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ABSTRACT:The authors of the present study con-
ducted an informal survey from the undergraduate
students on the problemfaced in understanding the
concepts of the working principle of hearing aid. The
majority of them have reported that we unable to ap-
ply the knowledge on sampling, quantization, and
binary coding involved in the different digital me-
thods utilized in the hearing aid. Moreover, the stu-
dents said there is no single book that covers the cur-
rent day working principle of hearing aid, resultant to
read journal articles and books addressing the specif-
ic digital method and or approaches involved in it.
Besides, the mathematical operation in the electronics
part of hearing aid makes them exempt in under-
standing the concept and obviously reflected in the
examination in taking up to answer another question
in the option given. After reviewing their responses,
we taught of writing a mini-review on dissecting the
component of hearing aid and explaining the working
principle of each. It will undoubtedly bring a path to
lessen the grievance addressed by the student on this
topic deserves a review.

KEYWORDS — Analog to Digital Conversion,
Convolution, Digital to Analog Conversion, Digital
Signal Processing Techniques, Digital Hearing aids,
Signal Acquisition,Sampling

I. INTRODUCTION

Hearing loss is a debilitating factor for
communication breakdown and associated with social
isolation. One of the rehabilitative approaches for
alleviating hearing loss is hearing aid. With the ad-
vancement and proliferation in digital technology,
most of its concepts applied in various domain are
imbibed and utilized in the fabrication of hearing aid.
The budding professionals must have minimal under-
standing of the working principle of digital hearing
aids is an essential part of the knowledge required to
troubleshoot the aid. This will help for those who
intend to keep up with the knowledge of the digital

technology in hearing aid that will inevitably contin-
ue. In this mini-review paper, we are presenting the
architect of digital hearing aid, the working principle
of each component and itslimitation are explained
with substantial literature review.

Il. THE ARCHITECTURE OF DIGITAL
HEARING AID

The primary architect of digital hearing aid
comprised of arithmetic operations such as ADD,
SUBTRACT, MULTIPLY, etc. and logical operation
such as AND, OR, NOT, XOR, etc[11]. The architec-
ture also includes on-chip registers to store imme-
diate results, memories to store signal samples
(RAM), and memories to store filter coefficients
(ROM). To amplify the discrete version of the signal
from the output of the microphone needs multiplica-
tion operation. To illustrate, suppose the microphone
of the hearing aid picks the signal having 2 volts at
one data point, then it converts into binary i.e 010.
These binary digits are fed to the digital circuitry to
amplify the signal. To be specific, the binary value
010 is multiplied using impulse response, having the
characteristics of filter coefficients, which has the
application of amplification 10 (2). The resulting
binary value 100, where it accounts for 4 volts (refer
convolution section for detailed explanation). Simi-
larly, a series of binary values corresponding to the
data point is processed.

To purport, any digital circuit in the hearing
aid should fetch (n) binary values from memory cor-
responding to the input signal plus the program in-
struction describing what to do with the data to yield
accurate results. This digital operation requires a
power supply. [11]Stetzler et al. have developed a
digital hearing aid that consumes less power and has
thoroughly thrown light on the architecture of the
developed hearing aid. The programmable devices
are offering more sophisticated algorithms that con-
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sume less power. Whereas in the analog hearing aid,
the components used such as resistors, capacitors,
inductors, and transistors are sensitive to environ-
mental changes and subsequent aging deteriorates
accuracy of operation[1]

The Digital Signal Processing illustrated (in
Figure 1) allows the implementation of sophisticated
and complex algorithms in real-time on a Very Large
Scale Integrated Chip (VLSI). The VLSI reduces the
cost and DSP operations can be easily employed in
the digital hearing aid. It can easily be modified in
real-time, often by changing in simple programming
and or by the reloading of registers in DSP. The same
functions may be implemented using hardware,
which will pave the way for increasing the speed of
the execution, but the circuit complexity will also
increase considerably.

