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INTRODUCTION

Changes are inevitable with time, as in the case
of living being it is called evolution. This is true
of evergrow ng nodern technol ogy, where one sees Changes
Internms of designing, constructions and function - charac-
teristics. These advances have resulted in greater

econony. Hearing aids are no exception to this phenomenon.

A persual of the historical devel opnent of hearing
aids reveals that we have canme a long way, fromthe
mechani cal coupler like ear cup to sophisticated electronic

hearing aids.

Pre el ectric Hearing Aids:

The actual discovery and devel opment of the neans
of enhancing the reception of sounds are |ost in prehistory,
Perhaps a rolled up I eaf, a broken sea shell or a hollowed -
out animal horn were among the first aids used by hunders,
warriors and sailors to called and direct sound energy.
The slight gains provided by such devices probably added
no nore than a 10 to 15dB increase in power for lowfre-
quency sounds, but this anplification prabably hel ped sonme
hearing inpaired individuals. By 1800's a great variety

of mechani cal hearing aids were available. In 1880 s



scientific advancenents created the possibility of
harnessingel ectrical enexgyfor useinanplifyingel ec-
trical discoveries to the problems of sending and

receiving speech.

The fixst patent oa the principie of electrica
anplification frx the hearing inpaired was issued 1880,
a fewyeax after the invention of the telephone. It
was not until 1908, however, that a commercial hearing

aid was built on the patented principle.

Car bonHear i ngAi ds:

Carbon hearing aids did not have anplification
units until the 1920s. The anmount of gain was appxoxi -
mately same as for some pre electric aids. In the 1920s
the anplifiers into the carbon hearing aid systemanpli
fication gains rose to 45 to 50dB. A volume control
was al so incorporated into carbon hearing aids. Carbon
hearing aids were susceptable to damage fromdanpness.
The quality or fidelity of voice reproductionwas only
fair because of thelimted sensitivity of the carbon
m crophone. The carbon hearing aid era began to draw a
close in the early 1980s. \Wen the table vaccumtube

made its debut.



Vacuumt ube Hearing ai d:

Vacuum tubes were the outgrowth of experinments carried
out by Thomas A. Edison in 1880s. In the 1920s a number
of large vacuumtube tabl e-nodel hearing aids were devel oped.
In 1930s with the devel opnent of the pantode vaccumtube
which utilized a nore conplex grid arrangenents, it become
possi ble to design a portabl e vacuumtabe hearing aid which
had an al most unlimted capacity to amplify. The major
drawbacks, however, was that a |arge power supply was needed.
Wth increase in anplification afforded by the vacuumtube
hearing aid came the need for a refinement of the potentio-
meter register to control volume in the hearing aid. So
pic& clipping and automatic vol ume control was introduced.
AVC was not included ia the circuitory of wearable hearing
ai ds until 1940s.

The transistor Era:

After World War |1, devel opment at Bell telephone Labo-
ratories brought a new Era ia electronics - the Era of
transister. The first hearing aids to incorporate transistors
appeared in later 1952. They were much snaller, |ighter
and nore econom cal to operate because they needed only
a single, small voltage battery as a power source. Wth in

a few year the mniaturization of hearing aid conponents and
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circuitory was such that hearing aids could be fitted
into the tenpl es of eyeglass or snmall cases to be worn

behi nd t he ear.

Hearing aids are now quite sophisticated. The
anplifier circuit is usually conposed of three to four
stages of power which include the transistors and their
coupling circuits. Asinplified diagramof stages of

asinple anplifier is showhin Fig.(1).

Integrated circuit:

Integrated circuit was devel oped in 1965 whi ch
contai ns thousands of smaller conponents circuit. This
has brought to revolution in hearing aid design by maki ng
the size of the hearing aid very conpact and small. This
has nmade possi bl e hi gh gain, behind-the-ear and all-in—+the

ear hearing aids practical.

Signal processing hearing aid:

H ectronic signal processing in the hearing aids
has inproved the anplification of speech signals consi-
derably. Signal processing is the mani pul ati on of signa

to enhance or extract the information that it contains.
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5
This inproves the intelligibility of speech in the noisy
environnment. Two types of signal processings are avail able.
1. Anal og signal processing

2. Digital signal processing.

Anal og signal processing or automatic signal Processi ng( ASP)

These began to appear in the md-late 1970s. Qite
a few behind-the-ear and all-in-the-ear hearing aids al so

use ASP circuitory and their performance have shown positive

result.

D gital signal processing (DSP) hearing aids:

Bef ore 1980 digital signal processing was mainly a
theoretical term In 1980 G aupe, Brek and Cousy reported
on a prototype hybrid (partly analog and partly digital)
electronic circuit for the purpose of reducing background

noi se.

Miul ti channel conpression in a programabl e hearing aid
by a desk type conputer was attenpted by Mangol d and
Leijon in Sweden in 1981.

However, it was not until 1983, that the first digita

hearing aid was designed and reported by Nunlay and stabb.
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Lavitt and Morley in 1984 incorporated sone of the
basi ¢ technol ogi cal advances in the digital signal pro-

cessing used for hearing rehabilitation.

