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WARP PROCESSING 3

WARP ProcessingContents

What is it?

The term “Warp” refers to the whole compression system.

Warp processing is the way that ReSound chooses to process sound. ReSound was the first and only manufacturer to 
base amplification on an accurate model of cochlear frequency analysis. Warp sound processing is mapped to critical 
bands in the cochlea to mimic the resolution of the human ear and provide more natural sound quality.

How does it work?

Warp Processing emulates the way the unaided ear analyses the frequencies of incoming sound and breaks them into 
distinct pitches.  It does this by decoding the frequencies and intensities of sounds in a nonlinear way – the same way 
the ear does.

Most digital techniques for frequency analysis yield constant bandwidth with uniform spacing of the bands, but Warp 
Processing maps the frequencies into 17 smoothly overlapping frequency bands which match the resolution of the 
cochlea and correspond to the auditory Bark scale. (The Bark scale incorporates the human auditory system’s critical 
bandwidth as the scale unit.)
 
What is the benefit to the client?

Warp processing is very important in capturing an accurate assessment of the environment. With a short processing 
delay and smooth frequency response, this feature provides clients with natural sound quality and no distortion.

How to explain the feature in layman’s terms?

This type of processing tries to mimic the way an unaided ear works in order to provide you with the most natural 
sound quality.
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Split Band Directionality Adjustable Directional Mix

What is it?

Split band directionality processes low frequency sounds in an omnidirectional pattern and high frequencies as a 
directional response. The blending point at which this occurs can be changed by altering the Adjustable Directional Mix.

How does it work?

The blending point can be personalised for each individual patient using the Adjustable Directional Mix. In the Aventa 
software, this blending point is expressed as the “Directional Mix” setting. As suggested by the name, a high directional 
mix indicates that the setting provides more directionality over a relatively broader frequency than a low Directional Mix. 
Directional Mix setting options are Very Low, Low, Medium and High. The Directional Mix is automatically calculated in 
Aventa by averaging the hearing loss thresholds for 250 and 500 Hz bilaterally, and is also dependent on the hearing 
aid model chosen. In higher levels of technology this Directional Mix is adjustable, and may be changed to suit the client 
needs.

What is the benefit to the client?

Adjustable Directional Mix provides distortion-free sound quality, optimising the mix of spatial awareness and speech 
understanding based in the individual hearing loss and instrument model.  By changing the directional mix you are able 
to provide your clients with more or less directionality to suit their needs. For example, those who experience difficulty 
hearing in noisy places may benefit from a higher directional mix

How to explain the feature in layman’s terms?

This Directional Mix feature allows your clinician to further personalise your hearing aids to optimise speech 
understanding. 

What is it?

ReSound uses split band directionality to create a full and rich sound quality in any directionality mode.

How does it work?

A split-band processor treats high and low frequencies differently from traditional directional systems because it 
recreates the way the human ear naturally handles these same frequencies. The normal ear processes and enhances 
high ‘speech’ frequencies in a directional mode. These frequencies have short wavelengths and decrease in energy when 
going around the head. These frequencies provide intensity differences at each ear providing directional cues. The normal 
ear processes low frequencies, which have longer wavelengths and maintain energy when going around the head, in an 
omnidirectional response. These frequencies provide a number of spatial awareness and localisation cues.
 
With Split Band Directionality, high frequencies are processed as a directional response, while low frequencies are 
processed as an omnidirectional response. This spectral preservation of low-frequency sounds allows the user to take 
advantage of natural interaural phase differences, which aid in sound localisation and promote better sound quality.

What is the benefit to the client?

The Split Band directionality processor enables the hearing aid user to enjoy the benefits of directional processing while 
experiencing the actual listening environment in a more natural, less surreal way. 

How to explain the feature in layman’s terms?

This feature works to provide you with better awareness of where sounds are coming from and a fuller, more natural 
sound quality. Sound can seem quite tinny without the presence of this feature.
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DFS Ultra II

What is it?

DFS is our Digital Feedback Suppression system for preventing unwanted feedback. DFS Ultra stabilises the signal by 
suppressing feedback, while providing sufficient gain and without introducing artefacts or compromising sound quality.

How does it work?

Unlike other systems, which only attempt to model the feedback path, the input signal modelling incorporated in the DFS 
Ultra system maintains a representation of the sound entering the hearing aid and uses this information to prevent the 
feedback cancellation filters from attacking desired sounds. The advantage of this signal model component is that the 
system more easily  
can distinguish between feedback and non-feedback sounds, vastly improving the dynamic behaviour of the system.

What is the benefit to the client?
Accurate identification of feedback, leading to accurate cancellation of feedback, and a much more pleasant listening 
experience. Important everyday sounds like phone rings, alarm beeps and music can be amplified to desired levels 
without being mistaken for feedback squeal. DFS Ultra also allows for more open fittings to be performed.

How to explain the feature in layman’s terms?

Giving someone a hug or putting on a hat can result in annoying whistling known as feedback. Most hearing aids reduce 
volume so feedback doesn’t bother you – but then you can’t hear what you want to hear either. DFS Ultra prevents 
whistling, while maintaining the volume level you need to hear clearly. 

DFS Ultra II with Music Mode

What is it?

Music Mode is distinct from other settings of DFS Ultra II because it analyses the input sound over a longer period 
of time. This allows for better accuracy in distinguishing true feedback from other tonal input sounds, such as those 
commonly found in music.

