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Com puter models of cochlear process ing take exceedingly long times to run , 

even for short data sets. A data acquisition system was developed for a new 
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minutes per second of speech to write the large amount of data to a hard drive. 

Software has also been developed to convert the output data into a form readable 

by the ESPS digital signal processing package from Entropic Speech, In c. 



Data Acquisition Interface of a 

VLSI Cochlea Model 

by 

Thon1as G. Edwards 

Th esis submitted to the Faculty of the Graduate Schoo] 

of The University of Maryland in partial fulfil lment 

of t he requirements for the degree of 

Master of Scien ce 

1993 

r I 

I / 

t . 

Advisory Comm ittee: 

Associate Professor Shi hab Shamma, Chairman / Advisor 

Professor Martin Peckerar 

Assistant Professor Linda. Mi lor Mar yuv 
L D 
3~3/ 
~/l!){~r• 
J-
r q I 



© Copyright by 

Thomas G . Edwards 

1993 



Table of Contents 

Section 

List of Tables 

List of Figures 

1 Introduction 

2 The Cochlea Model Chip 

3 Design of the Interface System 

3.1 Design Criteria. . 

3.2 Hardware Design 

3.2.1 

3.2.2 

Analog Interface Circuitry 

A/D and D/ A In terface . 

3.3 Filter Characteri zat ion Test Equipment . 

3.4 Data Acquisition Software ... 

3.4 .1 Software Design Criteria 

3.4.2 WBFLASI-1-12 Description 

3.4.3 Initi ali zation ....... . . 

JI 

IV 

V 

1 

2 

5 

5 

G 

G 

9 

12 

12 

12 

14 

15 



3.5 

3.6 

3.4.4 Recording Data . 

3.4.5 Previewing data . 

3.4.6 Processing data 

3.4. 7 Demo Mode .. 

Network Data Transfer 

Data Conversion Software 

4 Results and Conclusions 

4.1 Frequency Response of the Cochlear Channels 

4.2 Single Sinusoid Tests 

4.3 Two Tone Test . 

4.4 Single vowel tests 

4.5 Isolated Words . 

4.6 Long speech example 

4. 7 Discussion of Results 

4. 8 Future research 

4.9 Conclusions .. 

A Source Code for cochint.c 

Ill 

15 

18 

18 

19 

20 

21 

24 

24 

24 

26 

26 

34 

39 

42 

44 

45 

46 



List of Tables 

Number 

3.1 Specifications of WB-FLASH12 Card . 11 

IV 



List of Figures 

Numb<'r 

3.1 Re ference C lock Generators 

3.2 Nonoverlapping Clock Generator Circu it 

3.3 Data Acquisition System B lock Diagram 

3.4 cocl1int. c program flowgrap li 

3.5 Slice.c data reshuffiin g ... 

4.1 Magnitude res pon se for channels 34, 59, and 64 

4 .2 Res pons<' to single 200 Hz tone (Total time 4 m s) 

4.3 R espon se to s ingle 800 Il z tone (Tot.al time 4 ms) 

4.4 Res ponse to single l .5 kll z ton e (Total time 24 m s). 

4.5 Res ponse to singk 2 kll z tone (Tot.al time 24ms). 

8 

9 

13 

lG 

2;3 

2.5 

27 

28 

21) 

30 

4.6 Res ponse to single 3 kH z tone (Total time 12ms) . 31 

4. 7 H.esponse to 600 Hz tone added with 2 kHz ton e (Total time 48ms) 32 

4.8 Res ponse to 1 kH z tone added with 3 kH z tone (Tot.al tirn<' 48ms) 33 

4 .9 Res ponse to the /iy/ vowel sound (Total time 48ms) 35 

4.10 Response to the /oo/ vowel sound (Total time 4 m s) 3G 

4.11 Res ponse to the/ A/ vowel sound (Total tinw 4 m s) . 37 

V 



4.12 Response to the spoken word "you" (Total time 480ms) 38 

4.13 Response to the spoken word "free" (Total time 600ms) 40 

4.14 Response to the spoken word "bay" (Total time 600ms) 41 

4.15 Response to spoken words "four five six seven" (Total time 2.4s) 43 

V I 



Chapter 1 

Introduction 

It has been suggested that cochlear models might be appropriate for many types 

of speech processing [l] . Invest igators have developed mathemati cal models of 

the cochlea which run on workstation-styl e computers, but unfortunately, they 

often take hours to process a single second of speech. In [2] special digital signal 

processing hardware was used to try to speed up cochlear process ing , but thi s 

m ethod did not signifi cantly decrease the time required to process speech data. 

It was recognized that an analog VLSI approach to the problem would allow for 

near-real-time cochlear processing, and a VLSI model was developed by Lin [3]. 

