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ABSTRACT

Through the present paper a Digital Filter for Hearing Alds is degeribed. A
gignal Processing Method based on a one-direnaional model of the Inner Eer ia

prassnted, and a proposed Architectura basad on &
complamant fixed point arithmatic is introduced.
Execution, Ares and Powsr Dissipation for & 2 um.

"hit-serial" 16 bits two's
An avaluation of Real Time
nM0S vealization is glven.

Results of simulations and other practical considerations are digcussed.

INTRODUCTION

During the recant years a great sffort haa
been davoted to the design of new Hesring Adids
[1, 2]. Thase may ba classifiad as "External"
to tha Auditory System, or as ‘'Internal
(ambedded in part into the Auditory System by
means of surgsry). Both kinds of Hearing Alds
may ba rapresentad by ¥ig. 1. -
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Fig. 1. General Diagram of a Hearing Aid.

Tha block labeled R&F translates sound
vaves into elsctrical gignalas. SP ig tha Signal
Procassing Unit, which reproducea the Fraquency
Selectivity of ths Auditory System. CSE is tha
Coding and Exciting Unit, and transletes the
ouputs of MS into gound waves (Extarnal Aids)
or to traine of pulaes (Intarnal Aida)
aimulating the Transduction Process in A real
Auditory System [3], When conventional banks of
#iitars [4] are used in SP according with tha
Theory of Hearing [5] tha adjustment of their
time rasponse may ba critical for the
paroeption of cartain nonstationary sounds (6,
7]. A 8ignal Processing Strategy ia herein
presented (8], which may ansure more natural
transient responses. Its implementation 3as a
VLST Digital Filtar s described, aome
evaluationg and results being discussed.

SIGNAL PROCESSING MODEL

The Auditory Systam may be viowad 4as the
block dlagram of Fig. 2. Sound Wavea are
pre-Frocessed in the Outer and Middle Rars
{0tM}. The main frequency selective mechanism

is the Membrana Systam (MS) within the Cochles.
Ite outputs are Tranaduced and Coded (T&C) into
signals stimulating the Auditory Narve.

Sound Neural
Hevas Signals
—_ 0 &M MS +~ T & C p=—r

¥ig. 2. Genaral Disgrem of the Auditory Syatam.

We will concentrate on the hehavior of M3,
which may be reproduced by the treansmission
line model [5, 9] in Fig. 3.
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Tig. 3. Incramental Jaction of ME.

We will assume that M8 is being excited
from the Middla Bar by & flux U(x,s) a pressure
P(x,s) appearing betwesn both 3ides 'of the
membranes in MS. The relation bstwsen P and U
at a given point in the Laplace Domain may be
given by tha following diffarantial squationsi
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2g(x,8) and Y, (x,8) baing:
=10 (3
Ypwlpedoscrs 1)1 (4)

1, u, © and ¢ are the cochlear parameters ae

functiona of x. He will express this modal 1in
tha time domain introducing the definitions:

PaZ, [F+6] (5)
UsmF -G (6)

F and G are the incidant and reflectsd waves in
tha model, both functions of x and s, with:

Z, » (207,04 A
Bquatiana (5-6) may be soclved for ona sactioen,

asguming conatant line paramaters, The bshavicr
of such a section would then ba given hy:

Flyoy = P o V% (8)
Gk'l - G'k-l e~ Yidxy {9)
b 1-r =Pyl [*'ge
k l I R " , kel o
G'x-1 P L¥oy] |Gk

Py and Y, being the raflaction and 'p:opanation
coefficinnts:

Zar = Znp.

- ck ck-1 an
Zeg * Zcpl

g (Z.kf'fpk]* axy (12)

Zoks z,ﬁ and Y,p are the raspective functions
evaluated at the right intarface  of the
ssction, Equations (8=10) are the basiz of tha
proposad mudul, and we will rawrite them in the
domsin of ¢ by  means of the Bilinear
Transformation [10] asi

2 - Tk Axk

Y e (13}

2+ Ty bR

1+2e™14 272 (o)
mle) = &
k LY agp + By Pt IS a2 |'2

vhare ), ist

41, £3, (1 - g71)3
k n ( 2 ) (15)

1, -
Ly Bpg t ayy 3-1 + ayg 2-2
The reslization of (8-10) is shown in Plg. 4.,
in which PPRF and FPRG ara the filters
realizing (B) and (9} whila FRF implamants
(11}, aggs agy, a7 and cyg sre functions of
the line parametera, and £, iz the sampling
frequancy.
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Fig. 4. Global flawgraph for one saction.