How does it work?

While speech has a generally controlled spectrum, the music spectrum is highly variable, based on the musical 
nstrument. Music also has a wider, more variable range of dynamics than speech, and can reach higher intensities as well. 
The crest factor (the difference between the peaks in the spectrum and the average values) are about 6-8 dB higher for 
music than for speech. Further, tonal qualities in music can occasionally mimic pure tones when processed by the hearing 
instrument. These pure tones can be confused as feedback by some feedback management systems, and the system 
may attempt to cancel them. This erroneous feedback designation and cancellation leads to artifacts, or additional 
tonal sounds emitted from the hearing aid. These artifacts, as they are unnatural to the sound environment, are often 
annoying to the hearing aid user and detract from the overall listening experience.

With Music Mode, an increase in the peak input limiting level will reduce distortion at the front end of the hearing aid 
processing. A high input range up to 105 dB SPL will allow the forte dynamics and peaks in most music to pass into the 
hearing aid processor without distortion. If the hearing aid has a low input limiting threshold of less than 100 dB SPL, 
an input signal of 105 dB SPL will enter the hearing aid processing already distorted or clipped, and attempts to clean 
or optimize the signal will not be able to restore the original signal integrity. Many hearing aids on the market have 
traditionally had an input limit of 85-90 dB SPL. Raising the input level will reduce the occurrence of distortion due to 
clipping or limiting loud input signals. Similarly, decreasing the microphone sensitivity will result in a lower overall output 
level from the microphone to the analogue-to-digital converter, thereby reducing the amount of distortion at the input 
stage of the processing.

What is the benefit to the client?

Music Mode is designed exclusively to enhance the music listening experience. With its high peak input limiting and 
specialised feedback algorithm it allows for better sound fidelity without tonal artefacts.

How to explain the feature in layman’s terms?

Music Mode is a new and effective way to help reduce annoying “sound artifacts” that can occur when listening to music.  
And while other systems often mistake high tones in music for feedback and distort the sound. Music Mode gives you 
back the pleasure of listening to music the way it was meant to sound.
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NoiseTracker II

What is it?

NoiseTracker II is a unique spectral subtraction technology used to reduce unwanted noise without degrading the speech 
signal.

How does it work?

Built on the ReSound WARP-based platform, NoiseTracker II uses spectral subtraction, one of the most widely used 
methods in audio applications. The concept of spectral subtraction, is to subtract the short-term noise from the total 
signal, leaving only the speech portion. NoiseTracker II identifies speech and noise with a high degree of accuracy, in 
combination with an adaptive noise estimate, fast time constants and a mathematically optimal gain reduction function 
based on sound-to-noise ratio, rather than signal modulation. 

NoiseTracker II comprises of three main components: a signal power tracker, a speech presence indicator and a noise 
power tracker. These 3 components provide information that are used to estimate the signal-to-noise ratio, which in turn 
determines the amount of gain reduction to be applied.

What is the benefit to the client?

Improves your clients’ comfort in noisy listening situations without compromising speech understanding.

How to explain the feature in layman’s terms?

NoiseTracker II is a sophisticated noise reduction system that intuitively adjusts to your hearing needs as you move from 
one noise environment to another. The feature is designed to provide you with comfort in noise.

NoiseTracker II per Environment

What is it?

NoiseTracker II per Environment is a personalised noise reduction system using spectral subtraction technology to 
reduce unwanted noise without degrading the speech signal.

How does it work? 

NoiseTracker II per Environment works across 7 different listening environments. The ReSound Environmental Classifier, 
built into the WARP processor, will define a listening environment as 1 of 7 different sound categories ranging from quiet 
to loud noise that the NoiseTracker II recognises. These are based on acoustic factors which are deemed to be important 
to all hearing instrument wearers. The Environmental Classifier calculates probabilities indicating how well the measured 
acoustic parameters match the 7 prototype listening environments to determine which is most likely.

In higher levels of technology, noise reduction can be personalised, by adjusting NoiseTracker II per environment in 
Aventa.
 
What is the benefit to the client?

NoiseTracker II per Environment allows for personalisation of noise reduction across different listening situations for a 
more tailored fitting. Clients will often report this method of noise reduction to sound more natural.

How to explain the feature in layman’s terms?

Personalised noise reduction provides a natural and comfortable listening experience in noisy situations. This noise 
reduction feature allows for a more tailored fitting based on your personal needs and lifestyle.
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Environmental Optimiser II

What is it?

The Environmental Optimiser II can be considered as an automatic volume control. It was developed to meet the 
dynamic listening demands of the hearing instrument user – gain and NoiseTracker II noise reduction are automatically 
adjusted to the hearing instrument user’s preferred settings across 7 different acoustic environments. 

 
How does it work?

Environmental Optimiser II makes the hearing device automatic by applying changes to the volume according to the 
listening environment – so that the client doesn’t have to. It also allows the clinician, to fine tune the device to the clients’ 
preferences and needs at follow-up appointments. 

The ReSound Environmental Classifier, built into the WARP processor, will define a listening environment as 1 of 7 
different sound categories ranging from quiet to loud noise.
 
What is the benefit to the client?