But in order to be useful , a data-acqui sition system had to be developed to record 

the data from the cochlea model, and convert it to a form useful by popul ar signal 

processing softw are. This thesis is concerned with the development. and testing 

of this system. 
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Chapter 2 

The Cochlea Model Chip 

A simplified cochlea model considers the cochlea to be a filter bank consisting 

of a series of bandpass filters. The freq uency responses of each of the bandpass 

filters is a di lation of one model fi lter, thus the filters maintain a constant relativf' 

tuning ( or have "constant- Q" ). This is a reasonable model of the response of the 

basilar membrane of the cochlea, though more complex coch lea models may 

also include effects of fluid -cilia coupling, half wave rectification of ioJ1ic channel 

currents, low pass filt ering due to the !1air cell membrane, and lat.era.I inhibition. 

There have been several examples of hardware implementat ions of cochlea 

models which employ analog designs using subthreshold transconductance am

plifiers. The approach by Lyon and Watts [4] [5] uses cascaded s cond-ord r 

lowpass sect ions. Tlie approach by Liu [6] uses a cascade of first. -ordn low

pass sect ions, followed by a second-order bandpass filters. Wl,ile successfu l i11 

many respects, the transconductance amplifier designs suffer from t he effects of 

parasitic capacitan ces and nonuniformity of the fabrication process, thus requir

ing post-fabri cation tuuing to compensate for these effects . They also can have 

low dynamic range because of the limited linear range of the transconductan 
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amplifiers. 

Lin's VLSI cochlea model [3] is based on switched-capacitor filters (SCF 's). 

SCF's have extremely precise and reliable response characteristics whi ch obviate 

th e need for post-fabrication tuning. The frequency response of SCF filters are 

dependent on the sampling clock frequency, so that the filter bank can cover 

d"ft 1 erent frequency ranges by using different sampling clock frequ encies. The 

filter bank center frequencies can also be interdigitated to functionally in crease 

the number of cochlea channels in a certain frequency range. In Chapter 3 I will 

show how this method can be used to create a 64 channel cochlea model from 

two 32 channel cochlea model chips. 

One problem with SCF's is the need for very large capacitors, especially for 

filters with low pole frequencies. To maximize the number of cochlear channels 

Per chip , Lin incorporated techniques to minimize the capacitor spread ratio 

(the rat io between the area of the largest and smallest capacitors i11 a circuit) . 

The capacitor spread ratio of conventional SCF bi quad fil ters is n:r, where .00 

is the pole frequency and Tis the sampling period . Lin used the very large time 

constant (VLT) biquad of Nagaraj [7] to reduce the capacitor spread rat io to 

~-

Lin also developed a method of achieving the des ired freq uency respo11 se of a 

Parallel filt er bank by making each channel a weighted sum of simple element.a.r_y 

filt ers, such as biquads [8]. Sharing of the elementary filters by adjacent chan nels 

can be accomplished by having elementary filters which are dilations of one 

Parti cular filter , and the summed output channels will then be dil at ions of each 

other. Fortunately, this is precisely what is needed for a cochlea model. The 

circu it sl · d t· ll d ces the circuit count req uired to achieve high-order 

1anng ras 1ca y re u 
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responses in a parallel filter bank architecture . 

These area-saving techniques allowed Lin to fabri cate a 32-channel cochlea 

model chip with one first order highpass filter , followed by 32 pa rall el 6th order 

lowpass filters . The chip die area was 4.6 x 6.8 mm 2 , and was fabri cated using 

the MOSIS 2 µm CMOS process. The filter bank covers the frequency range 

from 0.2 to 6.4 kHz using a sampling frequency of 125 kHz . The high pass 

filtering means that while the filter responses all have the same general shape, 

they are not simply dilations of each other, but the responses of higher frequency 

channels have higher overal l gain . 

Due to space li mitation s, there are no buffer amplifi ers on th <" chip to provide 

low-impedance out.puts. There was also not enough room fo r a nonoverl app ing 

biphasic clock genera.tor on-chip . Both of these fun ctions had to be acl1ieved by 

off-chip sys tems, and will be described in Chapter 3. 
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Chapter 3 

Design of the Interface System 

3. 1 Design Criteria 

The cochlea model interface system was designed with these criteria in mind: 

• Near-real-time process ing of digiti zed audio in to a cochlear representation 

• The ability to process long speech data (greater tha11 1 secolld ) 

• The processed speech data must be m ade avail able in the appropr iate fil e 

format for use in ex isting multi -chann el signal process ing softwa re 

• Implementat ion of a 64 cl1 an11 el cochlea model (requiring two 32 channel 

chips) 

• Reasonable cost 

• Ea.sf' of use 

These criteria directed the choice of hardware and softwarf' sys tems through

out th e project. Tlie end product was to be a useful tool for rapid ly generating 

cochlear representat ions of speech for use in experim ent s , such as models of 
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primary auditory cortex , speech recognition using neural networks or hidden 

Markov models , improving speech understandability, and similar proj ects . The 

data had to be available over the local network for use on computer workstations 

by researchers . 

3.2 Hardware Design 

The interface system hardware design consisted of two main project s. The first 

was development of appropriate circuitry for analog interface of the SCF cochlea 

model chips themselves, and the second was the A/D and D/ A systems. 

3.2.1 Analog Interface Circuitry 

To work properly, the cochlea model chips required some support circuitry for 

proper clocking and analog interfacing. These circu its were developed firs t. during 

the earli est testing of the newly fabri cated cochlea model chips. 

