system uses the normalized-least-mean-square (NLMS) algorithm
to equalize the two input signals with respect to both spectral
magnitude and phase before differencing to remove correlated
components. A theoretical model of the system based on a sto-
chastic room impulse response model was validated by empirical
measurements made in a reverberant hall with a microphone pair,
and from a formal subjective evaluation the system is shown to
be an effective approach to extracting reverberation from audio
recordings.

Index Terms—Adaptive bltering, ambiance extraction, loud-
speakers, reverberation, sound quality, spatial audio, upmixing.

I. INTRODUCTION

XTRACTION of reverberation from audio signals is an

increasingly relevant problem for spatial audio system
designers. Upmixing two-channel (“stereo™) audio recordings
to four or five channels allows for reproduction with immersive
multichannel loudspeaker systems found in domestic “home
theater,” automotive audio, and teleconferencing environments.
Furthermore, headphone audio systems would benefit from spa-
tial audio enhancement with ambiance auralization processors
to reproduce the recorded reverberation in a way that seems
more enveloping. These “ambiance extraction” upmixers can
reduce the number of channels stored or transmitted, while in-
creasing the spatial sound quality of the recreated sound scene.
Recent audio upmixers [1]-[4] rely on a common principle
of extracting reverberation embedded within the recording,
rather than adding artificial decorrelation. The method for
accomplishing this relies on the assumption that those sound
components that affect our perception of recorded reverberation
(i.e., reverberance) are uncorrelated in the two input channels,
and that removal of the correlated sound components will yield

m; ) and
m; ) (where or =lor2and # ). For the generation of
each output channel the upmix process can be summarized as
follows:

1) filtering the mn; input audio signal with respect to a set
of filtering coefficients (typically with a 1024-tap finite-
impulse response (FIR) filter);!

2) time-shifting the m; input audio signal with respect to the
other input signal (typically with a delay of about 10 ms);

3) calculating a difference between the filtered m; and time-
shifted m; signal. (This difference signal y;) can then be
radiated with a separate loudspeaker, such as a rear loud-
speaker in a multichannel audio system, or processed using

1In all experiments reported here, the sample rate of the digital signal pro-
cessing system was 44.1 kHz.
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sampletimes =0and = L, —1, the other between = L,
and = L. Thefirst of these sequences represents the IR
from the direct sound and earlyflections (ERs), and the other
sequence represents the reverberation (the latter component is
therefore called the reverberant component). ERs afiaate

Fi . . as “those rélections which arrive .. via a predictable, non-

ig. 2. Two-component acoustic impulse response model for the time-domain L . L

transfer function between two locations in a room. Thaxis is time and the Stochastic directional path[16] whereas reverberation is gen-

y axis is pressure (or voltage). THiest part up to thenixing timeL.. is called  erally considered to be soundflections impinging on a point

the early component and consists of the direct sound and edtéctiens, .g., microphone) which can be modeled as an exponentially

which primarily affects the perceptual image corresponding to the recor;iégg . P . . . . .

sound source (the source image). The second part is called the reverb aying, ergodic, stochastic process, with a Gaussian distribu-

component, which primarily affects reverberance imagery. tion and a mean of zero [17], [18]. Empirical validation of this
IR model from concert hall measurements is reported in [13].

It is the early component of the IR that primarily affects
is proportional to the level ofn; ). This undesirable conse-source imagery, such as perceived source direction, width and
guence can be mitigated by normalizing the gradient estimatigigtance, and the reverberant component that affects reverber-
with another scaler that is inversely proportional to the powefce imagery, such as envelopment and feeling for the size
of m; ), and the algorithm is therefore called the NLMS alof the room [19]. The reverberant component is created by
gorithm [10] a high temporal density of independently distributed discrete

reflections. According to the central limit theorem, the local
m; )i ) (6) pressure distribution in a reverberdidld is therefore normal
(Gaussian) [17]. This allows the time boundary between these
with 0 1, andé is a regularization constant added tdwo components in our IR model (called thexing tim§g to be
the power estimate to ensure against computational probleemspirically determined using a measure for normality such as
for low input levels. kurtosis. This can therefore be used to identify the optimum
Besides the decrease in computational load of implementifiier length for removing correlated sound components, as
the filter-update and signdiltering in the frequency domain shall be discussed in Section VI-B.
[requiringfive fast Fourier transforms (FFTs) per iteration], the The input signalsn; ) andm; ) are described by the
performance of the frequency-domain and time-domain NLM& oustic convolution between the sound source signgland
algorithm are equivalent [11]. In the present work, the overlaghe L,.-length direct-path coétients summed with the convo-
save technique [12] was used with an overlap factor of 4.  lution of s ) with the L — L,.)-length reverberant-path coef-
ficients, as shown as follows:

wij ) =wij —1)

