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Cocktail Party 
Effect
• Naturally isolates a specific 

speaker while suppressing 
complex background noise

• Maintains selective attention 
even in dynamic, moving, and 
reverberant environments

• Replicating this capability 
with low-latency wearable 
arrays remains a major 
challenge



Speech Source Separation 
in Wearable Devices

• Isolates specific speakers from multi-
channel recordings

• Enables dynamic selection of any 
source as target or interference

• Wearables demand ultra-low latency 
and computational complexity for real-
time

• Beamforming provides an effective 
spatial filtering solution



Applications
• Project Aria

• Meta Ray Bans



Microphone Array

• Assume a far-field source where the signal arrives at each 
sensor as a plane wave with a relative time delay

• The steering vector represents the phase relationship 
across the array based on the inter-element delay 
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• Acoustic propagation in real rooms deviates from this 
model mainly due to reflections



Beamforming

• Exploit spatial and spectral characteristics to 
enhance the target source and suppress 
interference 

• Apply complex weights to each sensor output via 
a frequency-domain filter-and-sum structure
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• The system's spatial response is defined by the 
beampattern
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Minimum Power Distortionless Response

• Minimize the total output power while passing the target signal without 
distortion

• Optimization problem
min
𝒉(𝒇)
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• Which yields the beamformer
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• Performance degrades significantly in the presence of steering errors, 

leading to desired signal distortion



Linearly Constrained Minimum Power

• Extend spatial control by enforcing multiple linear constraints to 
handle multiple directions
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• Adjusting the parameter 𝛽 enables either multi-speaker separation 
or directional suppression

• 𝛽 = 1 for a multi-target scenario

• 𝛽 → 0 for directional interference attenuation 



Region-of-Interest Beamforming

• Wearable devices in dynamic environments suffer from steering errors 

• Region-of-Interest beamforming improves robustness by focusing on a 
spatial sector

• The least distortion criterion minimizes the distortion across the region Ω
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Room Impulse Response

• The noise-free reverberant signal 
decomposes into three components:

• Direct path 

• Early reflections (aid intelligibility)

• Late reverberation (degrades intelligibility)

𝑦 = ℎ𝑑 𝑡 ∗ 𝑠 𝑡 + ℎ𝑒 𝑡 ∗ 𝑠 𝑡 + ℎ𝑙 𝑡 ∗ 𝑠 𝑡

• The late reverberation component must 
be suppressed to improve intelligibility 



Dereverberation

• Standard beamforming exploits spatial diversity but is 
often insufficient for suppressing late reverberation

• Since dereverberation algorithms are sensitive to 
additive noise, this stage is applied post-beamforming 

• Accomplished by subtracting the reverberant signal 
components estimated by a linear prediction filter 

 መ𝑆(ℓ, 𝑓) = 𝑍𝒉(ℓ,𝑓) − 𝒈𝑯𝒛𝒉(ℓ−Δ,𝑓)

• Δ is the prediction delay, ensuring only late 
reverberation is subtracted while preserving short-term 
speech correlations



Dereverberation Example

Clean signal Reverberant signal Signal after 
dereverberation



The SPEAR 
Challenge Scene

• Conversations among 3-6 people 
around a table

• Person #2 is deemed the “listener” 
and is wearing a head-worn array 

• Background noise: 10 loudspeakers 
around the room at different heights 
create diffuse, uncorrelated 
restaurant-like noises

• Room dimensions and acoustics: 
6.11×7.74×3.44 meters, reverberation 
time of 645 [ms]



Dataset

• Real recordings from mounted-glasses microphone array and in-ear 
binaural microphones (EasyCom)

• Direction of arrival for each person sampled at 20 Hz (azimuth and 
elevation)

• Array impulse response file

• Since clean isolated speech is unavailable in real-world recordings, 
reference signals were generated using VAD-guided MVDR



Microphone Array

• Features a 6-channel microphone array 
embedded in a wearable headset, 
capturing audio at a 48 kHz sampling rate 

• Consists of 4 microphones on the glasses 
frame and 2 binaural microphones placed 
at the entrance of the ear canals



Array Impulse Response

• 3D array mapping impulse responses for 
array microphones to specific directions 

