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Abstract 

Digital Signal Processing (DSP) applications in several techniques such as acoustic, 

radar, sonar, an auditory compensation, digital image processing, telecommunications 

networks, biomedical processing and etc. Hearing aid device in signal processing is an 

important field of research for the last three decades. In this paper, the importance of 

filter banks in hearing aid devices is presented. The types and models of hearing aids are 

also discussed. 
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1. Introduction 

Recently, power aware hearing aid device designs with smaller footprint, gain consid-

erable importance. An electronic hearing aid is a tiny device which is used for enhanc-

ing the hearing ability and it is placed in ear of hearing impaired   people [4]. The device 

compensates the hearing loss and amplifies the audio input signals. The hearing aid 

device has been designed for portable communication equipment with digital filtering, 

speech processing, sub-band coding and speech enhancement. With the technological 

advancements in the DSP algorithms, design of hearing aid devices has been improved 

continuously. It is expected that more innovations in hearing aid de-vice technology will 

be released in future, with new developments in signal processing algorithms and filter 

bank designs. The foremost task of a hearing aid device is to rationally improve the 

quality of the environment sound such that the amplified signals to match with 

audiogram [1]. Audiogram is representation of a graph which appearances the sounds of 

a person who can catch at various levels of frequencies. It is used to measure the hearing 

threshold in terms of frequency. At certain frequencies, high threshold is causes hearing 

loss which can be prevented by amplifying amplify sounds at specific frequencies.  

The two important factors in the design of hearing aid device are (i) Linear 

amplification (ii) dynamic range compression. Linear amplification [2] states that the 

gain in a hearing aid device is independent of sound signal level. The loss of audibility is 

compensated through frequency selective amplification. Most of the hearing aid devices 

include pre-processing such as compression limiting and peak limiting. Several methods 

have been proposed to provide gain octaves and the procedure is developed by Byrne et 

al. (2001). Hence, AGC systems are also known as compressors. In practical, AGC 

systems [1] are implemented in many ways such as Automatic Volume Control (AVC), 

Compression limiting multiband compression systems etc. A typical hearing aid device 
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is shown in Figure.1.1 [3]. First, the speech signal is converted into digital signal and 

then, it is divided into frequency sub-bands such as F1, F2,..., Fn. Next, each band is 

multiplied with the corresponding gain and passed through compressor which consists of 

Ch0, Ch1,...,Chn. Finally, the signal is again converted into analog form at the output. 

Hearing loss can be overcome by adjusting the sub-band gains of filter bank designs. To 

decrease the matching error in hearing aid device, immense of frequency bands are 

needed due to the hearing loss which differs from person to person (Lian & Wei 2005) 

[6]. 
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Figure 0.1 A Typical Hearing Aid Device 

 

2. Evolution and History of Hearing Aid Devices 

The traditional hearing aid devices in the nineteenth century are larger in size, 

whereas, the modern hearing aid devices are compact in size and use advanced 

features such as digital array processors, minicomputers and microphones. The 

history and timeline of hearing aid devices is shown in Table 1.1. It is interesting to 

note that many researchers, academicians, manufacturers and several others have 

contributed various techniques in the design of hearing aid device. For brevity, only 

limited details such as name(s) of the invention and inventors are given in Table 

1.1. 

 

Table 0.1 The History and Timeline of Hearing Aid Devices 

 

 

Period/ 

Year 

Name(s) of Inventors and Description of the Technique 

Traditional Hearing Aid Devices 

1588 

 

First hearing aid devices are labelled by Giovanni Battista Porta in 

Natural Magick. Those devices were made of wood with shapes 

similar to animal's ear, known to have acute hearing. 

1724 
Versailles Postmaster invented Eustachian tube catheterization for 

curing his personal deafness. 

1800 

 

Ear Trumpet was used to amplify sound with funnel. 

Non-electric hearing aid, which are larger in size extensively used 

for amplification. 
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1898 

Miller Reese Hatchison introduced first electric hearing aid device 

called the Akouphone. 

A weak signal was amplified using carbon transmitter. 

1912 
F.H. Quix introduces the translabyrinthectomyin internal auditory 

meatus. 

1913 
First electronically amplified hearing aid developed by Siemens. 

Not easily portable due to large cigor box. 

 

1920 

The first vaccum tube hearing aid device which was called as 

Vactuphone, was designed by Earl Hanson. 