Digital hearing aids permt the dispensor to custo-
m ze the performance of the hearing aid to neet the indi-
vidual needs in the various hearing situations that he/she
Is exposed to. ldeally a digital hearing aid will have
flexibility to adopt its performance in sort of the adverse

| i steni ng environnents.

t hi s proj ect was undertakento gi ve an overvi ew of
the digital hearing aids to the people who concerned with

rehabilitation of the hard of hearing individuals.

The vari ous areas touched upon by this review are:
Di gital technology
D gital signal processing
Use of digital signal processingin hearing aid industry

1
2
3
4. Digital hearing aids and its advantages and di sadvant ages
5. Present status in hearing aid industry

6

Fut ure perspective of hearing aid technol ogy.



D G TAL TECHNOLOGY

Digital electronics began in 1946 with the advent
of electronic digital conputeR The concept can be
traced to Charl es Bar bbage who devel oped a nechani cal
digital conputer ia the 1830s but never conpleted a
wor kabl e nodel . The first conputer was built around
1944 by Harvard University Professor. It was essentially

an el ectronmechani cal devi ce, act el ectronic.

The term'digital' refers to data in the formof

an discrete units and to devi ces operati ng such dat a.

Digital techniques is a broad term It refersto
t he process of converting analog data to digital nunerica
formby processing the nunbers and reconverting themto
analog formagain. It alsorefers to the processing of
coded data only. Eadie (1974) "digital techniques are
nmet hods of applying integers to the quantities that occur
in a systemand the process of instrunenting such systens
wi th devices that base their operations on nmani pul ation

of integers".

Digital techniques, are applied only to that portion
of the systemWere the data in the formof integer. At
t he output end of the process after the reconversion to
an analog form the data are not in the formof integers,

at these point they are analog. Only internedi ate form
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the systemis digital. D gital processing assuned that
t he anal og signal can be adequately represented by a
finite act of nunbers (sanple) and that ia possible to
convert analog quantities into digital and vice versa.

Processing of informations axe noat inportant here.

Digital technique are largely based oa digita

signal processing (DSP) which will be discussed briefly.

Dgital signal processing (DSP):

D gital signal processing ia the nost general sense,
nmeans the creation, changing and/or detection of signals
using digital inplenmentation. This signal processing
inplies the "real tine' processing of a digitied anal og

signal to change that signal in some way.

DSP of anal og signal is a sanpling techni que that
elimnates the need for conventional anal og conponents
(transistors, precision resistors, capacitors and di odes)
by inplementing in software. Wat is normally inplenented
t hrough t he hardware devices are filters, limters, osci -

| | at ors, nodul ators and denodul at or s.

The basi ¢ DSP systemis shown in Fig.(2). At the
first stage analog signal is digitized in 'real tine' by

the analog to digital converter (ADC). 1In the second stage
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the resulting digital streamis processed nmat hematically
by a hi gh speed processor as per the continually cycling
i nstrunments provided o the processor. In the third
stage the resulting output digital or into analog from
through the digital to analog converter. The main pro-

cessing unit are baaed on follow ng systens.

1. Signal sanpling:

According to the signal sanpling theorem (Shannan, 1949)
the information fromananal og systemcan be retained in a
set of sanples if taken regularly at a rate greater than
tw ce the hi ghest frequency contained in the signal. |If
there is any doubt about this frequency, then a generous
sanpling rate should be allowed or the signal is filtered

to ensure that the upper frequency limt is known.

2. Dgital representating of anal og quantitias:

The sanpl ed el ectrical anal og signal anplitudes are
represented in digital form Al the input is analyzed
in terns of '0O's and '|l's . These are called binary nunbers
Binary nunbers are quite different fromdesi nmal s al t hough
one can be witten in the formof the other. This is in
the formof positive (+) or negative (5 electrical voltages

processed through sem conductor devices. The binary nunber
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used is nost likely 8-bit, 12-bit of 16-bit, The nunber
of bits determnes the resolution of the digitizing process.

Anal og to digital converter helps to do this.

3. Logic circuit:

Dgital signals are processed and nani pul ated by | ogic
circuits. 'Conbinational' logical circuit or 'gates' have
several inputs and usually one output. The output is "true
or "1'" only when a specified pattern (i.e. conbination) of

1's and o's are applied to the input.

4. Sequential circuits:

This refers to series of itens which are placed in a
definite order. It is a stable one and called as 'Bistable
circuit'. Bistable circuit can store a set ("1 or '0')
until changed by set or reset signals. It is the basis for
nmenorizing bit patterns. Avariety of types can be fabri-

cated by appropriate conbination of logic circuits.

5. Analog-to-Digital (A/D) andDi gital toAnal ogconversi on

a. Anal og-to-digital conversion:

A Cconversion is the process by which anal og quantity
Is converted into a digital form This conversion is nece-
ssary when measured quantities nust be in digital formfor

processing in a conputer or for display or storage. ADC
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basically utilizes parallel differential conparators that
conpares the reference voltage with anal og i nput voltage.
The nost popul ar A/ D conversi on nethod uses 10 bits or
nor e whi ch gi ves fast conversion in the successive approxi -

nmati on met hod.

b. Dgital to anal og conversion

DAC is an inportant interface process for input ope-
ration in many applications. An exanple is where a voice
signal has been digitized for processing or transm ssion
and wust be changed back into an approxinmation of the original

signal to ultimately drive a speaker.