CEH_H__HmH=Hm{=a]

Fig.1 Simplified Block diagram Df_téwe architecture of digital hear
ing ai

A microphone should have the characteris-
tics of a reduced noise floor that transduces the input
speech sounds into an electrical representation of
acoustic sounds. The electrical signal is passed
through a low pass anti-aliasing filter. The audible
frequency range for which the human ear responds is
20Hz to 20 kHz, and thereby it is required to remove
the frequency content of the input signal beyond 20
kHz. To employ this task, the anti-alias filter that is
nothing but low pass filter with cutoff frequency of
20 kHz is employed before the signal transformed to
digital signal making use of the A to D converter.
This process will remove high-frequency compo-
nents, thereby preventing aliasing effect, which oth-
erwise increases noise and interference at the output.
The resultant output is amplified using an automatic
volume control amplifier as the transduced voltage of
the input signal picked up by the microphone is too
weak. This automatic volume control amplifier is a
preamplifier that will increase the mic-level signal to
line level signal to support the process of treating the
signal in the digital domain after converting the ana-
log signal to a digital signal.

Automatic gain control employs class D amplifier,
where the signals are encoded into the duty cycle of
the rectangular pulses, which is called pulse width
modulation. A high-intensity signal is represented by
a high duty cycle, and a low-intensity signal is
represented by a low duty cycle. Figure 2 illustrates
the resulting Pulse Width Modulated (PWM) output
waveform due to the dynamic nature of the signal,
where its intensity varies as a function of time. For
example, assume maximum voltage handled by the
AGC circuit is 9 volts, and in the following figure,
the voltage appears across the circuit for half of the
time, which is represented by 50% Duty Cycle. So
we can say that effectively it is representing 4.5 volts
of the input signal. In the same way, 75% of the Duty
cycle represents 6.75 volts of the input signal, and
25% Duty Cycle represents 2.25 volts.
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Fig 2Waveform depicting pulse width modulation depicting

The pulse width modulated signal or the rec-
tangular signal is amplified, and then a lowpass fil-
tered, which results in a higher-power version of the
original analog signal [6] has reported that the utility
of Class D amplifiers is increasing due to improve-
ments in higher efficiency in terms of saving power,
increased power density, and better audio perform-
ance. The output of the Class D amplification em-
ployed in the preamplifier is converted from analog-
signal to digital signal using a sigma-delta analog to
digital converter. The operation of sigma-delta modu-
lation is explained in the later section. Once the data
is converted to the digital domain, the DSP processes
the digital stream using the various algorithms like
noise reduction algorithm, frequency shaping algo-
rithm, etc. using a convolution algorithm that makes
use of impulse responses. The convolution process
using impulse response of the appropriate system
could be of filters, equalizers, etc. will help to en-
hance the speech input. A'y [n] represents the output
signal obtained from convolving the impulse re-
sponse (h [n]), with the discrete version of the input
signal (x[n]). The desired output is stored in memory.
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Besides, the output stored may further be modified in
terms of increasing the gain as a function of fre-
quency using audio processing algorithms. The
sigma-delta digital to analog converter transforms the
digitally processed data back to an electrical signal,
which is presented to the real world through the end
stage transducer i.e receiver. The detailed description
of it is explained in the later section. The electrical
signal is converted into an acoustic signal in the end-
stage transducer.

I11. INPUT TRANSDUCER IN THE HEAR-
ING AID.

