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ABSTRACT

The equalization of reverberation effects is essential for spa-
tial soundfield reproduction, but estimation of the reverberant chan-
nel presents several challenges to existing equalization techniques.
This paper presents a method of active acoustic echo cancellation
(AEC) for soundfield reproduction applications, using a modal de-
scription of the reverberant soundfield. We describe how individual
modes of the measured soundfield can be equalized adaptively, thus
reducing the complexity of the channel estimation process. AEC
and reproduction performance is compared with existing adaptive
and non-adaptive equalization techniques through simulation exam-
ples. Equalization performance is comparable to existing methods,
achieving a normalized region reproduction error of 1% and echo
return loss enhancement of 15 - 30 dB at 50 dB SNR. The results
suggest that the proposed model can be used to obtain a parallel im-
plementation of a room equalizer for active AEC.

Index Terms— Acoustic echo cancellation, room equalization,
reverberation, spatial filtering, soundfield reproduction

1. INTRODUCTION

Reproduction of complex soundfields within a region has become a
topic of interest in signal processing during the past decade [1-6].
Applications such as virtual reality teleconferencing and gaming in-
volve full duplex communication and spatial soundfield reproduc-
tion; hence, acoustic echo cancellation (AEC) of the reproduced
soundfield becomes essential. However, the large number of loud-
speakers and microphones used by various reproduction techniques
introduce new challenges to traditional mechanisms of echo cancel-
lation [7, 8]. These are mainly related to the correlation between
channels, which results in ill conditioning of matrices during chan-
nel estimation. Spatial transformation of the received signals has
been proposed to overcome the inter-channel correlation problem
in multi-channel AEC [9-13], and receiver-side adaptive channel
estimation has been proven effective in both reverberant and non-
reverberant conditions.

Unlike receiver-side AEC, equalization of the reverberation ef-
fects is an active control problem in spatial soundfield reproduction.
Given the accurate reproduction of the desired soundfield, echo can-
cellation at any point within that region is achieved by computing
the difference between the measured and desired soundfields. In
Higher-order Ambisonics (HOA) [4, 14, 15] and Wave Field Syn-
thesis (WEFS) [16, 17] a desired soundfield is recreated by incorpo-
rating estimates of the reverberant channels. Both require fine sam-
pling of the soundfield at the edge of the desired region, which trans-
lates to a large number of loudspeakers and microphones. In prac-
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tise, a limited number of reproduction channels are used to recre-
ate the desired soundfield, aided by various models that characterise
the reverberant room behaviour [18-21]. Modelling errors will natu-
rally affect the echo cancellation performance, but better approxima-
tion of the reverberant soundfield at the receiver array can improve
the AEC performance. Wave Domain Adaptive Filtering (WDAF)
[3,6,12,22-24] used in soundfield reproduction provides some phys-
ical insights into the underlying structure of the reverberant sound-
field, and has inspired the channel model presented in this work.

In this paper, we consider the problem of active AEC in spa-
tial soundfield reproduction using a circular microphone array. First,
we use the wave domain representation of signals to describe the
desired and reverberant soundfields in a region, where the desired
soundfield modes can be computed assuming free field propagation.
Next, we describe a method of characterising the reverberation com-
ponent of each mode as a linear transformation of the corresponding
desired soundfield mode. This parameterization further reduces the
complexity in the wave domain adaptation process of estimating the
reverberant channel and computing the required compensation sig-
nals. Finally, simulation results of AEC and region reproduction
performance are presented for the reproduction of virtual narrow-
band plane waves in a reverberant environment.

2. CHARACTERISATION OF REVERBERANT
SOUNDFIELDS

From far end

Loudspeaker array
- Rl e --

Active noise
controller

Fig. 1. Overview of the active noise canceller including the loud-
speaker and microphone array configurations.

0_;::_._"_} Microphone arrayi

The structure of the proposed active echo canceller is shown in
Fig. 1 above. It consists of concentric circular arrays of P loud-
speakers and () microphones, where the annulus forms the region of
interest. The loudspeakers driving signals are preconditioned to re-
produce a desired soundfield, while the microphone array is required
to record the soundfield generated by the other sources within the
room.