It basically contains a resistor network with val ues
that represent the binary weights of input bits of the

digital code.

O A performance characteristics.

a) Resolution: The resolution of a DACis the reciprocal of

t he nunber of discrete steps inthe DYAoutput. It is

dependent en the nunber of input bits.

b) Accuracy: Accuracy involves conparison of the actua
out put of a DACwi th expected output. It is expressed
as a percentage of full scale or Maxi numout put vol t age.

The accuracy shoul d be approximately + .2 percent.
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c) Linear error: Alinear error is the deviation from

the ideal straight |ine output of a DAC. A special
ease is an affect error which is the anount of output

vol tage when the input bits are all zero.

d) Monotonicity: ADACis nonotonic if it does not m ss

a step or take any reverse steps when it is sequenced

over it, through the entire range of input bit.

e) Settlingtime: This is normally defined aa the tine
taken by a DAC to settle within 1% LSB of its final

val ue when a change occurs in input code.

LSB : Least significant bit.

6. Sanpling and hol d techni ques:

VWhan sampling rapidly changing voltage, it is nece-
ssary to take sanples in a very short time. It is used
to avoid appropriate change of voltage during sanpling
period. It ia easier to use a fast sanmpling circuit which
hol ds t he sanpl ed vol t age adequatel y for conversion, by
a alowconverter. The circuit contains a switch and an
anplifier. The hold tine depends upon the size of the
capacitor and the | eakage of charge both through the swtch

and the anmplifier.
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7. Digital nenory:

The teamnenory is generally used to describe the
internal store of a conputer, i.e, the i mediate access
menory. In its strictest sense, it refers to the storage
| ocations that can be imediately addressed by programe
controller of a central processor, rather then any backing
store medi umsuch as magnetic tape, magnetic disc etc.
However, these backing stores are sonmetines referred to
as disc-file menmory, in which theinternal storage would
be referred to as main nenory.

a) Randomaccess nenory (RAM); The nost versatile digital

store for large numbers of bits ia the read/wite
random access menmory, RAMin which each bit is held ia
a separate nenory ‘'cell'. The location of a given
cell iscalledits address. The arrangenent of cells
is called a menory array and there are nany ways in
whi ch the cells can be arranged or organi zed.

b) Read only menmory(ROM): It contains permanently or

sem permanent|y stored binary data which can be read
from menory. |t cannot be changed without a relatively
conpl i cated invol ved process.

A RMdiffers froma RAMin that the ROMhas no
normal wite cycle. ROMaddress caa be selected ia any
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gi ves sequence just asina RAM ROM are used to
store data that are used ever and over again in
systens. |Its applications are |ook up tables, code
conversions, programred instructions aad sequence

for system and operation.

There are several categories of programmabl e read
only nenori es.

1. Programmable Read Only Menory: (PROM : These are

noner asabl e nenori es that eaa be programmed by the user.
But once programmed they can not be changed. These pro-
cesses of programmng involve storing a specified pattern
of 1's and 0O's in nenory array, so that address corresponds

to agiven bit pattern.

2. Erasabl e Programmabl e Read Onl y Menory ( EPRQOV) :

Unli ke an ordinary PROM an EPROM can be reprogrammed by
first erasing an existing programia the nenory array.
There are two basic types of SPROM (a) the ultraviol et

| i ght erasable PROM (b) electrically erasabl e PROM

8. Dgital filters:

Digital filters are used wth sanpled data. They may
be incorporated in an analog filter systemto repl ace the
analog filters, where AAD and DY C converters are required.
Alternatively they may operate in a purely digital environ-

nment as in a conputer.
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The cut-off frequency of digital filters are restric-
ted to subnmultiples of the sanpling rate. The filter can
be divided into two groups dependi ng upon their function.
1. The tinme domain

2. The frequency donai n.

A Pearler filter is afrequency domain digital filter.
Digital filtering eaa be acconplished directly in the frequency
domai n by using fast Founder transform {Cool ey and Tokey 1965) .
Thi s gives the spectrumof a signal in terns of phase and
magni tude. The fast Fourier algorithmoperates by elimnat-
ing all redundant nultiplication in a direct digital calcula-
tion of the Pourier aeries of a set of discrete signal sanples,
it returns sine and cosine coefficients for all hocnonic
conponents upto the Nyquest frequency (1 cycle per sanpl es of
the signal) for which the nmagni tude and phase val ues eaa be

cal cul at ed.

Filtering can be achived by renovi ng unwanted frequen-
cies by setting their anplitude to zero. Inverse transfor-
mation to the tinme donain produces the filtered signal.
However, abrupt filtering often yields undesirable transients
inthe waveform Using digital filters there can be a vary
good representati on of speech signal. In the sense the out-

put obtained by summ ng appropriately nodul ated band pass
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channel s can be made i ndi stingui shabl e from i nput
(Schafer and Rabiner, 1971). Dgital filters are easy
to inplenent an a conputer and have t he advant ages of
precision and stability over analog filters (schafer
and Rabi ner, 1973).