During design of the cochlea chips, it was hoped they cou ld operate us111g 

+ /- 5V suppl y voltages. A BK precision tripl e output power suppl y was used 

to provide the proper supplies. The BK suppl y also had a very fine ly tulla.ble 

current limitation sett ing, whi ch is important when dealing with lat chup-prolle 

CMOS circuits . At +/- 5V, the cochlea chip draws greater than 300 mA , and 

runs dangerously hot . With the supply voltages lowered to+/- 4V, tli e cochlea 

chip on ly draws 220 mA, and ran at. an acceptable temperature. The op-amps 

of the SCF filters are the primary cause of di ssipated power in the cochlea chips. 

With just over 100 op-amps on the chip , there is littl e room for power hungry 

op-amps. Future version of the VLSI cochlea chip will nef'd to be rf'-e11 gin f'e red 
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with op-amps that draw less current so that the supply voltages can be rai d se , 

and thus the dynamic range of the analog signals can be increased. 

Since the cochlea chips were based on switched capacitor filters , they re

quired appropriate clocking mechanisms. To implement the 64-channel filter 

bank, slight ly different clock frequen cies were needed to be available to the two 

VLSI cochlea chips. Figure 3.1 shows the architecture of the reference clock 

generators . 

The master reference frequency is provided by a CMOS clock generator pack

age, operating at 4 MHz. The squarewave from the generator is di vided down 

by two 74HC161 4-bit presettable binary counters. The counter preset s are se

lected by an 8 position DIP switch for fl exibility. The counter outputs are th en 

converted to a symmetri c squarewave using a 4013 dual D flip -fl op , a.nd fin a ll y 

buffered to the coch lea ch ip boards through a. 4009 hex inverting buffer. For 

most t esting runs, the DIP switches were set to O and 1, di viding the 4 MHz 

clock by 16 and 15, respectively, resulting in sampling frequencies of 125 .4 kH z 

and 133 .8 kH z (the process of con verting the counter carry pul ses to a symm etri c 

squarewave involves a. furth er division by two of the reference clock freque11 cy ) . 

Each of the cochlea model chips requ ired an off-chip biph a.s ic nonoverlapping 

clock generator. Thi s circuit develops the two complementary logic signals ( ¢1 

and ¢2 ) required for the CMOS tran smission ga.tes whi ch act a.s switches in the 

cochlea chips. A nonoverlapping clock generator from [9] was used , a.11d is shown 

in Figure 3.2. 

In early experimentation , it became evident that the VLSI chip op-amps were 

not capable of driving the impedan ce of many off-chip sensors. Therefore LM34 7 

quad op-amps in unity gain configuration were used to buffer the chip outputs. 
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Figure 3.2: Nonoverlapping Clock Generator Circu it 

3.2.2 A/D and D / A Interface 

Phi1 

The requirement for near-real-time cochlear processing meant that the A/D sys

tem would have to be very fast to read all 64 channels a t a reasouab le sampling 

rate. It was decided a good compromise would be to on ly require 16 channels 

to be read at any time. All 64 channels would be read by play ing the sampled 

speech data four times and recording from a bank of 16 cha,n11 els each iteration. 

Although this expanded the processing time to at least four t im es the act ual 

length of the speech data, it was still fe lt that thi s would not signifi cantl y offset 

the speed advantage of the analog VLSI cochlea model when compared wit h 

computer models. 

T here was signifi cant effor t put in to deciding on the proper A/D system to 

utilize. The A/D system had to have the following characterist ics: 

• at least 16 A/D channels 
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• per-channel sampling of at least 20 kHz 

• capable of being operated from user programs 

• at least 8 bit A/D resolution 

• compatability with lab computers (HP Vectra P C, SparcStation IIPX or 
' 

HP 700/X) 

The D / A system to play the digitized speech signal had to have the following 

characteristi cs: 

• at least one D / A channel with 20 kHz or faster sampling rate 

• enough extra analog or digital outputs to provide multiplexing control for 

the channel banks 

• at least 8 bit D/ A resolution 

It turns out that there are few products on the market that are of reasonable 

cost which address analog data acquisition for a large number of channels at the 

required sampling rates to adequately represent speech signals. One board whi ch 

fulfill ed both the requirements of A/D and D/ A systems is the WB-FLASH12 

from Omega. Table 3.1 shows its specificat ions . 

Because only 16 analog channels are read at a time, it was necessary to design 

a 4-way multiplexing system . The outputs of the analog output op-amp buffer 

chips were gated by 74HC4066 quad analog switches. T1 L level signals from 

the WBFLASH-12 board were converted to+/- 4V CMOS switch control logic 

through the use of pull -up res istors and op-amps used as comparators. 
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A/D channels 16 

maximum sampling rate for each channel 62.5 kHz 

A/D throughput 1 MHz 

A/D memory 
lM sample 

A/D resolution 12-14 bits 

TTL digital I/O lines 8 

D / A channels 
2 

D / A sam pie buffer 256k sam pies 

Computer system IBM-P C clones 

Table 3.1: Specifications of WB-FLASH12 Card 

Figure 3.3 shows the simplified block diagram of the data acq ui siti on system . 

