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Abstract
Distant speech recognition remains a challenging application
for modern deep learning based Automatic Speech Recognition
(ASR) systems, due to complex recording conditions involving
noise and reverberation. Multiple microphones are commonly
combined with well-known speech processing techniques to en-
hance the original signals and thus enhance the speech recog-
nizer performance. These multi-channel follow similar input
distributions with respect to the global speech information but
also contain an important part of noise. Consequently, the input
representation robustness is key to obtaining reasonable recog-
nition rates. In this work, we propose a Fusion Layer (FL) based
on shared neural parameters. We use it to produce an expressive
embedding of multiple microphone signals, that can easily be
combined with any existing ASR pipeline. The proposed model
called FusionRNN showed promising results on a multi-channel
distant speech recognition task, and consistently outperformed
baseline models while maintaining an equal training time.

Index Terms: Multi-channel distant speech recognition, shared
neural parameters, light gated recurrent unit neural networks.

1. Introduction
Modern automatic speech recognition (ASR) systems signifi-
cantly struggle in more realistic distant-talking speech scenar-
ios [1, 2], despite their promising results in close-talking and
controlled conditions. Indeed, distant speech recognition is sig-
nificantly more difficult as it often implies speech signal highly
corrupted with noise and reverberation [3, 4].

The use of Multi-microphone arrays is a common approach
to enhance distant-talking recognizer performance [5, 6]. The
variety of microphones enables the model to receive different
and complementary views of the same acoustic event. Conse-
quently, it facilitates the differentiation between noise, reverber-
ation, and the relevant acoustic information. Thus, improving
the robustness of the speech recognition system.

Multi-microphone input arrays require the adoption of sig-
nal processing techniques aimed at efficiently combining dif-
ferent signals. Traditionally, the beamforming method [7] is
commonly used to achieve spatial selectivity. It enables the ob-
tained representation to privilege the spatial areas of the target
speaker, and reduces the impact of noise and reverberation. Ex-
amples of beamforming are delay-and-sum and filter-and-sum
[8, 9]. Most of these techniques propose to realign the differ-
ent signals in the time domain, and to enhance, increase or filter
the energy observed for the relevant speech information by per-
forming specific operations.

More recently, deep multi-microphone signal processing
methods have been developed on the back of the current deep
learning renaissance [10, 11, 12, 13, 14]. They integrate DSP

techniques into the pre-existing neural ASR systems. Such inte-
gration of deep learning and traditional signal processing tends
to deliver speech pipelines that are more straightforward, trans-
parent, and better performing. For instance, a first paper in this
direction has shown that simply concatenating multi-channel
features along one dimension and feed a neural acoustic model
with it is sufficient to achieve competitive results [15].

Nevertheless, complex inter- and intra- dependencies exist-
ing between different signals remain difficult to capture with
such simple approaches. Indeed, the different microphones are
connected to various independent weights and both inter- and
intra- relations are considered at the same level, while we may
assume that the input representation is made of M different
microphones sharing slightly different but close input distribu-
tions. For instance, R,G,B color components characterizing
a single pixel may be considered as an analogy to the 3 Mel
filter banks energies obtained from 3 different microphones for
a single time frame. In this example, a good model must cre-
ate an expressive and robust latent representation of close but
noisy input distributions (i.e. the variations between the differ-
ent microphones) to enable a better understanding of the speech
information carried by the signal (i.e. what is being spoken).
One approach to modelling such dependencies is to inject prior
knowledge [12]. In this work, the authors proposed an adaptive
neural beamformer with learned filters to perform a delay-and-
sum beamforming. Despite good performances, this approach
relies on a specific set of beamforming functions and is there-
fore limited by their definitions. Furthermore, this set of jointly-
trained model often increases the complexity of the model, thus
prolonging the training time [16].

Our proposal is to consider other inductive biases related to
the multi-dimensionality of the data rather than just to its speech
representation. First, this proposal draws on the treatment of
multidimensional features in deep learning applications includ-
ing image processing (3D pixels), natural language processing
(N -dimensional vectors for a given token), robotic (3D coordi-
nates). In these different contexts, high-dimensional neural net-
works are applied partly due to the fact that their algebras enable
the learning of embeddings that take into account both intra-
and inter- dependencies. Examples are complex-valued neu-
ral networks [17], quaternion neural networks [18], and mod-
els relying on the Clifford algebra [19, 20]. All these archi-
tectures have demonstrated promising performances on a wide
range of applications due to a specific weight sharing scheme,
ensuring natural encodings of the internal relations [21]. Re-
cently, shared weights have been investigated in the context of
heterogeneous audio datasets processing [22], showing better
out-of-distribution generalisation capabilities than recent trans-
fer learning methods. Siamese neural networks also heavily
rely on shared weights [23] to project their input vectors into
a shared latent subspace. Finally, a recent related work pro-
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Figure 1: Illustration of a FusionRNN combining a Fusion Layer (left) and a Light Gated Recurrent Unit RNN (right). A new embedding
of the M different microphones is learned through a sum of M non-linear projections with shared parameters of the input signals. This
embedding is then used a the new input representation for the neural acoustic model.

poses to train an encoder across the different microphones and
to freeze it to generate embedding features [24].