+

D. Principle of Orthogonality

L,.—1 L
The optimal state is attained when the gradient operatorjig ) = Z s — )di, + Z s —Drig, =1or2.
equal to zero, so under these conditions = I=L,
(8)
E{m; ), )}=0unx. @) As mentioned, the direct-path IR cdiefents are théirst L,

samples of thel-length IR between the source and two mi-
This last statement represents the principle of orthogonaltfyophones, and the reverberant-path IR ficieits are the re-
[8, p. 96]. This is particularly advantageous if the system is to pRaining .— L,.) samples of these IRs. The time-varying source
used as an upmixer for multichannel loudspeaker systems Wiiimples and time-invariant IRs are novfided as the vectors

a pair of rear loudspeakers radiating the error signals, where g, Y=1[s )s —1),....s —L.+1)T.
the fidelity of the virtual image corresponding to the location « s Y=[s —-L,),s —L,—1),....s —L)T
of the recorded sound source (tseurce imageshould be o — (4, d;y,... . dip 1 7.

maintained by the upmixing process [13]. This is because the y, — [ri \Tity - Tip—rL.—1 L.
source image is only affected by correlated components withins, ) js that part of the source signal that travels along the
m; andm;[14], so a radiated signal which is uncorrelated witheverberant paths. The acoustic convolutions between the radi-

eitherm; or m; cannot contain a sound component that affectged acoustic source and the early and reverberant-path IRs in

this source image. (8) can be written as
IV. SIGNAL MODEL m; )=st ) i+sl r. 9)
A. Room Impulse Response Model For convenience, the early and reverberant path convolutions

. . . . re repl with
The time-domain acoustic transfer function between two lg_e eplaced wit

cations in an enclosed spaesuch as between a sound source
and a microphone diaphragrtan be modeled as a two-part
; . g an
impulse response (IR) [15], as summarized in Fig. 2.

In this IR model, thel-length acoustic IR is represented as
two decaying time sequences; one of which ifired between Spi )= sT' r. (20)

Sdi ) =Sq )

d



USHER AND BENESTY: ENHANCEMENT OF SPATIAL SOUND QUALITY 2145

Using the denitions for the cross-correlation vector All sound arriving after the direct sound up to the mixing time
and auto-correlation matrix , can be ex- isincluded in the calculation of the direct sound energy and the
pressed as reverberant-to-direct energy ratiois de ned according to (29)

(19) —_— (29)

where is the variance of the signal
Conveniently, can be dened in terms of just and the

(20) direct-path correlation with a ve-step procedure.
1) Starting with (22) and expanding the cross-correlation
Now, substituting the denition of given in (16), we obtain vector and autocorrelation matrix gives
from (19)
(21)
This allows , de ned in (14), to be obtained by dividing (30)
(21) by 2) Using the denitions for the signals and al-

lows (30) to be written as

(22)

which can be simplied by de ning the normalized cross-corre-
lation coef cient between and as the vector [22]

— (23)
and (22) can be expressed as (31)
(24) 3) Expanding (31), we get

When is white noise, the autocorrelation matrix
is diagonal such that

(25)
wherel is the identity matrix. So for near-white input
signals, approximates

(26)

Allowing  to be conveniently expressed as a function of the
two-norm of the cross-correlation vector

(27)

B. Effect of Microphone Location on Output Level

The direct-to-reverberant (or reverberant-to-direct) ratio is a
commonly used term in acoustics ded as the relative en-
ergy densities of the early-arriving and reverberant sound [23,
p. 342]. The distance from the source at which this ratio is equal
to unity is called the reverberation distancéor radius) and for (32)
a room of volumem  with reverberation time  (seconds),
the distance (meters) is approximated by (28) [24]

