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Abstract
In this paper, we present two important contributions. The first is demonstration of
the use of subliminal levels of pseudo-random noise to enhance channel estimation, and
the second is a joint time and frequency domain algorithm for multichannel inversion.
An adaptive system is presented where the acoustic channel is accurately estimated
and utilized. In this implementation, maximum length sequences in the form of pseudorandom noise are superimposed on the source signals to aid the estimation quality of
the acoustic channels. Upon estimation, crosstalk cancellation filters are designed using
a time and frequency domain technique which uses a window to achieve more efficient
and effective cancellation of crosstalk. For a 3 × 2 crosstalk system, the presented results
show the improvement in channel estimation quality when low levels of maximum length
sequences are superimposed on the source signals. On average −25dB of crosstalk
cancellation is achieved.
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Introduction

Crosstalk cancellation is applicable to many audio situations. In state-of-the-art personal
audio systems, crosstalk cancellation systems aim to provide independent transmission of
speech or music to multiple listeners in the same listening space [1]. Crosstalk cancellation
systems are designed to accurately reproduce sound at particular points in the acoustic
space of interest, whilst suppressing the acoustical leakage from other sound sources. To
design crosstalk cancellation filters, the impulse response (or the transfer function) from the
loudspeakers to the listening position(s) must be known [12, 8, 13]. In this paper, we propose
an adaptive system which allows the channel impulse responses to be implicitly characterized
(estimated) by adding low levels of maximum length sequences (MLS) to source signals,
while the channels are in use. Upon estimating the acoustic channels, we perform crosstalk
cancellation via the proposed time and frequency domain technique, inverting the estimated
impulse responses. In doing so, we make use of a window function to permit low levels of
echo in the estimated impulse responses.
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Due to the low cross-correlation and near to impulsive auto-correlation properties of
MLS, impulse response measurement techniques with MLS have been extensively studied
and utilized [3, 15, 16]. These properties have enabled their use in multisource multireceiver
systems which must accomplish simultaneous measurements in a limited time manner [18].
MLS have also been used in multichannel acoustic echo cancellation systems to solve the
non-uniqueness problem for perfect system identification. There the fundamental problem is
that the multiple channels may carry linearly related signals which in turn may make the
multichannel equations unsolvable. It was shown in [2] that a solution to this problem was
to reduce the cross-correlation between different loudspeaker signals by adding incoherent
noise, in order to get well behaved estimates of the echo paths. Other methods have been
proposed to do this including different preprocessing for each loudspeaker channel, such as
nonlinear preprocessing [10], time-varying prefiltering [4] and resampling [17]. However, the
challenge here is to reduce the coherence sufficiently without affecting the audio perception
and quality. In addition to the above, techniques have also been proposed to estimate the
room impulse responses in the presence of an audience with music signals by using complex
modulation transfer functions with anechoic and reverberant envelopes [14]. However, results
from these methods have shown that sufficient estimation accuracy cannot be achieved to
gain information regarding the room parameters. The approach that we are proposing allows
the channels to be simultaneously characterized with the addition of subliminal levels of
MLS to source signals. This enhances channel estimation quality whilst keeping the audio
perception and quality unchanged.
Many algorithms which obtain accurate crosstalk cancellation with two or more loudspeakers are also described in the current literature. Most of the algorithms formulate
the problem as an inverse filter with the least-squares optimization criteria minimising the
resultant crosstalk [12, 11, 7]. Generalized crosstalk cancellation and equalization using
multiple loudspeakers for multiple listeners is proposed in [5], where, as well as formulating
the crosstalk problem in a least-squares sense, the exact solution and the minimum-norm
solutions are derived. However, the performance of these techniques rapidly degrades in
the presence of errors in the estimated channel and noise. A more robust approach was
proposed by [6] which opts for multichannel inversion if the channel estimation error is low
and beamforming if the channel estimation error is high. It describes a tradeoff between
the quality of channel inversion and beamforming. In this paper we combine adaptivity
with a windowed time and frequency domain approach in performing multichannel inversion.
The rest of the paper is structured as follows. Section 2 details the proposed joint time and
frequency domain crosstalk cancellation technique. In section 3, we describe the proposed
channel estimation technique with MLS. Section 4 presents results of both the proposed
techniques for real channels and Section 5 concludes the paper.
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Joint Time-Frequency Domain Crosstalk Cancellation