‘As impliad by (15) the propagatien function is
irrational, and the invaraion of (13) to the
tims domein will be done by a series expansion:
?'k-l(z) . 2 - by [1+ Pk(z)]

2+ bou {1+ Pk(l)]

16)

Frap{z)

vwhere by, 12 functien of tha lina paranaters,
and Pk(zg is & polynomial in powars of =1, As
it seams ressonable PpL(e) will hava infinite
torms, but in our cese five coafficiants will
suffice. Expressions (14) and (16) msy be
expandad into tha flow grapha shown in Pig. 5.
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Mg, 5, Propagation and Raflsction functions.
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The proposad Signal Processing Modal should be
viawad as the realigzation of the flewgraphs in
Fig. $ into the global flowgraph of Fig. 4. The
output of the model will bte che membrane
dynamics [11] given byt

1
vln) = -——D [fk(h]'sk(n)ﬁk-l(n)ﬁk-l(n)l
AX
k (D
When implementing tha overall M3 structurs by

connacting eeversl such sections, as givem in
Fig. 6, & new problem arisa.

fy-1(n) fy(n) fre(n)
Xl .| section pe——r| Saction """
A—— k-l ¥ k ——-———
gg-1(n) gx(n) tx+1(n)

Pig. 6. Constraints in connecting two sections.

The problam is that to availuste fy(n) and
%h;)_(n) e will need to know fp(n) snd gy(n).
#4rgt valus would have been avaluatad 4t
ctop ¥-7, with & incresaing. bt Re(n) will not
be availabls yet, bacause it must be avaluated
at step k. Reversing the recursien with k
decreasing dosa not help much, becsusa in that
case the problem appears on £, (n} in svaluating
gy(n) and fyyy(n), To salve this problem wa
heva to raconsider the behavier of the filters
FPRF and FPRG, Thass reprasent the affects of
propagating & wave through one section, and as
such, when properly adjusted, they wshould
iatroduca 8 unit dalay, es may be inferred from
fig. S.a, In fact, foreing:
boy = 2 (18)
we will brask tha delay-fres path betwsen the
tnput and output, and tha results will depend
only on data stored in the Intarnal Fila of the
filters, alloving two or more glebal sections
te be directly cennected 39 in Pig. 6. The
flowgraph ia Fig. 5.8, becomes that in Pig. 7.
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Fig. 7. Time separated £lowgraph for ¢ Tebrk,

As it can be shown [il], bgy depends on tha
wave group valocity at the given point, and
(18) means chooaing the maction length bxy
aceovding with the peramaters at that pointt

i

hu £3. 4 20y £ t 8
kT hm Ry 9

b
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Tn vhat followa we will anaume that condition
(18) holds for any section baing synthesisad.

PROPOSAL POR A PRACTICAL ARCHITECTURE.

We have folloved tha ideas in [12] fer
sequential numbsz proceasing whan aynchesizing
tha flowgrephs in Fig. 8.b. and 7, Tha proposed
architecture is & Saquentisl Data Hazdwired
Machine with bit-serisl busas, Data word lemgth

_ ig 16 bits fixad point two's complement., The

general structure may be seen in Tig. 8.
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Tig. 8. Sipnal FProcessor Architecture.