9. Central processing unit:

The central processor is the nerve center of any digita
conputer system Coordinates and controls the activities of
all the other units and perforns all the arithnetic and
| ogi cal processes to be applied to data. Al programinstruc-
tions to be executed nust be held within the central processor
and all data to be processed wast first be loaded into this
unit. It is (convenient to consider the CPU as three separate
har dwar e secti ons:

1. Internal nenory

2. Arithretic Unit

3. Central section.

Internal nenory: It consists of a series of nagnetic storage

devi ces (eg. magnetic nenory). It is organized to hold
data or programinstructions in a series of |ocations as
ei ther words or characters, in conputing systens the interna

menory ia stored wth in the cabi net housing.

Arithnmetic unit: It consists of a series of special resistors

and circuits which are able to performarithnetic and | ogi cal

operations upon one or nmare operants sel ected fromnenory.
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For exanple, the arithnetic operations of addition,
substraction, multiplication and division nmay be perf orned,
as well as various shift operations and conpari si on i ncl ud-

ing logical operation can be done.

The Central Section: |t has many conpl ex functi onto perform

The programcentral unit will sel ect aninstruction
fromnenory and will store it with in one of a nunber of
special central resistors. Here the instruction is decoded
to ascertain the particular |ogical operation to performand
to ascertain the nenory |ocations involved. Then the instruc-
tion is executed, causing the required operands to be sel ected
fromthe specified nenory locations and to be routed back again
te the sane or sone other specified nenory |ocations. The
cycle is rapeated for each instruction in the program Call
aa instruction, decode and execute the instruction, call all

instruction and so on.

Advant ages of digital signal processing.
1. Flexibility
2. Repeatability
3. Freedomfrom parmanent drift.
4. Quick prototyping capability.
5. Lower i npl enent ati on cost.
6. Better phase response filters.

7. Timesharing of digital filter is also possible.



DA TAL SIGNAL PROCESSI NG | N HEAR NG Al D TEGHNOLOGY

The application of DSP has revol uti oned the hearing
aid technol ogy. For many years nanufactures of hearing
aids have tried to i nprove the performance of the hearing
aid for each individual user. One nethod would be digital
si gnal processing because it allowes individual adjust-
ment of hearing aid characteristics by using a conpetent

and appropriate software.

D gital signal processing hearing aids are different

fromot her hearing ai ds because:

1. It provides true digitized i nput signa

2. These hearing aids are progranmmabl e

3. They are designed to "nake deci si ons".
The use of digital conputer in hearing aids are:

1. Use of digital circultary tocontro

analog circuit.
2. use of digital signal processingtoreplace

analog circuitary to acconplish standard
hearing instrunent functions.

3. Use of digital techniques to produce new
ki nds of signal processing, such as noise
suppr essi on.

4. Use of digital counputer ia hearing ingtrument

fitting.



D d TAL HEAR NG A D5

Dgital hearing aids are the future direction

in the hearing aid design.

Atrue digital hearing aids is a'wearabl e conputer’
that will allow for software adjustnment of a hearing aids
paraneters. 'Warable' and 'Conputer' are the key words
(Stabb, 1985).

Basically adigital hearing aids is a controlled
m croproeessor. The use af a m croprocessor al one, how
ever is not anindication that the deviceis a digital
hearing aid. Fromoutside it does not | ook any different
fromother hearing aid. The essential differencelie in

the interior circuit design of the act and its inactions.

The el ectroacoustic characteristics of a digital
hearing aids are well reproduciable and do not change
with tine. This is because its characteristic are dete—
mned by & stored programre. This programre is independent
of manufacturing tolerance. The programis al so not
subjected to gain but remai ns sanme throughout the entire

life of the hearing aid.

Anal og signal processing vs. Digital signal processing:

To understand the nature of a digital hearing aid, it
Is inportant to differentiate betwenn anal og signal process-

ing and digital signal processing.
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Anal og infornation refers to either data in the
formof continuously changi ng physical quantities to
t o devi ces that operate oa them (sound waves), at
every instant, the signal takes a value fromaa infi-
ni t e amount of possible values. An analog signal is
aa AC or DC voltage that varies snoothly or continuously.

It does net change abruptly or in steps.

¥
_‘___“/_\ /-\ SINE WAVE
3 \s-/ V ]

fig - One ol the roSt wommon analoq signals, the sing wave «

Dgital infornmation refers to data in the form of
descrete units and to devi ces operation on such data.
Dgital signals are essentially a series of pulses. It
rapi dly changes vol tages levels that vary in discrete

steps or increnents between two fixed | evels.

Ov o ommm Fowrn mwomm = m e m m s _—._-;-!ls-—F_.
-~ AN

g . A digitsl Signst in which The signal alkeineiss Betwiin 4 b and
TE.‘.; steplike ehoT1aCkE ristiC gy fyndomemial Yo di:ii‘\-_al signels:

Adigital signal alters between +3 and -3 volts.