The first and foremost component in the
hearing aid is the microphone, which is also called
the input transducer converts sound energy into elec-
trical signals. Electret condenser microphone (ECM)
technology is most extensively used in all types of
hearing aids, whether it could be an analog hearing
aid or digital hearing. Electret condenser microphone
use fluorocarbon foils as the electret, has uniform
frequency response and less variation in sensitivity
over temperature [2]

Electric Con- 3
densor micro F.'d‘l Effect
phone Transistor
M) D O DK
Sound Driaphragm s ey
Proggure Vibration Electric signal

Fig 3. Working principle of the electret condenser micro-
phone

One of the plates of the capacitor act as
diaphragm vibrates in response to the changes in the
air pressure falling on the diaphragm. This results in
corresponding variations to the distance between the
two plates, that is, thediaphragm and the back plate of
the capacitor. This leads to variations in the voltage
maintained between the two plates, which is further
amplified by using a field-effect transistor. The
working principle of electric condenser microphone
(ECM) is described in Figure 3. The output voltage of
the transducer needs to be amplified for improving
communication and to decrease the listening effort
among the hearing-impaired population. The
technology used to achieve amplification could be
either analog or digital. Automatic gain control is a
circuit that controls an amplifier’s gain in accordance

with the instantaneous strength of the input signal
picked up by the microphone to maintain a constant
output level after amplification. Automatic gain
control plays the role of the preamplifier, which is a
flexible system in terms of adjusting the gain. This is
because the input signal varies above the threshold of
AGC in the hearing aids. The adjustment in the gain
is a process where the output signal of the AGC is fed
back, creating a loop between input and output. This
loop will make a way to compare the instantaneous
value of the amplitude of the output signal with the
set point of error amplifier indicated in figure 4. The
output of the error amplifier control the gain of the
amplifier in accordance with the feedback signal .If
the AGC circuit is installed in the hearing aid, a
sufficient amplification is assigned either by reducing
or increasing the volume automatically relative to the
signal strength.

Fig. 4. The underlying architecture for an AGC system

The voltage-controlled preamplifier or vari-
able gain preamplifier should be used to step up the
low voltage signal picked up by the microphone.
\oltage controller detect the speech signal and apply
a sufficient gain depending on the applied feedback
voltage and it is denoted as control signal (CV). The
resultant output voltage of the envelope detector is
proportional to the magnitude of the instantaneous
input voltage acquired from voltage gain amplifier
(VGA). It is assumed that sufficient low pass filtering
is applied at its output to reject ripples. The output
voltage of the detector is proportional to the envelope
of the amplitude of the input signal. In other words,
the output voltage of the envelope detector is equiva-
lent to the magnitude of the input voltage. The detec-
tor’s output is compared against a set point (Figure-
4) voltage to produce an error signal, which is then
integrated to produce a voltage regulated by the gain
controller. The control signal is applied to control
input of the VGA, which varies the gain depending
upon the applied control signal. This control signal is
generated based on the difference between the refer-
ence signal in the set point and the input signal. If the
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error voltage is less than the reference voltage, the
gain will be increased in VGA to the required voltage
for further processing. This technique is usually used
in union with feedback loops, leading to their self-
correcting mechanism [7]

IV. ANALOG TO DIGITAL CONVERSION
(ADC).

Analog signals are converted into a digital
signal. The analog signal has to undergo sampling,
quantization, and coding for the conversion process.
The different conversion techniques use these
processes.

SUCCESSIVE APPROXIMATION ADC.

The signal picked up by the microphone is
processed digitally using successive approximation
method of ADC. The electrical representation of the
speech signal, that is, the transduced output voltage
of the microphone is fed into the preamplifier to am-
plify the signal for further processing. This electrical
signal converted into a discrete signal using an ana-
log to a digital signal converter. The working of two
architectures predominately used in the hearing aid,
namely the Successive Approximation register ADC
and Sigma-Delta ADC, are explained.

matn g Ve Appiu imation

Fig. 5. Block schematicrepresentation of successive approximation
ADC.

The architecture of successive approximation register
ADC is shown in Figure 5. To simplify the illustra-
tion, we have considered the 3 bit SAR ADC. The
cycle of conversion starts by setting the most signifi-
cant bit (MSB) of successive approximation register
to ‘100°. This intermittent digital output (V) is con-
verted to an equivalent analog voltage by digital to
analog converter and is compared with input sampled
voltage (V;) by making use of comparator, as shown
in the block diagram.

