
Enhancing Critical 
Communication: Solving 
Persistent Challenges with 
AI Voice Processing in 
Two-Way Radio Headsets



Two-way radios remain indispensable 
tools across critical industries such as 
public safety, transportation, tactical 
operations, and utilities, where reliable 
communication is crucial for ensuring 
safety and operational efficiency. 
These devices are especially vital in 
high-noise environments and mission-
critical scenarios where instant, hands-
free voice exchange can mean the 
difference between success and 
failure. 

Despite significant advances in radio 
hardware, hands-free operation and 
voice clarity remain a major challenge, 
often hindered by background noise, 
signal distortion, or inconsistent voice 
activation. Addressing this issue is key 
to enhancing communication 
reliability in the field.

Two-way radios continue to face significant issues in ensuring reliable and 
clear hands-free voice communication. These issues stem from a combination 
of the systems being handheld in complicated acoustic environments and 
technical system constraints.

INTRODUCTION

THE PROBLEMS IN TWO-WAY RADIOS

Modern two-way radios still rely on outdated manual controls (push-to-talk) in 
situations where operational efficiency and reaction time are critical. The 
introduction of voice-operated exchange (VOX), a mechanism designed to 
activate transmission upon detecting speech above a certain threshold, was 
initially seen as a breakthrough in enabling hands-free operation. But in 
practice, VOX has not fulfilled this promise.



While VOX offers the theoretical benefit of hands-free communication — 
freeing users to focus entirely on their immediate tasks — it remains ill-suited 
to unpredictable and noisy conditions. VOX systems are prone to false 
activations caused by ambient noise, heavy breathing, nearby conversations, or 
the feedback of incoming transmissions. 

On the other hand, they might fail to activate if speech is too quiet or comes 
from a partially blocked position. VOX's difficulty in reliably distinguishing 
between the intended voice and background noise results in missed 
transmissions, false broadcasts, and a gradual loss of user trust.

Two-way radios are frequently used in high-noise environments where clear 
voice transmission is difficult. Common sources of noise include sirens, 
engines, heavy machinery, crowd noise, wind, and background music. 
Additionally, reverberation in enclosed spaces such as tunnels, stairwells, or 
underground facilities can degrade intelligibility. Overlapping conversations 
and frequent interruptions during mission-critical situations further complicate 
communication.

User-related factors also affect voice clarity. Speech can become distorted 
under stress — common in emergency scenarios — while inconsistent 
handling of the microphone or variations in its distance from the mouth 
introduce further variability.

On the technical side, many two-way radio systems still rely on limited 
bandwidth and traditional audio codecs with compression artifacts and low 
audio fidelity. Current solutions lack speaker authentication and require 
manual selection of groups or channels. In addition, their lack of adaptive voice 
processing capabilities makes them ill-equipped to handle dynamic and 
unpredictable communication conditions.

Together, these factors underscore the urgent need for innovation in voice 
processing and communication clarity within two-way radio systems.



Efforts to improve two-way radios have traditionally relied on several 
established techniques with unfortunate limitations.

As mentioned earlier, VOX systems struggle to differentiate speech from 
surrounding noise, leading to false triggers or missed communication. Manual 
squelch controls help filter out low-level or unwanted signals, while specialized 
microphones or windshields are employed to reduce wind or ambient noise.

Hardware-based digital signal processing (DSP) can be used to suppress 
background noise. Digital radios offer improvements, but their costs, licensing 
restrictions, and deployment complexity make them inaccessible for many 
use cases. Additionally, DSP and squelch settings are typically static and not 
adaptive to varying acoustic environments or unpredictable user behavior.

Directional microphones or physical filters offer limited help in dynamic real-
world scenarios. The core issue with these traditional approaches is their 
inability to scale effectively or respond to real-time speech dynamics. Human 
speech intelligibility is highly variable, influenced by factors such as stress, 
movement, and changing noise conditions. Current methods cannot adapt 
fast enough, resulting in communication breakdowns, a huge problem in 
mission-critical environments. A more intelligent, context-aware solution is 
needed to meet the demands of modern voice communication.

