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Main goal: help hearing aid users in their everyday lives 

Observe users in actual listening situations 

Try to understand what their needs are 

Many different actual listening situations  

What do they hear and prefer? 

What hearing aid processing works best?  

 

Must be able to create real-life listening situations in the laboratory 

 

While listening to different sound scenes 

Hearing aid users can listen “normally” 

They can evaluate different settings 

The listening situation and the hearing aid processing is known 

Hearing aids can be optimised for best performance 

 

 

 

 



Oticon’s Virtual Sound Environment (VSE) 

Acoustically damped room  

29 loudspeakers on a sphere  

 

The listener  

Seated on a hydraulic chair 

Wears hearing aids  

Can move his/her head 

Responds verbally or through 

a touch screen 



Simulating 3D sound fields 

Creating virtual sound scenes  

Three-dimensional model of a room 

Sound sources around a listening position 

Create spatial room impulse responses (RIRs) 

 

Playback through loudspeaker system  

Sound signals recorded anechoically 

RIRs from room modelling 

Direct sound and early reflections 

Nearest loudspeaker 

High-order ambisonics (HOA)  

 

Sound is the same as in the virtual room 

 



Recording 3D sound fields 

Capture actual sound fields         

Spherical microphone array 

Record 32 microphone channels 

 

Convert to loudspeaker signals 

High-order ambisonics (HOA)  

Direct inversion of transfer functions 

 

Very accurate reproduction  

Region around the head 

Not perfect above about 3 kHz 

However, very realistic perception of sound scenes 

 

Eigenmike 

MH Acoustics 



Comparison of simulations and recordings 

Simulating 3D sound fields 

The sound scene can be changed rather easily 

Room models have to be verified 

Anechoic recordings have to be made 

Difficult to create convincing complex real-life scenarios 

 

Recording 3D sound fields 

Very realistic reproduction of complex scenes 

Ecologically valid listening tests 

Difficult to capture a pre-defined sound scene 

Cannot easily modify the sound scene  

 

Both methods are needed 

 



Setup of the experiment 



Party 

You are at a reception with many people and want to listen to the man in front of you. 



Restaurant 

You are in a canteen and want to follow the conversation on the other side of the table.  



Lecture 

You are at a lecture and want to follow what the presenter is saying. 



Meeting 

You are in a meeting room and want to follow the conversation.  



Car 

You are a passanger on the back seat of a car and want to follow the woman next to you. 



Spherical microphone array implementation 

Direct inversion of transfer functions * 

 

Measure transfer functions 

Microphone in the playback setup 

29 loudspeakers x 32 microphones = 928 

 

Invert matrix at each frequency  

Modelling delay and regularisation 

Matrix of optimal inverse filters  

 

Convolve recordings with inverse filters 

Same sound pressure as during recording 

Also outside the microphone area 

 

 

 

 

 

 

 

 

 

 

 

 

*Kirkeby et al.,“Fast deconvolution of multichannel 

systems using regularization”, Speech and Audio 

Processing, IEEE Transactions, Vol. 6, no. 2, 1998.  

 

𝐻 𝑧 =
𝐶𝑇 𝑧−1 ∙ 𝑧−𝑚

𝐶𝑇 𝑧−1 ∙ 𝐶 𝑧 + 𝛽 ∙ 𝐼
 

 

 

 



Simulations of the sound field around the head 



Sound field around the head – pure tone source at 30º 



Sound field around the head – pure tone source at 30º 



Sound field around the head – pure tone source at 30º 



Listening test procedure 

Test method – MUSHRA 

Compare hearing aid settings directly  

Fast switching  

Very sensitive to differences 

 

Test of overall quality 

Speech intelligibility 

Background noise levels 

Spatial properties 

Sound quality 

 

Training and test procedures 

Good method for testing preference in realistic situations 



Listening conditions – hearing aid processing 

 

OMNI  

 Unprocessed signals of the front microphones of the hearing aids. 

 

DIR 

 The sound is processed by a traditional fixed 2-mic hypercardiod beamformer.  

 

NR1 

 Advanced noise reduction, with standard settings. 

 

NR2 

 Advanced noise reduction, with more aggressive settings. 



Hearing losses of 10 HI listeners 



Results for 10 hearing-impaired listeners 

OMNI     DIR       NR1    NR2 OMNI     DIR       NR1    NR2 OMNI     DIR       NR1    NR2 

OMNI     DIR       NR1    NR2 OMNI     DIR       NR1    NR2 OMNI     DIR       NR1    NR2 



Summary 

It is important to understand how hearing aids work in everyday listening situations 

Therefore, have to test in real-life situations in the laboratory 

Realistic SNRs, spatially correct, head movements, attention switching 

Incorporate hearing aid users in the development process 

Need repeatable situations and known hearing aid processing 

Need fast switching between settings – very sensitive tests 

Can ensure that hearing aid features work in the real world 

 

Demonstrated how Oticon’s VSE can be used for testing hearing aid features 

Possibility for many sound scenarios and types of test 

Suggestions for outcome measures 

All comments are welcome  

 

 

 


