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Abstract— This paper describes a real-time realization
of a broad band Multi Point Acoustic Noise Canceller
(MPANC) demonstration setup using adaptive filters that
employ the filtered-t NLMS algorithm. In order to cover
the whole frequency range the used filters are long and com-
plex. Due to this complexity, real-time implementation on a
sample-by-sample basis is not possible and block processing
techniques, such as block frequency domain adaptive filters,
have to be used. Several optimized versions of the filtered-z
algorithm in frequency domain are given and the different
implementations are compared.

I. THE MPANC PROJECT

In the MPANC project, subsidized by the Dutch
Ministry of Economic Affairs, the Signal Processing
group of Eindhoven University of Technology and Pro-
drive B.V. co-operate in order to develop a broad band
Multi Point Acoustic Noise Cancellation demonstra-
tion system. The project aims at developing a real-
time demonstration system that cancels noise signals
at a listeners’ ears to enhance music quality transmit-
ted from another sound source (see Fig. 1). In the
present paper we discuss the MPANC project using
adaptive filters that employ the so called filtered-x al-
gorithm. For this setup two microphones (M and
Mp) are placed near the listeners’ ears who wants
to listen to a music signal s that is disturbed by a
broadband noise source x, played through the pri-
mary loudspeaker Lp. Via two unknown acoustic
paths hp; and hpp this noise z enters the micro-
phones M; and Mp respectively. The same noise
source = is fed to two secondary speakers Ly and
Lg through two adaptive filters W and W . These
adaptive filters are updated to minimize the residual
signals (r7, and rg) at the microphone positions, leav-
ing only the (desired) music signal s present. More
precisely, in this system the filtered-x algorithm con-
trols two adaptive filters W; and W . The impulse
response W ; is updated in real-time by the algorithm
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in such a way that the acoustic paths hy; (between
the secondary loudspeaker Lj; and microphone My)
and hy p (between the secondary loudspeaker L, and
microphone Mp) together with W, cancel out the
acoustic path hp;. The equivalent holds for Wj.
All together the (broadband) noise z is cancelled (in
real-time) and the music signal s is undistorted at
the positions of the microphones My and Mpg. The
broadband Multiple Point Acoustic Noise Canceler
developed in this project forms the basis for differ-
ent other research projects carried out in the Signal
Processing group such as the phantom sound source
project [3]. Within sound reproduction a phantom
sound source is a virtual sound image which can be
utilized in many applications like stereo base widen-
ing, multimedia, and virtual reality engines. Because
of the acoustic environment, the used filters are long
and complex for the noise canceler to cover the audio
frequency range. Therefore very efficient real-time al-
gorithms are needed. To give some idea about the
processing complexity we note that MPANC demon-
stration system consists of 2-input 2-output filtered-
x algorithms that have to be implemented. Each of
these two filtered-x algorithms implement three con-
volutions and one update. Two of these convolutions
(secondary paths) are typically of order 250-500 co-
efficients. The third one is an adaptive filter which
typically consists of 500-1000 coefficients and all of
these coefficients have to be updated every update
period. The Signal Processing group has developed
an efficient block frequency domain algorithm of the
filtered-x algorithm that meets these requirements [2].
The MPANC project is implemented on a TIMEX
system of Prodrive B.V. consisting of a multiprocessor
environment with four TMS320C40 DSP’s working on
a 44,1 kHz sampling rate.
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Fig. 1. MPANC demonstration setup

II. FILTERED-X ALGORITHM

Fig. 2 models a simplified (single point) version of
the system shown in Fig. 1, with one primary (h,)
and one secondary (h,) acoustic paths. In the sequel
the music signal s, that in our demonstration setup
will be added to the microphone (‘MIC’), is left out
for simplicity. The coefficients of the adaptive filter
w are updated by an algorithm that is based on the
Normalized Least Mean Square (NLMS) algorithm [1].
This algorithm updates the adaptive weight vector w
in the negative direction of the gradient vector 7. As
can be seen in Fig. 2, the output signal of the adaptive
filter é is first filtered by the secondary acoustic path
h, before it is added in the microphone. For this
reason, we need a slightly different algorithm: the so-
called filtered-x algorithm [1]. The update part of
this algorithm uses a filtered version z; instead of the
input signal z itself. This is achieved by filtering x
by an estimate of the secondary acoustic path ﬁs as
shown in Fig. 2.

III. BLOCK FREQUENCY DOMAIN ADAPTIVE
FiLTER (BFDAF)

Because of the system complexity of the MPANC
setup, real-time realization that covers the whole au-
dio frequency range is almost impossible, with the cur-
rent technology, if carried out on a sample by sample
basis. Therefore, block processing techniques have to
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Fig. 2. Single point system model.

be used. Fig. 3 shows the BFDAF of the single point
model shown in Fig. 2. This figure is almost equiv-
alent to the original BFDAF implementation. The
only difference is that the input signal is filtered, in
the box ‘filtered-x’, before it enters the update part of
the algorithm.
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Fig. 3. BFDAF algorithm.