This comparison provides an indication by generating
a high or low clock pulse through the logic circuit
based on the result of the comparison carried out be-
tween Vq4 and V. If the result obtained is positive
after the process of comparison, it gives an indication
that the input sample value is high, enabling the SAR
to set the next bit from MSB, which will give rise to
binary value ‘110’. In the same line if the result ob-
tained is negative after the process of comparison, it
gives an indication that the input sample value is low
lead the SAR to reset the last set bit and to move on
to next bit by setting it high giving rise to binary
value ‘010°. which will approximately be equal to the
input analog value. The process continues until digi-
tal equivalent of analog input signal value reach the
LSB or whichever earlier. The process of conversion
can be easily perceived, referring to the flowchart
depicted in Figure 6.

Fig. 6.The Flow Chart of successive approximation ADC.

SAR ADCs are known for consuming less
power and giving accurate high-resolution output.
The foremost limitation of the SAR architecture is
that it works with the lower sampling rates and re-
quires an extra circuitry consist of the DAC and the
comparator. The complexity involved in designing of
SAR ADC is more expensive and relatively takes
more time than other ADCs to get the resultant out-
put.
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DELTA-SIGMA (DS) ANALOG-TO-DIGITAL
CONVERTERS (ADCS).

The sigma-delta converter makes use of a
higher sampling rate, which can also be expressed as
N times the Nyquist rate leading to an increase in the
sampling rate much greater than sampling frequency.
DS ADC converts the analog signal to digital signal
with one-bit resolution. Figure 7 shows the architec-
ture of the sigma-delta ADC. The output signal of the
pre-amplifier which acts as an input to DS ADC and
is algebraically added (A-E) from the feedback signal
fed to into a summing node. The resulting output
signal from the summing node is fed to an integrator
(B), and the output of the comparator (C) depends on
the integrator’s output. The reference voltage is set to
-2.5 if the comparator output voltage is negative and
vice versa.

Comparmor
Tesagrator T L]

A, G\ B fTV\ c [\I_I/\ D
ET
Vref +2.5V/- 2.5V

Fig 7.Biock diagram of the sigma-deita modulator.

Digital
filtar

The working can be effectively understood
with the following illustration (Table -1), the input
voltage to the converter from the preamplifier of the
hearing aid is 1 V, and the Digital to Analog Convert-
ers Voltage Refs are +2.5 V (+2.5 = High (H); -2.5 =
Low (L)). The full-scale measure of sigma Delta
ADC is5V (i.e. 2.5 - (-2 .5)). Initially, the summing
node and integrator voltage are set to 1. If the input
voltage of 1 V is fed into summing node, where the
reference voltage of 2.5 is subtracted from the input
voltage results to -1.5 V. The output of summing node
is algebraically summed with the initial setting of
integrator voltage of 1 V. The resultant voltage in the
integrator is -0.5 V where it compares with the digital
reference in the comparator. Since the output is in
negative voltage, the DAC is set at low, that is -2.5.
In the successive cycle, the value of DAC (-2.5 V) is
subtracted with the input voltage in the summing
node. The resultant output is 3.5 V, which is algebrai-
cally added with the previous voltage in the integra-
tor (-0.5 V) results to 3 V. If the voltage in the inte-
grator is positive, the digital reference turns out to be
high (that is + 2.5 V). Likewise, the process iterates

TABLE 1
The voltages are calculated and passed around within
the modulator to create the resulting bitstream

VOLTAGE CALCULATIONS
Digital
Vin= Summingnode  IntegratorV;  Comparator DAC representation
l
1 1 H 23 |
1H25)=-15 IH-15)=405 L 23 0
5 (03135=3 H 25 1
3+-L3)=15 H 23 |
L3#-15)=0 H 23 1
0+-15=-15 L 25 0
14-23)=33 (-15p35=2 H 23 |
1H25F-13 MH-15)=05 H 23 |

until we get the digital output closer to the
input voltage. In the table, we can see that there are
six times digital reference set to high (+2.5) and two
times set to low (-2.5). Averaging the number of
times, the digital reference has set to high by the total
number of iteration should closely match the input
voltage (6/8 =0.75) if the iteration is more, than obvi-
ously, the digital output will be precise to the input
voltage. The high is considered as 1 in binary digit
and low as 0 in the binary digit. In this illustration, 1
volt of input is coded as HLHHHLHH or 10111011.