Telephone transmitter was used to convert speech signal into an 

electrical signal. 

The Globe Hearing Aid Company and Western Electric had 

collaborated to manufacture the Vactuphone. 

Wearable Hearing aid devices 

1930 Hearing aid device becomes wearable. 

1948 Invention of transistors by Bell Laboratories. 

1975 Six channel Hearing aid was introduced by Daniel Graupe. 

1982 

The first real time digital hearing aid device was designed using 

digital array processor and minicomputer. 

A radio transmitter and receiver were included in the design. The 

connection of radio was made between transmitters on the body to 

the radio top of the computer.  

1987 
The first commercial digital hearing aid device was developed by 

Nicolet Corporation. 

1997 
Directional microphones were used in hearing aid devices which 

have noise reduction circuit and open-canal fittings. 

1995 

The Oticon Company established the first digital hearing aid 

device and it was circulated into audio logical research centres for 

research on acoustics amplification. 

1996 
The first commercially successful, all-digital hearing aid device 

was Senso and it was invented by Widex. 

2005 
Hearing aid devices include directional microphones, providing 

enhancements to speech understanding in noise environments. 

 

 

 

3. Hearing Aid Device Models 

Some of the Hearing aid device models such as Behind-The-Ear Ca-nal (BER), In-the-

Canel (IIC), Completely-in-Canel (CIC), Receiver-in-Canel (RIC). Types of hearing aid 

devices along with their description and pictures are stated in Table 1.2. 
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Table 0.2 Types of Hearing Aid Devices 

Picture of Hearing aid 

Devices 

Description of Hearing Aid Devices 

Traditional Hearing Aid 

 

This basic hearing aid devices are introduced in 1950 

which has the top brass spring clip within a jacket 

pocket. Holes of the microphone have clips on top and 

bottom to receive sounds, those are improved using the 

inside circuit and applied to the ear. 

 

The important components of this hearing aid device are 

the four amplifying transistors, battery and basic 

components.  

In-the-Canel 

 

It is settled partially in the outer ear and partially in the 

canal. It is encapsulated with a plastic shell and medium 

size with push button controls. It has longer battery life.  

Completely-in-Canel 

 

It is compact and provides good sound quality and 

maximum comfort. It fits into a tiny adjustment which 

regulates the signal to the ear canal. 

Receiver-in-canel 

 

The loudspeaker of the RIC model sits inside the ear 

canal and is smaller in size. 

 

 

Invisible-in-canel 

 

It is tiny in size, invisible and slightly deeper in the 

canal. 

In-The-Ear 

 

In The Ear (ITE), fills the canal and a small portion of 

the outer ear. 

Behind-The-Ear Canal 

 

BTE has two separate parts. A hard plastic case which 

has a tiny microphone, sound enhancement block, and an 

amplifier. It is attached through a duct, into little plug 

and fits into the person's ear canal. 
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 Modern hearing aid models are computerized and electro-acoustic 

systems that transform environmental sound to make the device more intelligible or 

comfortable. Such sound processing can be considerable, such as shifting frequencies, 

cancelling noise and wind, or highlighting voice.  

 

4. Types of Hearing Aid Devices 

Author Due to the technology enhancement, hearing aid devices can be classified into 

Analog, Programmable Analog and Digital hearing aid devices. The types of hearing aid 

devices are stated in Figure.1.3. 

 

 
Figure 2 Types of Hearing Aid Devices 

 

The analog hearing aid device is shown in Figure 2.1. In the hearing aid 

device, sound signals move toward the ear. A small microphone receives the sound 

waves and converts it into electric current. Block contains one or more transistors and a 

button battery is called amplifier. It amplifies the electrical signal and the amplified 

signal is given to ear canel through ear hook. Analog hearing aid device is cost effective 

design, but the noise is also amplified along with the input signal. Programmable analog 

hearing aid device has a control circuitry which is programmable with an analog block 

(circuit for processing audio) to adjust the gain and frequency. Frequency settings are 

helpful for the end user to change the sound depending on the environments such as 

library, bus stand, restaurant, etc.   
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Figure 3  A Typical Analog Hearing Aid Device 
 

In digital hearing aid device [4], the amplification block converts the input 

sound signals i.e. the sound signals are converted into numerically coded signals. This 

block comprises of filters with small components that automatically adjusts the sound 

depending on the environments. It has the following features: gain adjustment, 

compression, sound clarification, speech enhancement, feedback reduction and noise 

reduction. Digital hearing aid device has more advantages over analog and 

programmable hearing aid device because of the advanced DSP algorithms. Improving 

the audiogram matching and reducing the number of arithmetic operations are the two 

main objectives in the design of digital hearing aid device. Filter bank place a vital role 

in the digital hearing aid device. The basics of filter bank designs are discussed in the 

following section.  