With the assumptions given in Section IV-B that the
reverberant and direct components are uncorrelated and
that the reverberation is normally distributed noise with a
— (28) mean of zero and is uncorrelated in each input channel,
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the underlinedterms in (32) can be removed. Further-
more, according to (29) we can replake{sZ; )} with

B {35, ) . ghing
i=1-E{sq; )sai )}
x (E{si; )} 7w+1) (B{sa; )sh; )}))™
XE{SdJ' )Sd,i )} (33)

4) The generalization in (25) allows (33) to be written as
i=1-E{sq; )sai )}
-1
x o’ i ’7i+1)02,)

X E{sq; Sd.i
{ "’ ) o )} T Fig. 4. Input signal correlation (max) , as afunction of direct-path cor-
_ E {Sd,j )Sd,i )} E {Sd,j )Sd,i )} (34) relation i and the reverberant-to-direct ratio.

=1
o ot it)

5) By déining the cross-correlation cdifient vector be- optimumfilter length and to validate the signal model proposed
tween the direct-path vectay ; ) and the direct-path jn Section IV-A.

samplesq; ) as

A. Method
__ Efsa; )sai )} (35)
s To create the test stimulus, white noise was reproduced from
\/E {53,1' ) E {3(211 ) asingle loudspeaker on a stage in a 2000concert hall (rever-
beration timel; = 1.8 s at 1 kHz) and recorded using a pair
the resulting solution for ; is found to be dependant on theof cardioid microphones. The state of one adaiiter and the

direct-path IR correlation ,  and the reverberant-to- final NMSE level was noted after 30 s, which will be discussed
direct levely; shortly.
9 The frequency-domain NLMS algorithm parameters used for
i=1— || g || ) (36) the analyses were as follows:
vi+1 » overlapping factor: 4;

Combining (36) and (27), it is seen that the interchannel cor- delay of urfiltered channel: 500 samples.

relation ., .., iS proportional to the correlation of the direct—B Selection of Filter Length

path IRs and inversely proportional to the relative reverberant
energy in the IR The purpose of the new system is to remove the correlated

direct-component from the input signals, so the length of the
2 || y adaptivefilter is designed to be the length of the direct-sound
=4 = 0 (37) . L . :
i+ 1 components (i.e., up to the mixing time of the intermicrophone
_ o ) impulse response, which is equalftg in Fig. 2). Kurtosis was
When the reverberation level is high, the denominator of (3¢ked as a measure of normality, as the reverberant component of

will dominate: the input cross-correlation will be low and thg, impulse response can befided as that part where the local
output error level large. This trend is visualized in Fig. 4, whelgstripution is normal (Gaussian) [17]

itis seen that when the level of reverberation is 60 dB higher than

the direct part, the correlation between the two microphones is KUrtosis— E{z - }4
approximately zero, irrespective of the correlation between the - ol
direct path sound. It can also be seen that when the direct sound . .
level is 30 dB greater than the reverberant component level, {ff8ereé isthe mean and the standard deviation of A popula-
overall correlation between the two input signals is dominaté@" of samples with a normal distribution has a kurtosis of 3. To
by the correlation between the direct path signalsands. . empmcally d_etermlne thg onset of the reyerberant_ componentin
As typical concert-hall recordings of music are generally ma&%e adaptiveilter, a running measure of its kurtosis was calcu-
with the microphone diaphragms within the reverberation radi!fged' The rectangular averaging window was 96 samples and

[6], the most applicable part of Fig. 4 is to the left-hand side € Window was advanced by 12 samples between consecutive
the central line of they; axis. block averages. Fig. 5 shows the kurtosis of the adafitteefor

differentfilter taps, wherein it can be seen that a normal distri-
bution occurs at about 1000 samples (23 ms), with two low-level
reflections occurring later. This probably explains why no sub-
Two experiments are now reported which used empiricgctive improvement in system performance was achieved for
measurements made in a large reverberant space to investigateeases idilter length over 1024 taps [13], and therefore the

I

|| m m;

(38)

VI. EXPERIMENTAL RESULTS
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Fig. 5. Local kurtosis of adaptiviéiter for spaced microphone recording with
on-axis loudspeaker reproducing white noise in a concert hall. Filter length was
8192 taps, the overlapping factor was 4.