Digitized speech from th e HP Vectra PC is converted to analog speech by the 

WB-FLASHl 2 D/ A system . The analog speech is low pass filtered by the Krohn 

Hite 3905A Multi channel Filter (7th order ellipti c, cutoff freq uency is 10 kHz) . 

This step smoothes out the high frequency digital sample noise of the speech 

signal, and prevents thi s noise from being ali ased into the desired speech signal 

by the sampling action of the SCF's. The speech is then applied to the VLSI 

cochlea boards, and one of the four 16-channel banks is scle ted to be output 

from the cochlea boards. Each board has one 32 channel cochlea chip , and the 

two banks of 16 channels from each chip comes from its even and odd output, 

channels. The 16 analog outputs are then smoothed by first-order low pass RC 

filters (R is 200!1 , C is 0.05 pF, cutoff frequency is 15.91 kB z ). The resistance 

of the filt ers was kept low to avoid any potenti al resistor di vider voltage drops 
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due to finite input impedance of the A/D system. The filtered analog output is 

then digitized by the WB-FLASH12, and the digitized data is sent to the HP 

Vectra P C. For most speech applicat ions, the A/D sampling period was 3;ts per 

channel, or 48µs for all 16 channels , resulting in a 20.83 kHz sampling frequency. 

This frequency was a good compromise between adequate sampling of the audio 

data and minimizing the size of data files. All A/D sampling was done using 12 

bits resolution. 

3.3 Filter Characterization Test Equipment 

The HP3566 P C Spectrum/Network Analyzer, a lready avai lable in the NSL Jab , 

was used to do simple filter characterization of the VLSI cochlea model. The 

HP3566 Analyzer iuterfaces with the HP Vectra P C via a IIP-IB bus connec

tion. The analyzer was used to determine the freq uency response of some of the 

cochlear channels. The time capture mode of the analyzer was also va luable in 

debugging the data acquisition sys tem. 

3.4 Data Acquisition Software 

3.4.1 Software Design Criteria 

The data acquisition software written on the I-IP Vectra PC had to bC' capable 

of the following fun ctions: 

• record digitized audi o samples for later processing by the' VLSI cochlea 

model system 

• playing digiti zed audio samples for previewing before procC'ssing 
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• processing digitally sampled audio data through the VLSI cochlea model 

system 

• have an on-screen "demo mode" which provided a real-time graphical 

demonstration of the cochlea model 

3.4 .2 WBFLASH-12 Description 

The WBFLASH-12 can be accessed by a software driver from BASIC, PASCAL, 

Fortran , C, assembly, and ASYST languages. The dri ver , however , does not 

provide all of the fun ctionali ty of the WBFLASH-12 card. In part icul ar , it is 

impossible to perform both D/ A and A/D conversions at the same time using the 

dri ver. Therefore the card had to be programmed directly, whi ch was only sup

ported by using the C language. Borland C++ was the parti cular programming 

development package used . The program for performing a.JI t he above mentioned 

data acquisition and processing tasks is called cochint.c . 

The WBFLASH-12 card is based around the 28536 controller chi p. Analog 

data coming into the board goes through a mul tiplexor to select one of the 16 

input channels. Th e input is then feed into a high-speed, precision switched 

gain differential amplifier. The amplifi er gain can be selected from eight possibl 

gains, from times on e to time 200. On ce ampli fied, the data is converted by a 

1 MHz ADC and data is autom ati cally stored in the 1M words of RAM on th 

' 
daughterboard. The daughterboard also has two DACs, whi ch have their own 

256K data buffer. To accurately time measurements, the board ha.· a precision 

frequency sy nthesizer. A 16 MHz crystal oscillator outp ut is <li vid d by the 

"reference divider. " A 8-16 MHz VCO has its output di vided by th "V 0 

divider. " The outputs of these two di viders are applied to a. phas detector, an d 
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th e resulting volt agr is !'rel back to the VCO , forming a pliasr-lockr d loop. T lt c 

out.put of th e VCO is then divided down by 16, and ca11 be dividrcl down furtli<'r 

if needed. Thi s provides an extremely stable and accura te clockin g sig 11 a l. Tli f' 

WBFLASll -12 is also capabl e of triggered record ing. One important. fa ct t.o not. r 

is th a t the D/ A system runs at a rate eiglit. times as fa st. as tli e A/ D syst f' m . 

In cochint .c , when a user is prompt.eel for "length " and 'o ffse t. ,'' t.h e number of 

D / A samples is meant.. Thi s makes it easier to discuss whi ch part of a di giti zed 

speech sample you wi sh to process. 

3.4.3 Initialization 

Cochint.c bcgi
11

s h.Y initi a lizi11 g the \\'!fr LA Sil -12 1n a1 11 ZS:d(i .-ind dauglitcr

boa rcl Z851(i. Tlw pli asr ]ockr d loop cli vicl ers arr t lien set up (hot 11 rrk r<' 11 ,c ,rnd 

VCO divid r rs ar<' se t. t. o 256). yielding a defau lt Si1!11p li11 g fr<'q11< 'J1 C_\ ' of l l\lll z. 

