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ABSTRACT

For many years now, subband and frequency-domain adaptive fi
tering techniques have been proposed for the cancellafidong
acoustic echoes. Classical LMS based algorithms are lzastate

as their computation load is higher and the convergencevimira
for coloured far-end inputs is worse. In this paper we speBife-
alization conditions for DFT modulated subband schememdstrd
subband adaptive filters cannot fulfil all conditions. Wewgtibat
frequency-domain based algorithms can be considered ascébp
case of subband adaptive filtering and that the realizatiowlitions
can be fulfilled in this case.

1. INTRODUCTION

For high quality echo cancellation long acoustic echoesl nede
suppressed. This easily leads to adaptive filters with sévieou-
sands of filters taps. Classical LMS based echo cancelleesfig-
ure 1) are unattractive for real-time processing as themmaa-
tional requirements clearly exceed the capabilities obené-day

DSPs. Moreover, speech signals have a coloured spectrunt and
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Figure 1: echo cancellation setup
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is well known that the performance of the LMS algorithm is sub
optimal in that case. Alternative solutions have been pgegaand
they are mainly based on either subband or frequency-doteain
nigues. Such multirate adaptive echo cancellation schdraes
been a topic of interest for many years now. Subband adafitive
ters and frequency-domain based techniques are mostljdeved
as being different approaches. In this paper we will conside
frequency-domain algorithm as a special case of subbangtiagla
filtering and point out why frequency-domain techniquestaater
from certain perspectives.
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Figure 2: subband adaptive echo canceller

2. SUBBAND ADAPTIVE FILTERING

The general setup for a subband acoustic echo cancellepwssh
figure 2. The loudspeaker and microphone signal are fed deo-i
tical M-band analysis filter banks. After subsampling with a factor
L, adaptive filtering is done in each subband and finally thpwtst
of the subband adaptive filters are recombined in the syistfiésr
bank. Due to aliasing effects, this setup will only work far > L.
The ideal frequency amplitude characteristics of the aiglipank
filters H; and synthesis bank filtes; are shown (ideal bandpass
filters).

If L is chosen equal td/ a critically downsampled subband adap-
tive filter is being implemented. Such subband systems aective
because optimal computational savings can be madeigas high
as possible. In [1] it is shown that critically downsampledblsand
systems lead to a residual modelling error which is conatolerun-
less cross filters are included between neighbouring sutshaross
filters again increase the complexity. Furthermore, crdssdifail

to converge quickly. This suggests the use of oversamplebasd
schemes for whicid/ > L.

2.1. DFT modulated Subband Schemes

Oversampled subband acoustic echo cancellers are maisyl lwan
DFT modulated filter banks. Th&/ subband filters are derived by
frequency shifting a well-designed prototype lowpassfiltg(k).
DFT modulated filter banks lead to an efficient implementatig
using polyphase decomposition and fast signal transforimg2]

a general framework for oversampled DFT modulated subbgsid s



tems was proposed. A DFT modulated filter bank witfold down-
sampling can be implemented as a tapped delay line ofsifze-
lowed by a structured/ x L-matrix B(z), containing polyphase
components of the prototype), and anM x M-DFT matrixF. In
case of DFT modulated filter banks, figure 2 can be redrawritresu
ing in figure 3. It can be shown that eleméit;) of B(z) is given

by :
Bij(2) 2 "Bty (z’)  (i—j)modg=0
0 (i—7)modg #0
(1)
ML
g

0,5 >0, (j+IL)modM =i, J = &, g =gedM, L), K =

Ey.x(z) is thek-th K-th order polyphase component of the proto-
type filterho. The synthesis bank is constructed in a similar fashion

with matrix C(z).
A DFT modulated analysis/synthesis filter bank set is (edfy)
designed such that the followingr&alization conditions are met :

e the analysis filters are frequency selective. This previrssrt-
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Figure 3: DFT modulated subband adaptive echo canceller
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filters should converge to airfold downsampled convolution of the

ing too much inter-subband aliasing components as it has-an i @coustic path and a double-sided sinc. This in fact corredpto an

hibitive effect on the convergence of the adaptive filters.

e the analysis/synthesis filter bank set is (nearly) perfecon-
structing i.e. a near-end source signal is not distortedhey t
analysis/synthesis system. A condition ensuring perfecbm-
struction is

C(2)B(z) =1 2
¢ the acoustic path can be modelled by finite-length adaptite s

band filters. In general, the lower branch in figure 3 models a,

time-varying periodic system (see [3]). Only when
C(z)F'diag{ Fi(2)}FB(z) =

[ 271%1471

|

the following time-invariant path is being modelled :

W,

e Wi -‘

Wi_s J (3)

v

=pseudo-circulant

L—1

W(z) = szlWI(ZL) 4)
1=0

The above conditions are necessary conditions to ensureleten
modelling with a set of finite-length adaptive filters.