An automatic, personalised volume control solves some of the negative and impractical issues related to frequent or 
necessary manipulation of a manual volume control or program switch. This option combined with individually tailored, 
accurate, adaptive noise reduction is an extraordinary solution to the complaints of hearing instrument users—both the 
need to adapt to multiple listening environments and comfort in noise are addressed.

How to explain the feature in layman’s terms?

As you move from place to place, your hearing aids should automatically adjust to changes in your environment. 
Environmental Optimizer II ensures that your hearing aids automatically regulate volume according to where you are. 
NoiseTracker II works in conjunction to set the correct level of noise reduction. Your hearing aids adjust smoothly, and 
you always experience superior audibility and comfort.

Binaural Environmental Optimiser II

What is it?

Binaural Environmental Optimizer II is taken one step further with the incorporation of wireless information exchange 
between the hearing instruments. With Binaural Environmental Optimiser II, the hearing aids work together to analyse 
and accurately classify the listening environment, automatically adjusting gain and noise reduction settings across 7 
different listening environments.

How does it work?

Binaural Environmental Optimizer II promotes better agreement and congruence in the sound environment 
information for the user, as the environment is classified based on inputs from both hearing instruments. As with 
Environmental Optimizer II, classification occurs based on the environment’s overall intensity level and the signal-
to-noise ratio. Noise reduction and gain adjustments are made based on this classification, but are also synchronised 
and optimised between the two hearing instruments. This synchronisation allows for a more accurate depiction of the 
sound environment.

What is the benefit to the client?

Hearing aid users can enjoy optimal audibility and listening comfort, even when moving through rapidly changing sound 
environments without having to adjust their hearing aids. This feature is completely automatic.

How to explain the feature in layman’s terms?

With Binaural Environmental Optimiser II, the hearing aids work together to analyse and accurately classify the listening 
environment, automatically adjusting gain and noise reduction settings across seven different listening environments. So 
as you transition through different environments during the day, your hearing aids will adjust accordingly. 
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Quiet Very Soft - Less than 54dB Nature walk, At home

Speech (Soft) Soft - Less than 60dB Child Talking

Speech (Loud) Moderate - More than 60dB Own Voice/Occlusion Manager

Speech in Noise (Moderate) Moderate - Less than 75dB Café

Speech in Noise (Loud) Loud - More than 75dB Pub/City street cafe

Noise (Moderate) Moderate - Less than 75dB Public Area

Noise (Loud) Loud - More than 75dB Traffic Noise
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WINDGUARD EXPANSION 1312

Windguard

What is it?

Windguard is a feature designed to reduce the effects of microphone noise in windy situations.

How does it work?

WindGuard uses a sound processing technique which utilises input from both microphones together to recognise and 
reduce annoying wind noise, while preserving amplification for other sounds. 

The goal of WindGuard is to apply enough gain reduction in the frequency bands where wind is detected to provide 
listening comfort for the hearing instrument user, without disrupting the gain levels of the frequency bands that are 
unaffected by wind. The amount of gain reduction applied varies with the environment and the level of the wind noise, 
making the reduction as personalised as possible to the situation without sacrificing audibility for other sounds.
 
What is the benefit to the client?

Windguard provides your clients with a very natural sounding experience, with soft wind noise in the background 
and preserved audibility for other sounds in the environment. This allows your clients to enjoy outdoor activities with 
minimal disruption from wind passing over the microphones.

How to explain the feature in layman’s terms?

Wind Noise Reduction detects and reduces noise generated by wind, including soft breezes. This feature has three 
sensitivity options to match your exact needs. Dampening wind noise is especially popular among those with active 
outdoor lifestyles. This feature is designed to create comfort.
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What is it?

In contrast to Wide Dynamic Range Compression, expansion reduces audibility for very soft sounds.

How does it work? 

Expansion reduces audibility for very soft sounds. Expansion takes care of sound produced by the hearing aid itself in 
quiet situations as well as any external soft sounds that the environment may produce. With this type of processing, 
the amount of gain decreases as the input level decreases. Also commonly known as “squelch” or “microphone noise 
reduction”, expansion is intended to keep the hearing aid from amplifying very soft sounds which are not of interest to 
the wearer, such as internally generated noise or very low level environmental sounds. In this way, the hearing instrument 
itself sounds quiet, providing the best backdrop for pleasurable listening.

What is the benefit to the client?
Expansion lowers the noise floor of the hearing instrument, ensuring the best sound quality in quiet situations. 
Even those clients with a mild hearing loss will not be bothered by the hum of the hearing instrument. 

How to explain the feature in layman’s terms?
This feature suppresses low level or irrelevant background noise, such as fans and refrigerators, which can be bothersome 
in quiet environments if over amplified.
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SYNCHRONISED ACCEPTANCE MANAGER SOUND SHAPER 1514

Synchronised Acceptance Manager Sound Shaper

What is it?

Sound Shaper is a frequency lowering strategy where information is moved from higher frequency areas to lower frequency 
areas where audibility is better.

How does it work?

Hearing loss takes away some of the acoustic redundancy of speech, typically in the high frequencies. While amplification is 
the optimum solution, limitations with today’s hearing aids can mean that it may not be possible to restore these cues. Sound 
Shaper is a frequency compression algorithm that changes the relationship between the input and output frequencies above 
a certain cut-off, or kneepoint, frequency. Sound Shaper uses a proportional method to achieve frequency compression, which 
results in the least amount of distortion in the output and has minimal effect on sound quality.
 