• Impulse responses were measured on a 
mannequin in an anechoic chamber 

• Enables computation of head-related 
transfer functions via STFT



Performance Measures

• PESQ – perceptual evaluation of speech quality

• STOI – short-time objective intelligibility

• SI-SDR – scale-invariant signal-to-distortion ratio 

• AMC – average maximum correlation 
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Challenges

Acoustic Scene
Long reverberation time

Moving sources

Wearable Device
Strong self voice

Low latency & complexity 
limits

Real World
No clean ground truth

Sparse & noisy DOA 
estimates



SPEAR Challenge Data 
Mode of Work

Raw multi-
channel 

recording 48kHz

Resampled 
multi-channel 

recording 16kHz

Steering vector
measured/

geometric based
Direction 20Hz Algorithm

MVDR

Evaluate
PESQ, STOI, 
SNR, SI-SDR, 

AMC

VAD



Past Solutions

Beamforming
•MVDR: Excellent separation, but impractical without ideal VAD

•MPDR: Practical, but highly sensitive to steering errors

•Neither addresses late reverberation

Deep Learning
•State-of-the-art accuracy, but prohibitive time complexity

•Overfitting to specific acoustic environments

Combination of beamforming with dereverberation 
•High time complexity

wMPDR-WPE
•Achieves good time complexity via the Kronecker product approximation

•Suffers from poor source separation capability in complex, multi-talker scenarios



A Robust Bilinear Framework for 
Real-Time Speech Separation and 
Dereverberation in Wearable 
Augmented Reality



Problem Formulation

• The observation in the STFT domain is as follows:

𝒚(ℓ, 𝑓) = 𝑆(ℓ, 𝑓) ⋅ 𝒅(ℓ, 𝑓) + 𝒓(ℓ, 𝑓) + 𝜸(ℓ, 𝑓) + ෍

𝑖

𝒎(𝑖)(ℓ, 𝑓) 

• Where 𝒚(ℓ, 𝑓) = 𝑌1(ℓ, 𝑓) ⋅⋅⋅ 𝑌𝑀(ℓ, 𝑓) 𝑇 is the observation in the sensors, 
𝑆(ℓ, 𝑓) is the desired signal at the reference sensor, 𝒅(ℓ, 𝑓) is the relative 
transfer function, 𝒓 ℓ, 𝑓 , 𝜸(ℓ, 𝑓) and 𝒎(ℓ, 𝑓) are the vectors of the late 
reverberation, background noise, and directional interference, respectively



Combination of Temporal Filter with 
Spatial Filter 

• The multichannel prediction filter is approximated as the Kronecker 
product (⨂) of a spatial and temporal filter

• This decouples the problem into two smaller sub-problems

• Therefore, the algorithm can work efficiently online

መ𝑆(ℓ) = 𝑍𝒉(ℓ) − 𝒉𝑯𝒀(ℓ − Δ)𝒈∗= 𝑍𝒉(ℓ) − 𝐠⨂𝒉 𝑯ഥ𝒚(ℓ − Δ)

• Where 𝒀(ℓ − Δ)= 𝒚 ℓ − Δ ⋅⋅⋅ 𝒚 ℓ − Δ − L + 1  and ഥ𝒚 ℓ − Δ  is a 
column stack of 𝒀(ℓ − Δ)



Real-Time Implementation

• To enable real-time processing, we define two RLS cost functions 

𝐽 𝒉 ℓ 𝒈 ℓ − 1 = ෍
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• Iteratively updating the spatial filter 𝒉 while keeping the temporal filter 𝒈 
fixed, and vice-versa

• 𝜆 acts as a time-varying regularization term proportional to the desired 
signal power, low values encourage aggressive reverberation suppression



Proposed 
Algorithm

• Latency is defined by the 
parameter Δ

• Avoids computationally expensive 
matrix inversions by applying the 
matrix inversion lemma

• Incorporates a regularization to 
maintain desired signal 
preservation



Forgetting Factor 
Analysis

• The forgetting factor 𝛼  determines the adaptation rate 

• The algorithm was found to diverge for 𝛼 ≤ 0.99

• We chose the lowest stable 𝛼 to maximize tracking speed, as 
higher values yield performance degradation

• Results represent the performance difference between the 
algorithm and the reference microphone



Regularization 
Analysis

• Zero regularization yields the highest performance 
with the cost of desired signal distortion

• Diagonal loading broadens the main beam and 
improves target preservation with the cost of 
performance degradation