2.2. Subband Echo Cancdllers: Performance

Splitting signals into subbands seems very promising, esifor
coloured input spectra convergence of fullband LMS is slow tb
ill-conditioned covariance matrices. In the subband caseh sub-
band signal will have a flatter spectrum, leading to improwed-
vergence. Instead of a single fullban@taps FIR filter,A/ subband

interpolation operation. The adaptive identification @®x there-
fore has to track more tha% samples and due to the spreading out
in both directions of the time axis, an extra delay has to berted
in the near-end signal path [4]. Neglecting the additiondband
filter length due to these sinc-effects strongly limits tbexergence
of the adaptive filters and leads to a residual under-maudgéiror.
Also delay constraints make subband schemes unattra@iiec-
tive filter banks are needed to avoid aliasing distortiorhimitsub-
ands. They introduce a substantial processing delay arsdptit a
constraint on the downsampling factbr However, the implemen-
tation cost is more or less inversely proportionalto

Filter bank sets can be designed such that the first 2 reializedn-
ditions are met. As indicated, condition 3 can not be met firile-
length filters in this standard subband approach.

3. FREQUENCY-DOMAIN ADAPTIVE
FILTERS

As a cheaper alternative to LMS, the frequency-domain agafil-
ter (FDAF) was introduced, which is a direct translation dddk
LMS in frequency domain [5]. Correlation (weight updatiray)d
convolution (filtering) operations are expensive but in tase of
block processing, they may be implemented more efficientlyd-
guency domain. Instead of a linear convolution/correfagiccircu-
lar operation is performed. This requires some ‘restorerafions
which can be of the overlap-save or overlap-add type. If dhéy
convolution operation is corrected a so-called unconstdiFDAF
is obtained requiring 3 FFTs. Two more FFTs are needed for the
gradient estimate correction resulting in a constrainedlFD

A major drawback concerning standard frequency-domaiptida
filters is the inherent delay.

filters of, say,% taps are used to model the acoustic path. As the

adaptive computations as well as the filter bank convolstizan be
done at a reduced sampling rate, this subband approachpsse
to give a better performance at a lower cost.

It is clear that this picture is certainly too optimistic. &assump-
tion of having M subband filters with reduced length seems to
be quite wrong. It appears that in the caseAdfband, L-fold
downsampled ideally frequency selective filter banks theptide

3.1. Partitioned Block FDAF

By splitting the acoustic impulse response in equal parksna of

mixed time and frequency convolution canceller is obtajreadled
Partitioned Block Frequency-Domain Adaptive Filter (PBHD

[71[8][9]. Here block lengths can be adjusted, resultingicheap
echo canceller with acceptable processing delay.
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Figure 5: analysis and synthesis bank prototype filters
Figure 4: Partitioned block frequency-domain adaptivefittg

3.2. PBFDAF as a special case of Subband

Adaptive Filtering andR(z) isan(M — L[~ ]) x L-matrix :
The PBFDAF scheme can be put into the oversampled subband 5 LM 0
framework proposed in [2]. Calk (=) the far-end signal and(z) R(z) = . . . (10)

the near-end signal, so

-1
D(2) = $(2) + W(2)X(2) 5) ’
) o . The prototype frequency response has a sinc-like shapeanatv
S(z) is the contribution of a near-end source. The acoustic isgul frequency selectivity. The analysis prototype frequenayplitude
responseéV (z) can be split up in its”-th order polyphase compo-  regponse in shown in figure 5 in full line far=12 andL=6.

nents : Also the synthesis part can be fit into the subband filter apTo

D(z) = S(2) + PZ] 2PW,(2P) X (2) ) The synthesis ban&(z)-matrix is given by :
p=0 Cz)=[1r O ... O O] (11)
This leads to equation 7 in whidlY is taken equal td® + L — 1. It —~—~
basically represents the overlap-save operation whickeiskmown foa
from digital filtering theory [6]. The overlap-save proceewill  The synthesis filters are time-reversed and complex cotgdgaer-
only work if M > P + L — 1. Equation 7 is now rewritten as sions of the filters of a DFT modulated filter bank with profuty

polyphase componenfs;. x (z) = 1, k < L. The other polyphase
components are zero. The synthesis prototype frequenppmes
for M=12 andL=6 is shown in figure 5 in dashed dotted line. Its
frequency response is twice as wide as the analysis egnivale