 
 
 
 

Conceptually, Sound Shaper frequency compression can be understood as similar to the spacing of keys on a piano keyboard.  
Sound Shaper “squashes” the frequencies above a cut-off so that they are closer together. This is illustrated by the narrower 
spacing of the keys on the keyboard. In this way more information is conveyed into a region that is audible for the hearing 
instrument wearer.

What is the benefit to the client?
Sound Shaper helps improve the audibility of high frequency sounds for clients where this frequency region cannot be amplified 
adequately. It compresses high frequency sounds into a lower frequency region where they can more easily be amplified and 
heard. This allows them to access sounds that they may otherwise miss.

How to explain the feature in layman’s terms?

High pitch sounds (like birds chirping) may be inaudible depending on your hearing loss, having access to a feature such as 
Sound Shaper allows you the opportunity to hear some of these sounds again.

What is it?

Synchronised Acceptance Manager is a feature that provides changes in gain settings over a specified period of time.

How does it work?

Synchronised Acceptance Manager gradually applies gain over a specified amount of time to reach final target settings.  
A 2.4 GHz wireless connection ensures that the adaptation process is coordinated between the client’s two hearing 
instruments. 
 

 
 
 
 
 
 

What is the benefit to the client?

Helps new users adjust to the amplification by gradually introducing processed sound. This feature increases comfort 
and  
eases the adaptation process. This feature can also be useful for those clients travelling vast distances in between 
fitting 
and follow up appointments.

How to explain the feature in layman’s terms?

This feature allows your hearing aids to gradually and comfortably adjust to their optimal settings over time.
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TINNITUS SOUND GENERATOR (TSG) DATA LOGGING 1716

Tinnitus Sound Generator (TSG)

What is it?

The Tinnitus Sound Generator (TSG) is a very flexible Tinnitus Manager feature, to help divert people’s focus away from 
their tinnitus. 

How does it work?

If available, TSG can be activated and adjusted in any program. Type of noise, volume, bandwidth and modulation can all 
be adjusted, based on the individual end user’s needs and preferences. 

As an alternative to the standard Tinnitus Sound Generator, which generates white noise, various Nature Sounds are also 
an option for premium hearing aid families.  Nature Sounds are synthesised versions of several natural water sounds. 
They were created by applying modulation derived from recordings of actual water sound environments. Each Nature 
Sound is a broadband stimulus extracted with the natural amplitude modulations of the respective environment. 

 

Options available within the Aventa Software

 
What is the benefit to the client?

TSG options can be used as part of a personalised individual Sound Therapy program to help divert the client’s attention 
away from their tinnitus. 

How to explain the feature in layman’s terms?

This TSG feature within your hearing aids may help provide some relief from your tinnitus. It is a good option to have 
available on days when your tinnitus appears to be worse.

Data Logging

What is it?

Data logging is a feature which automatically logs information regarding hearing instrument usage and listening 
environments. 

How does it work?

The Onboard Analyser II analyses and logs data during hearing instrument use. Both continuous and conditional data 
logging procedures are used to keep track of 200 variables on hearing instrument usage and the acoustic environments. 
Continuous procedures simply count events, such as how many hours the hearing instrument was on or how many times 
the programs were changed. Conditional logging procedures count events only when certain conditions are fulfilled. 
For example, when in a quiet environment, how much the volume control is adjusted? This makes it possible to discover 
relationships between listening conditions and wearer preferences. 

What is the benefit to the client?

When clients return for follow-ups, Data Logging allows you to have complete transparency over when, where and how 
much the hearing instruments were used in various conditions. This feature provides great insight and is highly beneficial 
when fine tuning instruments.  It allows you to achieve tailored and optimal outcomes for clients.

How to explain the feature in layman’s terms?

This feature keeps track of your hearing aid preferences – which programs you use, what volume you prefer in different 
environments, etc. This information can be used at follow up appointments to do some fine-tuning to further customise 
and optimise your hearing aids.
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ISOLATE NANOTECH DIRECTIONALITY 1918

iSolate Nanotech

What is it?

iSolate Nanotech is an innovative nanotechnology that protects the device inside and out with a water and dust repellent 
coating.

How does it work?

It is applied to hearing aids in a vacuum chamber, ensuring that every single component of the hearing aid is protected. 
This process applies a polymer coating 1,000 times thinner than a human hair to all surfaces of the hearing aid. From 
2014, even the receivers are coated to maximize durability and minimise repairs.

What is the benefit to the client?

iSolate Nanotech protection is applied to every hearing aid component, inside and out. iSolate Nanotech protects 
delicate electronics from substances that can cause damage, such as moisture, dirt and ear wax. This provides clients 
with a more reliable and robust hearing instrument.  Being more durable means that less time is spent on repairs.

How to explain the feature in layman’s terms?

You avoid repairs, and spend more time loving what you hear. Longer lasting, more durable hearing aids.

Exposure Possible consequence for hearing instrument

Temperature changes combined with humidity (water vapor)C ondensation resulting in short-circuits and migration

Moisture from bathing, precipitation, etc Short-circuits, battery failure, battery leakage

Salt deposits due to dried perspiration Short-circuits, when salts are re-wetted 

Cerumen and dead skin in ear canal
Blockage of microphone and receiver, discoloration and  
brittleness of hearing instrument materials

Microbes Can multiply on instrument leading to cross-contamination

Solvents (hair products, cleaners, perfumes, 
etc) on surface or inside instrument

Tension cracks, denaturing and discoloration of surfaces,  
blockage of microphone and receiver, short-circuits

Table 1
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Omnidirectionality

What is it?