2.1. Modal characterisation of soundfields

The received signals at the microphone array can be expressed in
matrix form as

Yq(w,t) = Hpq(w)Xp(w, 1), (D
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where Xp(w,t) = [ Xi(w,t) Xa(w,t) --- Xp(w,t)]" are the
loudspeaker driving signals, Yq(w,t) = [Yi(w,t) Ya(w,t) -
Yo(w,t) ]T are the received signals at the microphone array, and
H,q(w) represents the channel between the (p, ¢)*" loudspeaker -
microphone pair at an angular frequency w. Applying the modal-
based approach, the received signals in (1) can now be characterised
in terms of their soundfield modes as
N
Yolw, t) = Y am(w,t)e™, )

n=—N

where N is the truncation length [2,25,26] (number of active modes)
for a specified error, ¢, is the direction of the ¢*™ microphone and
an(w, t) are the measured soundfield coefficients. The values of
an (w, t) can be calculated using the spatial Discrete Fourier Trans-
form (DFT) [26] as

Q-1
1 .
an(w,t) = 5 D Yo(w, te Bra/Q), 3)
q=0

for equally spaced microphones in the receiver array. Hence, the
calculation of the 2NV + 1 soundfield coefficients can be expressed
in the matrix form

an(w,t) = Ty Hpg(w)Xp(w, t), 4

where an(w,t) = [a-n(w,t) -+ aN(w,t)]T and T is a
DFT matrix, an expression of (3) as a matrix multiplication.

Given the soundfield coefficients . (w, t) of a desired sound-
field, the soundfield produced by other sources within the current
room can be recreated from al(w,t) = an(w,t) — of (w,t).
Hence, the actions of the active noise controller in Fig. 1 can simply
be described as the rectification of the reverberation effects caused
by the room (i.e., minimizing the sum of square errors of o (w, t)
foralln = —N ... N), when all other sources are inactive.

2.2. Modelling the reverberant channel

Consider the measured soundfield coefficients in (4); a result of the
superposition of the desired and reverberant soundfields, and that
of other sources within the room. If we now consider other sound
sources within the room to be inactive,

(820 (w7 t) é av? (w7 t) + ag(w7 t)7 (5)

where a (w,t) and aff(w, t) represent the desired and reverberant

soundfield coefficients respectively.

Since reverberation is a result of our attempt to reproduce the
desired soundfield, each reverberant soundfield mode can be consid-
ered a transformation of its desired soundfield mode. Exploiting the
orthogonality and independence of the soundfield modes with each
other [26], this can be expressed by a transformation of the sound-
field coefficients

o (w,1) = Hyf (W) (w, 1), ©)
where HY (w) = diag [H"y(w) ... Hff(w)] represents the trans-
formation applied to each mode. The diagonal structure of HX (w)
can be visualized intuitively, by considering each desired soundfield
mode as an independent source, where H,(w) represents the ef-
fects of reverberation (i.e., the resultant transformation of multiple
scaled and delayed versions of the desired mode). A hint of this
underlying structure has been shown in the works related to WDAF
in [6,24]. HX(w) now represents the reverberant channel effects at
a frequency w, and can be used to derive the necessary loudspeaker
compensation signals, as described next.
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3. REVERBERATION COMPENSATION

3.1. Compensation signals at the loudspeakers

Consider expressing (5) by separating the direct and reverberant path
effects of Hpq(w). Thus,

an(w,t) = Tey [ng(w) + Hf}q(w)}xp(u}, t), @)

where HD, (w) and HE, (w) represent the direct and reverberant
channels between the (p, ¢)!" loudspeaker - microphone pair. In-
corporating the reverberation model in (6)

an(w,t) = [T+ Hy ()] TeyuHpg(@)Xp(w,t),  (8)

where I is the identity matrix.

Next, we introduce reverberation compensation signals to each
loudspeaker, in order to maximize the echo cancellation perfor-
mance. This is achieved when &, (w,t) = af(w,t), where
Qi (w, t) is the measured soundfield coefficient after compensation.
Hence, (8) now becomes

G (w, 1) = [T+ HE ()] Ty Hg (@) [Xp (w, 1) + 6Xp (w, 1)],

&)
where 6Xp(w,t) are the loudspeaker compensation signals. Ex-
panding (9) further using &) (w, t) = T ¢y Hoy (W) Xp (w, t), from
4), we find

Teon Hr])jq(w)(sxp(w7t) = _HE(M)TCHHEq(w)XP(UJ:t)
— HY (W) T gy Hoy (W)X p(w, ). (10)