Working on a block basis is reflected in the fact that
the whole implementation is performed on blocks of
data rather than on samples. Each block contains L
new samples, with L > 1. The input signal samples
are converted from serial to parallel (box ‘S/P’) while
the output samples are converted again from paral-
lel to serial (box ‘P/S’). A direct consequence of this
block processing approach is a processing delay of L
samples; it takes L samples before the first block of
é can be produced. On the other hand, this process-
ing delay has to be compensated, for synchronization
reasons, in the primary source path (box ‘d;’). The



right-hand part of Fig. 3 performs the (linear) con-
volution. This operation is broken down into a se-
quence of convolutions between two ‘finite’ sequences
of length Bi. The ‘infinite’ input sequence is first di-
vided into overlapping blocks. The overlap of M — 1
samples is needed because the M adaptive weights
have first to be shifted in the sequence of B; samples.
On the other hand, performing the convolution in fre-
quency domain produces a cyclic convolution result.
Therefore the overlap is used to obtain a linear con-
volution result from this cyclic one. Together with
the fact that every block contains L new samples, the
chosen block length equals By = M + L — 1. As de-
picted in Fig. 3, the blocks with B; input signal sam-
ples are transformed to the frequency domain with an
FFT of length By (‘Fp,’) resulting in a block that,
for notational reasons, is represented by the trans-
formed input signal vector X[kL]. The update of the
M adaptive weights are first augmented by B; — M
zeroes to obtain blocks of length By, then transformed
to frequency domain resulting in W[kL]. The cyclic
convolution is now performed by element-wise multi-
plying the two vectors X[kL] and W[kL]. Only the
last L samples (in time) from this cyclic convolution
represent the desired linear convolution result. There-
fore, the result B[kL] is transformed back to time do-
main by an inverse FFT (Fgll) and the correct L sam-
ples are sent to the secondary loudspeaker after going
through the parallel to serial operation. The left-hand
part of Fig. 3 performs a correlation operation. The
only difference between the correlation and convolu-
tion operations is mirroring in time domain. This mir-
ror operation can be performed in the Fourier domain
by simply applying a complex conjugate (‘*’) opera-
tor. At the same time, L consecutive samples of the
residual signal are collected, padded with zeros and
transformed to the frequency domain. Since the cor-
relation is performed in the Fourier domain, the result
is also cyclic and the gradient vector \7[(k — 1)L] has
to be transformed back to time domain to select the
M correct gradient coefficients, as done in the convo-
lution operation. These gradient coefficients are then
augmented by zeros and the resulting vector of length
By is transformed to frequency domain and used to
update the adaptive weights.

IV. FILTERED-X AND FILTERED-R BFDAF

The function of the ‘filtered-x’ block in Fig. 3 is to
filter (convolve) the input signal z[k] with, an estimate
of, the A weights of the secondary path ﬁs. When per-
forming this convolution in the Fourier domain, using

the overlap-save method, this will cost 4 extra FFT’s
for the ‘filtered-x’ operation. In [2] we have shown
that these four FFT’s can be reduced step by step to
only one FFT. The first reduction to 3 FFT’s is ob-
tained by using the transformed vector X[kL], that
is available at the right-hand side of Fig. 3, in the
filtered-x operation. This resulting ‘filtered-x’ box is
depicted in Fig. 4. With this the complete ‘filtered-
x’ BFDAF implementation costs 3+5=8 FFT’s. The
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Fig. 4. Filtered-x box (3 FFT’s).

next reduction to two FFT’s stems from the fact that
the convolution operation, needed for calculating the
filtered-x input signal, and the correlation operation,
needed for the gradient estimate, can be interchanged.
The last reduction to one FFT is obtained by com-
bining more carfully the different lengths of the FFT
operations. With B3 = M + L+ A — 2 this ‘filtered-r’
BFDAF is given in Fig. 5. The number of FFT’s in
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Fig. 5. Filtered-r BFDAF.

the ‘filtered-x” BFDAF equals 8 while only 6 FFT’s



are needed in the ‘filtered-r’ BFDAF. However, the
FFT lengths are not equal and depend on the param-
eters A, L and M. Therefore it is difficult to compare
the complexity of the different types just by looking
at the number of FFT’s. Fig. 6 gives a comparison of
the complexity of the two implementations described
above. In this figure we have used a fixed length for
the secondary impulse response (h,); A = 128. Fur-
thermore we have chosen the block length L equal to
the adaptive filter length (minus one), thus L = M —1.
We have approximated the complexity by the total
number of multiplications needed for the computation
of one output sample. The total number of multipli-
cations stems from the used FFT’s of length B, each
having a complexity of (B - log2(%) + 4) (for real in-
put (FFT) and real output (IFFT)), the element-wise
multiplications (2B — 2) and multiplications by a real
scalar (B). From this comparison it follows that, for
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Fig. 6. Complexity comparison.

the chosen parameter set, the ‘filtered-x> BFDAF has
the lowest complexity when M < 276 (curve 1) and
‘filtered-r” BEDAF when M > 276 (curve 2). Thus
for applications where A is relatively small compared
to the adaptive filter length M (e.g. for noise can-
cellation applications with headphones), ‘filtered-r’ is
preferred. However when A is larger than say half the
filter length, ‘filtered-x’ is preferred.

V. CONCLUSIONS

The Multi Point Acoustic Noise Canceller (MPANC)
project has been described. It is shown that this sys-
tem makes use of the filtered-x algorithm. The used
filters are very long because of the acoustic environ-
ment. Such complex filters are best implemented in
real-time using block processing techniques in a uni-
tary transformation domain, such as Fourier domain.

Two different BFDAF implementations are discussed
and their complexities are compared. It is shown that
the ‘filtered-x” BFDAF is the most efficient when the
length of the secondary source path estimate is longer
than half the length of the adaptive filter. When the
adaptive filter length is much longer than the sec-
ondary path estimate, ‘filtered-r’ BFDAF has shown
to be the most efficient. The MPANC system consists
of 2-input 2-output filtered-x algorithms that have to
be implemented. Each of these stereo filtered-x algo-
rithm implements three convolutions and one update.
This setup is implemented on a TIMEX system of
Prodrive B.V. consisting of a multiprocessor environ-
ment with four TMS320C40 DSP’s working on a 44.1
kHz sampling rate.
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