In an omnidirectional microphone mode, the hearing aid wearer will pick 
up sound sources from all different directions. 

How does it work?

In all hearing aids the default microphones are omnidirectional 
microphones, which are equally sensitive to sounds coming from all 
directions. Omnidirectional settings are best for quiet situations, and 
may be useful in Music and Traffic programs, as they don’t affect the 
perception of sounds from different directions. 

What is the benefit to the client?

The client will be fully aware of all sounds in the environment, as they are 
all picked up by the hearing aid microphones. 

How to explain the feature in layman’s terms?

This hearing aid microphone feature is optimal for hearing the 
environmental sounds around you. This may be useful in situations where 
you need to know what is going on around you, for example in places 
where there is traffic, or when listening to music.

Fixed Directionality

What is it?

In a Fixed directional microphone mode, a hearing aid will pick up sounds 
coming from in front of the listener, better than sounds coming from 
other directions. 

How does it work?

Directional microphones are designed to pick up sounds coming from in 
front of the listener better than they pick up sounds coming from other 
directions. In this way, directional microphones can improve the wearer’s 
speech understanding in noise because they reduce the level of noise 
coming from the side/behind the wearer. 

What is the benefit to the client?

Fixed directionality may be useful for noisy situations, or for clients who 
prefer a more traditional directional approach.

How to explain the feature in layman’s terms?

Fixed directionality will be beneficial for understanding speech in noise, 
when what you want to listen to is coming from the front, and unwanted 
sounds or noise is coming from other directions. 
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Adaptive Directionality

What is it?

An advanced directional microphone system cancels out loud sounds behind the wearer, reducing background noise and  
improving forward-facing focus – especially on speech.

How does it work?

Adaptive Directionality is a sophisticated directional algorithm that is able to track and cancel the loudest sounds behind 
the user. It provides various directional characteristics that adapt based on the intensity and direction of the noise. 
The directional response cancels the strongest noise source behind the user, and can cancel multiple noise sources in 
different spatial locations simultaneously when the frequency contents of the noise sources differ.

Commonly used directional microphone systems assume the desired signal is located in front of the listener. Sounds 
originating from other directions are considered noise, and the amplification for these signals is decreased relative to 
signals from the front. 

What is the benefit to the client?

The best way to improve speech understanding in background noise is to increase the signal-to-noise ratio (SNR). An 
increased SNR can be achieved using directional microphones. Using Adaptive Directionality, loud sounds behind the 
client are suppressed, therefore allowing them to focus on what is going on in front of them – such as a conversation.

How to explain the feature in layman’s terms?

Adaptive Directionality effectively reduces sound from behind you, even when the sound source is moving, and 
automatically adjusts to pick up speech (and other signals of interest) from in front of you. 
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ADAPTIVE DIRECTIONALITY SOFTSWITCHING

SoftSwitching

What is it?

SoftSwitching is an automatic feature which switches between directional and omnidirectional settings when required.

How does it work?

SoftSwitching uses slow transitions between directional and omnidirectional settings, which is more comfortable and 
preferable among certain hearing aid users. 

SoftSwitching uses knowledge about directional preferences along with acoustic analysis of the listening environment 
to control whether the hearing aid processes in an omnidirectional or directional mode. It uses sound level and speech 
detection algorithms to decide when directionality is likely to be advantageous in a certain listening environment. 

What is the benefit to the client?

With smooth transitions between microphone modes, SoftSwitching offers clients the convenience of directional benefit 
in noisy situations without having to manually switch programs.

How to explain the feature in layman’s terms?

This feature is a directionality option which detects where speech is coming from in different listening environments. In 
noisy surroundings, it hones in on the speaker’s voice, and automatically reduces background noise. However, if no speech 
is detected, it lets in the environmental sounds around you.
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Multiscope Adaptive 
Directionality
What is it?

MultiScope Adaptive Directionality is a sophisticated directional algorithm that is able to track and cancel the loudest 
sounds behind the user, while focussing on the sound coming from the front. 

How does it work?

MultiScope Adaptive Directionality selects directional responses based on the intensity and direction of the noise. 
Beamwidths for the directional response include narrow, medium and wide.

It provides various directional characteristics that adapt based on the intensity and direction of the noise. The directional 
response cancels the strongest noise behind the user, and can cancel multiple noise sources in different spatial locations 
simultaneously when the frequency contents of the noise sources differ.

 
What is the benefit to the client?

MultiScope Adaptive Directionality will improve speech understanding by cancelling the loudest sounds behind the 
hearing aid wearer, and by zooming in on the sound coming from the front. 

How to explain the feature in layman’s terms?
This feature allows the clinician to adjust how wide the directional beam should be for your individual needs.  
The feature is designed to enhance speech understanding in noise.

Narrow

Wide

Medium
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MULTISCOPE ADAPTIVE DIRECTIONALITY AUTOSCOPE ADAPTIVE DIRECTIONALITY

Autoscope Adaptive Directionality

What is it?