The goal of crosstalk cancellation in personal audio systems can be simplified to independent
delivery of S source signals to M = S microphones or equivalent pressure matching points.
Independent sound streams are delivered via the use of L loudspeakers. Typically, L ≥ S to
ensure at least one extra degree of freedom is achieved and the probability of deep nulls in
the acoustic channels between each loudspeaker and microphone is minimized. In order to
successfully cancel crosstalk, crosstalk cancellation filters are required. Crosstalk cancellation
filters are designed considering the effects of reverberation and are traditionally based on
inversion of the minimum-phase component of the estimated channel impulse responses.
However, here we propose an adaptive approach to crosstalk cancellation where the crosstalk
filters are designed using alternation between the time and frequency domains.
Let Nh denote the length of the crosstalk cancellation filter impulse response from the
sth source to the lth loudspeaker hls . Let Nc denote the length of the sampled acoustic
channel impulse response cml from the lth loudspeaker to the mth microphone. The overall
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impulse response rms from the sth source to the mth microphone is given by
rms =

L
X

cml ∗ hls

(1)

l=1

or in the frequency domain as
Rms (ω) =

L
X

Cml (ω)Hls (ω).

(2)

l=1

The length of the overall impulse response is given by Nr = Nc + Nh − 1. We design hls
such that the crosstalk signal paths are attenuated as much as possible. Ideally, they should
be given by Rms (ω) = 0 when m 6= s. The ideal delivered transfer functions for the direct
signal paths when m = s must have |Rss (ω)| = 1. By appropriately stacking the values for
the M microphones and L loudspeakers, we obtain
R(ω) = C(ω)H(ω).

(3)

The equations in (1) and (2) are solved by alternation between the time and frequency
domains. The goal in the frequency domain is to achieve in Rms low crosstalk responses (i.e.,
for m 6= s) and flat direct responses (i.e., for m = s). This is successively achieved by scaling
the frequency domain responses towards the desired amplitudes (0 or 1) without altering
the phase of the signals. The goal in the time-domain is to achieve filters in hls of length
no longer than Nh (where the DFT length is Nr ≥ Nh ), and as close to minimum-phase
as possible. The requirement that the filters contain Nr − Nh = Nc − 1 consecutive zero
entries is often ignored in the frequency domain filter design literature. This is gradually
achieved by multiplying the estimated impulse responses with the designed window. The
window function ensures that the beginning and the end of the impulse responses are zero. A
short period of early reverberation is permitted by assigning a magnitude of 1 to a section of
the window function as it contributes beneficially to the delivery of acoustic energy without
detracting from the listening experience. Setting the magnitude of this weight to 1 also
ensures that the early attack of impulses in the estimated impulse responses are retained.
Thus, the weight vector of Nr2 samples is denoted by wr2 (n) = 1. The weight vector of Nr3
samples is given by wr3 = e−β(n−Nr3 )/C . The parameters β and C control the exponential
envelope of the designed vector. The choice of this vector replicates the exponential decay of
the late reverberant tails seen in real room responses. The algorithm alternates between the
time and frequency domains using the DFT and per-frequency matrix multiplication. Fig. 1
depicts the overall shape of the window. The algorithm proceeds by repetition of the steps
presented in Algorithm 1.
Algorithm 1 Joint time-frequency domain crosstalk cancellation
Step 1: R(ω)
← C(ω)H(ω),
Step 2: |Rms (ω)| ← γ|Rms (ω)| for m 6= s,
|Rmm (ω)| ← |Rmm (ω)|δ ,
Step 3: H(ω)
← (C(ω)H C(ω) + λI)−1 C(ω)R(ω),
Step 4: h
← inverse DFT(H),
Step 5: hls
← hls (n)w(n),
Step 6: H
← DFT(h).
Here 0 < γ < 1, 0 < δ < 1 and λ > 0.
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Figure 1: Window function to achieve filter length no longer than Nh . Estimated room
impulse responses are multiplied with the window to gradually achieve this over the total
number of iterations of the algorithm.
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Simultaneous Channel Estimation with Low levels of
MLS

The signals sent to the loudspeakers of a multichannel audio system are highly correlated
and do not necessarily excite all the frequencies that may be of interest in the near future.
Moreover, the spectral content of speech or music signals changes abruptly and thus channel
estimates obtained using earlier signals may not be adequate. The approach which we
propose here overcomes this problem by adding subliminal quantities of independent noise
to each source signal to sound each channel simultaneously. In order to perform accurate
simultaneous channel estimation, signals which are used to estimate the channels need to
possess near to zero cross-correlation properties. MLS have near to zero cross-correlation
and thus aid in decorrelating these signals. Upon sounding the channels, we can build the
crosstalk cancelling filters which are based on the method described in Section 2. Fig. 2
describes the proposed technique to carry out simultaneous channel estimation for a 3 × 2
crosstalk cancellation system (3 loudspeakers and 2 microphones). The source signals are
combined with the MLS to sound each channel. The channel estimates are based on a least
mean squares (LMS) type update. Each update is governed by
(k)

(k+1)

Ĉml

Mm (ω)

(k)

(ω) = αĈml (ω) + (1 − α)

(k)

(k)

(k)

(ψ)Sl (ω) + (1 − ψ)Ll (ω)
(k)

.