Fig. 6. Maximum absolute cross-correlation (in a 23-ms window, averaged
over the recording) for different microphone spacings. White noise was repro-

duced with a loudspeaker in a 2000-iwoncert hall and recorded with micro-

length of thefilter in the subjective evaluation of the UPMIXEL,cne pairs with a variety of spacing. THEM" ” recording was with a micro-

reported shortly was also 1024. phone-spacing of 1 m, but was 26 m from the source; all other recordings were
made 3 m from the source.

C. Validation of System Model

In a second measurement, the spacing between the mic
phone diaphragms was varied while keeping the distance frc ol o
the source constant (about 3.5 m). The exception to this was
case when the microphone pair was taken to the back ofthe hi =3[
about 26 m from the loudspeaker source yet only 1 m apart.
the latter case, even though the correlation of the direct soug
and early rflections may be high, the reverberant-to-direct Ieveg -15
ratio ~) would also be high. As predicted by (37) (summarizec
in Fig. 4); wheny is larger than about 15 dB, the overall inter- i ;g om
channel correlation,,, ,,, is dominated byy and is no larger o5l * 48cm
than 0.4, giving an NMSE of about1.5 dB. In other words, 2 m

-10

Mike spacing:

O 6cm

_20 =

X K X | = Theory
when recordings made in a reverberéietd are upmixed, the =301
level of the output signals are similar in level to the input sig .|
nals.
Looking at Fig. 6, the far-away microphone pair (i.e., cas -40 i j : : : i
P ) . 0.3 0.4 05 06 0.7 0.8 0.9 1
1 m*) is highly correlated at low and high frequencies (abou Max |Cross—correlation|

0.95 at 100 Hz and 0.8 at 12 kHz), and therefore the NMSE ] ) ) )
s low (abouit— 15 B). At mid-requencies, however, the sigh9, 7 Efect o termicophone corelation of MISE, using tre date pre.
nals are less correlated (0.38 at 1.5 kHz) giving a higher NMSfput signals for different frequencies (i.e., the same data as was used in Fig. 6).
(close to 0 dB). A similar trend is also seen for the other mi-
crophone pairs. This can be explained by two factors: First, if
the microphone diaphragm spacing is small compared with theth of which were not the case (due to air turbulence and back-
wave-length), there is little decorrelation effect as the soung@round noise). Also, because tfiger update step-size wds
pressure is similar at each microphone [21]. This explains white, the optimal solution could never be exactly met and this re-
for the 6 cm spacing the microphone signals are highly corrgults in gradient noise [9] which would limit the minimum level
lated up to about 1 kHz. Second, the reverberant-to-direct ra@itthe error signal. Other studies [25], [26] have remarked how it
reduces at high frequencies due to air absorption (about 0.1 igsery difficult to get NMSE statistics for practical adaptivle
per meter at 4 kHz but only 0.001 dB/m at 100 Hz; [23, p. 224fgring applications (such as echo canceling or dereverberation)
and sound absorption from objects in the room such as st&Bs than about20 dB.
chairs and carpets.