La ter in tlt e progn
1111

, t.]
1
c use r ca n rl1a11 ge sa mpling frcqtwnci('s. T ll(' u1 lihr ;-t1i o

11 

da ta ·t a red in an :CE PROl\l (whi ch has been prr \·io11 sly se t up ) is clmrnl o;-1cl cd to 

pro1w rl .v calihPtt r tltc D/ A ;-111 d A/ D sys tern s. Tlw title p;-1g,c· is tl w11 di split~Td . 

On re a key has hrrn pressed fro1n t lw tit le pag<'. t lw proµ,n1111 d isp l,1_Ys t 11(' 

main m enu 
0

[ opt.i ons. f'i giirr :3.-1 sho\\' s the fl ow di agnun of t.lw progralll fro lll 

th e rn a i11 111 e1111 . 

3.4.4 Recording Data 

Before digiti zed spC'rc li ca ii be processed hy tl w \'LSI rocl1k,1 n1 od<'I. it ll('<'ds 

to be n ·cord f' d . Cochint .c allows tli f' user to do tl1i s using tl w \\ "HF LASil -12 

card . Jt. is poss ib le t li a t fo r crrt ain cx prrim r 11t s. prc-di gi1 iz<'d spc<'cl1 co rpu sc':-

likf' Tl!\rIT rn a_r lw dcs irr cl . l>1it fo r tcs t i11 g of tl1 c d,tla ,1cqu isit io11 ~.\·s t (·1n ,ill 
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speech wa s digiti zed using cochint.c . 

The routine whicli records data is record _data. It queri es the user for th e 

sampling period (inns), number of data. points , title of data , and tli e file nam e 

to store it as . The data fil es are stored with a suffix of .dat. in binary format. , 

the header files , with title, length, and sampling frequency, are stored with a 

suffix of .heel in ASCII format.. The audio data fil es of the acqu isition sys tem 

are of binary type t.o minimize required disk space and read/ write tim es. Tli e 

sampling frequency is set with the seLdelay function , the "Ready to Record " 

message it put. 011 tl1e sc reen, a11d tlie user is asked to l,it any ke,r to s tart. th< · 

reco rding. Thi s ,tllo\\'s t.l, e user t.o get r<"acly t.o begin talking i11t o a mi crnpli o11(' 

or to st art a tape. 

Do_acquistion _l is ca ll ed by record_data . Do_acquistion _l n·rnrds clc1t c1 

from only on<' cliairn el, allo\\'ing for recording of up t. o 11\I sr1mples. Po r mos t 

reasonabk cli o icrs of s;.1rnp ling frcqu c11 cies . t.his \\'ill allo11· for up to G srco11ds 

of s1wec l1. Lo 11 gr r filrs ra n he const ruct cd by co 11 u1t.c na t i11g rrcordccl hi11 a r,r 

data fiks and 11 sing 011 relit or to upd ate t.lic lc11gtl1 11 okd 111 I llf' lic r1 df'r fil e. 

Do _acq uistion _l begin s by sr lti11g tl1 e trigger to a s111 ;-i l] DC' ,·;-i ln< · to l1 clp 

<'li 1ni11 at.c long pauses at tlic brgi1111i11 g of the sr1 rnpli11 g. arid tlw11 r<'cords th <' 

data using tl, r TakeOneTrace /'1111 ctio11 (s upplied h,r Onwg,1) ,,·l1icl1 r1ct u;.dl ,· 

commands t li e ZS.5:3(i to run r1nd perform t.lw recording. 

Record _data t.l1 e 11 mu st. write the sa mples to di sk. Jt i1 s<·s t 1, e Coll ectTraceData 

fu11 cti o 11 (a lso suppli ed h_r Onwga) to transfer data from tlw \\"I3 FLA.S ll -J2 card 

to tl,c PC RAM ill 81~)2 sa mpl <" blocks , a11cl it ll'rit f's each of tl,osc blocks to ;-i 

binary nk. Finally. it closes t.l, r dat.a filf' and returns t () tlw 1nr1i11 JlH•1111. 
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3.4.5 Previewing data 

It is import.ant before p rocess ing a speech segm ent th at it 1s cf' rt. a i11 th at t.h f' 

proper aud io d a t a was reco rded . T li e preview fun cti on a ll ows t. li f' user t. o cl o 

t it at. Preview as ks t lw usf' r fo r the fi le nam e, and t hen loads in a nd di spl ays t 11(' 

leng t. 11 a 11 d t it le from th e heade r fi le. Th e user is th f' n prompt f' cl fo r o ffset a 11cl 

le ngth of t.li c audi o select ion to play. The offset is the o ffsf' t i11 sa mples from t.l w 

beginnin g of t he fil e, and t he length is how m any samples to pl ay. T hi s all ows 

t he usn t o hf' m ore se lect ive about whi ch part. oft.h e recorcl ccl SJ> f'f'c l, to p l;-n-, 

fo r i1 1sf ;-111 re. if i11di Yid1 1,il iso latf'cl \\"Orcls a rc to be sf' l<'c t<'d fro 111 ;1 sc11t( ·11n ·. 

