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ABSTRACT
In this paper, we will compare different combinations of
a multi-channel non-adaptive noise reduction unit (NRU)
and an acoustic echo cancellation unit (AEC) for a standard
single-channel voice transmission. The results show that
the NRU and the AEC-unit can be interchanged without increasing the computational complexity of the combined system. The length of an AEC’s adaptive filter can be greatly
reduced, if a multi-channel AEC-unit in front of a multichannel NRU is used. Furthermore, the control information, like the step-size of the NLMS-algorithm, has to be
computed only once.
1. INTRODUCTION
In a hands-free communication system we need two different devices to ensure a high quality of speech transmission.
A noise reduction unit (NRU) is needed, especially in environments with strong background noise, e.g. in a car. The
other device is the acoustic echo canceller, which compensates the far-end speaker’s signal.
Several authors (e.g. [1, 2, 3]) have examined the combination of the two devices for the single-channel case using one microphone. Their results indicate that the AEC
has to come first, as the time-varying noise reduction filter
would disturb the adaption of the AEC. However, it is possible to switch this arrangement, if the AEC was adjusted
to the known noise reduction filter. But this procedure will
involve high computational complexity.
The combination of multi-channel NRUs and AECs and
their possible interaction was published by Kellermann [4]
as a theoretical overview. The setup of a multi-channel
AEC-unit preceding the NRU was discussed and rejected,
since the calculation power needed for one AEC is multiplied by the number of microphones.
Martin [5] suggested a combined system with two microphones where the AEC- and the NRU can be switched.
He found out that the length of the AEC’s compensation filters can be reduced to the half, if the two AECs are placed

in front of the NRU. In addition to a NR post-filter, he uses
a simple delay-and-sum beamformer. We will show that his
suggestion can work well with a four-channel setup, too.
Here, the length of the adaptive filters after each microphone can be reduced even more.
In section 2 we introduce our combined system. Besides the mentioned reduction of the filter length in a multichannel AEC-unit, we will show more possibilities to make
the usage of multi-channel echo cancellation more convenient. Section 3 shows the simulation environment, followed by the discussion of our results in section 4.
2. COMBINED SYSTEM
Figure 1 and figure 2 show the two examined arrangements
of a multi-channel AEC- and NR-unit. As the focus of this

Figure 1: A unit of four AECs (one for each microphone
channel) is followed by the multi-channels NRU (setup ).
paper lies on the multi-channel AEC-unit, we have chosen
a simple delay-and-sum beamformer as the NRU. Since we
need fractional delays for the delay-and-sum beamformer,
we implemented the NRU in the frequency domain. For the
AEC-unit we tested two different algorithms to adapt the
filters in the AEC to the according loudspeaker room microphone (LRM) impulse response. A simple time-domain



Figure 2: One AEC is positioned at the output of the multichannels NRU (setup ).
NLMS-algorithm works fine for a first experiment using
white noise (see 3.1). For the following simulations with
speech signals an APA-algorithm [6] with a projection order of (APA ) was used.
In a real-world environment with double-talk situations
a reliable control of the AEC is needed [7]. As an example the step-size of the NLMS is one key-parameter for a
sufficient adjustment. We have chosen the suggestion by
Antweiler [8] for the NLMS-algorithm.





3. SIMULATION
First, we want to illustrate the spatial geometry of our simulated experimental setup. Figure 3 gives a survey over the
position of the sources and sensors. We obtained the twelve
needed LRM-impulse responses (each source to each sensor) using the image method by Allen and Berkley [9] implemented in the frequency domain in order to get fractional
. Each
delays. The reverberation time is
LRM-impulse response has got a length of
taps.

     


3.1. Studies with White Noise
In a first experiment we simulated the near-end and the farend speaker as white noise sources, uncorrelated to each
other. This will show an estimation of the behaviour of
the two setups. We used the linear array in endfire steering, since the results using broadside steering did not show
distinct differences. We measured the echo return loss enhancement (ERLE) for each AEC between points and .
The ERLE of the whole system can be obtained using the
points and (see figure 1 for setup , for setup (fig. 2)
use points and ). The ERLE is given by
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Figure 3: Placement of signal sources and sensors in the
simulated room. The linear arrangement of the sensors are
shown in both endfire and broadside steering to the near-end
speaker. The distance of adjacent sensors is
.
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represents the expectation operator.

