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Abstract— a great proportion of human 

population suffers from hearing loss. A key 

component of all modern hearing aids is 

Dynamic Range Compression (DRC). In this 

work, dynamic range compression method is 

used to design a filter for hearing 

impairment. The proposed algorithm is 

implemented using the programming of 

MATLAB. The complexity involved in the 

design and implementation of the algorithm 

on FPGA-based hardware. A new approach 

was used to implement dynamic range 

compression using a filter on the FPGA 

platform. This work has been observed which 

speech would be useful for hearing impaired 

people. 
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I. INTRODUCTION 

Hearing loss happens in every ear. 466 million 

human at risk of hearing loss worldwide, according 

to the World Health Organization. Hearing loss can 

also be categorized according to the position of 

frequency into three forms such as conductive, 

sensorineal or mixed hearing loss. Listening 

impaired in speech frequencies is not able to hear 

or hear. The primary function of the hearing aid is 

selectively to enhance the sound so the amplified 

sound can be listened to the person with hearing 

impairments.  

 

1.1. Hearing and Hearing Aid Basic 

Mechanism 

Hearing is about people using their ears to detect 

sounds. Ears are sensitive part. The fundamental 

structure is divided into three parts. 

1) Outer ear  

2) Middle ear and  

3) Inner ear  

The outer ear receives the signal and forwards it to 

the middle ear. The intensity of the sound and the 

frequency of the vibration depend on the tone. The 

cochlea is the principal auditory organ in the inner 

ear. It gets sound waves and transmits them to the 

brain. Instead, as an object moves into the middle 

ear, the brain analyzes this sound wave. The 

cochlea is the central internal ear organ. The basil 

membrane of the cochlea separates the input signal 

into various frequencies. The position of inner hair 

cells along the basil membrane determines the 

optimum hair cell response to completely various 

frequencies. Once the sound signal is distributed 

within the type of travel wave in the tube, the hair 

cells on the apex react at low frequencies, while the 

hair cells respond at the lowest frequency. [1] 

1.2. Types of impaired hearing 

Conductive hearing impairment  

A tangle with the outside or cavity is involved in 

the conduct of hearing impairment. This comes 

from an abundance of cerumen or Ear infections 

[2].  

Sensorineural hearing impairment  

When the hearing organ, tube or the eighth cranium 

nerve is breached and electric information may not 

be sent to the brain, sensorineural hearing 

impairment occurs. Sensorineural impairment of 

the hearing is often continuous. It is genetic or 

caused by the natural method of aging, disease, 

accidents or noise exposure [2].  

Mixed hearing impairment  

Mixed hearing impairment is the combination of 

conducting hearing impairment and sensorineural 

hearing impairment. The Sensorineural hearing 

impairment part is permanent, whereas the 

conducting hearing impairment part will either be 

permanent or temporary [2].  
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1.3. What is Hearing loss or Hearing 

Impairment 

Impairment of hearing is incapacity to hear or 

waste hearing. Hearing disability is either 

permanent or temporary, and gift at birth, or 

unwellness, already. The classification of hearing 

loss is shown in Figure 1. A listening level of 

between 0 and 25 decibels (dB) of sound is known 

as normal hearing. [3]  

There is varying degree of hearing loss following.  

 

• Mild hearing loss: Above 21 to 40 decibels.  

• Moderate hearing loss: Above 41 to 60 

decibels.  

• Severe hearing loss: Above 61 to 80 

decibels.  

• Profound hearing loss or deafness: Above 

90  decibels  

 

Fig. 1: Degree of hearing impairment 

 

1.4. Hearing Aid 

The auditory aid amplifies the sound signals to 

make them accessible to the person with loss of the 

hearing. Hearing aids square measure however not 

the utterly deaf used by the part deaf. Whether the 

hearing aid is put in or around the ear. The square 

measurement of wireless hearing aids; transform 

sound waves into visual signals, creating a definite 

reproduction of each sound instead of merely 

amplifying it. Digital technology helps to enhance 

efficiency in healthy settings, reducing noise and 

vibration from the ground. They need four major 

components: the transducer, the battery, the 

amplifier and the receiver. 

 

1.5. Dynamic Range compressor 

Dynamic Range Compressor modifies the 

amplitude of the incoming signal and produces a 

decreased SPL output. The simple block diagram 

of the DRC as seen in Fig.2. All DRC algorithms 

contain two main blocks: level detection and level 

acquisition. The level detector measures the input 

signal frequency and translates it to a logarithmic 

scale [4]. 

 

Fig.2. Simple Block Diagram of DRC 

 

Fig.3.Dynamic range compression algorithm of 

attack and release time 

 Threshold above which the input signal is 

attenuated. 

 The ratio of input to output in decibels, 

which determines the gain decrease, 

depending on the degree to which the 

signal has reached the threshold. 

 Attack time, which determines how fast 

the envelope detector achieves a reduction 

in the target gain as dictated by the 

parameters of the threshold and ratio. 