This step |like characteristics in fundanental to digital

si gnal s.
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D gital signal processing in the hearing aids

I S becom ng popul ar because of its several advantages

over anal og signal processing hearing aids.

There are 3 mai n advant ages.
1. Extrenely sophisticated signal processing

function with better clarity of the decodi ng

message.
2. Paster processing.
3. Reliable transmssion of the signal even in

a noi sy channel using suitable coding in a

digital form

Speech processi ng function:

a. Typical analog hearing instrument corrupt the

b.

speech signal with hearing aid hiss and ot her

distortion. This problemdoes net arise in

digital hearing aids. To achieve this however,
sufficient bits nust be used in the digital

representati on.

Wavef ormcodi ng: Here, the speech wave i s assigned
digital values and anal yzed. This i s possible by
using the auto-correlation function in digital signa
processing. Various nethods can be used to incorpo-

rate this waveformcoding, viz. the Deltanodul ati on.
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This helps in identifying the voiced and voi cel ess
sounds in the speech signal. Thus this sophisticated
processi ng, waveformcoding is not a feature of Anal og

si gnal processor.

c. Conpression: DSP perforns the process of conpression
al so for speech encoding. In an ASP, conpression is
done using anplifier, registers sad capasitera. |If
the tinme constraints are not maintai ned well, (eg.
If released-tine is long) a part of the signal may
be | ost and may not be anplified enough. This problem
Is not seen in adigital hearing aid. Even the high
intensity vowels will not cause a higher gain reduc-
tion in the systembecause this is anplified by using

two channel conpression and quanti zati on.

d. Speechinterns of tinme domain: D gital signal proess-
Ing represents the speech signals in terns of tine
domain, it is sinple and useful for estimating the
I nportant feature of speech signal. |Its fluctuations
det erm nes whet her a particul ar wavef ormcorrespondi ng
to speech or not or a selection of the signal is voiced,
voi cel ess or noise. Thus digital hearing aid discards
the irrelevant infornmation and pl aces t he desired

features clearly.
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The digital hearing aid actually perforns two

functions: 1) anal og

2) Digital

A bl ock diagramof the digital hearing aid haa been
ahown in Pig. 3.

The difference parta of a digital hearing aid are

expl ai ned bel ow:

1.

sound pressure whi ch inpinge on the diaphragmof the
m crophone ia changed into an electric anal og vol tage.

The electrical analog signal is |owpass filtered
tolimt the bandw dth of the signal to frequencies

| ess than half the sanpling rate. This is to avoid
aconditioncalled "aliasing*. Filtering is required
to pass only those frequencies which are equal to

or less than half the sanpling rate, such frequen-
cies only can be reconstructed properly froma digital
representation. Therefore, if a signal of a particular
bandwi dth is desired, the sanpling rate and filtering
requirenents are essentially determned. The signa
la smoothed and ia limted to approximately 10KHz.

The filtered electrical analog signal ia sanpled
every seconds (i.e., 40 mllionth of a second)



QIV DETUVEE TVIINIG J0 WeWowld Moxrm (€7 dunbid

J9VviI0A
VAH13313

3OVIT0A »
LR TRERE LNalno
39Y110A 3UNSE3Ud
] A CEIE ONNCS R .
volHl23 covy N3N YIS > 30TTNY
MO
8 6
Jme e e e e e s = = =
I [
[ 9 i
| I
" INOE !
_ _ 29VII0A
. SHIBWNN | SE3BWNAN (O IVOIEI0313 3OVIT0A
\ AYUNIE | AMVYNIS | O37dWYS  IVoIM.lIN3
a1oH ¥3171d
Y¥ILYIANCD ndo ¥ 3LHIANOD NV k SS v
v/a dn asv TIdWYS MO
|
1 I
l !
{ !
_ |
| ]
f i
( |
»
! |
i |
1 !
]
! :
e e e . e = e e e e -

TvLOId

I

1NNt
JANSS3d
GNNQoS



24

ELECTRICAL VOLIAGE .
and 'held" so that the signal

no longer contains an infinite

/v\ / anmount of different val ues

only 25,000 per second or one

every 40 mllionth of a second).
FILTERED ELECTRICAL voLradt
4
F There are two inportant

consi derations of relevance in

AN
\—/ 7 -sanpl i ng, both of which present

deterioration of the signal when

5"‘\"‘-"“&3 ElReTRICAL VALIALL  ganpled. The first of those is
A
called the ' ui st | aw( Shannan,
e /g w(
['J 1949) which states that a sanpl ed

s
—L‘__,_IJ signal can be reconverted fully

tothe original signal by |aw

BNARY NUMBERS
A pass filtering if the late is at
COCHY A m yCD DO D | east twi ce as high as the highest
Ot el o Dot DD Y ) Bk g
aoaﬂaqgﬂ«oooﬂoo . . .
coogonfoaend~an . frequency contained in the original

anal og signal for exanple, 25KHz
for the filtering rate 10KHz as

Skens in o= gnsl c.f—,angg
bore anslog to digel e the | ow paas filtering.
&na\o? .

