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Abstract: An automatic equalization filter for in-car communication (ICC) systems
is presented. ICC systems usually use an adaptive filter to stabilize the feedback
loop between the loudspeakers and the speaker microphone. In this work, a sec-
ond adaptive filter is introduced that aims at equalizing the sound, radiated from
one or more loudspeakers, at the listener’s position in order to achieve a linear fre-
quency response. Therefore, a microphone is placed close to the listener’s ears in
the car ceiling. To obtain a flat frequency response at the listener’s position, the
loudspeaker signal must be equalized with the inverse frequency response of the
path between the loudspeakers and the microphone. This path is described by the
impulse response and it is estimated by means of an adaptive filter in this work. To
design the equalization filter, the frequency response of the adaptive filter is used.
Target applications are speech applications operating in a closed electro-acoustic
loop, such as ICC systems. However, the idea can also be applied to other audio
presentations. Both simulations and tests in a real car show that the proposed au-
tomatic equalization filter improves speech quality in terms of a natural sounding
system.

1 Introduction

When driving at high velocities, communication inside a car becomes difficult due to large
background noise levels. An ICC system improves communication by capturing the talker’s
voice and play it back via loudspeakers close to the listeners. However, this results in a closed
electro-acoustic loop, since the microphone not only captures the local speech, but also the
feedback from the loudspeakers. This requires elaborate feedback cancellation algorithms. To
achieve a high signal-to-noise ratio (SNR) and a high speech input level, despite the background
noise, the microphones are located close to the mouths of the talkers. A suitable solution is, for
example, mounting the microphones above the seats in the car ceiling. Ideally, to enhance
communication between all passengers, every seat has its own microphone. A schematic block
diagram of an ICC system is shown in Fig. 1. For convenience, only two microphones are
shown. In the figure, the voice of the front left passenger is captured and played back at the
rear seat. In the same way, the voice of the rear passengers can be played back at the front seat.
Switching between the different channels is realized with a loss control in such a way, that only
one channel is active at the same time [1]. For this reason, in the following only one channel is
regarded. In a real system, the proposed algorithm is applied to all channels.

The listener perceives a mixture of the direct sound and the loudspeaker signal, both signals
convolved with the corresponding impulse response from the sound source to the ears. Espe-
cially in large cars, measurements show that the direct sound is damped between 10 dB up to
20 dB at the listeners ears, compared to the loudspeaker signal. The signal radiated from the
loudspeakers is colored by the frequency responses of the loudspeakers and the microphone, as
well as the acoustic properties of the car cabin. The combination of these effects often causes
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ICC-System

Figure 1 – Schematic block diagram of an ICC system for one talker and one listener. The microphone
above the rear-seat is used to adjust the equalization filter.

the speech to sound unnatural. To obtain a natural sounding system, an automatic equaliza-
tion filter is proposed in this work, that equalizes the sound, radiated from the loudspeakers,
at the listener’s ears. To adjust the equalizer, the microphone above the listener’s seat is used.
Therefore, two assumptions are made:

1. The frequency response of the microphone is approximately flat in the frequency range of
speech, ranging from 100 Hz to 10.000 Hz. If this is not the case, a filter with a corrected
frequency response may be used.

2. The microphone is located close to the listener’s ears, such that the impulse response
from the loudspeakers to the ears approximately equals the impulse response from the
loudspeakers to the microphone.

2 Related Work

Early approaches for ICC systems focus on equalizing the feedback path, i. e. the path from
listener loudspeaker to talker microphone. The problem that these filters address, is the electro-
acoustic feedback, caused by the closed loop, that limits the stability of such a system. The
goal of these approaches is to improve stability by damping the peaks in the frequency response
between loudspeaker and microphone. This can either be done by measuring the impulse re-
sponse in advance and place fixed notch filters at frequencies, where the room’s frequency
response shows peaks, or by automatic equalization methods based on howling detection [2].
Howling primarily occurs at frequencies, where the stability limit is reached first, i. e. at peaks
within the frequency response. If howling is detected, a notch filter is placed at the correspond-
ing frequency to damp the peak. However, this kind of equalization not necessarily improves
the sound quality at the listener’s position, since the coupling between the listener loudspeaker
and the talker microphone is not equal to the path between listener loudspeaker and listener ear.

During the last years, different publications addressed the problem of acoustic feedback
cancellation by means of adaptive filters [3]. Here, the main challenge lies in a strong correlation
between loudspeaker signal and local speech, that restricts the convergence of the adaptive
filter. This problem is addressed for example in [4, 5, 6]. With these approaches, the acoustic
feedback can be canceled efficiently, which makes the above mentioned early approaches, used
for stabilization, unnecessary.