Note that the second term of (10) is the reverberation of the compen-
sation signals, which we assume is negligible for small 6 X (w, t),
or moderate to high direct to reverberation path ratios. Thus,

T 1 Hpq (€)X p (w, ) = —Hy () T oy Hpg (@) Xp (w, t)(,l b

and loudspeaker compensation signals are given by

8Xp (0, 1) = ~ [T Hig ()] "H (@) Ty Hpa()Xe(e ),
where [Ty H}E’q(w)rr is the Moore-Penrose pseudoinverse of
Ty Hpy(w). Since Hpy(w) is known for a given loudspeaker
- microphone configuration, the loudspeaker compensation signals
can be calculated, provided an estimate of the reverberant channel
transformation matrix HY (w).

3.2. Estimation of the reverberant channel

Using the reverberation model in (5) and (6), the measured sound-
field coefficients can now be expressed as

Gin (W, t) = ol (w, t) + Hiy () (w, t)+

T [Hpg(w) + Hpg(w)]0Xp(w, 1) (13)
Suppose HE (w) is an estimate of HY (w). Equation (13) can now
be simplified further by using the results of (11) and by neglect-

ing the reverberation effects of the compensation signals. Thus, the
soundfield to be transmitted becomes

G (w,t) = Hiy (w)a (w, 1) — Hit (0) T oy Hpg (0) Xp (w, £)

G (w,t) = [Hi (w) — Hiy (w)] R (w, 1), (14)
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Fig. 2. Unequalized and equalized soundfields of a plane wave source reproduced in the direction /3 at (a) 800 Hz, (b) 1600 Hz and (c)
2400 Hz at 50 dB SNR. The dotted white inner circle indicates the 0.1 m radius microphone array and their locations, while the outer dashed

circle indicates the reproduction region of 0.25 m radius.

where &Z (w,t) = oin(w,t) — a2 (w,t) . Estimating HX(w) is

now a matter of minimizing the square error of &2 (w, t), a classical
adaptive filtering problem.
The adaptation equation

HE (w, t)? = HR (w, tx1)" + ®al (w, tx)al

(& 2% (wa tk)H

can now be used to obtain an iterative estimate of IfIE(w) at a time
t = ti, where ® is a technique dependent adaptation gain [27]
Although (15) typically involves the calculation of the (2N + 1)?

unknown coefficients of HE (w), the diagonal structure of HE (w)
can be used to further simplify the adaptation process. For example,
calculating each ﬁf(w) can be implemented as a low complexity
single tap adaptive filter, where

I/—\Irlj(wytk)H = ﬁrlj(wvtkfl)H

s)

+ Gultr)an (w, te)ag (w, ti) ™

16)
&n (k) is the gain factor of the adaptive technique, where
-1

bnlty) = [)\a (th-1) + a2 (w tk)|]

)

o2 (tr) = Ao” (1) + |k (w, te)|?
and ) is the forgetting factor for the Recursive Least Squares (RLS)
algorithm [27]. In this paper, we use the RLS adaptation method
given above, but any appropriate adaptive technique can be applied.

4. EVALUATION

We evaluate the model performance through simulation, using a 5
m X 6.4 m reverberant room with wall absorption coefficients of
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0.36. The floors and ceilings are assumed to be non-reflective and
the image source method [28] is used to simulate the reverberant
soundfield up to a depth of 5 image sources. Two circular arrays of
27 loudspeakers and 24 microphones are concentrically located with
their origins at {2.4 m, 3.8 m} and radii 7, =2 m and 7, = 0.1 m
respectively. Both arrays are designed for frequencies up to 4 kHz
for soundfield reproduction at the microphone array. A narrowband
virtual plane wave source is reproduced every 100 Hz in the [100,
3000] Hz frequency range with an angle of incidence of 7/3 and 0
dB power at the centre of the reproduction region. The mode trun-
cation length N = [ewr., /2¢], where the speed of sound in air ¢ =
343 m/s. Ambient noise is white Gaussian with a signal to noise
ratio (SNR) of 50 dB at the centre of the reproduction region. This
configuration yields an average direct to reverberant power ratio of
1.1 dB across frequencies up to 4 kHz. All sound sources are sam-
pled at 44.1 kHz, while the RLS algorithm is used for adaptation at
arate of 14.7 kHz and A = 0.75.