The second consi derationpertai nstothequanti zi -

tion noise which is due to step |ike input-output charac-

teristics of the AADconverter. This noise can be kept

to low | evel by choosing a sufficiently | arge nunber of bits.
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The sanpl ed el ectrical analog signal ia converted
todigital information using the analog to digital
converter. This is in the formof positive(+) or
negative (-) electrical voltages processed through
sem conductor. The bi nary nunber used ia nost |ikely
on 8-bit, 12-bit, 16-bit. The nunber of bits deter-
mned the resolution of the digitization process.
It iscritical to the issue of signal to noise (s/N

ratio of the digitized signal.

The central processing unit (CPU or m croprocessor

is a single silicon chip computer. The entire el ec-
tronics of a small conputer are engraved onto this
chi p which can be programmed i n many ways. The program
consists of a series of instructions that is stored
and executed in sequence to carry out sone specific
function. The instructions cause the conputer to

mat hematical ly mani pul ate the data in some way. This
is the'heart'of the digital hearing aid. The digita
representati on caa be potentially operated i n many
ways. This infact is one of the difficulty task i.e,

instructive the chip conputer on how to respond.

Sone of the ways that the digital informati on can

be operated on incl udes
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A. The adding or subtracting of infornation.
B. Wighted versions of past and present input
C. Enphasi ze or de- enphassi ze vari ous aspect s
of the signal.
This is where the aid is 'personalized . The
CPU irresponsible for the automatic operati on of the

digital conputer

6. Anenory retains the program a sequence of operations

and the internedi ate resul ts.

7. Inthe DA converter, the conputed digital output

(binary nunber) is converted back into an anol og signal.

8. Alowpass filter snoothes the output of the digita
section for accurate reproduction of intelligible

speech signal s.

9. Hectrical analog inpulses are converted into out put

sound pressure by tne nearing aid receiver (speaker).

The advantages of digital hearing ai ds:

1. Extract speech fromnoi se by identifying speech
tenporal characteristics.
2. Himnates acoustic feedback.

3. Rejects unwanted harnoni ca (distortion control)
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10.

11.

12.

13.

14.
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Reduce reverberation
Conpensat e for reduced frequency resol ution
Throughly snooth the frequency response.
Ef fectively shape t he response to any configuration
needed.
Transpose one frequency band into a higher or |ower
frequency band.
Expands and/ or conpress signals w thout inducing the
many distortion products inherent ia anal og system
A digital hearing aid has the potential to be
programred and reprogramred an infinite nunber of
tines.
Earnol d acoustics can be programmed into t he hearing
aid rather than relying on experinents.
The possibility exists for the elimnation of swtches
and novi ng parts.
The digital aid would be much nore stable than the
present analog units. The reason is that the hearing
aid characteristics are determned by the stored program
The characteristics would be stabl e and rapeat abl e,
with no paraneter drift.
The digital aid of future nmay even be able to 'inprove'
the original signal, sinceit may not only have to

anplify and reproduce what is presented to the input.
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D sadvant ages of digital hearing aids:

The mai n di sadvant ages of digital hearing aids is seen in
terns of its.

- performance

- coat

- size.

a) Performance: since digital hearing aids uses C MXS

technol ogy, the power consunption is greater. This

I's because C-MOS devi ce cannot function at |ow voltages
and hence bipolar circuit is introduced at preanplifier
and output stage. Hence, this extra in take of power
supply. Naturally, overall it turns out to be |ess

econnontal and hence perfornmance i s hindered.

b) Cost: The coat of any digital hearing aid dependa upon

its circuitary, conponents used and kind of energy
consunption digital hearing aid exceeds in all these
t hree when conpared to ot her hearing aids which do not

use digital technol ogy.

c) Size Mintaining a small size, while increasing desi-

rabl e features, has becone a major draback in the deve-

| opnment of electronic circuits for hearing aids.
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Digital hearing aid faces simlar problem Due
to the G MXS technol ogy, the size of digital hearing
aid i s noremaski ngthe devi ce nore cunhersone to handl e,
Especi al | y when conpared to in-the-ear devices which
uses mniaturecircuits. Dgital technology has to revo-

lutionize itself to stay in conpetition with other hearing

ai ds by reducing its size.



PRESENT STATUS

Considering the present state of affairs, the signa
processi ng techNol ogy has added a new di nension to the
hearing aid industry. The application of signal process-
ing is an engi neering approach for inproving the signal-
to-noiseratio which inturn wll benefit the hearing aid
wearers to hear and understand in the presence of back-

ground noi se.

Pati entsw t hsensorineural hearingl ossw thhigh-
frequency invol venent, recruitnent, raised threshold and
consequent | oss of dynam c range may receive greater benefits
fromusing a signal processing hearing aid than froma con-

ventional hearing aid.

Si gnal processi ng:

Si gnal processing (SP) is the manipul ation of the
signal to enhance or extract its information content (Ketes,
1985). Burnved (1985) defines signal processing as "any
devi ce that acoustically, electrically or electronically

will alter a signal in frequency, intensity or tine."

Si gnal processing can be broken down into two areas
1. Anal og signal processing.

2. Dgital signal processing.
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Anal og signal processing:

Anal og signal procesaiag has prinarily been, enpl oyed
In hearing instruments to inprove the SSNratio. It may

be of two types.

