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ABSTRACT

When deploying acoustic echo cancellation systems in large rooms, using short filters may result in significant
amount of residual echo caused by room reverberation. In this paper, we model the late residual echo as
exponentially decaying and use a parametric IIR filter to estimate its power in the subband domain for
application in residual echo suppression. Working in an offline system identification setup, the problem of
finding the optimal parameters of the IIR filter is addressed, with an analysis conducted on the performance of
two parameter estimation methods: output error and equation error. The late residual echo power estimates
obtained using the two methods are furthermore judged using the mean squared error and the mean squared
log error cost functions. Results indicate that minimizing the mean squared log error for the output error
method provides accurate estimates for the late residual echo power and the reverberation decay parameter.

1. INTRODUCTION then used to estimate the late residual echo PSD. In [3], a
In acoustic echo cancellation (AEC) applications, it is pure echo suppression system is considered and the late
often desirable to use short AEC filters for reasons ofresidual echo PSD is estimated via recursive smoothing
computational complexity. For a room with a room im- using the decay parameter, which is estimated using a
pulse response (RIR) shorter than the length of the AEGignal-based approach. In [4], the late part of the RIR
filter, the entirety of the residual echo obtained may be atis modeled similarly as in [2], with the parameters esti-
tributed to filter mismatch [1]. However, for a room with mated using a signal-based approach by minimizing dif-
a long RIR and/or large reverberation tinigd), a sig-  ferent cost functions. The decay parameter is estimated
nificant amount of late residual echo remains due to thdoy minimizing the mean squared log error (MSLE), with
insufficient length of the AEC filter. This late residual this estimate used in the estimation of the scaling param-
echo signal is typically suppressed using a residual echeter by minimizing the mean squared error (MSE).
suppression (RES) filter, which relies on an accurate es-

timate of the late residual echo power SpeCtral denSit){A\s in [2], in this paper we model the uncompensated part
(PSD) [1] The RES filter takes on increased importanCQ)f the RIR as exponentia”y decaying, and use a non-
in handling the acoustic echo effectively when short AECadaptive IIR filter based on the reverberation scaling and
filters are employed. decay parameters to estimate the late residual echo PSD.
The parameters of this IIR filter are estimated jointly in
Different methods have been proposed for estimating theffline batch mode using two signal-based methods: the
late residual echo PSD. In [2], the uncompensated pamutput error method and the equation error method. The
of the RIR is modeled as exponentially decaying using aoutput error method is frequently used for identifying lin-
statistical reverberation model based on the reverberatioear systems and, for adaptive IIR filters, often displays
scaling and decay parameters. The parameters are edibcal minima in the cost function on account of being
mated using the coefficients of the AEC filter (channel-non-linear in the parameters [5, 6, 7]. As an alterna-
based approach), which is assumed to be converged, atigte, the equation error method is often employed since
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the minimum of its convex error surface can be easily LEM @ (k,0)

found [5, 6, 7]. In this paper, we look at these parame- D y(n) /\rL(n) o ﬁ 3

ter estimation methods for a non-adaptive IIR filter only. hl }J SH gl -

For each method, we minimize both the MSE and MSLE ,'I dy, (k,0)
cost functions and analyze the parameters thus obtained| ! P{O(K)

The objective of this paper is to investigate if the equation | ! . —

error method can estimate the same reverberation param| ! h h Py (k, £)
eters as the output error method in offline batch mode for | | v PsO

our late residual echo PSD estimation setup in the sub-| |

band domain. \\ ana

The paper is organized as follows; in Section 2, our ex- * D} x(n)

perimental setup is presented. The proposed model for
estimating the late residual echo PSD using reverberatior]:igure 1: Setup for late residual echo PSD estimation.
parameters is presented in subsection 2.1, while the MSE

and MSLE cost functions are presented in subsection 2.2.

In Section 3, we discuss the output error and equation efi-e, no filter misalignment for the early parg(n) = 0)

ror methods for estimating the reverberation parametersand r_ existing solely due to using a short AEC filter.
In Section 4, we present the simulation setup followedThus the early part of thAh-system is modeled using
by a discussion of the results in Section 5. Conclusiongeros, while we assume Polack’s model [8] for the late

are presented in Section 6. part:
2. EXPERIMENTAL SETUP 0 0<i<N

We consider a loudspeaker-enclosure-microphone Ah(i) = { " pni—N) T (3)
(LEM) system with a time-invariant RIR in which the wi (i)-e ; > N.

reference signat is played out. In the absence of local
speech and noise signals, the microphone signah be
given at discrete-time sampteas:

The late part is modeled as exponentially decayever-
beration, with w_ denoting a zero-mean white Gaussian
noise (WGN) process (with varianaff) and p, denot-

y(n) = < h(i) -x(n—1) 1) ing the broadband decay rate, which is related tolige
% | o 3.In10
-In
wherei denotes the filter-sample index. The residual Po= foTog (4)
S

echo signal can be given at sampleas:
where fs is the sampling rate. The setup is shown in

r(n) = Z){h(i) —h()}-x(n—i), Figure 1, where the residual echo signal contains just the
i= late residual echo component.