In this work the focus is on equalizing the loudspeaker signal in such a way, that the trans-
mission of the local speech to the listener is flat. Similar approaches already exist for hands-free
systems, as for example presented in [7, 8]. In these patents, the loudspeaker signal is equalized
by means of an echo cancellation filter, under the assumption that the near end microphone is
close to the listener’s ears. The difference in the present work is that in case of acoustic feedback
cancellation a second adaptive filter is required to estimate the path between loudspeaker and



listener microphone. The proposed algorithm is an extension to the recently published feedback
canceler [9]. However, it can also be applied to other feedback cancellation approaches.

3 Adaptive Filters

The ICC system with the two adaptive filters is depicted in Fig. 2. In the figure, n denotes the
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ĥs(n) heq(n)

Talker

Listener

es(n)

e(n)

ef(n)

Figure 2 – Schematic block diagram of the adaptive filters, required for both feedback cancellation and
automatic equalization.

discrete time index and bold symbols characterize vectors. The adaptive filter ĥ(n) estimates
the impulse response between loudspeaker signal x(n) and talker microphone y(n). The task of
this adaptive filter is to cancel the feedback. In this work, the focus is on the the second adap-
tive filter ĥs(n) which estimates the impulse response of the short path, i. e. the path between
loudspeaker x(n) and listener microphone ys(n). The dashed arrow indicates that ĥs(n) controls
the impulse response of the automatic equalization filter heq(n). The impulse response of the
forward path hf(n) contains the system gain, adjusted by the user, as well as a delay caused by
block processing.

In the figure, all signals are shown in the time-domain. However, to reduce computational
complexity, both the adaptive filters as well as the equalizing filter are implemented in the
frequency-domain, utilizing fast convolution. The feedback cancellation filter ĥ(n) is imple-
mented as described in [9], using a reverb-based stepsize control to improve convergence. The
frequency-domain implementation of the adaptive filter ĥs(n) is described in the following.

As described in Sec. 1, the local speech of the talker s(n) is damped approx. 10 dB to
20 dB at the listener microphone. Hence, at the listener microphone the correlation between
local speech and loudspeaker signal is weak, such that the adaptive filter ĥs(n) converges to
the desired solution without the need of further control mechanisms. Therefore, a standard
frequency-domain adaptive filter (FDAF), as for example described in [10, 11] can be applied.

Ideally, the FDAF is implemented within an overlap-save filterbank, to avoid errors caused
by circular convolution. This is shown in Fig. 3. The signal sys(n) represents the direct sound
of the local speech, arriving at the listener microphone. The real impulse response of the short
path, that has to be estimated, is denoted by hs(n). In the frequency-domain, Ĥs(µ,k) is the
subband impulse response, obtained by blockwise discrete fourier transform (DFT) of the esti-
mation ĥs(n). In Fig. 3, the blocks right to the DFT/IDFT blocks symbolize the N time-domain
samples that are transfered to the frequency-domain. The frameshift is L = N/2. In case of the
loudspeaker signal, this results in

X(k) = [X(µ0,k),X(µ1,k), . . . ,X(µN−1,k)]
T = DFT

{
[x(n−N +1), . . . ,x(n)]T

}
, (1)

where k is the sub-sampled block index (n = k ·L) and µ = µ0, . . . ,µN−1 are the discrete fre-
quency bins. To avoid errors caused by circular convolution, the first half of the error signal
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Figure 3 – Schematic block diagram of a frequency-domain adaptive filter, implemented within an
overlap-save filterbank.

block must be set to zero before the DFT is applied, i. e.

Es(k) = [Es(µ0,k),Es(µ1,k), . . . ,Es(µN−1,k)]
T = DFT

{
[0L,es(n−L+1), . . . ,es(n)]

T
}
, (2)

where 0L is a zero vector of length L. The filter output r̂(n) is obtained by inverse discrete fourier
transform (IDFT) and discarding the first half of the resulting block. With vector X(µ,k)

X(µ,k) = [X(µ,k),X(µ,k−1), . . . ,X(µ,k−M+1)]T , (3)

summarizing the M previous taps of the loudspeaker signal, the update of the adaptive filter can
be written as

Ĥs(µ,k+1) = Ĥs(µ,k)+α(µ,k) · Es(µ,k) ·X∗(µ,k)
‖X(µ,k)‖2 . (4)