1. Non-adapti ve signal processing

2. adaptive signal processing.

1. The forner includes:

1. Drectional mcrophone hearing instruments,
2. Binaural hearinginstrunents

3. Earnold coupling nodification

4. Limting systens

5. Trimmers (linear processing)

6. Danpi ng.

7. Horn effects.

8. Passivefilteringandsoneactivefiltering
9. Autonmatic gain control systens.

The perfornmance of aon-adaptive signal processing do not

change once the control is set.

2. The later includes:

Adapti ve signal processor

Adapt i ve conpressors.

1
2
3. Adaptive noi se conpressor
4. Adaptive filtering

5

Sone active filter system and non-|inear processing.
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Adaptive signal processing is a processing function
whi ch changes t he performance of the hearing instrunent

when it is used ia changing input signal environnents.

The hearing instrunents circuit adapts and changes
its own paraneters autonatically. The parameters are

nostly frequency or intensity.

One of the classic exanpl e of adaptive signal pro-
cessing circuit is multiple signal processing (MsP) which
has been shwon in fig.(4). It is reported by Stabb and
Nunl ey (1987).

They used an el aborate integrated citcuits which
create a novable filter band which reduces |ow frequency
background noi se and si mul taneously enhances the high

frequency perfoxmance of the hearing aid through added gai n.

The MSP inproved the s/Nratio in conpeting noise,

regardl ess of whether the noise was steady or intermttent.

The MSP aid has fitting capability that allows its
use for individuals with hearing loss ranging frommld
to severe degree, for individual wth high frequency hearing
| oss and for gradually sloping | oss and for those with

flat | oss.
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Digital signal procession hearing aids:

It is the other hand of interest because it hol ds
the prom se of extending the signal processing capability
to assignificant extent and perfornmance features of
hearing instrunents. Mst specific and voiced signa
control is possible. DSP approaches can be descri bed
best by referring to the nethod used for signal process-

I ng.

At present tine there are three approaches to signa

processing, they are discussed bel ow

1. Conputer-based adaptive noi se reduction circul atory:

Thi s approach uses digital technology in the chip
devel opnent to develop the filter bat remains basically
an anal og system The signalis always in analog form
and the circuitary is non-software controlled. This
approach allows the use of |owvoltage and | ow current
digital logic. It is primarily designed for adaptive
noi se suppression. The distinguishing feature is the
addition of a special circuit added to a standard heari ng
i nstrunent circuit has been shown in Fig.(5).

The nost frequently identified exanple of this

application is the Zeta Noi se bl ockers which attenpts to
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separ at e speech from steady-state noise in several fre-
guency bonds. This is acconplished by determ ni ng how
much the energy in each frequency bond changes ever ti ne,
I f many changes are detected, the circuitary considers
the signal to be speech and does not suppress the signa
in that frequency bond. On the otherhand, if little
change in energy occurs, the chip assunes that the predo-
mnant signal in that frequency band is noise. The chip
automatically reduces the gain in that frequency band
wi thout affecting thegain in the other band(s). The
desi gn enpl oyes basi c algorithns which direct the adaptive
filter in its function. The future of these systens nust
be directed in learning howto inprove the execution and

to expand the digital portion of the analog-digital system

. The programmabl e hearing instrunent:

It is a practical approach to solving the size and
power consunption problens. The programabl e i nstrunent
utilizes a digital nenory which takes the place of conven-
tional trimrers in the hearing instrunent. The systemcon-
sists of two prinmary conponents.

a. the programmabl e hearing instrunment with a

menory chi p.

b. the programrer which is used by the filter for

circuit selection.

Thi s has beenshowni nFi g. No. (6).
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This systemis the first toallowfor the "insitu
circuit selection. In this particular case, the satura-
tion output, gain, |owfrequency response and high fre-
guency response can be selected for the wearer while the
Instrunent i s being worn. Additionally, variables such
as canal size canal resonance, insertion | oss and subjec-
tive toae preference can be adjusted for while the person
wearing his/her owa hearing instrunent and through his/her
own earnold. Such an experinental instrunent was shown

by Dahl berg i n 1985.

The experinental hearing instrunent contai ned a CMOS
((Conplinentary netal oxide sem conductor) nenory nodul e
whi ch kept the programin nmenory even when no battery is
present or the instrunent is dead. This i s acconplished
by neans of a built in witnin cell backup. The progranmer
IS a mcroprocessor containing as EFROM and can access
each of the nmenory nodals |ocations in the hearing instru-
ment to set its performance paraneters. The software
la versatile enough to programa variety of hearing instru-
ment nodel s. An advantage of this type of systemis that

t he hearing instrunent caa be programmed as often as
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desired. This type of systemwoul d be desirable

in the follow ng instances.

1. For hearing instrunments where triners are hard to
aid (I-T-E and canal hearing aid)

2. \Were adjustnment by a newwearer is difficult.