In an era where voice assistants are widely utilized in domestic settings, 
responding seamlessly to casual commands, AI-powered voice control applied 
to critical communication can offer key advantages, such as reliable hands-free 
operation and clear voice in any noisy situation.

TRADITIONAL APPROACHES AND LIMITATIONS 
TO IMPROVING TWO-WAY RADIOS



A possible solution is to maintain the existing radio body and move all 
intelligent features to the headset level. An AI headset could turn any analog or 
digital radio into a hands-free, intelligent, and secure communication device. 
No firmware updates needed. No infrastructure changes required. Just plug in 
and upgrade. 

The current development of AI models can support this, utilizing intelligent 
human voice detection, speaker recognition, and various keyword spotting 
techniques for hands-free operations. 

The key question: How to integrate AI processing into the headset. Cloud-
based AI models cannot provide a reliable solution since cloud connectivity 
introduces excessive delays and network unavailability could hinder critical 
communications.

Embedding a digital model into the headset requires a powerful CPU/NPU, 
bringing up power constraints and cost barriers.

A new type of embedded solution with ultra-low power consumption and 
latency is required for the new generation of smart headsets. 

One efficient solution for implementing AI in headsets is NASP (Neuromorphic 
Analog Signal Processing) technology. The NASP chip processes raw signals to 
add intelligence to various sensors.

The chip architecture contains artificial neurons (nodes that perform 
computations) and axons (connections with weights between the nodes), 
which are implemented using circuit elements. Neurons are implemented with 
operational amplifiers, and axons are implemented with thin-film resistors.

THE WAY FOR INNOVATION: 
AI-POWERED HEADSET

NASP FOR AI-POWERED VOICE 
MANAGEMENT



These chips are manufactured by converting a trained and optimized neural 
network math model into a chip structure, offering area utilization close to 100% 
and 8-bit precision per weight. As a result, such a chip features microwatt 
power consumption and microsecond latency per inference.

NASP provides the opportunity to incorporate different AI cores into a smart 
headset for radio communications.

The NASP NeuroVoice chip, used for two-way radio communication, is part of 
the next-generation NeuroComm headset. It resolves the many challenges 
facing efficient, successful communication by delivering intelligent, real-time 
voice activation with ultra-low power consumption and sub-millisecond latency. 
This would seem to be ideal for portable, hands-free communication devices.

Unlike traditional digital processors, NeuroVoice employs a neuromorphic 
analog architecture to enable AI-based voice activity detection (VAD), speaker 
recognition (SR), and keyword-triggered transmission. When combined with 
voice extraction (VE), this approach promises efficient voice operation even in 
noisy environments. All this is possible with in the power envelope of standard 
headsets, consuming less than 200 µW. NeuroVoice can transform any 
headset into a smart, tactical-grade voice interface, offering the following 
benefits:

● Always-on voice operation, activated only on special command pronounced
by the voice of a specific person, with almost 95% accuracy on initialization
● Reliable, hands-free communication
● Cross communication suppression and collision noise avoidance
● Improved speech intelligibility even on low-end radios
● Extended communication range in noisy or high-interference environments
● Plug-and-play upgrade path to differentiate products with next-generation
voice interfaces, without changing the radio infrastructure.

SOLUTION: NEUROCOMM AI-POWERED 
TWO-WAY RADIO HEADSET 



The NeuroComm headset supports hands-free operation in several working 
modes that a user can select. A mode called AI VOX PRO is a combination of 
VAD, SR, and Smart Voice Control functionalities, which enables reliable and 
accurate voice control of a two-way radio. This combination can be 
complemented with voice extraction from noisy signals coming from a 
microphone to the radio and from the radio to the speaker.

Another selectable mode, called CHANNEL, supports voice commands for 
hands-free selection of a communication group. This can be combined with AI 
VOX PRO functionality.

A user can also select a CODE mode for protected communication.  In this mode, 
spotting a special keyword enables secure communication based on the 
recognition of predefined phrases and transmission of encrypted DTMF codes 
mapped to these phrases instead of the voice itself. On the receiving end, those 
codes are converted into predefined voice records, ensuring secure and clean 
message transfer. It can be combined with AI VOX PRO and CHANNEL 
functionality.