Our proposal delivers a unified speech pipeline for multi-
channel distant ASR referred as FusionRNN. It is composed
of a novel Fusion Layer (see section 2) and a Light Gated Re-
current Unit (liGRU) neural network. We hypothesized that our
Fusion Layer will produce a more expressive and robust embed-
ding from different microphone signals, and increase the accu-
racy of the recurrent acoustic model for distant ASR. The exper-
iments conducted on the DIRHA-English [25] dataset support
this and highlight consistent improvements in terms of Word
Error Rate (WER). We compared the FusionRNN to baseline
approaches in the same required training time category. Finally,
we release the code under PyTorch-Kaldi [26] to facilitate re-
producibility 1.

2. FusionRNN
This Section first motivates and presents the fusion layer (Sec-
tion 2.1). Then, the FusionRNN is introduced as a combina-
tion of a FL and a liGRU network to compose a neural acoustic
model (Section 2.2).

2.1. Fusion Layer

Our Fusion Layer (FL) is at the core of the FusionRNN. We
expect that if multi-channel signals have close but noisy input
distributions then building a common latent representation for
these data will help to reduce both the noise and the final tran-
scription error rate. Therefore, we made our FL project each mi-
crophone signal to a latent sub-space with a weight matrix that
is shared among the different channels (Figure 1). The power
of this approach lies in its versatility as it can efficiently encode
multi-channel input features for any well-known neural archi-
tecture while maintaining an equivalent training time.

Let xm,t
n be the input to a node n coming from the micro-

phone m (0 ≤ m ≤ M ) at a time-step t, where M is the total
number of microphones (M ∈ [1, +∞[). The shared weight
matrix W is composed of N × H weight parameters w, with
N and H corresponding to the input and hidden vectors sizes
respectively. The output x̃th describing the fusion of the M mi-

1https://github.com/mravanelli/pytorch-kaldi/

crophones obtained from the shared weights of the FL layer at
the output node h is computed as following:

x̃th =

M∑
i=0

α(

N∑
j=0

wn,jx
i,t
j + bh), (1)

with α be any non-linear activation function and bn a bias term.
The introduction of α before the summation over the dif-

ferent signal allows the FL to exhibit non-linear responses with
respect to different inputs while sharing the same weight pa-
rameters. Indeed, without α, a fusion layer can be reduced to
a common fully-connected layer with a specific constraint and
three times fewer degrees of freedom.

Note that Eq. 1 can be transformed into a 1D convolutional
layer in the context of a precise setup. For instance, we imple-
ment Eq. 1 by concatenating the different channels along one
dimension and by applying a 1D convolution based on a kernel
size and a stride equals toN . Then, the resulting outputsH can
be summed to obtain x̃th.

The FL reduces the number of neural parameters of the in-
put layers from (N×M)×H for an equivalent fully-connected
layer to N ×H , while preserving the number of computations.
We believe that this reduction will make a speech recognizer
equipped with a FL faster to converge and better at generalizing
from noisy inputs.

Following prior works that investigate weight sharing archi-
tectures such as high-dimensional neural networks [27, 21, 28]
or Siamese neural networks [29, 23], our FL is expected to pro-
vide an efficient way to capture global variations affecting dif-
ferent microphones, thus increase the robustness of the speech
recognizer. In comparison, an embedding obtained with a fully-
connected layer may exhibit higher variances across different
dimensions of the generated vector, in presence of strong per-
turbations, which potentially may harm the final performance.

2.2. Integration to Light Gated Recurrent Units

Due to its simple formulation, the fusion layer can easily be in-
tegrated to existing neural architectures by simply replacing all
the fully-connected layers. In this work, we propose to extend
the FL to the light gated recurrent unit (liGRU) first introduced
in [30] to compose the acoustic modelling part of an hybdrid
DNN-HMM automatic speech recognizer.
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LiGRUs are a revised version of the well-known GRU re-
current neural networks that account for the specificities of
speech recognition. More precisely, liGRU models remove the
reset gate and replace the hyperbolic tangent across the hidden
state with a rectified linear unit, and a specific input-to-hidden
batch-normalisation to stabilize and fasten the training. In prac-
tice, liGRU have been shown to always outperform both GRU
and LSTM RNNs in different context of speech recognition in-
cluding distant ASR [30, 26] both in terms of training speed and
accuracy. LiGRU equations are summarized as follow:

zt = σ(BN(Wzx
t) + Uzht−1), (2)

h̃t = ReLU(BN(Whx
t) + Uhht−1), (3)

ht = ht−1 � zt + h̃t � (1− zt), (4)

with zt and ht the update gate and the hidden state at time-step t
respectively. The batch-normalisation denoted BN(x) follows
the definition given in [31] and normalises the processed mini-
batch by considering internal statistics. Biases are integrated to
the BN and are therefore omitted from the liGRU equations.

