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ABSTRACT
Modern smart glasses leverage advanced audio sensing and ma-

chine learning technologies to offer real-time transcribing and cap-
tioning services, considerably enriching human experiences in daily
communications. However, such systems frequently encounter chal-
lenges related to environmental noises, resulting in degradation to
speech recognition and speaker change detection. To improve voice
quality, this work investigates directional source separation using the
multi-microphone array. We first explore multiple beamformers to
assist source separation modeling by strengthening the directional
properties of speech signals. In addition to relying on predetermined
beamformers, we investigate neural beamforming in multi-channel
source separation, demonstrating that automatic learning directional
characteristics effectively improves separation quality. We further
compare the ASR performance leveraging separated outputs to noisy
inputs. Our results show that directional source separation benefits
ASR for the wearer but not for the conversation partner. Lastly, we
perform the joint training of the directional source separation and
ASR model, achieving the best overall ASR performance.

Index Terms— Source separation, speech recognition, micro-
phone array, multi-talker ASR, smart glasses

1. INTRODUCTION

Recent advances in audio sensing [1, 2] and augmented reality (AR)
[3] have empowered novel applications for smart glasses, enrich-
ing the human experience in daily communications by offering ro-
bust and efficient speech-understanding systems [4, 5]. Specifically,
this work explores the microphone array applications on recently in-
troduced Project Aria smart glasses [4], embedded with diverse
sensors, including a 7-channel microphone array as shown in Fig-
ure 1. Despite the rich and diverse speech cues the advanced smart
glasses capture, these in-the-wild signals are frequently coupled with
noises from multiple sources, such as background noises, reverber-
ation, and interfering speakers. Such noises can substantially re-
duce speech intelligibility, leading to degradation in speech recogni-
tion. An effective solution to improve voice quality is source separa-
tion [6], which separates relevant speech information from ambient
sources.

In this paper, we present a comprehensive study of directional
source separation on smart glasses. Unlike prior works [7, 8] that
focus on single-channel setup, our work leverages multi-channel mi-
crophones to perform source separation. Multi-channel microphone
arrays have advantages over mono-channel setups in providing spa-
tial information to the received speech signals that are beneficial
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Fig. 1: 7-channel microphone locations on Project Aria glasses.

to disambiguating ambient sources. Along with the multi-channel
setup, we integrate multiple beamformers as the front-end processor
to strengthen the sound sources’ directional information. Specifi-
cally, this study involves answering the following research questions:
Is directional information beneficial to source separation? In ad-
dition to spatial properties embedded in the multi-channel micro-
phone arrays, we propose to utilize the multiple beamformers to en-
hance directional information from speech signals, enabling the sys-
tem to implicitly perform speaker disambiguation and noise suppres-
sion. Beamforming [9, 10] is an efficient front-end component aim-
ing to amplify the signal from a specific direction. In a beamformer-
based speech pipeline, the beamformer typically provides enhanced
speech signals to subsequent systems such as ASR [11].
Can neural beamforming improve source separation? Conven-
tional beamformers rely heavily on ideal assumptions about the envi-
ronments, making them often limited in practice. Instead of drawing
unrealistic hypotheses about the environment, neural beamforming
[12–17] is an emerging technique to learn the beamformer weights
from the immense volume of microphone array signals accessible
from real-life recordings or by simulation. This motivates us to
probe neural beamforming in multi-channel source separation [18,
19].
How does source separation connect to speech recognition on
smart glasses? One primary goal of source separation is to enhance
speech recognition. With this objective, we investigate the impact
of source separation on ASR leveraging separated outputs. Increas-
ingly, it is worth exploring whether the joint training of the source
separation and ASR model would further benefit speech recognition.
In summary, our contributions are summarized as follows:
• To the best of our knowledge, our work is one of the earliest efforts

exploring directional source separation on smart glasses. Our em-
pirical results demonstrate the effectiveness of leveraging multiple
beamformers to assist source separation modeling.

• We investigate the neural beamforming in source separation, dis-
covering that automatic learning directional characteristics open
up possibilities for further enhancing voice quality.