3.2. Studies with speech signals
The second experiment was done using speech sources for
far-end and near-end speaker as well as white noise for the
background noise. For all simulations, we chose a far-end
. We still used the
speech signal to white noise ratio of
endfire steering of the microphone array. Figure 4 shows
the two speech signals. The SNR of the near-end speaker
to the white noise was set to
. Therefore the nearend speaker is
louder than the far-end speaker, which
represents a realistic double-talk situation.
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4. RESULTS
Figure 5 shows the maximum ERLE for a given SNR. The
SNR is defined as the ratio between the near-end and the
far-end speaker. Both sources were white noise. Therefore,
a negative SNR means a stronger far-end speaker. Figure
5a shows the maximum ERLE at each AEC, when we use
the same filter length for both setup and . We can see
that setup always leads to a worse ERLE. This behaviour
can be explained by the additional reduction of the far-end
speaker caused by the preceding NRU. In setup the adaption in each AEC is improved by the better (i.e. smaller)
near-end to far-end signal ratio. Increasing the number of
adaptive coefficients from
to
will not increase
the ERLE significantly. This result holds for both setups.
Even at a SNR of
the disturbing near-end signal
is stronger than the residual error caused by the filter length
being too short (note that we use LRM-impulse responses of
a length of 4096 taps). A theoretical explanation and an estimation of the resulting error, if the number of coefficients
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Figure 4: The upper plot shows the far-end speaker signal, the middle plot the near-end speaker signal. In the
lower plot we can see a complete microphone signal, which
includes the reverberated far-end speaker, the near-end
speaker and the background noise.
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Figure 5: Maximum ERLE measured at different SNRvalues using white noise.

4.1. Step-size control
is too small can be found in [10].
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In figure 5b we examined the ERLE of the whole combined system. The differences between setup and setup
become smaller, as the NRU additionally suppresses the
far-end signal. We can still see a slight advantage of setup
.
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In figure 5c we have reduced the length of each AEC in
setup to a quarter compared to the single AEC in setup
. Now, there are no distinct differences between the two
setups anymore, except for one measurement using setup
with a length of
for each AEC. Here, the residual error
is to high, especially at SNRs between
and
.
For setup using a filter length of
we can see that the
filter length can be greatly reduced without decreasing the
ERLE.
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Finally, we examined the behaviour with speech signals. Figure 6 shows the ERLE measures, when we use
the NLMS- or the APA -algorithm. Again, there are no
explicit differences between setup and setup . We can
see, that the four APA AECs (with a length of
each)
in setup converge even faster than the single AEC in setup
.
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In order to show that the computational complexity is not
increased by the usage of four AECs we examined the lapse
at all four AECs (see
of the step-size control parameter
figure 7). No distinct differences can be seen, and therefore,
only one estimator for the step-size can be used to control
the whole AEC-unit. We recommend to use one of the middle channels of the linear array to get the best results.
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5. CONCLUSION
In this contribution we have presented a study on multichannel AECs and NRUs and their interaction when combining them in different setups. Our results indicate that
a preceding multi-channel AEC will not increase the computational complexity as the filter lengths can be reduced
and one control unit is sufficient. Therefore, both setups are
comparable when non-adaptive multi-channel NRUs were
used. However, combining AECs with adaptive NRUs a
preceding AEC-unit is preferable, since a preceding adaptive multi-channel NRU will disturb the AEC-unit, as in the
single-channel case.

ERLE using NLMS− (−) and APA10−algorithm (:)
ERLE [dB] (4*512 coeff.)

30

20
−1

10

15
10

−2

5

10

0
−5
0

1

2

3

4

5

6

7

−3

10

−4

30
ERLE [dB] (1*2048 coeff.)

step sizes at each AEC

0

10

25

10

25
20

−5

10

15
10

0
0

1

2

3
4
time in seconds

5

6

7

9:;

Figure 6: ERLE of whole system with AEC-unit and delay
and sum beamformer. Filter length of
in each AEC in
in setup .
setup ,
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Figure 7: Lapses of the step-sizes
at each AEC for the
double talk situation given in figure 4. Parameters: setup ;
array in endfire steering; each AEC’s length is
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