The relationship of microphone signal cross correlation and VII. SUBJECTIVE EVALUATION
NMSE shown in Fig. 7 support the signal model. The model is A subjective evaluation of the new ambiance extractor upmix
less robust when the correlation is high, but it must be remegystem was undertaken to investigate if people preferred up-
bered that the theoretical derivation assumed stationary imputsixed “surround-souritiloudspeaker audio scenes or the orig-
response statistics as well as a noise-free operating environmarat “legacy steredtwo loudspeaker scene.
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musician. The loudspeaker was either equidistant to each micro-
phone {on-axig’), or 3 m off-axis. There were three variants of
the new upmix system which were compared with each other
and with a reference 2/0 scene created by reproducing the orig-
inal two-channel recording with just the front loudspeaker pair.
Thus, the enhancement of the new upmix system compared with
conventional two-loudspeaker presentation could be evaluated.
The three upmixer variants, plus the 2/0 scene, are summarized
as follows:
1) unmodfied 2/2 upmixer (as described by Fig. 1);
2) 2/0 (only the front two loudspeakers were active);
3) 2/2 upmixed sound scene with rear loudspeaker channels
delayed by 10 ms;
4) 2/2 upmixed sound scene with rear loudspeaker channels
Fig. 8. Signal schematic for preference experiment. All audio outputs were attenuated by 6 dB. .
from a DVD-A player (the low-frequency effect channel was a normal, full- The front loudspeaker signals were delayed by the 500
bar_ldwidth signa_l).Th? real:lot_]ds‘peake‘rchannelswitching d_evic_ewasapasgia(mme delayD, plus 1024 samples to account for the delay
:\r/]v(;tvt:‘l?]llng box with art*A-B” clicking switch. The channel gain-trims are notCnc the upmix signal processing system. The 10-ms delay was
chosen as sound radiated from two spaced loudspeakers, with
one delayed by this amount increases perceived listener sound
A Method and Stimuli en\_/elopment [19], yet with ml_Jsic and spe_ech audio s.ignal's
a listener generally hears a single sound image localized in
This experiment was conducted in an acoustically treateite direction of the nondelayed loudspeaker, in accordance
room approximately 50 fwith an RTs of approximately with the precedence effect [29]. The 6-dB attenuation was
0.5 s. Four loudspeakérsvere used, arranged in the conchosen by informal empirical perceptual evaluation with the
ventional 2/2 ITU-775 [27] cofiguration (with no center recorded music, as this level gave a natural-sounding balance
speaker), with front loudspeakers at30° and rear loud- of reverberation around the listener [13].
speakers at 120°. The listener sat on a nonrotating chair at Each of the four recordings were presented with each of the
the sweet-spot, 2.3 m from each loudspeaker. The loudspeake(s scene cofigurations. Therefore, there were six pair-wise
were calibrated so as to produce an equal sound pressure legghparisons for each of the four fragments, giving 24 unique
at the listening position (740.5 dB, unweighted, slow time paired comparisons. This was presented twice to each subject,
averaging, using pink noise). The stimuli were burned ontovith the A-B stimuli order reversed for the second presentation.
DVD disc (recorded at 44.1 kHz, 16 bit). Each subject was presented the 24 excerpts of music twice, with
The method of paired comparison was used to evaluate #8-20-min break in between. The subjects were askéthich
new upmixer in terms of overall preference [28]. For each trigbund scene do you prefer: A or B®nce they selected ei-
the subject was presented two stimuli A or B, which the subjettfer option, a pop-up window prompted them to fion and
could freely switch between using a 4-in, 2-out audio signaldvance the DVD to the next track. The subjects were told they
switching box, as shown in Fig. 8. Stimulus A or B correspondeghould think about the preference task as if they were evaluating
to one of four scenes; a variant of the new upmixer or the 2{0product which they might purchase for home entertainment.
scene. Using a computer graphical user interface, the subject
reported which scene was preferred. B. Results of Preference Experiment
Two groups of people undertook the experimdive audio Results for the paired comparisons are shown in Fig. 9 which
engineers and 11 musicians. The engineers were all past sosinows how often a particular stimulus was preferred over an-
recording (Tonmeister) students, each with at least three yearstifer. The data is split into the musician and engineer group.
experience with sound recording practice. The musicians (mdste total number of trials ( r als) was 24 scene pairs 2 runs
of whom are professional) were enroled on an intensive music(the number of subjects), which was 240 for the engineer
performance or composition program. group and 480 for the musician group; 95% fidance inter-
The original stimuli were created by reproducing an anechoials  20) were calculated as follows:
recording of a sung solo voice and solo viola with a loudspeaker
in a concert hall (as in Section VI-A) and recording it with a o=y
pair of microphones.This approach was chosen over using @nerep A)
cpnvgntlonal recording as it is more re.presentatlve ofarggl juration A by chance (which was 0.25 as there were four
sical instrument performance in a hall in terms of the audition enes).
sound qualities, yet allows measurements to be repeated much
more consistently than with‘dive” musical performance by aC. Discussion

ralsx P A) 1— P A)) (39)

is the probability of a subject picking a scene con-

3Type 1031 manufactured by Genelec. From the results of the preference choice analyses shown in
4Examples of the audio stimuli can be found online at http://www.JAR-IatE'g' 9,itcanbe S_een that t_he standard 2/0 two-loud_speaker audio
com/upmixer. scenes are consistently dispreferred over 2/2 upmixed scenes for
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