Diagram: NeuroComm headset with standard 3.5 mm connector for accessory 
and K1 (or any other) connector to radio. 



● VAD NASP core analyzes the signal from the microphone input and detects
specific voice patterns.
● Robust to ambient noise for human voice detection up to 0 dB SNR
● Continuously active with sub-30 µW power consumption.

Voice Activity Detection (VAD) Neural Core

● Ultra-low power implementation of speaker identification using embedding-
based (pattern) matching.
● Requires 5-to-10-second-long voice samples to create a unique voice
pattern 
● The resulting output enables voice or encrypted message transmission
only for the authenticated users. 

Speaker Recognition (SR) Neural Core

● Supports multiple command triggers: “ALPHA,” “BRAVO,” “CODE,” “GROUP
ONE,” etc.
● Voice keywords PTT, channel selection, or encrypted messaging.
● Group keywords dynamically remap the transmission tone (CTCSS/DCS) for
hands-free group selection.
● A timeout mechanism to prevent repeated activation after the command
detection

Keyword Spotting (KWS) Neural Core

APPENDIX – NEUROCOMM HEADSET 
SOLUTION TECHNICAL DESCRIPTION

NEUROCOMM SYSTEM COMPONENTS INCLUDE:



● Adaptive AI core isolates human speech from background noise.
● Operates with input bandwidth up to 8 kHz, providing a broader voice
range than standard FM transmission.
● Optimized for low-SNR environments (e.g., heavy machinery, open field).
● Enhances speech intelligibility for analog FM without DSP usage at the
radio side.

Voice Extraction (VE) Neural Core 

● Open Voice: Transmit VE-enhanced audio directly.
● DTMF CODE Mode: Transmit compact command tone sequence.

Voice Re-synthesis and Encapsulation Block (Depends on selected mode): 

●  Voice + tone (CTCSS/DCS)
● Encoded DTMF array (command only)
● Voice output at the receiver from up to 25 pre-recorded
commands or combinations.

Command Transmit Block to synthesize one of:

● n CODE mode, buffers up to 20 seconds of speech (configurable from 3 to  I
20 s).
● Extracts 2–4 keyword clusters per command.
● Compares with a compressed, hashed command dictionary.
● Encodes commands as DTMF sequences.

Command Interpretation Block 



Detects human voice and identifies the speaker. Activates radio transmission 
only if voice is detected and the speaker is confirmed. Smart alternative to the 
current unreliable VOX feature.

AI VOX PRO (extended model)

Additionally, it uses a wake-up word to activate AI VOX. For example, when the 
user says, “START VOX,” the system activates. Transmission starts immediately 
when the user starts talking. The user can close the mode by saying “OVER” or if 
no voice is detected during the timeout period.

AI VOX PRO + CHANNEL 

In this mode, after a wake-word detection (for example, START VOX), the user can 
select the communication channel by saying “CHANNEL ALFA” or “CHANNEL 
BRAVO” (number of channel keywords to support maximum available groups). 
The headset recognizes and activates transmission, adding a relevant CTCSS/DCS 
tone. The mode enables voice-based group selection for communication.

THE NEUROCOMM HEADSET 
OPERATING MODES
AI VOX



In this mode, in addition to all features, the headset supports communication of 
predefined commands. Instead of saying “START VOX,” the user will use the wake-
up word “START CODE.” The system switches to predefined word combination 
(message) recognition, which consists of two to three words each, such as “go 
ahead,” “move up,” and “go to base,” etc.

When a predefined message is detected, the system uses an internally loaded code 
table (vocabulary) and sends the DTMF code associated with the message. For 
example, “Go to base” mapped to code 777 (DTMF tone). The receiving side 
recognizes this DTMF code and plays a clear message: “Go to base.”

User messages can be added effortlessly. This allows unlimited flexibility 
for usage scenarios.

AI VOX PRO + CHANNEL + DTMF CODE 