N—1 ©
= Z)Ah(i).x(n_i)+ Z‘Ah(i).x(n_i)’ (2) 2.1. Parametri(; Model . .
i= = We use a recursive expression, similar to the one shown
=reg(n)+r.(n), in [2, 4], for the late residual echo PSB, in subband
A . . ) k and frame/ using the broadband reverberation scaling
whereh denotes the time-invariant AEC filter an de-  arameten, and the broadband reverberation decay pa-
notes the difference system. Helejs chosen so as to  ygmeterB,);
cover just the direct sound component and the early re-
flegtions inh. The residual echp can then be seen as Ar (K €) = Ap - Ax(K, £ — G) +Bp-Ar (k£ —1).  (5)
being composed of the early residual ech@nd the late
residual echo, . Here, A denotes the reference PSD a@Bd= L%J cor-
responds to the length of the AEC filter in frames, with
" . . F denoting the frameshift (in samples) used in the STFT
h(i) =h(i) vi<N and operation. The broadband reverberation parameters are
ﬁ(i) =0 Vi>N, related to the parametegg and py, of the Ah-system in

In this paper, we assume
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Equation 3, and have been derived in a manner similarto ~ squared difference between the target and the esti-

the one shown in [9]: mate, averaged over the batch sizé dfames:
1—e2mF L1
Po= ot (1ezp> © (W)= 5 [l f) = B (k 0. ©
By =e 2PF, (7)

e The MSLE (mean squared log error) cost function
The derivation has been omitted here for the sake of  js computed for each subband as the squared dif-
brevity. ference between the natural logarithms of the target

. and the estimate, averaged olrames:
Based on Equation 5, we choose to treat the task of es- 9

timating the late residual echo PSD as a system identi- gLt A )
fication problem. In practice, the PSDg and A, are Jvse (k) = E/z [IN®y (k&) —Indy (k,0)]
approximated by computing the squared magnitudes of =0

the STFT of the signals andr,, and are denoted b, 1 L-1 Py, (K 2

and®,, respectively. The quantitie®y and®,, do not L /Z) [ (CDr )]

perfectly estimate the PSDg andA, _, and hence suffer A (10)

from estimation noise.

Referring to Figure 1y is filtered by the parametric IIR
filter P{8(Kk)} to generate the estimagy, , where8 (k)
represents the subband parameter set:

3. PARAMETER ESTIMATION METHODS

We jointly estimate the reverberation parameters per

subband in offline batch mode using two methods: out-
put error and equation error. The estimated parameters

(k) = [ B(K) ] - (8)  are then fed into the IIR filteP{8(k)} to obtain an esti-
mate for the late residual echo PSD.

Figure 2 depicts the IIR filteP{0(k)}, with z ! denot-  3.1. Output Error Method

ing a 1-frame delay. The direct branch of the filter in- The output error (OE) method is a well-known technique

volves delaying®x(k,¢) by G frames and scaling it by used for the identification of linear systems in a variety

A(k), while the recursive branch contains a first-order re-of applications, both in the time-domain as well as in the

cursion usingB(K). subband-domain. Using the OE method for estimating

the reverberation parameters per subband (Figure 3) is

P{B(k)} characterized by the following recursive difference equa-

Oy(k £) — {7 © s . CbrL(K 0 tion (the superscripd denotes the OE method):

A(k) P (k,0) = A(K) - Du(K, 0 — G) +B(K) - D (k, - 1).
4 : e
B(K) We then evaluate the estimam?L using a chosen cost
function J to judge the quality of the reverberation pa-
rameter estimates.

Figure 2: lIR filter for generating the late residual echo
PSD estimate from the reference PSD. 3.2. Equation Error Method

As illustrated in Figure 4, the EE method differs from
the OE method by using the delayed targgt (k, ¢ —

1) instead of the delayed estimatg, (k,¢ — 1), thereby
breaking the recursive structure and resulting in an FIR
structure:

2.2. Cost Functions
We evaluate the estimat®, (k, ¢) by computing the fol-
lowing cost functions:

e The well-known MSE (mean squared error) cost ®F (k,0) = A(K) - Dy (k, £ — G) + B(K) - Dy, (k, £ —1).
function is computed for each subband as the (12)
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Pr (k) Teo ranging from 100 ms to 1000 ms in steps of 100 ms.
J Other RIRs are generated fgjp = 500 ms fora,? values

of -40, -32 and-22.5 dB. Botkandr_ are converted into

J the STFT domain using an analysis filterbank of DFT-

orderNgpT = 512 and frameshiff = 128.