The output of the difference amplifier equals
the input plus the quantization noise. By algebraically
summing the error voltage with the input signal, the
accuracy of conversion is increased by reducing the
quantization noise. The integrator performs low-pass
filter action on to the input signal and a high-pass
filter action to the quantization noise leading to push
the quantization noise to higher frequencies, as
shown in Figure 8a. Figure 8b and 8c determine the
sampling frequency. The above process will lessen
the quantization noise in the Sigma Delta ADC.

Conversely, if this process is not employed
then the quantization noise is uniformly distributed
over the entire frequency band distorting the
frequency of interest. Nevertheless, in the sigma-
delta ADC, the distortion is kept to a minimum as the
negative feedback loop minimizes the quantization
noise making the integrator to shape noise
distribution such that the quantization noise is
decreased in the low-frequency band and increased in
the high-frequency band. This process is called noise
shaping. The function of the comparator is to
compare a reference voltage with the output of the
integrator to generate the output as “high” or “low”
depending on the output of the comparator. The
Digital to Analog Converter uses the output of the
Analog to Digital Computer and generates reference
voltages depicted in Table 1. The feedback loop feeds
back this reference voltage to the summing node
where the reference voltage is algebraically added
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with the input signal again. These feedback cycles
bring the DAC’s output to be the average of the input
signal.

........

Figf. The technique of oversampling with an analysis in the fre-
quency domain.

Suppose if the signal has the highest
frequency of 8 kHz, then sampling frequency should
be twice the highest frequency, that is, the sampling
frequency should be at least 16 kHz to avoid aliasing.
In such a case, the quantized noise will be
accumulated in the signal of interest (Figure-
8a)([9];[8]). To reduce the quantization error, it is
ideal to increase the sampling rate and the number of
bits (2n) such that the sampled point is mapped to the
nearest quantization level such that quantization error
referred as noise reduces after low pass filtering
(Figure-8b). The oversampling frequency utilized in
the SDM eliminates the noise. The error in the signal
(A-E) is partial out in the summing node. The output
from the summing node is algebraically summed in
the integrator results in the reduction of noise as a
function of successive iterations. In SDM, the
integrator acts as a low pass filter, and this process is
called noise shaping (Figure 8c). The decimator in
the sigma-delta demodulator reduces the sampling
frequency for subsequent ease of processing of digits
to convert back into the analog signal.

V. PROCESSING OF DIGITIZED SIGNAL.

Once the signal is digitalized in the ADC circuit, the
output is processed using impulse response. One of
the digital signal processing techniques used is
convolution, which is a mathematical operation
of two functions, where the input digitalized signal
X[n] is modified according to the function h[n],
thereby the desired digitized output is emanated y[n].
Convolution operation can be carried out in time
domain as well as in the frequency domain. The
following discussion explains convolution in the time

domain

CONVOLUTION METHOD OF THE IMPULSE
RESPONSE.

Convolution is the digital signal processing
technique wherein the two signals are combined us-
ing a mathematical technique or convolution algo-
rithm, which involves multiplication and addition.
Convolution is a fundamental and vital concept in
signal processing and analysis and it is represented
by the asterisk symbol (*). To carry out the process
of convolution, we require two signals as input to
yield the third signal, which can be treated as the
digitally processed output signal. Among the two
input signals, the first signal is the impulse response
of the system, which is also called as filter kernel or
convolution kernel, and the second input signal is any
arbitrary input signal which is processed based on the
type of kernel utilized in the convolution algorithm.
Impulse response determines the output of the system
for any arbitrary signal.([4];[10]) The underlying
working is depicted in the following block diagram
(Figure-9).