In Eq. (4), ‖·‖2 is the squared Euclidean norm and (·)∗ denotes complex conjugate. Again,
due to the circular convolution theorem, the second half of Eq. (4) must be set to zero in the
time-domain. The stepsize of the filter update is α(µ,k). To improve the convergence rate, it is
controlled with an approximation of the optimum stepsize

αopt(µ,k)≈ α(µ,k) = αfix ·
|X(µ,k)|2

|Es(µ,k)|2
· γ(µ,k), γ(µ,k)≈

∥∥Hs(µ,k)− Ĥs(µ,k)
∥∥2

(5)

as for example derived in [9], with γ(µ,k) being an estimation of the system distance and (·)
denoting a smoothed variable. αfix is a constant factor, allowing to adjust the overall stepsize.
In this work, it was found that αfix = 0.3 is an appropriate value for the investigated scenarios.

In Fig. 4, a measured impulse response and its corresponding frequency response are shown.
The impulse response was measured in a van with three seat rows. The car has four loudspeak-
ers in the passenger compartment, two of them mounted in the car ceiling and two in the side
panels left and right. Four microphones are mounted in the car ceiling, one above each front seat
and one above each seat of the third seat row. The delay time TD = 1.0 ms is the time it takes for
a sound wave, radiated from the closest loudspeaker, to arrive at the microphone. The reverber-
ation time T60 = 101.6 ms is calculated from the impulse response’s energy decay curve (EDC).
At around -30 dB the EDC is bent (black line), due to the measurement noise. Therefore, to
obtain the T60, the EDC is extrapolated linearly in a logarithmic scale (grey dashed line).

In this work, a sampling frequency of fs = 44.1 kHz is used. The DFT length is N = 512
samples, i. e. the frameshift is L = 256. To cover the most relevant part of the impulse response
shown in Fig. 4, the adaptive filter has M = 8 taps. Hence, the length of the estimated impulse
response ĥs(n) is Nh = M ·L = 2048 samples or 46.4 ms, which approximately corresponds to
T60/2.



Figure 4 – Frequency response and impulse response from rear the loudspeakers to the microphone rear
left.

4 Automatic Equalization

If the loudspeaker signal is equalized with the inverse of the frequency response, shown in
Fig. 4, the listener perceives an approximately white spectrum. Hence, the automatic equaliza-
tion filter heq(n) is designed in such a way, that its frequency response is approximately inverse
to the frequency response of the estimation ĥs(n).

The equalization filter Heq(µ,k) t dheq(n) is applied in the frequency-domain. There-
fore, the spectrum of the feedback canceler’s error signal Ef(µ,k) t def(n) is multiplied with
Heq(µ,k) to obtain the loudspeaker spectrum X(µ,k), i. e.

X(µ,k) = Heq(µ,k) ·Ef(µ,k), (6)

where, Heq(µ,k) is smoothed over time with a first order IIR-filter

Heq(µ,k+1) = β ·Heq(µ,k)+(1−β ) ·Heq(µ,k). (7)

Smoothing is necessary in order to prevent sudden filter changes, which would be audible and
therefore impair the sound quality. The smoothing constant β is set to 0.9.

In the following, the steps to obtain Heq(µ,k) from the adaptive filter are described. First,
the estimated impulse response ĥs(n) is transfered to the frequency-domain via DFT

Ĥs(k) =
[
Ĥs(µ0,k), Ĥs(µ1,k), . . . , Ĥs(µNh−1,k)

]T
= DFT

{
ĥs(n)

}
. (8)

It is important to recognize that the length of ĥs(n) is Nh, which is longer than the filterbank
length N. As a consequence, also the vector Ĥs(k) contains Nh frequency samples. To avoid
confusion, in the following, variables with high frequency resolution are denoted by an under-
line (·). Next, the magnitude of Ĥs(k) is normalized to 0 dB

Hnorm(µ,k) =

∣∣Ĥs(µ,k)
∣∣

max
{∣∣Ĥs(k)

∣∣} . (9)

Hnorm(µ,k) is then limited to a minimum value d. This is necessary, to avoid that notches within
the frequency response are emphasized too much by the inversion. Notches will become peaks
in the equalizer and large peaks can cause the closed-loop system to become instable, since the
maximum stable gain can be exceeded. This limitation is expressed as

H lim(µ,k) =

{
Hnorm(µ,k) if Hnorm(µ,k)> d
d else.