(4)

Here Mm (ω) is the windowed signal received at the microphone m, Sl (ω) is the windowed
(k)
source signal emitted by loudspeaker l and Ll (ω) is the MLS signal emitted by loudspeaker
l. The update permits the tradeoff between the level of signal and the level of MLS. Setting
ψ = 0 yields the channels being estimated only by MLS while setting ψ = 1 yields the
channels being estimated by the windowed source signals. In the latter we expect the channel
estimation error to be higher as the channel sounding signals are unable excite all frequencies
due to its rapidly varying spectral content. The value of ψ can be adjusted to obtain the
optimal performance in terms of the estimation error without affecting the audio perception
and quality.
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Figure 2: System model for simultaneous channel estimation for a 3 × 2 crosstalk cancellation
system, showing the independently superimposed MLS with source signals resulting in channel
estimates given by ĉml from loudspeaker l to microphone m. The MLS channel estimator
feeds back the channel estimates to design the crosstalk cancelling filters.
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Results

The signal-to-noise-ratio (SNR) in the estimation process increases if multiple MLS repetitions
are used [15]. For a 3 × 2 crosstalk cancellation system, the channel estimation quality
was tested by examining the RMS channel estimation error in dB vs. the number of MLS
repetitions needed to reduce the error. Fig. 3 shows the channel estimation quality for
simultaneous and individual channel estimation with and without the presence of source
signals. In the cases where the source signals were present, two music signals were used
with the average signal strength being 65dB in sound pressure level (SPL). The average
MLS strength was 26dB SPL. The channels were estimated in a real rectangular room of
3.5m×2.5m×4.5m with a reverberation time T60 of approximately 0.25s. The channel impulse
responses were estimated using a sampling frequency of 44.1kHz. Order 16 MLS were chosen
for all experiments. The RMS performance converges to −20dB with 40 MLS repetitions.
The RMS error is the lowest at −23dB when individual channels are sounded with MLS and
no source signals. Upon estimating the channels, crosstalk cancellation filters were designed
with the window function presented in Fig. 1. We chose β = 0.001, as a value which is close
to 0 suppresses majority of the late reverberations. With γ = 0.01, δ = 0.1 and λ = 0.001,
the resulting crosstalk and direct channel frequency responses are shown in Fig. 4. The
average crosstalk magnitudes for both crosstalk channels is −25dB and the direct channel
responses can be seen to have a flat frequency response with ±0.5dB deviation from the
average magnitude. MLS signal levels were altered to monitor the effect on the crosstalk
magnitude and are presented in Fig. 5. The variations reflect how much MLS is used to
estimate the channels. With MLS signal energy set to −26dB, low crosstalk magnitude is
obtained. The MLS was empirically found to be subjectively audible when MLS signal energy
is −30dB or above with no music signal present. The threshold of subjective audibility comes
from the simultaneous masking limit [9]. With greater MLS signal energy, lower channel
estimation error and lower crosstalk magnitude is achieved. However, increasing the MLS
signal energy makes the MLS signals more dominant in terms of their audibility. It is only
when the MLS injection becomes audible, a significant difference in the crosstalk levels are
noticed. Thus, a tradeoff between the MLS signal energy vs. the source signal energy arises,
as one aims for low crosstalk with enough MLS energy for low error channel estimation.
Although not demonstrated here, the level of MLS added can be varied adaptively based on
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Figure 3: Channel estimation quality vs. MLS repetitions for a 3 × 2 crosstalk system. The
figure shows RMS error (dB) for individual (separate) and simultaneous channel estimation
with and without source signals.
the signal levels present.
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Conclusions

An original simultaneous channel estimation and crosstalk cancellation approach is presented.
Channel estimation is aided by the addition of subliminal levels of MLS to the loudspeaker
signals. The crosstalk cancellation filters are designed using an original method involving
alternation between the time and frequency domains to satisfy constraints in both domains.
Estimation with multiple MLS shows a reduction in the estimation error and an improvement
in the quality of the crosstalk magnitude. Decreasing the energy level of MLS results
in degraded crosstalk performance, as the resulting estimate is a mixture of MLS energy
and superimposed source signal energy. By controlling the late reverberations with an
exponentially decaying weight, the designed crosstalk cancellation filters are found to require
fewer taps than the traditional impulse response inversion techniques. This increased the
efficiency of the crosstalk cancellation system. A real time system implementing this approach
is currently under development.
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