O nce th e cl <' t a il s o f t li c file to hf' p layed ;-ire ent cr<'d, t ]I(' d;-ll;i is rc;-1d in to 

th e d a ug htcr hoa rd D/.\ ln1ffc r 11 s i11 g read _audi o. Dc1t ,1 is rc•,1d i11 lil ocks of 

8191 sa 111 plc-s. a11d storf'cl i11 hoa rd 11 ,\!\I usi ng t lw LoadDAC Buffer co111111a11d 

p rO\·icled Ii_\· Olll ega. 

T IIC' sam pl ed dat d is t l1c 11 p lc1_yed h_\" t l, c run _an out co111 111;-i 11<I \\· l1i cl1 se t s 11p 

t lw D ,\ (' rrn it ro l registers 11 si11 g dac _ctrl. a11cl com111 a 11 ds tl, c 7, ~."j :W to rn11 and 

pl a\· t li e s;rn1p l(' d d ;-it i-1. T he d ;-it i-1 is p] ;-1_\'(•cl O\'CJ' ;-111d ()\'('!" 111 11 i] f II(' 11 ,-<T hit S i-l 

key to s top it. 0 11c<' ;-1 kc'\. is h it. t he us<' r is rct urned tot liC' 111 c1i 11 11w1111 . 

3.4.6 Process ing data 

Process i1 1g t.li <' s,-t111pl <'d speec h t.h roug l1 th f' cor li lc;-i 111od<'I c,111 IH' t l1011µ, li1 of 

as a co rnhin a t io 11 o f JH<'Yi<'l\' ing a nd rf'co rd i11 g spf'ec l1 d,it ;;1. except i11 sk,1d of 

on ly rccor cli 11g l cl1 ,11l 1l<' l, lG ,-He recorded from. TII(' f1111 ct io11 \\'l1i cl1 pnfon11 s 

p rocess i11 g o f sc1 111pl ed speech d ;-11 ;-1 is fu!Lpro cess . 

Th e user is pro111p tc c! fo r t] I(' c! ig it zf'cl speec h c! a t ,1 fi l<' 11 ;1 11 w. t ]I(' lwiidn fil<' 

1s rc,,d i11 . a11d 1 it le ;11 1d lc 11 gt l1 arc' cli spla.rcd . The us<'r <'111<'1 ,; ho t l1 i11it i,il o fls<·t 



and numb <' r of sam ples to process . Again, t.lw use of offs('( and kngt Ii a llows for 

a particular part. of t li e sampl ed clat a to be processed. 

Read _audio is call ed t.o load in the first b lock of spe<'ch clat.a. P rocess_sub 

is then called, and it. in turn call s do_acquistion four times , once for eac l1 

bank of 16 channels. Do_acquisition is the 16 channel non -triggered version of 

do_acquistion _l , and call s the Om ega provided routine Take'I'race t.o collect 

a na log data s t.ore it. in board HAM. Do_acqusition selec ts the proper chan nel 

bank by callill g OutputDigitalByte , provided by Omega, wlii cli sets up t.lie 

proper 2 hit TTL ballk se lect code. Process _sub t li en ca ll s Collect.TraceData 

a nd t.hc processed J(i c l1 an nel d ;-tta is \nittf'n out to tl1e outp11t binary file (with 

a .out s11ffix) ill 8 1!)2 h_,·t e blocks. 

Read _audio a lld process _s ub arc ca ll ed ciga in for ti!(' ll<' XI ··fn1111<.-· of clat,1. 

each t.irn e t a ki11 g Jr>,000 dat a poillfs, 11ntil c1ll o f the r<' qt1ir<'d d ;-tt,1 l1 ,1s b<·< ·11 

processed. BcYa 11 sc o f tlw hrcok hct\1·c<·1 1 fram<'s . we lir1\T to do so1lll' prnccssi 11 g 

to rn;-1kc up for t II(' step rcs pc)IJ sc oft lw coc l1l cr1r filters wl1i cl1 is s111wri111pos<'d 

on f he 011t.p1tt from t II(' sp<'cc li drtt a . B< 'Ci'l ll SC t lie st C'j> rcs p0 ll S(' is ri,1it ('. \\"(' nr<'d 

on ly r<'p l;i_,. ii sn1r1ll porti oll o f the data whi ch was at tlw Clld of t llC' l;-1st frn111 c 

at t. !i c hcgin11illg of c;1c l1 11C'\1· fra111c. Tlii s is similar to tlw ··on-rl ,1p-s;1\"< ,-· DSP 

met hod mcnt io11cd i11 [ I OJ. Tli<' lc11gt !1 of data to lw r<'pl<1ycd depend s 0 11 t II(' 

s tep respollsc of tlic s lowest filter , ;i nd :i m s l1 ,1s IH'cn found to lw quit<' ,l( l<-qu ;-1 1<'. 