5. Overview of Filters 

In recent years, various signal processing techniques have been used to design hearing 

aid device with improved speech quality. DSP algorithms such as auditory 

compensation, speech processing and sub-band coding are implemented frequently. 

Auditory compensation is an important application which is useful for the hearing 

impaired people to mitigate the impacts of hearing loss. In order to rectify the hearing 

loss, the audio signals should be divided into many sub-band signals. Those signals are 

amplified, compressed and filtered. 

A filter tap is represented as coefficient and delay.  The number of taps, in a filter 

structure plays an important role. Filters are of two types: (i) Finite Impulse Response 

(FIR) filter and, (ii) Infinite Impulse Response (IIR). In FIR filter, the impulse responses 

are finite. The linear-phase filters are used to delay the signal without disturbing the 

phase. 

The FIR filter calculations can be done by a single looping instruction for most DSP 

microprocessors. In the multi-rate applications, FIR filters are used for Decimation i.e. to 

reduce the sample rate and interpolation to increase the sample rate. The use of finite-

precision arithmetic is easy in the design of FIR filters. In such cases, the IIR filters are 

implemented in DSP applications. IIR filters have the infinite impulses and feedback 

path. Digital filter banks are designed for speech signal processing, image processing and 

audio signal processing. The filter bank has some de-sign issues such as hardware 

1. Sound waves 

2. Microphone 

3. Amplifier Block 

4. Button Battery 

5. Amplified current 

6. Loudspeaker 

7. Ear Hook 

8. Sound waves 
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complexity, low power, quality of the signal and signal delay. The typical filter bank 

block diagram is stated in Figure. 3.1.  

The Filter bank includes analysis block, a processing unit and syn-thesis block. The 

analysis block splits the input signal into sub-bands. The sub-bands go through the 

processing unit and, then, the synthesis block retrieves the original signal. The frequency 

response is stated in Figure 3.2. 
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Figure 3.0 Block Diagram of a Typical Filter Bank 
 

 

 

 

 

 

 

 

 

 

 

 
Figure 3.2 Frequency Response of the Filter Bank 

 
The input is passed through peripheral auditory system and filter bank 

before reaching the human ear. Two popular types of auditory Filter banks are third 

octave and Equivalent Rectangular Bandwidth (ERB) Filter banks. Third octave 

filter banks are associated with audio analysis. In order to achieve better accuracy 

of auditory filter bandwidth, third octave filter banks are used. Such filter banks are 

called as ERB filter banks. Multi-channel filter banks such as one-dimensional, 

two-channel filter bank can be designed using McChellan transform. Disadvantage 

of the design include which cannot be extended for more than two channels.     

Table.3.1 shows the frequency ranges in the noise spectrum. 
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Table 1. Various Frequency Ranges in the Noise Spectrum 

 

Frequency Ranges 

Explanation- 

Frequency type 

30-300Hz Extremely high 

300-3000Hz Voice 

3-30,000Hz Very low 

30-300KiloHz Low 

0.3-3MegaHz Medium 

3-30MegaHz High 

30-300MegaHz Very high 

300-3000MegaHz Ultra high 

3-30GigaHz Super high 

30-300GigaHz Extremely high 

 

 

6. Conclusion 

This paper is fully focused on the study of history and various de-signs of hearing 

aid devices. Several studies have been investigated on hearing aid applications. 

Researchers are mainly focused on gain preferences along with loudness perception 

in new hearing aid designs. Auditory compensation is an important application 

which is useful for the hearing impaired people to mitigate the impacts of hearing 

loss. In order to rectify the hearing loss, the audio signals should be divided into 

many sub-band signals. Those signals are amplified, compressed and filtered. Filter 

bank designs are complex and occupy more design space in the circuit and consume 

more power and area. Therefore, power and area are the two important factors in 

the design of hearing aid device. Another important part in the digital hearing aid 

device is peripheral auditory system.  
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