AutoScope Adaptive Directionality automatically adjusts the directional beamwidth of the hearing aid, based on the 
relative levels of inputs to the front and rear microphones

How does it work?

Autoscope changes the beamwidth depending on the signal-to-noise ratio of the environment. As the signal to the front 
microphone becomes more intense, the scope narrows. Alternatively, as the signal to the front microphone becomes less 
intense, the scope widens, allowing more audibility for surrounding sounds. This creates an effect of zooming in on the 
speakers if they are directly in front of the listener, and zooming out when the listener is surrounded by many speakers. 
 

 
What is the benefit to the client?

The benefit for a client, using a program with Autoscope Adaptive Directionality, is that the hearing aid will automatically 
determine whether narrow beam is likely to be of benefit. This gives a clear, enhanced speech understanding in all 
listening environments without the need for any manual adjustments. 

How to explain the feature in layman’s terms?

This feature automatically “zooms in” on speech sounds when background noise is present, and “zooms out” when 
background noise is no longer present and speech can be clearly heard. Being an automatic feature, this means that you 
do not need to fiddle with your hearing aids.

Blah
Blah

Autoscope Adaptive Directionality automatically narrows the width of the directionality beam to focus on a 
speaker in front, and expands the beam when speakers are not directly in front of the user. 
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Natural Directionality II

What is it?

Natural Directionality II is a feature which places one ear in omnidirectional and the other ear in directional.

How does it work?

Natural Directionality II provides the listener with the benefits of both omnidirectional and directional modes 
simultaneously.  
This option eliminates the need for manual or automatic switching between omnidirectional and directional modes, as 
both modes are always available to the listener. The omnidirectional pattern is applied to one ear, termed the “monitor” 
ear, and the fixed directional pattern is selected for the other ear, termed the “focus” ear. The focus and monitor ears are 
designated through the Focus Ear Calculator in Aventa. 

 

What is the benefit to the client?

The benefits of Natural Directionality II are environmental sound awareness (an omnidirectional benefit) with improved 
speech understanding to the front (a directional benefit) and improved ease of listening. This improved ease of 
listening occurs due to the availability of environmental sound inputs from the monitor ear, which does not occur in 
bilateral directional fittings. Users do not feel as isolated from sounds originating from the sides and rear, due to the 
environmental sound cues from the omnidirectional processing that is always available to them in this mode. 

Natural Directionality II is a good option for clients with an asymmetrical hearing loss.

How to explain the feature in layman’s terms?

This feature allows you to focus on sound coming from in front of you (such as conversation), yet still monitor the sounds  
happening around and behind you. This lets you clearly hear the person you’re facing, and at the same time, stay in touch  
with your surroundings.
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NATURAL DIRECTIONALITY II BINAURAL DIRECTIONALITY

Binaural Directionality 

What is it?

Binaural Directionality uses ReSound’s 4th generation 2.4 GHz wireless technology to coordinate the microphone modes 
between both ears for an optimal binaural response.

How does it work?

With Binaural Directionality, front and rear speech detectors on each hearing instrument estimate the location of speech 
with respect to the listener. The environment is also analysed for the presence or absence of noise. Through wireless 
transmission, the decision to switch the microphone mode for one or both of the hearing aids is made based on the 
inputs received by the four speech detectors in the binaural set of devices. 

Microphone response transitions between omnidirectional and directional processing will occur gradually, over 10-20 
seconds. This allows for a seamless listening experience, which prevents switching due to instantaneous sound events in 
the environment as well as perceptual changes in sound quality. 

What is the benefit to the client?

Binaural Directionality maximises the signal-to-noise ratio benefits of directional processing for the listener by continually 
evaluating the sound environment and changing the response for each ear. This gives clients the freedom to tune in on 
what they want, while delivering the best speech understanding in noise plus a more natural sense the surroundings. 

Binaural Directionality allows each hearing aid to analyse the given “sound” surroundings, and then share the “data” 
with the other. Both hearing aids automatically adjust their settings to deliver the optimum results for the current 
environment. It is especially effective in noisy settings.

With Binaural Directionality, hearing aids exchange data and work as a single system in order to react dynamically to the 
sounds around your client.
 
 

How to explain the feature in layman’s terms?

Most hearing aids automatically focus on the loudest speech sound in the room, blocking out other sounds. But what 
if that’s not the sound you want to hear? With Binaural Directionality, you’re aware of all the sounds around you. You’ll 
know where they’re coming from and how close they are so you can decide what to focus on and what to ignore – just like 
people without hearing aids. 

Binaural directionality allows users to focus on what they want to hear, yet allows 
them to retain a natural sense of their surroundings.
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Binaural Directionality II  
with Spatial Sense
What is it?

Binaural Directionality II uses 4th generation 2.4 GHz wireless technology on the SmartRange platform, to coordinate 
the microphone modes between both ears for an optimal binaural response. Additionally Spatial Sense accounts for 
three hearing instrument-related issues that can interfere with spatial localisation cues, by integrating two technologies 
to preserve the acoustic cues for spatial hearing: Pinna Restoration and Binaural Compression. 

How does it work?

With a combination of pinna restoration, binaural compression and dynamic optimisation of directionality settings,  
the hearing aids continuously exchange data to select the best directional response for any listening environment.