3.4.7 Derno Mode 

T l1 e "Demo ;"--.J oclc·· displ a)'S J(i coc l1k ;-1 cl1c1n11 cl output s i1 1 n •,1l - ti111<' to till' !IP 

Vcct.rn PC scrc·c 11 . It calls TakeTrace to coll<'ct analog cl,1l,1 i11t o t!I<' ho,1 rd 

HA!\1. tl1c11 c;:tll s CollectTraceData to hri11 µ, tlw cl a t ,1 O\"(' I 111 <' ln, s to tl w \ '<'c -

l !J 



tra R J\f\1. The screen is pa inted with th e ana log waveform s from 0 11 r ha11k of 

cl1 a1 rn c ls, and thi s procr ss repeats u11t il th e user types "c( t o quit . Douhle

bufferi11g of the graphi cs scrf'e n is used to e liminate fli cker. 

Th e use r al so has the choice to in crease or decreasr tli r samp lin g pni oc! using 

the "+ ,. and " " keys. A diffe rent bank m ay be selected for di spl ay by press i11 g 

tl1 f' keys 0-3. 

Bes idrs be i11 g an i11t eres tingdemonst.ration , the "Demo f\lod<' " is a lso a uscf11I 

diagnosti c t ool to idf' 11t.ify damaged cochl ea chip channels, or bad co n11 rct io 11 s 

l>C t \\' rc 11 t li e chips ,rncl 1 li e \\'13F Lr\SH-12 bo,1rd . 

3.5 Network Data Transfer 

Bdo r<' 1 llf' procc·ssrc! a1l( li o da t a 0 111 be 1m1de avai la bl e 1 o digit al s ig11r1 I processin g 

so ft 11· ;H< ', it 11111 s t be 1rrrn sfe red 01·e r tl1 e lab net\\'o rk fro1 11 tlw !IP V<' c1 ra P(' to 

011< ' o f tll<' S1111 Sp ,1rc ll'Orkst ,itio11s . J\11 I11tcl l~tlil'r Ex pn·ss J(i c;ll(I 11·;1.-; 11 scd fo 

!Ho,· id e t l1i11 <'1 ll('rll<'1 co1111rn111i ca t io11s fort li <' \ 'cc t rrt PC . P11'>ii<" do111,1i11 ( ' l 'T ( ' j> 

FTP fro11 1 Cl a rkson ll 11i 1·crs it._1· \\' as oht a i11cd o,·er 111<' i11tn1 1<'1 fm T( ' l' / 11 ) d ,d il 

tran sfer , a11d a lso (TT('P TEL\1 ET \1' ;1s ob t a in ed to a ll oll' for i1itcr;-icti\'( ' log i11 

sess io 11 s ll' i1 h T( 'P / IP 1 o 111<' Sun SpMc 111acl,i1 l<'s . Tl1c p11l ,li c c!o111 ,1i11 pdclks rnl 

packri gc \\'a s ,d so o lJ1,1 i1 1(' rl to se t the \l!'c1ra 1'(' cloc k fro 11 1 11 1<' loc ;il ti11w s<Tl"<'J' 

so 11 1;-d filc ·s ll'ritt e11 h_,. 11 1(' cochint.c softw a re 1rn1ild l1 a\'c fl l(' rn rr< ·ct ti11w ;111 <1 

dat e . 
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3.6 Data Conversion Software 

The raw data coming from the IBM-PC clone must go through some additiona l 

processing on the Sun Spare before it is in a form usabl e by Fnt ropic Signal 

Processing System 3 (ESPS) [11] software from Entropi c Spccch, In c. ESPS 

is a package of interacting signal processing programs. It. provides utiliti es for 

many types of common signal processing operations within th e UN IX opcrat ing 

environment. Instead of one large signal processing program , then· arc many 

sma ll ones , and they ma,· he linked togctlicr with pipcs an d 1/ 0 rcdircc1i o
11 

from t.l1 c UN IX shell. 

The processccl audi o data from the VLSI coclika rn ocl el is co 11 vntcd t.o tlw 

ESPS FEA (a rbitrary fea ture) format. The FEA file type is for gc 11 cra l purpose 

11 se for files wit.Ii fi xcd-lcngt h records. Jt. ca n be 11 scd hy t li e 1mrn _\" of t. 1
1
c ES PS 

program s, inclnrling I 1,c waves+ progra, n [I 2] . an inl nad i,r· gra phics inl nfar c 

t.o ESPS. FbA files 
0 111 

,.t! so be convert ed fo r 11 se by t l1 e x3dplot proµ,r,rni 

de,·clopcd i11 t lw 1<'mal Sys te1n s Lah. 

T l1 e dat. a co11vc rsio11 so ftw 1-1rc is ,nit.tc11 i11 slwll scr ipt ;-1ud ('_ Tll<' pro cess 

s Irr-I I sni pl runs I.Ire r·a ri uns C 1,r-ogr>llll' r cqn i r cd l.o con ,·r-rl II«- dad ,, 

Tire fi rsl con,ersion i n,·oh·es changing I lie da I a fron1 I l,c Ill \I -p ( • hi nor.' 

fo
1

-

1 

1 t ti S 1 · ·\' ('orin;-it T hc fTP hinar\" tni 11sl'cr ;-1 dd s cxtr,1 hit s to 

1 1a o 1<' , pare )Jll al ., · · · 

ma kc up for I I ,c la rgN llOr rl sizr• on I 1, c Spare. The.«· "
1 
r·a !, ii ' "n· sl r i P pr·d 

away by the progral1l dataconv .c . 