• We conduct comprehensive studies quantifying the impact of
source separation on ASR. Our results show that source separa-
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Fig. 2: Proposed directional source separation architecture.

tion benefits the ASR performance for the wearer (1.63% WER
reduction) but decreases speech recognition for the conversational
partner. Moreover, combining the separation and beamformed
outputs provides competitive ASR performance.

• We study joint training of source separation and ASR, demonstrat-
ing that joint training achieves the best overall ASR performance.

2. BEAMFORMING DESIGN

As shown in Fig 2, beamforming is one key component of the
proposed system. A conventional beamformer algorithm, e.g.,
Minimum variance distortionless response (MVDR) [10], aims to
minimize the estimated beamformer output level while preserving
the integrity of the desired signal. However, that approach ne-
glects white noise during optimization and lacks control over null
directions, which can vary significantly across different frequencies.
To address these limitations, we recently introduced a novel Non-
Linearly Constrained Minimum Variance (NLCMV) beamforming
technique. The NLCMV beamformer incorporates white noise gain
and null direction control into its formulation. Specifically, the
objective function L[h(jω)] of the NLCMV beamformer is below:

hH(jω)

[
Φdd(jω) + ϕpp(ω)

N∑
n=1

αp,n · gn(jω)g
H
n (jω)

]
h(jω), (1)

which is subject to a nonlinear inequality constraint:

c(ω) = hH(jω)Ψ(jω)h(jω) <= 0, (2)

where Φdd(jw) is the covariance matrix of diffuse noise,

Ψ(jω) = I − g(jω)gH(jω) ·M
/[

M∑
m=1

|Gm(jω)|2
]
,

Gm(jω) is the channel response from the target speech source to
the mth of M microphones, N is the number of point noise sources,
ϕpp(w) is the PSD of point noise, αp,n is the nth point noise weight,
and I is the identity matrix.

3. SOURCE SEPARATION MODELING

Fig 2 shows the architecture of the proposed directional source sep-
aration. It consists of front-end multiple beamformers followed by a
conventional source separation neural network. The source separa-
tion network receives beamformed outputs and is trained to separate
wearer and partner speech in a conversational context.
Beamforming Front-end: In this work, the multiple beamformers
pre-process the raw multi-channel audio into K horizontal steering
directions around the smart-glasses device plus one in the speaker’s
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Fig. 3: Proposed ASR approaches. BF is multiple beamformers.

mouth direction. Here, we use the predetermined beamformer
weights with horizontal steering directions K = 4 and K = 12,
leading to 5-channel and 13-channel beamformed outputs, respec-
tively. We load the predetermined beamformer weights in neural
beamforming and update the weight using back-propagation.

Source Separation Back-end: Our source separation neural net-
work follows an encoder-decoder architecture. From the K + 1
beamformed channels, we first extract the STFT features. Next, we
feed these time-frequency features to the encoder module consisting
of multiple convolutional blocks with gated linear units (GLU) [20]
activation function and Dropout layers in between. Subsequently,
the encoding output is applied to a 3-layer LSTM, which is then
passed to a set of convolutional decoding layers. Then, we send
the decoder output to a gating function that returns the STFT masks
associated with the wearer and the partner speech from reference
audio. In our proposed source separation architecture, we directly
apply the first audio channel as the reference audio. Lastly, we com-
pute the masked time-frequency outputs corresponding to the wearer
and partner, which are then converted into the wearer and partner
speech using the inverse STFT. The optimization objective in source
separation modeling combines L1 loss, STFT loss, and Log SI-SDR
loss [21].



4. ASR MODELING

4.1. Baseline ASR Modeling

Directional ASR: We apply the directional ASR model reported
in [11] as our baseline ASR model. Similar to the beamformer
source separation, the directional ASR system first processes the
multi-channel raw audio into K + 1 beamformed channels, which
are then fed into the ASR network. Our core ASR network follows
the Neural Transducer architecture [22–24], including an encoder,
a prediction network, and a joiner network. Our ASR modeling
also integrates serialized output training (SOT) [25, 26] and uses the
alignment-restricted RNN-T loss [22] as the ASR training objective.
Interchannel phase differences (IPDs): In addition to directional
ASR modeling, we also design the baseline model using IPD fea-
tures as the ASR input. IPDs capture the variations in phase be-
tween different audio channels, providing spatial properties of sound
sources. We use the IPDs ASR system implemented in [11].