Binaural Directionality II with Spatial Sense allows for the brain to receive the best possible representation of the sound, 
by focusing on the user and natural sound processing as opposed to the hearing instruments and their prescribed signal 
of interest. With this approach, the user determines the signal of interest. In addition, Spatial Sense integrates  
2 technologies to preserve acoustic cues for spatial hearing:

1. Pinna restoration
 - Pinna restoration mimics directivity of the natural ear > spectral cues
2. Binaural Compression
 - Binaural compression preserves the natural loudness differences between the ears > ILDs

What is the benefit to the client? 

Delivers vivid spatial awareness with exceptional sound quality, and as background noise levels rise, your clients can 
zoom in on the sounds they are interested in without losing the sense of what is going on around them.

Binaural Directionality II with Spatial Sense will improve sound quality and localisation in the omnidirectional listening 
mode. Your clients will be able to identify sounds coming from behind or next to them without hesitation, providing for 
a more natural sense of their surroundings. Being able to space sounds spatially in the environment makes it easier to 
focus and understand.

 
How to explain the feature in layman’s terms?

Spatial Hearing creates a sense of natural sound quality.  
This feature allows you to focus on sound coming from in front of you  
(such as conversation), yet still monitor the sounds happening around 
and behind you. This lets you clearly hear the person you’re facing, and 
at the same time, stay in touch with your surroundings. This feature has 
been reported to create a real sense of ‘being’ in your environment,  
it’s quite natural and has many benefits.

 

Pinna restoration

Sound level
Wireless

exchange

Gain correction Gain correction

ILD ILD

Sound level

Pinna restorationPinna restorationPinna restoration

Sound level Sound level
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BINAURAL DIRECTIONALITY II WITH SPATIAL SENSE BINAURAL DIRECTIONALITY III

What is it?

Binaural Directionality III optimizes the sensitivity patterns to achieve the best combination of speech from the front and 
spatial awareness. Binaural Directionality III provides the ultimate balance for supporting natural hearing: 
a signal-to-noise ratio improvement similar to bilateral directional micro-phones and a significant benefit in ease of 
listening compared to other directional microphone strategies. It uniquely applies directional microphone technology to 
support both the awareness and better-ear listening strategies. 

How does it work?

Ear-to-ear wireless communication facilitates an analysis of the environment, which is used to automatically select the 
optimum of 4 bilateral microphone modes to support both listening strategies. Depending on the particular microphone 
mode, dedicated technologies serve to provide the best listening experience. Natural sound quality is central to 
Binaural Directionality III, and Directional Mix ensures transparent transitions between microphone modes. In binaural 
omnidirectional mode, Spatial Sense preserves the important localization cues that contribute to spatial hearing and 
the most true-to-nature sound quality. Now, with Binaural Directionality III, the directivity patterns of the asymmetric 
microphone modes are painstakingly designed, taking the acoustic properties of the head into account, to ensure that 
the listener can effortlessly tune in or tune out the sounds around them. 

ReSound researchers proposed a method to acoustically map out the spatial patterns combining the left and right ears 
and, based on the directional patterns of the two ears, quantify both how the system contributes to improved SNR as 
well as situational awareness. Essentially, two new DI concepts were introduced. One is to include the effects of both ears 
in calculating the DI rather than one ear alone. The other is to calculate a sort of “reverse” DI that also includes both ears, 
thereby providing an indication of environmental awareness. These two indices have served as a benchmark for design of 
the spatial directivity patterns for Binaural Directionality III. The design goal was to maximize the Better ear index, while 
preserving a Situational Awareness index that was similar to open ears.

What is the benefit to the client? 

Continuous ear-to-ear exchange of data about the environment optimizes polar patterns and microphone settings in any 
listening situation. For the hearing aid wearer, this would provide access to an enhanced SNR, while maintaining access 
to environmental sounds not originating from in front. Your clients can focus on the sounds that are important to them 
without losing touch with what’s going on around them. Providing the brain with the right information from both ears 
lets your clients effortlessly follow conversations and shift attention naturally.
 
How to explain the feature in layman’s terms?

The differences and similarities between sounds arriving at each ear can be used to enhance or suppress environmental 
sounds at will, and lets us easily shift our attention among these sounds. Depending on what the sound of interest is at 
any particular moment, we innately use different listening strategies, and we unconsciously change between a strategy 
that relies on environmental awareness and one that relies on the “better ear” to make sure you can hear what you’re 
interested in. Binaural Directionality III provides the ultimate balance for supporting natural hearing by ensuring you 
won’t be cut out of your environment, and still being able to focus on anything you want and need to 
hear in your surroundings.

 

Binaural Directionality III  

Binaural Directionality III provides 
an improved SNR relative to the 
open ear but maintains awareness 
of sound in the environment, as 
indicated by the new metrics.  
This sets the stage for a natural 
listening experience.  A solution 
with narrow directionality using 
a 4-microphone array provides a 
high single ear Dl but little added 
binaural benefits, and reduces 
audibility of off-axis signals.   
This results in an unnatural 
listening experience.  

The Better ear index and 
Situational awareness 
index capture binaural 
acoustic spatial directivity 
patterns.  A traditional Dl 
accounts for the effects 
of only one ear.  The 
Better ear index and 
Situational Awareness 
index can together serve 
as a benchmark for 
evaluating system design. 
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2.4 GHz Wireless Technology

What is it?

