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Motivation
When do we need Speech Reinforcement?







In-Car 

Communication

Communication 

HERE?



Challenges
In-Car Communication

(Front-Rear Passenger Communication)



Communication Challenges inside Cars
Front-Rear Passenger Communication

Listener Speaker

No line-of-sight (LOS)

speech communication

Speech communication relies 

on sound wave reflections

Sound absorbing materials 

Possible high noise levels –

road and car’s engine

~10 dB attenuation at

rear-passenger location

Hearing and Understanding 

difficulty

of front-seat speakers

Speaker’s speech



Common Practice:
Speech Reinforcement System



Listener Speaker

General Speech Reinforcement System
Focusing on Front-Rear Communications

Microphone – acquires the speaker's speech

Loudspeaker – delivers it to the other listeners in the car.

Alkaher & Cohen, Frontiers (2022)

Alkaher & Cohen, MDPI Acoustics (2022)

Alkaher & Cohen, IEEE TASLP (2024)



More Examples
In-Room Speech Reinforcement Systems



Speech Reinforcement in a Conference/Lecture Room

Motivation:

 Inter-Participant Distance

 Interfering Directional 

Noises

 Reverberation & Diffuse 

Noise

Near-EndChallenges:

 “Noise” Reduction

 Acoustic Feedback

Speakerphone & Loudspeaker Objectives: 
1) Acquire the Desired Near-End Speech from the Noisy Microphone Samples

2) Deliver it to the Participants inside the Room

3) Suppress the Gain in the Directional Region of the Loudspeaker

Alkaher & Cohen, IEEE TASLP (2026 A)



Recent Technology – Wearable Devices

Glasses Mounted Array As an Assistive Hearing 

Device



Motivation:

 Near Target Source

 Diffuse & Interfering 

Directional Noises

 Loudspeakers Reflections in 

Room are Neglectable

Speech Reinforcement in Assistive Hearing Devices

Challenges:

 ROI Sound Acquisition

 Acoustic Feedback by

Reflections from User’s Body

Microphone & Speaker Array Objectives: 
1) Acquire the Desired Speech in ROI from the Noisy Microphone Samples

2) Reinforce the Estimated Target Speech towards the Ears

3) Suppress the Acoustic Echo from the Loudspeaker

Alkaher & Cohen, ICASSP 2026

Alkaher & Cohen, IEEE TASLP (2026 B)



Basic Terms



Basic Terms – The Howling Effect:
Demo



Listener’s Speech-Communication 

Experience in a closed room

No LOS → Only Reflections

# of Reflections

is determined by the

signal decay – Reverberation Time

Reverberation Time (𝑇60) is the

Decay Time of the signal by 60 dB

Typical In-Car 𝑇60 is 50-60 ms

Typical Study Room 𝑇60 is 280 ms



Listener Speaker

Reflectors

Sound Absorbers

Omni-Directional 

Loudspeaker

Reverberation → leads to acoustic echo

• From speaker and loudspeaker

• Into the speaker's microphone

Reverberation



Listener Speaker

Reflectors

Sound Absorbers

Omni-Directional 

Loudspeaker

Maximum Stable Gain (MSG)
• An upper-limit of the attainable amplification-gain

• Before acoustic echo from loudspeaker is re-amplified

(acoustic feedback)

No

Amplification-Gain

Low

Amplification-Gain

Maximum-Stable-

Gain

(MSG)

Above MSG

Electro-Acoustic Coupling (acoustic feedback)

• Re-amplification of the acoustic echo.

• Leads to Howling and Instability.

Q: What does 

Howling look like?

Maximum Stable Gain (MSG)



Basic Terms – The Howling Effect:
(Mild Howling)



Problem 

Description



Speech Reinforcement

Main Goal:

Maintaining a desired high amplification gain

Without compromising output speech quality



Listener Speaker

Reflectors

Sound Absorbers

Omni-Directional 

Loudspeaker

• The room-space of a car cabin is not very reverberant – 𝑇60 between 50-60 [ms].

• The loudspeaker-enclosure-microphone (LEM) paths inside a car cabin are 

relatively short.