Performance is compared with the fixed multi-point equalization
method [29] using perfect channel information, and the Filtered-X
Recursive Least Squares (FXRLS) [3, 30] adaptive algorithm using
channel information at 99% accuracy. Echo return loss enhancement
(ERLE) and normalized region reproduction error (RRE) given be-
low, are used as metrics for comparison.

n( 7t) an(w t)

ERLE(w,t) = 101 17
(w,t) 0g10 oL (w, )T aZ (w,1) (17

Y(w,t) — YP(w,t)|” dS
NRRE(w,t) = 10log1o Js[Y () (w9 . (18)

JslYP(w,)* ds
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Fig. 3. ERLE of a reproduced plane wave source in the direction
/3, averaged over 10 trial runs at 50 dB SNR.

where dS is the differential area in the region of interest S and
Y (w,t), Y (w, t) are the measured and desired soundfields at each
location.

Fig. 2 illustrates the narrowband reproduced soundfield for a vir-
tual plane wave source located in the direction 7 /3 after 500 adapta-
tion steps. The selected frequencies correspond to three reproduction
scenarios, where the number of reproduced modes is (a) greater, (b)
equal to and (c) less than the design limit (corresponding to 2N + 1)
at a radial distance of 0.25 m. The white dotted circle indicates the
microphone array and microphone locations. Comparison of the un-
equalized and equalized soundfields suggests that good equalization
can be achieved at the microphone array, within the design limits of
the loudspeakers.

Acoustic echo cancellation performance at the microphone array
is presented in Fig. 3, averaged over 10 trial runs after 3000 adap-
tation steps. The proposed reverberation model and active controller
achieves gains in ERLE between 15 and 30 dB up to 2.5 kHz, limited
by the 50 dB noise floor of the system. Performance is comparable
with multi-point equalization and adaptive FxRLS, where the multi-
point equalization assumes complete knowledge of the reverberant
channel. Degradation of performance at frequencies above 2.5 kHz
suggests that finer sampling maybe required at frequencies closer to
the design limits of the arrays.

Normalized region reproduction error within a reproduction re-
gion of 0.25 m radius is shown in Fig. 4. Reproduction perfor-
mance is comparable to other equalization method and the results
suggest that reproduction errors below 1% is achievable. The sud-
den spikes in the reproduction error curves in Fig. 4 can be attributed
to near zero valued soundfield coefficients at the measurement loca-
tions. This is caused by the zero crossings of the Bessel function
(Jn(wrm/c)) at the microphone array, which describes the radial
change of the soundfield mode in the solutions to the wave equa-
tion [2,26]. Appropriately designed dual microphone arrays can be
used to mitigate this problem as described in [2].

These results suggest that the proposed reverberation model is an
accurate representation of the reverberant soundfield. Additionally,
reproduction errors below 1% up to 1.5 kHz beyond the microphone
array suggests that the model may also be used in place of the rever-
berant room models used in soundfield reproduction applications.
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5. CONCLUSION

In this paper, we present a model of the reverberant soundfield for
acoustic echo cancellation in soundfield reproduction applications.
We show that the mode domain can be used to characterise the re-
verberant soundfield, where the reverberant soundfield modes are
transformations of individual desired soundfield modes. Next, we
derive the reverberation compensation signals at the loudspeakers
using these transformations. Finally, we show how the structure
of the reverberation model itself simplifies the channel estimation
problem, where single tap adaptive filters are used to estimate each
transformation. Acoustic echo cancellation performance is compa-
rable to other methods based on perfect channel information, which
suggests that the proposed reverberation model is an accurate repre-
sentation of the reverberant soundfield. Future work will investigate
improving echo cancellation performance at higher frequencies. In
conclusion, our results suggest mode domain channel models can be
used to obtain a parallel implementation of a soundfield equalizer.

6. RELATION TO PRIOR WORK

The work presents a reverberant soundfield, modelled as a trans-
formation of the desired soundfield, using a modal representation.
This approach is well suited for echo cancellation in applications of
soundfield reproduction within a region [2,4]. Wave domain adap-
tive filtering [10, 12] originally proposed for AEC in multi-channel
systems introduces the concepts of adaptive channel estimation in
the spatial domain, but use a space-time approach to estimate the re-
verberant channel. This does not fully exploit the properties of the
spatial representation, a hint of which is shown in [6,23,24]. The
present study considers reverberation modelling as transformations
of uncoupled, independent soundfield modes in space-frequency do-
main, which has not been considered in earlier studies.
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