3. For children fromwhom specific hearing infornation
I s not avail abl e.

4. For patients with fluctuating | osses.

5. Being reprogrammabl e, el ectroacoustic performnmance
can be easily changed.

6. Patient with rmultipl e handi caps.

At present four types of storage nechani snms such as
RAM PROM EPRQOV] EEPHOMare avail abl e i n t he progranmrabl e

hearing i nstrunents.

3. Digital processing system

These systemuses digital circuitary. They are
the true digital hearing aid. The first wearabl e system
was reported by stabb (1983). It consisted of a body
packed connected to a behind the ear instrument housing
t he m crophone and receiver. The m croprocessor and
power supply was contained in the body pack. The primary
function of this systemis the elimnation of noise that
Is being anplifier. A prototype digital hearing aid has
been shown in Fig. No. (7).



PROTOTYPE O FIRST D d TAL HEAR NG Al D EVER DEVELCPED
AS A VEARABLE UNI T; (A) POMER SUPPLY (B) M CRCPHONE
(c) A'b CONVERTER (c) CPU (E) DI A CONVERTER (F) RECI VER



FUTURE PRESPECTI VE

Hearing aid technol ogy has cone a | ong way t hrough.
It has with stood and undergone t he basic research, pro-
duct devel opnent and | aboratory verification which in turn
has hel ped it to reach the current state of affairs.
Dgital hearing aid is one of the recent typhons of
changes noticed in our dynamc world. This will posi-
tively pave new pat hways for better diagnostic instrunents
which will help in assessing the |oss, determning the
type of aid to be prescribed and programmng a user based
flexible hearing aid. In fact, experinmentation with
t hese ai ds may gi ve new insi ghts about our hearing mechani sm
and its functioning better than any ot her nethod bei ng

currently foll owed.

It is inpossible to predict how soon these digita

hearing aids will be available in the narket.

However, infiltration of digital systens into the field
of hearing instrunents have practical advantages in terns
of functioning, dispensing and availing (utilizing). This

review has aspired at exenplifying these feature in a nutshell
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GLOSSARY

Alb - Analog to Digital.

Algorithm A step by step process for the solution of

a problem usually devel oped in outline or as a flow
Chart before coding (i.e. setting it in conputer

| anguage) .

Aliasing: The introduction of error into the Fourier
anal ysis of a discrete sanpling of continuous data when
conponents with frequencies too great to be anal yzed
with the sanpling interval being used contribute to the
anpl i tudes of | ower frequency conponents.

Arithnetic logic unit (ALU); The elenment in a conputer
that can performthe basic data nanipulation in the
central processor

Anal og: Refers to data in the formof continuously
changi ng physi cal quantities —waves or devi ces that
operate on it.

C MOS: Conpl enentary netal oxi de sem - conduct er.
Conputer - A progranmabl e el ectroni c device that can
store, retrieve and process dat a.

Central processing unit (CPU: The conputer nodul e in
change of fetching decoding and executing instructions.

DDA Dgital to Anal og.

10. Digital: Refers todatain the formof discrete unit

on/ of f or high/low states-and to devices operating

on such dat a.
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12.

13.

14.

15.

16.

17.

18.

(i)
D gital signal processing: In the nost general sense,
neans t he creation, changing and/ or detection of
signals using digital inplenentation.
Digitize: To put data into digital fromfor usein a
digital conputer.
| nput/output (I1/b): The comruni cation of information to
and form a conputer or peripheral device.
Large scal e integration: The simultaneous achi evenent
of large area circuit chips and opti mum density of
conponent s packagi ng for the express purpose of cost
reduction by nmaxi mzation of the nunber of systeminter-

connecti ons nmade at the chiplord.

Menory: The col |l ecting and hol di ng of pertinent inforna-
tionuntil it is needed by She conputer.
M croprocessors LSl inplenentation of a conplete pro

cessor (ALU central section) on a single chinp.
Program A sequence of instructions that results in

t he execution of an algorithm Prograns are essen-
tially witten at three levels (1) B nary (3) Assenble
| anguage (3) H gh level |anguage requiring a conpiler
or interpreter.

Real tinme - Processing that operates on all previous
data and results in aa out put before the next input

sample isrequired, so that thereis little tinme delay.
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20.

21.

22.

23.

24.

25.

(iii)
Sequential access: The nmethod in which data i s accessed

by scanning bl ocks or records sequentially.

simulator : Adevice or conputer that perforns simla-
tion.
Sof tware: The prograns or routines and supporting docu-

mentation, which instruct the operations of a conputer.
subroutine: A series of conputer instructions to per-
forma specific task for many other routines. It is

di stinguishable froma 'main routine' in that it requires,
as one of its paraneters, a | ocation specifying where

to return tothe main programafter its function has

been acconpl i shed.

Ti me sharing: CGccurs whea a single conputer has multiple
users who are each getting a 'slice' of each second of
conput er processing tine.

WVLSI: Very large scale integration. In practice, the
conpressing of nore than 10,000 transistors on a single
chi p.

Zet a- Noi se Plocker: This is also called adaptive filter.

A filter which, onreal tine basis, identifies the spectrum
and repetitiveness of back grand noi se and adjusts its

own frequency response several tines per second accordingly
to maxi mze speech intelligibility. GComrercially avail able

such adoptivefilterisknowasz-N B.
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