SR Challenges inside Cars
Main Constraints and Problem Description

The car-cabin can be characterized as closed room with:

• Small Space → Short LEM-Paths

• Sound Absorbers → Short reverberation time



The Loudspeaker-Body-Microphone Interaction can be characterized with:

• Body Reflections → Short LEM-Paths

• Body and Clothes → Short reverberation time

Reflectors

Open-Ear 

Loudspeakers

SR Challenges of a Glasses Mounted Array
Main Constraints and Problem Description



Types of Changes in Acoustic Feedback Paths:

• Head Orientations

• Location in Room

• Randomly Transient Close Surfaces (Hands)

Dynamic Environment
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Signal Model



Single-Channel SR System

The system output comprises 

the loudspeaker signal and thermal noise:

𝑦(𝑛) = 𝑥(𝑛) + 𝑤(𝑛)

𝑦 𝑛 propagates through the LEM paths 𝑔 𝑛

into the microphone as acoustic echo:

𝑓 𝑛 = 𝑦 𝑛 ∗ 𝑔 𝑛

The microphone receives the near-end speech 𝑢 𝑛 ,

acoustic echo 𝑓 𝑛 and environmental noise 𝑏 𝑛 :

𝑚 𝑛 = 𝑢 𝑛 + 𝑏 𝑛 + 𝑓 𝑛

The signal to be reinforced is estimated from 𝑚 𝑛
and amplified by an amplification gain factor 𝐾:

𝑥 𝑛 = ℎ 𝑛 ∗ 𝑚 𝑛 = 𝐾 ො𝑢 𝑛

𝑛 – time index

𝑌 𝑠 = 𝐾 𝑀 𝑠
𝑀 𝑠 = 𝑈 𝑠 + 𝐺 𝑠 𝑌 𝑠

= 𝑈 𝑠 + 𝐾 𝐺 𝑠 𝑀 𝑠

𝑌 𝑠

𝑈 𝑠
=

𝐾

1 − 𝐾 𝐺 𝑠



Closed-Loop

Transfer-Function

Analysis



Insights into Howling Types

 A frequency howl is the product of ( positive )
acoustic feedback at a certain frequency 𝑓𝑝

𝑌 𝑧 = 𝑋 𝑧 𝐻 𝑧 =
𝑋 𝑧

1−𝑧𝑝 𝑧
−1 =

𝑧𝑝=𝛼𝑝 𝑒
𝑗𝜃𝑝

𝑋 𝑧

1−𝛼𝑝 𝑒
𝑗
2𝜋𝑓𝑝
𝑓𝑠 𝑧−1

 A notable howling sound may arise 
even before the SR system reaches instability.

1) Increasing Howl – exciting an unstable pole

2) Underdamped Howl – exciting a “stable” pole

 Howl appears and decays more slowly.

 Non-decreasing under consistent noise.

𝑧 = 1

Alkaher & Cohen, MDPI Acoustics (2022)



𝑧 = 1

No Howling

Underdamped Howl

Increasing Howl



Simple Amplification Algorithm – Constant Gain
(No Dynamic-Range Constraints)

No Howling

Underdamped Howl

Increasing Howl



Common Practice:

AEC



Acoustic Echo Canceller (AEC)

 Acoustic Echo from Loudspeaker 

arrives at the Speaker’s Microphone.

 High Amplification Gain → Feedback → Howling Sound.

 Adaptive AEC:

 Estimates the Room Impulse Response (RIR) of the LEM-paths

by knowing the reference Signal

 Cancels the Acoustic Echo

 Or at least Aims to…

 Limitations: Non-Immediate Converge Time 

& Biased under Double-Talk



Common Practice:

NHS



Notch-filter-based Howling Suppression 

(NHS) Techniques

 A private case of howling control mechanisms

 Restore system’s stability by handling (rather than preventing) 

the appearance of frequency-howls

 NHS techniques may serve as a backup mechanism

 dependent on an accurate and early howling detection algorithm

 may compromise speech quality in case of over-filtering
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Multi-Channel Processing

(Beamforming)



Beamforming in a Conference/Lecture Room

desired

interference

noise

noise

Alkaher & Cohen, IEEE TASLP (2026 A)



Time Domain Beamforming

A desired broadband source signal 𝑠𝑑 𝑡 originates from a source 
located at radius 𝑟𝑑 and angular direction 𝜃𝑑 , 𝜙𝑑 :