Othar characteristics of this structurs aTe
serial multiplication and addition, and
pulriplexed acceas to pData and Coefficiant
Pilem (PE and PK)., Thia ssme pachine may
implement FRE, In a firat approach ve will deal
painly with spesch aignals, for which @
bandwidth of 5 kiz, has been asguped, the
sampling tata having bean esteblished in 10
KHz, When using thase data to evaluate 4xy from
(18) with the parameter values tekan from [13]
ve find that four spections will sufflce to
rapresent the whola cochlea, Then We have to
muitiplex four diffarent piles of data on the
arithmatic unite as jmplied in Fig. 8.
Increasing the nampling rTats will yield &
higher number of sectione, but this will in
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general improve the representaticn for
frequencies above 5 kHz. The Time Data Tvansfer
Diagram of the Machins is exposad in Fig. 9.
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Fig. 9. Registaer Transfer Tima Diagram for FBR,

The guard hits betwsen transfers will guarantes
a raliable dsta transmizsion batwesn piles and
arithmatic vegourcas. The numbar of machine
vicles (@) to complets the sxecution of a FPR
graph 1s 158. A similar evaluation for FRF in
the aame hardware will cast & numbar of 122
machine cicles. Heving in mind from Fig. 4 chat
the axecution of one section requires two FPR
and one FRY, this means at least 2x158+122=438
circlas, We will add up 62 cicles more to cover
minor operations &3 those in (17) to complete 8
total of 500 ciclas per section. To exstuts
four sections 4in one sampling intarval of 100
usac. wy need 8 cleck peviod of 50 naec,, or &
fraguency of 20 MHz.

VLSI IMPLEMENTATION

We have chosen & 2 pm. realization for the
srchitacture degcribad in tha last sactien
basad on a wall known nMOS cell library [14].
The sarial arithmetic units (multiplier and
adder) have been built using functions from
thia library, and tha register piles have been
configured with sarial gshift register cells.
The pile salector and multiplexer have bean
designed with pavts taken from the PLA section.
Tha Control Unit hag been designed algo around
a PLA structura, 4ts inputs being the status
(ST8) of the arithmetie unita and the timing
signals from the word (WC=16 @), saction
(3C=500 &) and sampling (MC=2000 ¢) clocks. The
Control Unit provida the signals firing the
transactions through the structurs (CTS). Tig,
10 shows a asimplified floorplan for tha
diffarent units en & square chip of 2500 A
sidas, thia 1implying an area of 25 mmi. An
aviluacion of Powar Disaipation under warst
case conditiens givas an eetimate of 2140.2 oM.
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Fig. 10, Signal Processor Ploorplan,

Powsr dissipation will force us to choose a
less consuming technology like CHOS ([15] to
implement critical ssctions, as the dats pilea.
Tha use of diffarant cechnologies will split
the whola architecture in two different chips,
for Arithmatics/Control and Mamoty.

RESULTS AND DISCUSSION

The implamantation of a Signal Processing
Unit of the kind dascribed {s undar progress.
The resulta presented hare have besn produced
by & computar simulation of the filters FPR &nd
FRF. In Fig. 11 we may appreciaste the impules
tesponse of FPR for a section at xal.68 em.
from the baaal end,

0.2131

o~ Al = Alg

¥ig. 11. Impulss rasponse for FPFR.
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Fig. 12, Impulss response for FRF,

It can be seen that the reeponse of FPR is one
sample dalayad respsct to the unit impulse.
Atsnuation and dispersion may also be
appreaciated, The rvesponss to FRF lasts abhout
100 samples (10 msec.) this fact dimplying a
long latency in the system, which could produce
slov decaying responses of the kind known as
“"Yemp Echoas" {16], The VL3I implementation of
this Hearing Aid is being done using the
primitive declaration system proposed in.[12]
for FIRST. Tha method of implementing tha FFR
sections may be further optimized. Mors compact
realizations could be used, such Lsast Squere
all-pole atructurss [17], Thia fact would imply
reductions in the gomputational complexity of a
section from order 13 (current) to ordar 7-9.
The limitation in the number of sections may be
by-pagmed ueing 4nterpolation, An important
aspact of the simulacion is tha numerical
reprasantation accuracy and rounding error
effecte in arithmetic operaters. This atudy is
belng dona using 16 bit mirrnprocessoy gtandard
arithmetics, and ths results wsaem to perform
reasonably well, Tha petformance of tha aystem
with epeach eignals is being studied in depth.
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