Results – 
Trade Offs

• Diffuse noise reduction vs. source 
separation

• Desired speaker preservation vs. 
source separation



Region-of-Interest 
Impact

• Performance at low frequencies 
remains largely unaffected by the 
ROI constraint

• ROI constraint mainly affect 
frequencies above 3 kHz, acting 
as high-frequency regularization



Region-of-Interest 
Impact

• At low frequencies, the steering 
vector varies slowly with direction, 
making the beamformer naturally 
robust to mismatch

• At high frequencies (> 3 kHz), the 
ROI constraint explicitly broadens 
the main lobe, acting as spatial 
regularization against rapid phase 
variations



Sensitivity 
Analysis 

• Synthetically introduced azimuth 
errors to simulate steering vector 
mismatch

• Configured a single-target 
scenario where one speaker is the 
desired source and the other is 
interference

• Evaluated the robustness of the 
proposed ROI model against the 
standard point-source baseline



Sensitivity 
Analysis 
• Results are presented for speaker 

ID4 as a representative single-
target scenario

• With zero error, the point-source 
model naturally achieves peak 
performance

• As steering error increases to 12° 
and 18°, the standard model 
degrades significantly

• The ROI framework maintains 
robustness, outperforming the 
baseline in high-error conditions



LCMP – Directional 
Attenuation 

• Evaluated a single-target scenario 
where the interfering speaker is 
explicitly attenuated

• LCMP provides superior 
suppression of the directional 
interference compared to 
standard MPDR

• Demonstrates a performance 
trade-off, where aggressive 
interference suppression 
compromises overall performance



LCMP – Multi-
Speaker

• Configured a dual-target scenario 
where both speakers are 
preserved while suppressing 
background noise

• Combining the LCMP constraint 
with WPE yields substantial gains 
in overall performance



Contributions 

• Proposed a new, real-time bilinear framework (MPDR-WPE) 
incorporating efficient regularization

• Source separation performance measure suitable for real 
recordings

• Conducted a comprehensive analysis of parameter sensitivity and 
algorithmic trade-offs

• Integrating region-of-interest to handle directions errors and LCMP 
beamforming for spatial control



Future Research 

• Develop an adaptive region-of-Interest mechanism that scales 
dynamically with localization confidence 

• Integrating neural beamforming with weighted prediction error

• Incorporate perceptual cues (e.g., pitch and loudness) to aid 
beamforming



Questions? Thank You!

• Special thanks to Prof. Israel Cohen and Dr. Gal Itzhak


	Slide 1: Real-Time Speech Source Separation and Dereverberation in Dynamic Acoustic Environment
	Slide 2: Outline
	Slide 3: Publication Info
	Slide 4: Cocktail Party Effect
	Slide 5: Speech Source Separation in Wearable Devices
	Slide 6: Applications
	Slide 7: Microphone Array
	Slide 8: Beamforming
	Slide 9: Minimum Power Distortionless Response
	Slide 10: Linearly Constrained Minimum Power
	Slide 11: Region-of-Interest Beamforming
	Slide 12: Room Impulse Response
	Slide 13: Dereverberation
	Slide 14: Dereverberation Example
	Slide 15: The SPEAR Challenge Scene
	Slide 16: Dataset
	Slide 17: Microphone Array
	Slide 18: Array Impulse Response
	Slide 19: Performance Measures
	Slide 20: Challenges
	Slide 21: SPEAR Challenge Data Mode of Work
	Slide 22: Past Solutions
	Slide 23: A Robust Bilinear Framework for Real-Time Speech Separation and Dereverberation in Wearable Augmented Reality
	Slide 24: Problem Formulation
	Slide 25: Combination of Temporal Filter with Spatial Filter 
	Slide 26: Real-Time Implementation
	Slide 27: Proposed Algorithm
	Slide 28: Forgetting Factor Analysis
	Slide 29: Regularization Analysis
	Slide 30: Results –  Trade Offs
	Slide 31: Region-of-Interest Impact
	Slide 32: Region-of-Interest Impact
	Slide 33: Sensitivity Analysis 
	Slide 34: Sensitivity Analysis 
	Slide 35: LCMP – Directional Attenuation 
	Slide 36: LCMP – Multi-Speaker
	Slide 37: Contributions 
	Slide 38: Future Research 
	Slide 39: Questions? Thank You!