(10)



After that, H lim(µ,k) is inverted, i. e. H inv(µ,k) = H−1
lim(µ,k), and normalized by the arithmetic

mean in the interval given by µs = [µlo,µhi]

H inv,norm(µ,k) =
H inv(µ,k)

1
Nµs

µhi

∑
µ=µlo

H inv(µ,k)
, (11)

where Nµs = µhi− µlo + 1 is the number of frequency bins within the interval µs. The band-
limits are set to µlo = 5 and µhi = 464, corresponding to a frequency range of approx. 100 Hz
to 10.000 Hz. Values outside this frequency range are set to 1.0

Heq(µ,k) =

{
H inv,norm(µ,k) if µlo ≤ µ ≤ µhi

1.0 else.
(12)

To get a smooth shape, Heq(µ,k) is smoothed with a non-causal FIR filter along the frequency
axis, resulting in Heq(µ,k). By doing so, narrow notches and peaks are broadened and flattened.
Finally, to obtain the required filter Heq(µ,k) for Eq. (6), the frequencies of Heq(µ,k) have to be
subsampled by factor M/2. Depending on the utilized filterbank type, projections are necessary
to avoid circular convolution.

5 Results

The results of the proposed algorithm are given by means of simulations. For simulations, the
impulse responses, measured in the car described in Sec. 3, are used. The short path hs(n) is
modeled with the impulse response given in Fig. 4. The feedback is simulated with the impulse
response from the rear loudspeakers to the driver’s microphone. The local speech is a male
speaker located on the driver seat, recorded at 100 km/h. This results in a SNR of 2.3 dBA at
the driver microphone and a SNR of -15.2 dBA at the microphone rear left. Without feedback
cancellation or any other algorithm, the system is stable up to 0 dB system gain. Since in the
simulations the feedback canceler is active, the gain is set to +10 dB. The simulation time is
approx. 19 s.

Figure 5 – The spectrogram of Heq(µ,k) and the convergence characteristic of the adaptive filter.

The left plot of Fig. 5 shows the temporal progress of the filter coefficients Heq(µ,k) as a
spectrogram. One can see, that during the first second, the coefficients change. The reason is
the convergence characteristic of the adaptive filter, which is shown in the right plot. After 1 s
(dashed vertical line), the adaptive filter reaches a system distance of approx. -20 dB. From this
point, the coefficients change only slightly.



Figure 6 – The frequency response of the automatic equalization filter. For better visualization of the
relevant frequencies, a logarithmic scale is used.

The frequency responses of Eqs. (9) and (10) are shown in Fig. 6 together with Heq(µ,k).
To create the plot, the adaptive filter’s estimation after 19 s simulation time is used. The fre-
quency response is limited to d =−20 dB.

To evaluate the linearity of the proposed equalization algorithm, the real frequency response
Hs(k) and the frequency response, weighted with the equalization filter

Hfilt(µ,k) = Hs(µ,k) ·Heq(µ,k), (13)

are compared. Both frequency responses are shown in Fig. 7. A flat frequency response is

Figure 7 – The frequency response before and after weighting with the automatic equalization filter.

assumed to be ideal. Thus, the squared errors between the frequency responses and their arith-
metic mean in the interval µs = [µlo,µhi] are calculated after 19 s simulation time. This results
in the distances Ds(k) and Dfilt(k)

Ds(k) =
1

Nµs

µhi

∑
µ=µlo

(
|Hs(µ,k)|−

1
Nµs

µhi

∑
µ=µlo

|Hs(µ,k)|
)2

≈ -7.45 dB, (14)

Dfilt(k) =
1

Nµs

µhi

∑
µ=µlo

(
|Hfilt(µ,k)|−

1
Nµs

µhi

∑
µ=µlo

|Hfilt(µ,k)|
)2

≈ -12.05 dB. (15)

For the given scenario, the squared distance Dfilt(k) after equalization is approx. 4.6 dB less,
than without equalizing. Similar results are also obtained for different impulse responses. Sub-
jective hearing impressions confirm the result. The speech arriving at the listener’s ears sounds
much more natural if it is processed with the automatic equalization filter.

6 Conclusion and Outlook

An automatic equalization filter for closed-loop electro acoustic systems with adaptive feed-
back cancellation algorithms was presented. The equalizer aims to achieve a desired frequency



response, which is flat over the frequency range of speech. Both simulations and subjective lis-
tening showed that the algorithm is capable of flattening the frequency response at the listener’s
ear.

Further improvements could be controlling the desired frequency response in such a way
that it is not white but it depends on the background noise. By doing so, speech intelligibility
can be improved, since frequency bands with large background noise power are emphasized.
Furthermore, the described equalizer can also be used to improve stability of the closed-loop
system. Therefore the resonance frequencies within the estimated impulse response of the feed-
back cancellation filter must be damped by the equalizer, since these frequencies are very critical
for stability. A similar filter design method, as the one described in this work, can be applied.
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