The FusionRNN inference process is obtained by replacing
the input layers of zt and h̃ with fusion layers:

zt = σ(BN(FL(xt)) + Uzht−1), (5)

h̃t = ReLU(BN(FL(xt)) + Uhht−1). (6)
(7)

The hidden state ht is then updated following the standard
liGRU formulation. Finally, the FusionRNN is trained follow-
ing the backpropagation through time with respect to common
cost functions.

3. Experimental Protocol
We propose to evaluate the performance of the FusionRNN on
the multi-channel distant speech recognition task of the DIRHA
dataset [25] (Section 3.1). Our FusionRNN is compared to
equivalent neural networks by varying the number of consid-
ered microphones and the initial acoustic features representa-
tion (Section 3.2).

3.1. The DIRHA Dataset

Experiments are conducted on the DIRHA-English corpus [32].
This dataset models a domestic environment characterized by
the presence of non-stationary noise and acoustic reverberation
enabling various benchmarks of speech-based systems in more
realistic conditions. 40 Mel filter bank energies and 13 MFCC
were computed with windows of 25 ms and an overlap of 10
ms to be used as initial acoustic representations [33]. These
two common acoustic features are considered to illustrate the
independence of the results with respect to the initial input rep-
resentation of the signal. Then a delay-and-sum beamforming
is applied over the different six microphones to be considered
as a baseline.

The training is based on the original Wall-Street-Journal-5k
(WSJ) corpus (i.e. consisting of 7138 sentences uttered by 83
speakers) contaminated with a set of impulse responses mea-
sured in a real apartment [34, 35]. Both a real (Test Real) and
a simulated (Test Sim) dataset are used for testing, each con-
sisting of 409 WSJ sentences uttered by six native American
speakers. Note that a validation set of 310 WSJ sentences is
used for hyper-parameter tuning.

The full circular array of six microphones is considered to
evaluate the impact of the number of microphones available on
our models.

3.2. Models Architectures

LiGRU and FusionRNN are parametrized following the best
model corresponding to the DIRHA recipe proposed in [26].
Models are fed with m microphone signals (1 ≤ m ≤M ) cor-
responding to a single time frame from each microphone (i.e.
no right or left context). The bidirectional liGRU layers are
composed of 512 neurons and are stacked before being fed to
the last softmax-based layer for classification. Then the out-
put labels are the different HMM states of the Kaldi decoder.
The fusion layer activation functions are all parametric ReLU
(PReLU) [36].

Recurrent weights are initialized orthogonally [37] while
input to hidden weights are sampled from a normal distribu-
tion following the Glorot criterion [38]. Both FusionRNN and
liGRU models are composed of roughly 8M neural parameters
and are trained with RMSPROP across 20 epoch with an ini-
tial learning rate of 1.6e−3. The learning rate is halved every
time the loss on the validation set increases to ensure an opti-
mal convergence. A dropout rate of 0.2 is applied on all the
recurrent layers. Input sequences are chunked to 100 time-steps
to warm up the training and doubled at the end of each epoch
up to 500. The models are based on the same PyTorch imple-
mentation to alleviate the variations that could be observed with
different source codes.

4. Results and Discussions
First, the results obtained with different number of microphones
on the DIRHA dataset are reported in Table 1. The FusionRNN
always outperform equivalent standard liGRU conditioned on
the same number of microphones with both the real and simu-
lated test sets. Hence average absolute improvements of 0.7%
and 0.6% are obtained with the FusionRNN on the real test set
with MFCC and FBANKs features respectively. The same re-
sults are observed on the simulated test set with an average gain
of 0.9% and 1% based on the same input conditions. This phe-
nomenon highlights the transferability of the fusion layer to dif-
ferent initial acoustic representations. In particular, a best WER
of 24.5% is reported on the real test set with a FusionRNN fed
with 6 microphones compared to 25.0% for standard liGRU.
It is worth underlining that this represents a decrease of 2.9%
in WER over prior experiments with DIRHA and non speaker-
adapted acoustic features [30].