𝜃𝑑 ∈ [0,180∘] and 𝜙𝑑 ∈ 0,360∘

𝐫𝑑 ≜ 𝑟𝑑, 𝜃𝑑 , 𝜙𝑑
𝑡 – time index

Microphone 𝑚 acquires the desired signal 𝑠𝑑,𝑚 𝑡
and environmental noise 𝑣𝑚 𝑡 :

𝑥𝑚 𝑡 = 𝑠𝑑,𝑚 𝑡 + 𝑣𝑚 𝑡 = 𝑠𝑑 𝑡 ∗ 𝑔𝑑,𝑚 𝑡 + 𝑣𝑚 𝑡

By processing 𝐿𝑥 successive time samples of each sensor signal:
𝐱𝑚𝐿𝑥

𝑡 = 𝑥𝑚 𝑡 , 𝑥𝑚 𝑡 − 1 ,… . 𝑥𝑚 𝑡 − 𝐿𝑥 + 1

𝐱 𝑡 = 𝐱1𝐿𝑥
𝑇 𝑡 , 𝐱2𝐿𝑥

𝑇 𝑡 , … , 𝐱𝑀𝐿𝑥
𝑇 𝑡

= 𝐬𝑑 𝑡 + 𝐯 𝑡

𝐫𝑑



Time Domain Beamforming

Relative to the reference sensor 1, the relative impulse response 𝑑𝑚 𝑡 yields

𝑠𝑑,𝑚 𝑡 = σ𝑘=−Δ
𝐿𝑑 𝑑𝑚 𝑘 𝑠𝑑,1 𝑡 − 𝑘

By processing 𝐿𝑥 successive time samples of each sensor signal:

𝒔𝑑,𝑚𝐿𝑥
𝑡 = 𝐃𝑚 𝐫𝑑 𝐬𝑑,1𝐿 𝑡 + Δ

𝐃 𝐫𝑑 = 𝐃1
𝑇 𝐫𝑑 , 𝐃2

𝑇 𝐫𝑑 , … , 𝐃𝑀
𝑇 𝐫𝑑

𝑇

Thus,
𝐱 𝑡 = 𝐬𝑑 𝑡 + 𝐯 𝑡 = 𝐃 𝐫𝑑 𝐬𝑑,1𝐿 𝑡 + Δ + 𝐯 𝑡

An optimal time-domain broadband beamformer 
using a real-valued spatiotemporal filter of length 𝑀𝐿𝑥:

𝑧 𝑡 = 𝐡𝑇 𝐱 𝑡 = σ𝑚=1
𝑀 𝐡𝑚

𝑇 𝐱𝑚𝐿𝑥
𝑇 𝑡 = 𝑠𝑓𝑑 𝑡 + 𝑣𝑟𝑛 𝑡

The desired output is the 𝑙th sample of the source signal at sensor 1.
Distortionless Constraint: 𝑠𝑓𝑑 𝑡 = 𝐡𝑇 𝐃 𝐫𝑑 𝐬𝑑,1𝐿 𝑡 + Δ = 𝐢𝑙

𝑇 𝐬𝑑,1𝐿 𝑡 + Δ



LCMV Beamformer Derivation

The variance of 𝑧(𝑡) is:  𝜎𝑧
2 = 𝐡𝑇 𝐑𝐱 𝐡

𝐑𝐱 = E 𝐱 t 𝐱𝑇 t = 𝐑𝐬𝑑 + 𝐑𝐯 +𝐑𝐬𝑢
𝐑𝐬𝑑 = 𝐃 𝐫𝑑 𝐑𝐬𝑑,1 𝐃

𝑇 𝐫𝑑
≈ σ𝐬𝑑,1

2 𝐃 𝐫𝑑 𝐃𝑇 𝐫𝑑

Pseudo-correlation matrices:

𝚪𝐃 =
𝐑𝐬𝑑
σ𝐬𝑑,1
2 ≈ 𝐃 𝐫𝑑 𝐃𝑇 𝐫𝑑 ,    𝚪𝐯 = 𝐑𝐯/σ𝐯1

2

Gain in SNR for 𝐫𝑑:   𝒢𝐫𝑑 𝐡 =
𝐡T 𝚪𝐃 𝐡

𝐡T 𝚪𝐯 𝐡

Optimization Objective:

argmax
𝐡

𝐡T 𝚪𝐃 𝐡

𝐡T 𝚪𝐯 𝐡

s. t. 𝐡𝑇 𝐃 𝐫𝑑 , 𝐃 𝐫𝑢 = 𝐢𝑙
𝑇 , 𝟎𝑇



Directional Uncertainty

of Dynamic Sources



Distributed Sources (Review)