D(z) = S(z) + M(2)X(z) ®)

Transfer matrixM (z) was made circulant so that it can be trans-

formed into a diagonal matrix by means of DFT operations, i.e It i ified that th fect fructi oiait
FM(z)F~! = diag{W;(z")}. Wi(z) are related to the DFT coef- IS easlly verlied that the perlect reconstruction ¢ (equa-

ficients of the first column oM (z) and therefore they are of finite tion 2) holds. The additional condition (equation 3) is aa@isfied

S P . . . . .
length. Instead of identifying matridd (z) having off-diagonal ele-  for Fi(z) = Wi(z7) if P is a multiple ofL. Itis known that ifP
ments, a diagonal matrix can be tracked in frequency domawm n 1S @ multiple ofL extra savings can be made since signal buffers can
An adaptive identification procedure trying to mafifi(z) in fre- D€ recuperated from previous block cycles (see [7]).
quency domain based on the above formulas is depicted irefgur ~ The first realization condition requiring frequency selleetilter
Looking closer, figure 4 can be cast in the oversampled subbanPanks is met to a certain extent. A filter bank with sinc-skisipe-
framework of figure 3, i.e. with siz& (instead of sizeM) tapped ~ duency amplitude response only shows a poor frequencytisetiec
delay lines. TheB(z)-matrix for an-band L-fold oversampled Inter-subband aliasing can not be av0|d§d in this case. kenvene
DFT modulated analysis filter bank is a structured matriisgging ~ ©verlap-save procedure assures appropriate convergetieeaiap-
equation 1. The filter bank used here is a simple DFT filter iank tive filters. In frequency-domain adaptive filtering thisglicit error

which only By () = 1, k < M, are non-zero i.e. ‘restore’ or projection operation comes down to a transtation
to time domain, zeroing of certain components and transition
Iz back to frequency domain (see figure 4). A general scheme&yrsho
27U in figure 6, now depicts the PBFDAF completely in the subbgaud ’
B(2) . ©) gon’. An extra module called ‘error correction’ was inclatd® do

o the circular-to-linear conversion as no projection ogderet are ap-
MxI P S At b plied in the standard subband approach.
R(z) The PBFDAF turns out to be a special case of subband adaptive
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sidered as a special case of subband adaptive filterindifdfall 3
conditions.
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Figure 6: General oversampled subband scheme
1.

filtering. It implements a simple filter bank with low frequense-
lectivity. The PBFDAF satisfies all 3 realization condit&so there
won't be any residual error as a complete and unique modetiam
be done with finite-length filters. Itis remarkable how anelastive
filter bank can lead to satisfactory results.

In the previousM was set equal t® + L — 1. But of course, there
is an extra degree of freedom of choosig> P + L — 1. This can
have some advantages. Af is a power of 2 efficient FFT imple-
mentation is possible. Now, in this case an extra ambiguiturs
as the subband filtets; (=) are not uniquely defined anymore. 4,
A randomé(z”) can appear for instance as an extia + 1)-th
polyphase component provided it is compensated for at tise fir
component (see equation 7):

Wo(zF) = Wo(zF) — 27 F6(27) (12) >
Similar terms can be added to other polyphase components. Th 6.
ambiguity can be removed by back-transformihg — P + 1 fil-

tered components instead bf A more accurate gradient estimate 7.
is obtained as now/ — P + 1 past estimates are being averaged.
Block lengthL has remained the same, so tracking performance has
not gone down. Simply taking/ > P + L — 1, just from a com-
putational point of view without any change in the algorithmin

a sense a pity as with a little amount of extra cost (some exti:
tions) performance can be approved. #s”) is random no control

on its amplitude is possible, so there is a possibility ofing into 9
numerical trouble with unconstrained PBFDAF.

4. CONCLUSIONS

Cancelling long echo paths requires efficient adaptive ritguos.
Both the subband and frequency-domain approach turn owue h
their strong and weak points. We specified 3 conditions f@rap
priate subband modelling and showed that the PBFDAF cante co

tific responsibility is assumed by its authors.
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