As we are looking for the optimal parameter 8gt; (k)
oy (k,()—| z© I> which minimizes a given (_:ost_functlom for our filter _
(k. 0) P{6(k)}, we proceed to flnd it by conducting a grid
search. We choose 100 discrete valuesAf@andB each
and through their combination generate Histinct pa-
Figure 3: Reverberation parameter estimation using the;gmeter sets. The values farare chosen from -20 to 0
output error method. dB with a resolution of 0.2 dB, while those fBrare cho-
sen using Equation 7, witFso from 60-1050 ms in steps

As shown in [7], under certain conditions the EE method.Of 10 ms. For the OE method, the inpl is processed

identifies the system parameters correctly (i.e. the samf & batch (per subband) using each parameter set to gen-

parameter set as OE), which makes it particularly attrac?rateq)rL using Equation 11, which is evaluated usihg

tive for use in practical applications. However, as bothAN €rror surface "Yict)h 1bgrid-points is then plotted, with
the input®y and the targetb;, suffer from estimation the parameter sé;,(k) obtained by searching for the
noise, this may negatively affect the quality of the pa-global minimum in the error surface in theth subband.
rameter estimates obtained. The same operation is performed for the EE method by
processingby and®,, in batches using Equation 12 to

P (k,0) ] obtaing’; (k).

5. RESULTS AND DISCUSSIONS

J We present and discuss the results obtained, with er-
(k) ror surfaces and estimated reverberation parameters pre-

sented in subsection 5.1, estimates for the paramegers

Oy (k,l)— z© eD XD andTgo presented in subsection 5.2 and the late residual

(k,0) echo PSD estimates presented in subsection 5.3.

5.1. Error Surfaces
Figure 4: Reverberation parameter estimation using the Figure 5 shows the contour plots of the error surfaces ob-
equation error method. tained for the MSE (left) and the MSLE (right) cost func-
tions forP{8 (k) }. The plots show the contours as a func-
. tion of A andB (in dB) in subband 25~ 800 Hz), with
It is important to note that the estima@,ﬁ cannot ac-  the target®; computed for an RIR witlo2 = —26 dB
tually be used for RES as it is computed using the targeand Tgo = 500 ms. Each plot shows 20 contour lines,
@ , while the parameters estimated using the EE methodquidistant on the dB scale, with the levels of some con-
are fed intoP{6(k)} to generate the late residual echo tour lines displayed. The green circles, the red trian-

PSD estimate. gles and the black squares in the plots repre8gpk),

~E . . . .
4 SIMULATION SETUP an(k) and8,, respectively, wher@,, is obtained using .
: . . Equations 6 and 7. We observe that the EE method is
For our simulations, we use a 1 min long clean speech !
. . . unable to find the same parameter set as the OE method
signal (noiseless and dry) as the reference sigrala

sampling rate of 16 kHz. We generate RIRs exactly ag" this subband, i.e.

described in Equation 3 for thh-system, with no filter BE (k)£ 8% (K =6 . (K. 13
mismatch and an exponentially decaying WGN tail, and Ernin(K) 7 Bmin(K) = Bopt (K) (13)
convolve it withx to obtain the late residual echo signal A similar result is observed across all subbands. It is in-
r.. For most RIRs, we use 1®g;,(0?) = —26 dB and  teresting to note thal, (K) is not the same falvse and
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Figure 5: Contour plot of error surfaces in subband 25 for the MSE (Eqgna®) and MSLE (Equation 10) cost
functions obtained for the IIR filteP{8(k)} (Figure 2), fora? = —26 dB andTgo = 500 ms. The green circles

and the red triangles represeﬁﬁin(k) and Qsin(k) respectively, i.e. the parameter sets corresponding tgltizl
minimum in the error surfaces for the output error and theagqo error methods; while the black squares represent
the broadband parameter $gt(from Equations 6 and 7).