The gap in transcription error rate between FusionRNN and
liGRU increases with the number of microphones as shown in
the last column of Table 1. An initial absolute gain of 0.2%
in average (i.e. with respect to all test sets and features) is ob-
served with 2 microphones, increasing to 1.1% with 5 micro-
phones. This behaviour tends to validate the assumption that
weight sharing is helpful in the context of increasing number of
acoustic sources by learning an expressive latent representation
of the different input distributions.

The introduction of the sixth microphone (LA6) slightly
harms the liGRU results while FusionRNN performance is not
changed. This may be because the sixth microphone (LA6) is
disposed at the centre of the circular array while LA1-LA5 form
the circle. This finding is a first step to support the increased ro-
bustness offered by the fusion layer.
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Table 1: Results are expressed in terms of Word Error Rate (WER) (i.e lower is better) for different models on the DIRHA dataset
with different acoustic features. ’Test Sim.’ corresponds to the simulated test set of the corpus, while “Test Real” is the set composed
of real recordings. Beam-liGRU is a liGRU fed with delay-and-sum beamformed acoustic features. “Gain” is the absolute average
improvement observed with FusionRNN on all test sets and features.

Models Nb. of Mic. Test Real
(MFCC)

Test Sim.
(MFCC)

Test Real
(FBANK)

Test Sim.
(FBANK)

Gain
(%)

Beam-liGRU 6 27.2 22.0 27.9 21.9
liGRU [30] 1 27.8 21.3 27.6 21.4

liGRU 2 26.4 20.1 27.1 21.2
FusionRNN 2 26.4 20.0 26.8 20.8 -0.2

liGRU 3 26.4 19.3 26.2 20.2
FusionRNN 3 25.3 18.5 25.7 19.3 -0.9

liGRU 4 26.0 19.1 26.1 20.1
FusionRNN 4 25.0 18.5 25.5 19.0 -1.0

liGRU 5 25.2 19.8 25.8 20.1
FusionRNN 5 24.7 18.4 24.9 18.5 -1.1

liGRU 6 25.0 19.9 25.9 19.5
FusionRNN 6 24.5 18.4 25.1 18.5 -1.0

A crucial benefit of the Fusion Layer lies in the consistency
of improvements in terms of WER it deliverers. The proposed
FusionRNN always performs better. Furthermore, FusionRNN
transfer well to different acoustic representations by achieving
superior results with both MFCC and FBANK features. There-
fore, it is expected that similar improvements may be expected
with other common extraction techniques including fMLLR and
PLP that have been shown to be particularly helpful in noisy and
reverberated conditions [30].

Second, we investigated the impact of the fusion layer (Eq.
1) on the training time of the FusionRNN compared to a stan-
dard liGRU equipped with a plain fully-connected layer. Figure
2 reports the different duration in seconds needed to complete
each epoch by the different models. This is to quantify the la-
tency introduced by the FL as described in Section 2.1. We find
that the cost in absolute as well as relative terms is marginal.
The FusionRNN completes in average one round in 935 sec-
onds compared to 929 for liGRU. This 0.7% difference could
be even further reduced with a well-designed PyTorch optimi-
sation of the fusion layer.

1 2 3 4 5 10 15 20
800

850

900

950

1,000

Epoch

Ti
m

e
(s

)

FusionRNN
liGRU

Figure 2: Training time is seconds recorded for each epoch with
both FusionRNN and liGRU ASR systems with 6 input micro-
phones. Models have been trained on a single RTX 2080 Ti.

Note that the significant increase in duration observed be-
tween the first epoch and the fourth one with both models is due
to the training strategy. Sequences sizes are gradually increased
to warm up the training of the acoustic models. Here, the up-
per limit is 500 time frames and is reached at epoch number
four. Finally, and as shown in the experiments, a fusion layer
can easily be embedded in any pre-existing multi-channel neu-
ral acoustic model to reduce the number of transcription errors
at the only cost of implementation.

5. Conclusion

Summary. This paper first introduced a fusion layer that
can easily be plugged into any existing multi-channel ASR
systems to learn expressive embeddings from multiple micro-
phone signals while maintaining the training time effectively
unaltered. Furthermore, its shared neural parameters allow
the FL to project close but different input distributions com-
ing from different microphones in a shared latent subspace,
which is more robust to perturbations induced by distant ASR.
FL when included in FusionRNN delivered a consistent, ma-
terial, and robust improvement in transcription error rate over
resource-equivalent architectures on a multi-channel distant
speech recognition tasks.

Perspectives. Despite few prior works on shared weights, it re-
mains unclear how this mechanism affects the filtering of the
acoustic signal in the fusion layer. Therefore, a future work
will be to measure the response of the FusionRNN to out-of-
distribution speech samples. In this context, we expect that the
obtained embedding will offer fewer variance across the differ-
ent recordings compared to traditional approaches, hence induc-
ing better generalisation capabilities.
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