4.2. Two-stage ASR Modeling Leveraging Source Separation

We propose a two-stage training ASR system to evaluate the ASR
performance using separate audios. Our two-stage ASR system
first extracts the wearer and the partner speech using the pre-trained
source separation model. The system then computes the log-mel
from the separate audios, which are subsequently fed into the ASR
model. We deploy the same ASR model in the baseline systems. In
addition to relying solely on separate audio, we also study combin-
ing the beamformed outputs with the separation output as the ASR
input, resulting in K + 3-channel audio.

4.3. Joint ASR Modeling with Source Separation

We also investigate the joint training of ASR and source separation
in addition to two-stage ASR training. Instead of training both mod-
els from scratch, we propose to load the pre-trained ASR model
weights from two-stage ASR training and pre-trained source sepa-
ration model weights. We combine the ASR training objective with
source separation loss to optimize both models in joint training.

5. EXPERIMENTAL SETUPS

5.1. Dataset

We conduct experiments using the open-source Librispeech cor-
pus, which consists of 960 hours of speech from audiobooks in the
LibriVox project [27]. To simulate the training data, we generate
100,000 multichannel room impulse responses (RIRs) for rooms
with sizes ranging from [5, 5, 2] to [10, 10, 6] meters. We apply
the geometry of Aria glasses to simulate multi-channel data. Aria
has 7 microphones. We generate the multi-channel signals using
image-source methods (ISM) [28]. To better understand the impact
of cross-talk and background noises on speech recognition, we gen-
erate several test scenarios varying the number of bystanders and
SNR range, each containing 3367 utterances from Librispeech.

Furthermore, we add noise from the public noise set [29] to the
clean audio segments in both the training and test sets. The SNRs of
the mixed audio range from -8 dB to 40 dB relative to the combined
audio of the wearer and partner, with an incremental level of 1 dB.
Increasingly, we select overlap ratios between the bystanders and the
primary speakers, ranging from 5% to 50%. With an overlap ratio
of 0%, there is no overlap between bystanders and main speakers
(wearer and partner).

Table 1: Source separation performance comparisons, where the
evaluation set includes only one distractor.

PESQ SI-SDR (dB)
Wearer Partner Wearer Partner

Baseline System 2.89 1.80 18.17 8.50

BF-5 2.88 1.82 18.09 8.55
BF-13 2.95 1.86 18.33 8.83

Neural BF-13 (Ours) 3.11 ↑ 1.89 ↑ 20.44 ↑ 9.51 ↑
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Fig. 4: Source separation with the different number of distractors.

5.2. Directional Source Separation Training

Our source separation training focuses on Librispeech data. We
perform different source separation training with the same ar-
chitecture except for a different input dimension. We extracted
256-dimensional complex SFTF for each beamformer direction or
raw microphone channel. Input features from multiple directions
or channels are concatenated. We use an Adam optimizer with a
tri-stage learning-rate scheduler. We trained the source separation
models for 60 epochs, with a base learning rate of 0.0004, a warmup
of 10,000 iterations, and forced annealing after 10 epochs.

5.3. ASR Training

We perform the ASR training in baseline and two-stage systems for
120 epochs. Similar to source separation training, ASR training uses
an Adam optimizer, a base learning rate of 0.001, and a warmup of
10,000 iterations. The details about ASR training are also available
in [11]. On the other hand, we perform 30 epochs of joint training
with the pre-trained ASR model and pre-trained source separation
model on Librispeech data. We choose a constant learning rate of
0.0001 and use the equal weights of 1 in combining ASR loss and
the source separation loss.

6. SOURCE SEPARATION FINDINGS

6.1. Directional information is beneficial to source separation

We first compare the source separation modeling with and without
directional information in Table 1, quantified using the percep-
tual evaluation of speech quality (PESQ) [30] and Scale-Invariant
Signal-to-Distortion Ratio (SI-SDR) [31]. The baseline system di-
rectly used the complex STFT features without using beamformer.
We refer to the directional source separation modeling as BF-5
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Table 2: ASR performance comparisons on LibriSpeech data, where
the evaluation set includes only one distractor.