2.4GHz is a proprietary ultra-high-frequency radio system protocol that allows for several devices in the network to 
stream from a signal base station simultaneously. It is a robust connection with greater range than other current 
wireless systems available today with faster data processing rate and less interference, resulting in better signal 
quality, bandwidth, stereo, low distortion and low noise.

How does it work?

ReSound’s 2.4 GHz wireless technology provides direct streaming of sound and data. It’s faster, more robust and has a 
longer range than traditional NFMI (Near-field magnetic induction) technology. It makes it possible to connect directly to 
other devices  
using 2.4 GHz.

What is the benefit to the client?

Clients enjoy advanced binaural audiological features and stereo sound streamed directly to the hearing instruments 
with no need for neck worn streamers or audio shoes. They can also control and personalise their hearing experience 
using ReSound apps.

2.4 GHz also ensures hearing instruments can exchange data and work as one system. They constantly compare 
information to dynamically analyse the sound environment, exchanging and balancing all inputs. Clients get the most 
natural sound experience ever. They can follow conversations and react naturally to the world around them.  

How to explain the feature in layman’s terms?

2.4 GHz technology is leading the industry in wireless technology.  This type of technology allows for direct streaming 
to MFi devices and Unite Accessories.  2.4GHz technology also allows ReSound to optimise hearing instrument 
features to provide better outcomes.
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2.4 GHZ WIRELESS TECHNOLOGY MFI (MADE FOR IPHONE)

MFi (Made For iPhone)

What is it?

Made for iPhone hearing aids, means they connect directly to compatible Apple devices.

How does it work?

2.4 GHz technology is required to support MFi functionality. Once compatible Resound hearing instruments are 
connected to compatible Apple devices data and audio can be streamed directly from the phone to the hearing aids.

What is the benefit to the client?

This direct connection between Apple devices and hearing aids allows your clients to use their hearing aids like wireless 
stereo headphones that require no additional hardware. Sound is simply streamed from the iPhone directly into the 
hearing aids for a brilliant hearing experience tailored to their individual hearing loss. 

How to explain the feature in layman’s terms?

With Made for iPhone hearing aids, your hearing aids work like wireless stereo headphones for telephone calls, listening 
to music and any other audio. You can also triple click or download apps for extra control.



3130 WIRELESS ACCESSORIES WIRELESS ACCESSORIES

Wireless Accessories

What is it?
ReSound Unite wireless accessories stream directly to the hearing instruments without the need for an intermediate 
device to relay the signal. This allows clients to hear voice and other audio from outside the range of any hearing 
instrument without neck-worn devices and without lip-sync issues or artefacts.

How does it work?
Based on ReSound’s ground breaking application of 2.4 GHz wireless technology, the wireless accessories allow for a 
stronger, clearer and more stable signal transmitted directly to the hearing instruments. Each accessory is purpose built, 
keeping in mind specific user situations. 

Simplicity and usability are key for both you and your clients. There are currently four wireless accessories and one app 
that will improve the quality of life of your clients:

ReSound Unite Mini Microphone:  
A portable voice and sound streamer for people on the go. Streams the voice of the conversation partner at least 7 
metres - and sound from any audio device - directly to the hearing instruments.

ReSound Unite Phone Clip+:  
Streams sound from the mobile phone directly to both hearing instruments. When not streaming a phone 
conversation, 
the Phone Clip+ can be used as a basic remote control for hearing instruments.

ReSound Unite TV Streamer 2:  
Streams crystal clear stereo sound directly to the hearing instruments up to 7 metres from audio devices such as the 
TV, computers or stereo.

ReSound Unite Remote Control 2:  
Offers complete visual command, making it easy to change programs, adjust volume and switch to ReSound Unite  
TV Streamer 2 or Mini Microphone wireless streaming mode.
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ANDROID APP ON

ReSound Unite™  
Remote Control 2

ReSound Unite™  
Mini Microphone ReSound Unite™

TV Streamer 2

ReSound wireless 
hearing instruments

ReSound Unite™  
Phone Clip+

Audio system TVComputer

Mobile phone/ 
Bluetooth device

Mobile phone/ 
Bluetooth device

ReSound Control™ app

MP3 player

2.4 GHz wireless connection

Sound waves

Cable connection

Bluetooth connection

2 simultaneous, active 
Bluetooth connections

Up to 3 streaming devices  
per hearing instrument(s)

Apple, the Apple logo and iPhone are trademarks of Apple Inc, registered in the U.S. and other countries.  
App Store is a service mark of Apple Inc. Android and Google Play are trademarks of Google Inc.

What is the benefit to the client?
There are many benefits associated with the use of Unite Accessories, some of these include:

• No additional hardware to wear around the neck –  
stream sound directly because all the technology required is in the hearing aids 

• Longer distance – stream sound from 7 metres away or more, not just 30-50 cm like other hearing aid brands 
• Robust connection – crystal clear sound with no fallouts or delays, echo or lipsync.
• Ease-of-use – all accessories are simple to set up, pair and use 
• Private connection – no one can listen in

How to explain the feature in layman’s terms?
Choosing Unite Accessories is very individualised.  There is an accessory available that suits your needs. 
Accessories can be used to compliment your hearing aid benefits and create added value.
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ReSound helps people rediscover hearing with hearing solutions that emulate the function of 
the natural ear. Our aim is to give your clients the opportunity to live a rich, active and fulfilling 
life unaffected by hearing loss.
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