 Release time, referring to how fast the 

envelope detector returns to unity gain 

when the side chain signal stops exceeding 

the threshold. 
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II.ANALYSIS OF DRC TECHNIQUES 

Sushama D. Gavarskar, et.al. [5] Proposed 

overview of speech processing in hearing aid, 

which uses filters and speech enhancement 

algorithm. Author researched and summarize the 

basic of hearing aids and various techniques used to 

enhance speech signal in hearing aids. 

Neelam Joshi, et.al. [6] Proposed FPGA-based 

Optical Hearing Aid, which uses a multiband 

compression method algorithm. It was suggested 

that compression be implemented independently in 

two or more frequency ranges. Author researched 

and profiled an algorithm for speech recognition 

that was implemented in the app version and built a 

very parallel architecture. 

J.J. Chopade, et.al. [7] Proposed FPGA 

implementation using comb filter for hearing aids 

that are useful for hearing impaired persons. It was 

suggested that a modern technique allows to 

implement this FPGA comb filter, with no 

conversion complexity making it a major upgrade. 

Author studied and profiled an algorithm for 

speech recognition which was implemented in the 

hearing aid system's miniaturization hardware. 

Deepu S. P, et. Al. [8] proposed DRC algorithm in 

Hearing Aids, Which uses traditional methods that 

adversely affect attack and release time constants. 

The ANSI S3.22 standard was suggested for 

hearing aids. Author researched and profiled that 

the algorithms operate as planned with and without 

gaining smoothing stage for both peak and RMS 

level detector based DRC algorithms. 

Kuo-Chiang Chang, Yu-Ting Kuo [9] proposed 

DRC algorithm in Advanced Hearing Aids, Which 

uses a multichannel DRC systems. The design of a 

low-complexity DRC system with logarithm and 

antilogarithm operations has been suggested. 

Author investigated that the proposed solution 

could reduce the hardware complexity by 96% 

while retaining the error of the output level within 

an imperceptible range and compared with various 

look-up table.  

Tiwari Nitya, and Prem C. Pandey [10] proposed 

Dynamic range compression sliding-band was used 

in hearing aids.It was suggested that single-band 

and multi-band compression techniques have set 

time for attack, release time, and compression 

ratios. Author explored the effectiveness to 

increase speech intelligibility for audiences with 

hearing disability. The Sliding-band provided for 

use of hearing aids must be tested to reduce noise 

based loudness induction associated with a 

sensorineural hearing deficit without commonly 

associated disturbances. 

 

III.METHODOLOGY  

IIR filter using biquadratic structures. A biquad 

filter is a linear filter type that uses a transfer 

function. The name biquad is short for biquadratic. 

This MATLAB function designs a low pass filter 

with the specified slope and cutoff frequency 

of a speech signal by applying high pass 

filtering and low-band compression. Use 

a dsp.Biquad Filter object to implement the high 

pass filter design. Biquad Filter object to 

implement the high pass filter design. Build a 

dynamic compressor to compress the plosive sound 

dynamic spectrum. 

 

IV.IMPLEMENTATION  

Implementation with the MATLAB   

For speech signals processing using the Dynamic 

range compression algorithm, the MATLAB 

program is implemented. Programmable phases 

are, 

- Get the input signal.  

- Use your biquad filter to apply high pass filters. 

- Divide the audio signal into two bands 

- Apply compression to the dynamic range and 

replay the channels. 

- Apply the processed audio signal to your audio 

device for listening and receiving the modified 

signal. 

 

 
 

Fig.4.Block diagram of proposed system 
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V.RESULT AND DISCUSSION  

The VCV words are used as speech signals as .wav 

files as the input signals. The APA and AGA and 

ATA speech signal as original signal and modified 

signal by using dynamic range compressor wherein 

the changes in Threshold and Ratio signals (like 

threshold -15, -35 and -50 and ratio 5 and 20) are 

applied.  Figure 5 shows the compression results 

with threshold -15 dB and ratio 5. While Figure 6 

shows the compression results with threshold -50 

dB and ratio 20 for speech signal AGA. 

 

Fig.5: Original and modified speech word AGA 

(Threshold -15 and Ratio 5) 

 

Fig.6: Original and modified speech word AGA 

(Threshold -50 and Ratio 20) 

 

 
 

Fig.7: Original and modified speech word APA 

(Threshold -15 and Ratio 5) 

 

 

 

Fig.8: Original and modified speech word ATA 

(Threshold -35 and Ratio 20) 

 

Figure 7. Shows the compression results with 

threshold -15 dB and ratio 5 for speech signal 

APA. While Figure 8. Shows the compression 

results with threshold -35 dB and ratio 20 for 

speech signal ATA. 

VI.CONCLUSIONS  

The dynamic range compression of hearing aids 

can be adjusted with gain for the various 

frequencies. The gain adjustment for different 

frequencies is useful for sensorineural hearing 

impaired. Also have been observed by changing the 

threshold and compression ratio.  It would be 

interesting fact if one could see the results for 

hearing impaired at various frequencies where the 

hearing loss problem of temporal and spectral 

resolution can be addressed. 
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