x[n] ¥[n] = x[n] * h[n]
—> h[n] >

Fig 9. Fictorial representation of convolution operation in the Time
domain. Xn]represents the discrete version of the input signal, hin]
iz the impulse response, and yn is the output signal

To illustrate the process of convolution we
have considered arbitrary input x[n] = {2,4,6,4,2}
and the impulse response of the amplifier system
represented by h[n] = {3,-1,2,1}. The following steps
are to be followed to implement the convolution
algorithm, which lead to the results represented in
Table 2.

The steps are listed as follows:

1. First, decompose the discrete-time index n to i in
the input signals x[n], and impulse response h[n]
as represented in Figure 10 wherein each sample
can be treated individually.

2. The input signals x[i] is flipped left for the right
to obtain x[-i] as represented in Figure 3.

3. Shift the input signal by x[n-i] to get each output
index n

4. The convolution x[n]*h[n] is performed and y[n]
is computed by synthesizing the values of x[n-
i]1*h[i] as i ranges over the set of integers.

The illustration of convolution method is
explained in Figure-8. Now we flip x[i] in order to
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obtain X[-i]. For n = 0, there will be no shift x[0-i] =
X[-i]. For n = 0, the of product x[n-i]*h[i] is deter-
mined and then added up to get the discrete y[0]. To
illiterate [n[0] =3*x[0]=2 then the y[0] =6; h[-
1]=0*x[-1]=4 then the y[0] =0; h[-2]=0*X[-2]=6 then
the y[0]=0, then the product of all iteration should be
added to obtain >y[0] i.e., 6+0+0 = 6]. For n = 1,
there will be right shift of x[1-i] by 1 unit, then the
product of x[1-i]*h[i] are added up to obtain y[1].
Likewise, the above process is repeated for n corre-
sponding to 2,3 4,5,6 and 7 to obtain y[n], which is
the resultant amplified version of the arbitrary input
signal (Figure-11).

TABLE1
Process of Convolution using the Text Table Method

n e0 0 ol pl 3 o4 o0 opb o
x[n] 0 4 6 4 2 0 0 0
bn] I

O] 0 6 12 18 12 6 0 0 0

BiKel) - - 22 4 6 4 2 0 0
M - - - 4 8 1§ 4 0
e - - - - 1 4 6 4 1

) 0 06 10 18 16 18 R § 2

il

Figwe . Dycrrte-timse meboy signas

£l

L _ l

Figears b Frst Beariton of tha sosmvelution propss sty vdon gl gr=0
J—lJ_l_L * . .—I—.
"

Figa 41 Sevnnd Ioarntion of s sarveduteim proves sl et vides of w°1

Figure 10. A. Discrete-time index n fo i in the signals x{nknd hin] and
B-C represents the iteration of the convolution process.

y[n]

18 18
16

Figure 11. Pictorial representation of yln] obtained after convoiution
as per the data considered in our illustration

V. RESTORING THE PROCESSED DIGI-

TIZED DATABACK TO ANALOG

The output of Delta sigma (AX) DAC is
represented as an assembly of pulses, which can also
be called as bitstream. These pulses are allowed to
pass through a low-pass filter to remove the noise
inserted during the conversion process, which
increases the precision of the analog output voltage,
as depicted in Figure 12. The resolution of a DAC
determines the minute change in the analog voltage
(that is the minimum change in the analog voltage
that causes the output of the DAC to change )
specified by the number of input bits or input width,
The Full-scale (Fs) determines the output span which
represents the output when all the input bits are
assigned ones subtracted from the output when all the
input bits are assigned to zeroes. Full-scale is
represented by the number of voltage levels (2N for
an N-bit DAC) that can be produced bythe Digital to
Analog Converter. ADAC is employed to signify the
voltages from zero volts to the maximum power-
supply voltage, VCC. The lowest DAC input code
should depict 0 V, and the highest input code should
depict VCC, which represents the full-scale voltage.
Each input analog voltage stage of an N-bit Digital to
Analog converter is given [5]