1. A Far-Field Source can be characterized by

an angular signal density 𝑝𝑥 𝜃
over directions in an angular region Ω :

𝐱 𝑡 = න
𝜃∈Θ

𝑝𝑥 𝜃 𝐃 𝜃 𝐬𝑑,1𝐿 𝑡 + Δ 𝑑𝜃 = 𝐃𝑝𝑥 𝐬𝑑,1𝐿 𝑡 + Δ

2. The sensor samples’ correlation matrix

is determined by

the source’s angular auto-correlation kernel 𝜌𝑥 𝜃, 𝜃′ :

𝐑𝐱 = E 𝐱 t 𝐱𝑇 t = 𝜃,𝜃′∈Θ׭
𝜌𝑥 𝜃, 𝜃′ 𝐃 𝜃 𝐑𝐬𝑑,1 𝐃

𝑇 𝜃′ 𝑑𝜃′𝑑𝜃
POV



Distributed Sources (Review)
Two typical distribution models:

➢ Coherently Distributed (CD):

𝜌𝑥 𝜃, 𝜃′ = 𝑝𝑥 𝜃 𝑝𝑥 𝜃′

𝐑𝐱 = 𝐃𝑝𝑥 𝐑𝐬𝑑,1𝐃𝑝𝑥
𝑇

Implying:

The source signal is distributed 

around the uncertainty region

with direction dependent density

➢ Incoherently Distributed (ID):

𝜌𝑥 𝜃, 𝜃′ = 𝑝𝑥 𝜃 𝛿 𝜃 − 𝜃′

𝐑𝐱 = න
𝜃∈Θ

𝑝𝑥 𝜃 𝐃 𝜃 𝐑𝐬𝑑,1 𝐃
𝑇 𝜃 𝑑𝜃

Implying:

The source signal arrives from a specific direction

within the uncertainty region

POV



Time Domain ROI Beamforming

LCMV

CMG (our solution) ID-LCMV

CD-LCMV

Note:

➢ ROI Distortion

➢ RONI Suppression

➢ Grating Lobes

Alkaher & Cohen, IEEE TASLP (2026 A)
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Assistive Hearing Glasses



 For assistive hearing, multichannel processing is employed 
to obtain an estimate of the desired speech signal:

𝑦𝑟 𝑡 = 𝑦𝑙 𝑡 = 𝐾 𝑧 𝑡 = 𝐾 𝐡𝑇 𝐱 𝑡

 The microphone array also acquires 
the total acoustic echo from two open-ear loudspeakers:

𝐱 𝑡 = 𝐃 𝐫𝑑 𝐬𝑑,1𝐿 𝑡 + Δ + 𝐯 𝑡 + ҧ𝐟 𝑡

Thus, 
𝐑𝐱 = 𝐃 𝐫𝑑 𝐑𝐬𝑑,1 𝐃

𝑇 𝐫𝑑 + 𝐑𝐯 + 𝐑𝐟𝑟 + 𝐑𝐟𝒍 +

𝐐𝐟𝑟,𝐟𝒍 + 𝐐𝐟𝑟,𝐬𝑑 + 𝐐𝐟𝒍,𝐬𝑑 + 𝐐𝐟𝑟,𝐯 + 𝐐𝐟𝑟,𝐯

Speech Reinforcement in Assistive Hearing Devices

0

ROI

Setup →

𝐐𝒂,𝒃 ≜ 𝑹𝒂,𝒃 + 𝑹𝒃,𝒂



 For directional microphones, the relative impulse response ෡𝐃 𝐫
is estimated a-priori
for sampled locations in the ROI

 ROI Beamforming (ID-Source Model) yields:

𝚪෡𝐃,Ω ≜
1

Ω
ඵ
𝐫∈Ω

෡𝐃 𝐫 ෡𝐃𝑇 𝐫 r2 sin 𝜃 𝑑𝑟 𝑑𝜃 𝑑𝜙

෡𝐃Ω ≜
1

Ω
ඵ
𝐫∈Ω

෡𝐃 𝐫 r2 sin 𝜃 𝑑𝑟 𝑑𝜃 𝑑𝜙

 Minimum ROI Distortion (ID-Source Model) is obtained by:    
𝚪෡𝐃,Ω 𝐡 = ෡𝐃Ω 𝐢𝑙

 Since 𝐡𝑇𝚪𝐃 𝐡 is constrained for minimum ROI Distortion,
we can minimize the input power 𝚪𝐱 ≜ 𝐑𝐱/𝜎𝑥,1