ASR Source WER
Training Separation Overall Wearer Partner

IPDs N.A. 15.12 7.99 22.33
Dir. ASR BF-13 N.A. 14.14 8.28 20.12

Two-stage Baseline 17.28 6.79 27.69
Two-stage BF-13 17.06 7.13 27.07
Two-stage Neural BF-13 16.04 6.51 25.46
Two-stage Fusion Neural BF-13 13.70 6.65 20.66

Joint Train Fusion Neural BF-13 13.25 8.06 18.89

and BF-13, where 5 and 13 indicate the number of beamformed
channels. From the comparisons, we identify that increasing beam-
forming directions improves the source separation, and we observe
that BF-13 achieves approximately 0.25 dB performance gain over
BF-5 in both wearer and partner output. In addition, we discover
that using predetermined beamformer weights, BF-13 yields higher
voice quality than the multi-channel source separation system in
both PESQ and SI-SDR measures.

6.2. Neural beamforming further improves separation quality

Next, we compare the source separation using neural beamforming
to other approaches, as shown in Table 1. We discover that neural
BF-13 substantially improves separation quality, leading to a 2.27
dB and a 1.01 dB SI-SDI increase in the wearer and partner signals,
respectively. We also observe an increase in PESQ for wearer and
partner separation outputs. In addition to evaluating the condition
with one distractor, we compare the voice quality varying (2 and
3) distractors nearby. The comparisons in Fig. 4 demonstrate that
neural BF-13 is more robust against increased distractors than
multi-channel and predetermined beamformer approaches.

6.3. Interpreting neural beamformer weights

Neural beamforming offers encouraging results for source separa-
tion, but it is unclear why neural beamforming improves source sep-
aration. To unfold what neural beamforming approaches can learn,
we perform a detailed beamformer analysis as shown in Fig 5. The
plot depicts the beam patterns of the beamformers in 3 different di-
rections. The beam pattern uncovers that neural beamformers have
substantial gains (over 10 dB) in the lateral directions (left and right),
possibly contributing to the improved source separation.

7. ASR FINDINGS

7.1. Source separation is beneficial to ASR on smart glasses

This paragraph compares the ASR performance between baselines
and two-stage ASR systems, as demonstrated in Tab. 2. It is worth
noting that two-stage fusion refers to the ASR training that combines
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Fig. 6: ASR performance with the different number of distractors.

beamformed outputs with the separation outputs, and the two-stage
represents ASR training using only separation outputs. The results
show that two-stage ASR training outperforms IPDs and directional
ASR for wearer speech, indicating improved quality from the wearer
speech. However, partner speech suffers a substantial WER increase
among all two-stage systems. This result implies far-field speech
separation remains a challenging task, and the relatively lower sepa-
ration quality for partner speech causes negative impacts on the ASR
system. We also observe that the neural beamforming systems yield
higher ASR performance than baseline source separation. We per-
form the two-stage fusion ASR training (with neural BF-13) to
resolve this issue from source separation, resulting in overall and
wearer ASR performance improvements (WER: 13.70%) compared
to the directional ASR system (WER: 14.14%).

7.2. Joint training further improves the ASR performance

Table 2 reveals that joint training with the best ASR system from the
two-stage fusion training (with neural BF-13) would improve
ASR performance, reducing overall WER to 13.25% compared to
14.14% using directional ASR. Increasingly, we identify that joint
training yields an increased WER for the wearer but reduces WER
for partner speech compared to two-stage ASR. Unlike source sep-
aration modeling that only yields ASR improvements for wearer
speech, joint training strikes a delicate balance in improving speech
recognition in all main speakers. We further compare the ASR per-
formance using joint training to other ASR modeling approaches
with varying distractors, as shown in Figure 6. The comparisons
indicate that joint training also yields more robust partner ASR per-
formance with increasing distractors, creating a larger relative WER
difference (WER difference increases from 1.76% to 2.86%).

8. CONCLUSION

In this work, we conduct a comprehensive study of directional
source separation using the multi-channel microphone array on
smart glasses, demonstrating the effectiveness of incorporating
directional information in source separation. In addition. Our ex-
periments also imply that learning directional properties further im-
proves voice quality. Lastly, we demonstrate that source separation
benefits ASR performance in different use cases. One future work
would investigate fairness and efficiency [32] in source separation.
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