— F
Viss= N
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TABLE 3
AE AZ out Bitstream and average analog output voltage for 3-bit
; Pass | Analog Vol H
I)\{I‘ Modulator Bit Stream I.c;:"::-.\ Analog Voltage DAC Inputs
DACmw DACour ANALOG Equivalent
BITSTREAM OUTPUT Analog
VOLTAGE (FS=  voltage for
vee) Fs =8 Voltis
)
000 00000000 o
Lot 00000010 1Es L
Fig12. Block diagram of Sigma Delta DAC 40100010 g ,
- —XFs -
3011 01001010 §XF5 3
. . 4100 10101010 g ¥ Fs 4
The analog output of the filter is an analog 5o LoLto110 g s
voltage, which is equivalent to the average of the on- g ¥ Fe
. . 6110 11101110 6 6
time of the pulses fed to the input to the low-pass g¥Fs
. . . . " 7
filter. The frame period has to be distributed into 2N ! o SxEs g

parts. The on-time is characterized as one within the
stream of bits in the frame. The analog voltage is
given by the formula mentioned below.

On — time
— X
2N

For example, in Figure 13, explains the DAC for the
average analog output equals to 3/8 x VCC.

|/ /.

[ —

AR D onn oo

Fig13.stream output of Sigma Deita DAC for D Sax

In this process, the output is a pool of pulses
of equal width such that the average density of the
pulses corresponds to the digital input value. These
pulses or the output stream representing the digital
output is fed through a low-pass filter to produce
equivalent analog voltage. The AX operation is eX-
plained with a 3-bit example in Table -3. Let us con-
sider Fs =8 V, 8-bit stream in a frame and number of
on-time pulses within the frame is 3 (01001010) then
the output voltage delivered is 3 V. Table 3 shows the
stream of bits representing the inputs of a 3-bit DAC
and their equivalent average analog output voltage.

81000 11111111 Fs

VI. OUTPUT TRANSDUCER OF THE
HEARING AID.

The receiver gathers electrical signals from the
DAC and converts them back into acoustic energy.
Balanced armature receivers (BAR) are the preferred
technology in the application of receiver by considering
the efficiency (battery life) and size. It offers superior
sound output and cleaner midrange sound compared to
similar-size dynamic style receivers. It provides up to
20% space savings versus similar competitive types and
up to 75% versus dynamic receivers. Efficiently
transforms electrical energy representing the processed
input signal into sound waves or acoustic energy. The
power consumed by BAR is very low eventually saving
the battery life of the hearing aid. The Balanced
armature technology’s transduction principle transduces
the electrical signal to acoustic signal covering even
higher frequency range. BAR is cost-effective as the
design is very simple and consumes

Balanced Armature (BA) transducers work
based on the electromagnetic principle (Figure 14) and
exhibit deliberately sophisticated efficiency when
compared to electro-dynamic transducers. The
permanent magnets generate a magnetic field in which
the armature is balanced. When the coil is subjected to
the flow of electric current a magnetic flux is induced in
the armature. It eventually results the end of the
armature to be attracted to either of the poles of the
permanent magnets. The oscillations of alternating
electric current cause the armature to bend and moves
up and down. The movement to the diaphragm is
initiated by the movement caused by the driver pin to
which armature is connected. As the diaphragm moves
upwards and downwards the surrounded air molecules
compresses and magnifies leadingto the creation of the
sound wave ([3]). BAR receivers are linear, time-
invariant and stable in delivering the accurate output.
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VIlI. CONCLUSION

There has been much exaggeration connected
with technicality behind the functioning of digital
Hearing aid. This article can support the hearing health
professional to unveil the technology behind working
and functioning of digital hearing aid in terms of
providing insight about how analog signal available in
nature is converted to discrete signal and then back to
the analog signal.
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