2 instead of 𝚪𝐯

Speech Reinforcement in Assistive Hearing Devices

ROI

Setup → ROI Beamforming →



 For adaptive beamforming, 𝐑𝐱 is estimated using the sample covariance matrix:

𝐑𝐱
+ =

1

𝑁
σ𝑛=1
𝑁 𝐱 tn 𝐱𝑇 tn

 Smoothing Mechanism via Exponential Moving Average (EMA):
෡𝚪𝐱 = 𝛼 ෡𝚪𝐱 + 1 − 𝛼 ෡𝚪𝐱

+

෡𝚪𝐱
+ =

𝐑𝐱
+

𝐑𝐱
+ 1,1

The forgetting factor 𝛼 is determined by time constant 𝜏 and update rate 𝑓𝑢:
𝛼 = 𝑒−1/(𝜏 𝑓𝑢)

 For enhancing robustness:
෡𝚪𝐱,𝜻 = 1 − 𝜁0 − 𝜁1 ෡𝚪𝐱 + 𝜁0 𝑰𝑀𝐿𝑥 + 𝜁1 ෡𝚪𝐯

Speech Reinforcement in Assistive Hearing Devices

ROI

Setup → ROI Beamforming → Smoothing Mechanism
→



Adaptive Least-Distortion Maximum-Gain ROI Beamformer :

argmax
𝐡

𝐡T𝚪෡𝐃,Ω 𝐡

𝐡T෡𝚪𝐱 𝐡
s. t. 𝚪෡𝐃,Ω 𝐡 = ෡𝐃Ω 𝐢𝑙

Speech Reinforcement in Assistive Hearing Devices

ROI

Setup → ROI Beamforming → Smoothing Mechanism
→ Adaptive Feedback Suppression

Frank & Cohen, IEEE TASLP (2025)

Alkaher & Cohen, IEEE TASLP (2026 B)



Results



“Simple Amplification” Output Signals

(Reference)

reference microphone input signals

𝑧 𝑡 = 𝑥1 𝑡 ,  𝐾 = 20
Underdamped Freq. Howls

𝑧 𝑡 = 𝑥1 𝑡 ,  𝐾 = 25
Increasing Freq. Howls & Saturation



Adaptive LDMG  Beamformer

Train Room 

𝐾 = 50, 60

𝐾 = 60𝐾 = 50

𝑥1 𝑡
Mic 1

No Echo

𝑥1 𝑡
with
Echo

𝑧 𝑡

𝑧 𝑡 = 𝒉LDMG
𝑇 𝒙 𝑡 ,  𝐾 = 50𝑧 𝑡 = 𝒉LDMG
𝑇 𝒙 𝑡 ,  𝐾 = 60



Adaptive LDMG  Beamformer

Test Room, 𝐾 = 60
𝑧 𝑡 = 𝒉LDMG

𝑇 𝒙 𝑡 ,  𝐾 = 60 , No-Limit

Gain 

Control

No Limit

𝑥1 𝑡
Mic 1

No Echo

𝑥1 𝑡
with
Echo

𝑧 𝑡

𝑧 𝑡 = 𝒉LDMG
𝑇 𝒙 𝑡 ,  𝐾 = 60 , Gain-Control (60->30->60)



Summary



What we’ve gone through

Problem Description:

1. Short Reverberation Time

2. Short LEM-Paths

Solution –

Adaptive Time-Domain 

ROI Beamforming with 

Acoustic Feedback Suppression

for

Assistive Hearing Glasses

Challenge - Howling

Closed-Loop TF Analysis

Binaural ROI Beamforming for 

Assistive Hearing Glasses

MSG

Joint Optimization of Gain 

Control and Adaptive 

Feedback Suppression

Insights into Howling Types

ROI Beamforming

Beamforming with 

Acoustic Feedback Suppression

for

In-Car Communication

Distributed Source Model

Multi-Channel Processing

(Beamforming)



Questions?



Thanks!
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