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Abstract

Noise reduction (NR) for audio signals has been ex-
tensively studied during the last decades. Various ap-
proaches ranging from single channel, multi-channel to
hybrid NR techniques have been proposed in the litera-
ture. Within the last years, signal enhancement for dere-
verberation received much attention. The main challenge
in dereverberation by means of robust acoustic channel
equalization has been the problem of identifying the room
impulse response (RIR) accurately.

In this paper, NR and dereverberation combining reg-
ularized multi-channel equalization (MCEQ-Fopt) for
dereverberation and hybrid NR based on sub-band filter-
ing is proposed. Individual microphone signals are first
equalized by designing the equalizer filters based on the
regularized MCEQ-Fopt algorithm. Then, the equalized
signals are post-processed using a hybrid filter for noise
reduction. Although the noise part may be amplified af-
ter the equalization step, our results show that the pro-
posed 2-stage approach is able to achieve dereverberation
to a great extent even in presence of channel estimation
errors as well as noise reduction after post-filtering.

System Model

Figure 1 shows the proposed block diagram for achieving
joint noise reduction and dereverberation for an acoustic
system with 4 microphones. The speech source is denoted
by s[k], the noise source by n[k] and hm[k] is the RIR
between the speech source and respective microphones
which is of length Lh.

Figure 1: Block diagram of the proposed 2-stage approach.

The signal received by each microphone is the clean
speech convolved with the respective RIR and perturbed
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by the noise. As shown in Figure 1, individual mi-
crophone signals are first equalized using multichannel
equalization. The TDC block is used to steer the beam
towards the direction of the speech source as well as to
compensate for the delay introduced by the equalizers.
Here, zi[k] is the equalized signal in which noise might
have been amplified due to filtering. The noise is later
reduced by using hybrid noise reduction technique utiliz-
ing subband filtering as proposed in [1]. After the 2-stage
filtering, we expect the output signal ŝ[k] to be derever-
berated with reduced noise.

The MCEQ-Fopt Algorithm

The MCEQ-Fopt algorithm [2] was proposed by Rajan
and Andy in 2013. They showed that choosing the equal-
izer filter with minimum l2 norm gives optimum result.
In this paper we use the regularized MCEQ-Fopt algo-
rithm that helps us to design equalizer filters with low
energy which is briefly summarized below

1. Construction of the multi-channel convolution ma-
trix Ĥ using erroneous RIR measurements,

2. Computation of the pseudo-inverse Ĥ†
R = (ĤT Ĥ +

δI)−1ĤT with an appropriate regularization param-
eter δ,

3. Selection of the equalizer filter gopt = h†kopt , for
which kopt = min

i
||h†i||2, 1 ≤ i ≤ Lh and h†i is the

ith column of Ĥ†
R.

Regularized MCEQ-Fopt is able to achieve dereverbera-
tion to a great extent with some pre and late echoes.

Hybrid Noise Reduction Approach

In Figure 1, after performing equalization, we use the hy-
brid noise reduction approach utilizing subband filtering
as proposed in [1]. In this approach, frequency subbands
are defined based on the inter-microphone distance and
the uncorrelated microphone pairs are identified. Gen-
erally in the lowest subband, no microphone pairs are
uncorrelated and hence, a single channel noise reduction
approach based on Ephraim & Malah [3] in combination
with Martin’s minimum statistics [4] is used. For higher
subbands, depending on microphone pairs that are uncor-
related, a modified Simmer’s approach [1] is applied. Fi-
nally, the output signal after beamforming is filtered us-
ing a psychoacoustically motivated approach [5] in which
the speech signal is obtained after pre-filtering utilizing
the subband approach.
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Simulation Results

Figure 2 shows the noise reduction (NR) in dB using the
hybrid approach and the proposed 2-stage approach. It
can be seen that the 2-stage approach is able to sup-
press noise to a similar level as compared to the hybrid
approach. This shows that the 2-stage approach is also
able to suppress noise to a great extent although noise
might have been amplified after equalization.
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Figure 2: Comparison of noise reduction between hybrid
noise reduction approach and proposed 2-stage approach.

Figure 3 shows the perceptual evaluation of speech qual-
ity (PESQ) scores for hybrid noise reduction approach
and the proposed 2-stage approach. It can be clearly
seen from Figure 3, that the 2-stage approach is able to
achieve higher PESQ scores compared to the hybrid NR
approach for all input SNR. This shows that the output
signal is dereverberated to a great extent which was not
possible in the hybrid noise reduction approach.
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Figure 3: PESQ scores for hybrid noise reduction approach
and the proposed 2-stage approach.

Figure 4 shows various signals in time domain. Compar-
ing the top and the bottom panel, it can be seen that the
2-stage approach is able to recover the original speech
signal to a great extent compared to the hybrid noise re-
duction approach. Furthermore, not much difference is
seen in the noise reduction for both approaches.
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Figure 4: Top panel – clean speech, second panel – input
signal at 10 dB input SNR, third panel – processed signal after
hybrid noise reduction approach, bottom panel – processed
signal after the 2-stage approach.

Conclusion

The proposed 2-stage approach for joint noise reduction
and dereverberation is able to achieve both noise reduc-
tion and dereverberation to a great extent compared to
the hybrid noise reduction approach. Although the noise
reduction is slightly lower, there is clearly a great im-
provement in acoustic channel equalization resulting in
higher PESQ score. Therefore, the 2-stage approach is
a promising technique that can be used to achieve joint
noise reduction and dereverberation in acoustic systems.
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