Jusie, which suggests that the choice of cost function isdense in the vicinity o@im(k)_ So even though we get
an important factor in determiningy, (k). a unique minimum for each error surface, #g,, cor-

In Figure 5, we see a high density of contour lines inrespondlng to them do not stand out Q|st|nctly from the
surrounding parameter sets. Also, neither cost function

L ~0 . . .
the vicinity of 8js (k) for both cost functions, which in- - geems to be highly sensitive to any parameter in particu-
dicates that the error surfaces are steep near the minj;,

mum. This indicates the presence of a uniqgue minimum

for each surface and an easily identifiaﬁl%n(k). Also  5.2. Parameter Estimation

the Jug g surface is more sensitive w. r. B whereas In Figure 7, we plot the estimates fof atTgo =500 ms,

the Juse surface is more sensitive w. r.A. The most  and the estimates fdgg at ULZ = —26 dB, obtained using

probable reason for this is the fact that signal frameghe OE and EE methods by minimizing both cost func-

with large power have more influence in the computationtions, and compare them to the broadband values. These

of Juse (Equation 9), thus making it more sensitive to estimates have been computed through Equations 6 and

errors in the reverberation scaling parameter, while for7 by using frequency averaged},;,. The OE method

computingJus e, frames with free decay (low power) gives accurate estimates fdgo in general, with those

are equally important as frames with high power (Equa-obtained by minimizing MSLE being more accurate than

tion 10), thereby making it relatively more sensitive to those obtained by minimizing the MSE on account of the

errors in the decay parameter. higher sensitivity oflyg g to the decay parametBr(see
Figure 5). The EE method is unable to provide accurate

Figure 6 shows the contour plots for the EE method use@stimates foffgo, which can be explained by the lack of

to obtaingfin(k) for the MSE and MSLE cost functions. sensitivity of bothdyss andJyg e for the EE method to

The contour lines in this figure are by comparison lesshe decay paramet& (see Figure 6). Foo?, minimiz-
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Figure 6: Contour plot of error surfaces in subband 25 Figure 7: Comparison of estimatek, and &2 against

for the MSE (Equation 9) and MSLE (Equation 10) cost broadband values (black dashed line), computed through
functions obtained for the equation error method, forEquations 6 and 7 using frequency averaged reverbera-
0 = —26 dB andTg = 500 ms. tion scaling and decay parameters.

. . . .3. Late Residual Echo PSD Estimation
ing the MSE gives accurate estimates for both OE an After obtaining émn( k) using either the OE or EE

EE methods, while minimizing the MSLE gives a small method for a given cost function minimization, we feed

bias in the estimates. From this figure, we can conclude, i .o the IR filter P{6(K)} to obtain thebest-case esti-
that unlike the OE method, the EE method doesn’t find, .o tor the late residual echo PSD:

the correct decay parameter (in the broadband sense) by

minimizing either cost function, but does find the correct &JF:"(K 0) = Amm(k) - Dy (K, £) + Brin(K) - &;p:n(kj —-1).

scaling parameter (in the broadband sense) by minimiz- (14)

ing the MSE cost function. To evaluate this estimate, the Log Spectral Distance
(LSD) [11] between the target and the estimate is com-

The small bias obtained i@ by minimizing the MSLE ~ puted as follows:

can be explained if we assume that the real and imagi-

nary parts of the STFT of the signalsandr, are inde- 10 "o 1| P (k) . @as)

pendent and identically normally distributed. Then, both T KL %,Z) qu'“ (k,0) ] "

dy(k, ) and @y, (k,£) have x2(2) distributions, as they

are computed using magnitude squares [10]. The estwhereK denotes the total number of subbands. The ab-

mate ®E - (k,{) is obtained as the sum of twe?(2) dis-  solute value operatofr- | ensures that the errors made

tributed varlables (Equation 12) and so hag&d) dlstrl- due to overestimation and underestimation across all sub-

bution, whiled (k, ¢) is x2-distributed with even higher bands and frames are added up.

degrees of freedom as it is obtained through recursiven Figure 8, we plot the LSD values obtained when
smoothing (Equation 11). Thus, the ratio ®f (k.¢)  @in(k,¢) is generated using parameters obtained by the
and(DO/E(k, ¢), used in the computation dfyg e (Equa- OE and EE methods by minimizing the MSE and MSLE
tion 10), has a Fisher distribution, asitis aratioof tyfo  cost functions. The targe,, used for the LSD compu-
distributed variables [10]. It can be shown that the log-tation is obtained for a particuldgg using an RIR with
arithm of a Fisher distributed variable with differing de- ULZ = —26 dB. Here, we see that OE-MSLE gives the
grees of freedom in the numerator and denominator has laest estimates for the late residual echo PSD, closely fol-
non-zero mean distribution, which may be the cause fotowed by OE-MSE, while EE-MSE and EE-MSLE per-
the bias in the estimates. form poorly. These results have a certain degree of cor-
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relation with Figure 7, in that more accurate parametel7. REFERENCES

estimates yield lower LSD values.
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Figure 8: Comparison of Log Spectral Distance (LSD)
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