Tire data cornin g frorn I.Ire m,t is slill sl on·d in hlorks of lh dran«cl s. Jl r« · 

11 1 l l 

. 
1
. t l . ccssccl •nicli o data, rc-shuf!li11g t lw data kick int 

O 
(i I 

· l C , IC argc S]1/,C O J(' p!O · · < 

1 I 1 
, . , ·]o,,· 

011 
t ]i <' JB:\I . Thcrdorc it is 1w rl'or111ccl 0 11 t ]w 

chan nel form a t wo11 ( w ,ei_\ s 

(

. .. 
11 

Fig·
11

re :3 . .S sli o\\' s 11 0\\' t II<' d ,.1t ;-i l'ro111 111<' 

as te r Spare by tlw s li ce.c prog i ;-i i · 
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IBI\1 is properl y arra11 g<"'d int o G-1 chan11 el form at. The bank shuffl e st age put s 

toget he r a ll the d ata from each parti cul ar cha nnel ba11k into a si11 glc fil <"' for each 

bank . T !te cha nnel shum e s t. age reads out one channel a t ,1 tim <"' frorn each of th P 

ba nk fil es i11 turn , a11d writes that dat. a to di sk. Then th e dat.a is i11 groups of 

all 64 numeri call y ordered channels, and all the groups of 64 are in proper time 

sequence . 

T he ES PS program addfeahd adds the proper header in fo nn a1 ion to CT<'a 1 e 

a FEA fil e, read able by xwaves , the X Windows version of waves+ . 

T he shell script doplot tran sform s tl1 e FEA file 1o ;-1 fo 111 1;-t1 re;-1clctl ill' by 

x3dplot hy using 111 c convert progra m whi ch co11 ve r1 s th e ty pe SII O HT hi 

n ;-n)' da t a to FLO AT. X3dplot pl ot s 1 )1 e mult ic l1 a 1111 el data 11 1 ,lit ct< 's t !wt ic,tl) y 

pl eas in g rn a n11 cr with const ;-1111 scal i11 g for a ll cl1 ann t' ls. 
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Figure 3.5: Sli cc.c data reshumin g 
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Chapter 4 

Results and Conclusions 

4.1 Frequency Response of the Cochlear Chan

nels 

The IIPT"'iei(i PC Spf'c 1 rn111 A 11 a lyzf' r w;-1s 11 sf'd 1o lll ('as1m' 1 lw f]'(·q 11c 11 cy n·spo11 st' 

of coc lil f'a r fi lte rs . T l1 c ge 11 c' riil sh c1 pe o f th e fi l1crs agrcl'C I \\"i111 tl 10sl' d C'snilwd 

Ill [1 ] . T IIC' fr f'<jll f' ll C_\" m ag 11i111 cl c res po11 sc o f c l1 a n1wl s :1-1. .~/) . ;-111( 1 (i l art ' s li o\\' ll 

111 Fi g ure -1.J. T he sim il ilr s li np <' o f th e coclil cc1 r fi l1 c rs is c \· id C' 11 1. ;-111rl 1l l('y ;-rn · 

0 11 ly diffe r h_\· il cl il aL io 11 c111cl c1 lii g l1 -pass prc-e111pl1 c1s is . 

4.2 Single Sinusoid Tests 

Si ng le s iJ111 so id s c1 I 200 Il z (Fi gm <' -1.2), 800 !Iz (Fi gure 1.:3 ), J .. 'i kll z (F\t.!; 111<' 1. I), 

2 kll z (F ig11re --1..5), ;-111d :1 kll z (Figm c -1.G ) . werC' p roccssl'd hr 1 ii <' rn cl1l l'c1 m ode l 

sy st e m . T l)(' s inu so ids wcrf' CI"f'alccl fro m a si1wwc1Yc s;-11nplcd d ;-it ;-1 fil <' !:', l' tl <Ta1o r 

prog ralll. s in e.cpp. T he s i11 usoicl a l cl r1 1;-1 had a sc1mpling peri od o f :311., p<'r cli a 11 -

11el. c111d \ \ ' C n' of lc11 g1 !1 1000. 0 ;-d.a \\" els reco rded 011 11 1<' \ 'l'ct r r1 P ( '. a nd I lt <'II 
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Figure 4. 1: Magnitude response for channels 34 , 59 , a nd 6·1 
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ftp 'ed across the lab net work to a Sun worksta ti on , where th r com·rrsion p ro

gra m s we rc- run , a nd x3dplo t was used to plo t th e da t a. T he hi ghf' r frequ ency 

cli a lln e ls 0 11 a ll o f th ese p lo ts created by x 3dplot can be fo1 111 cl 0 11 th e hot t Olll 

o f thr graph , a nd t he lower frequency chann els can be found a t top . T hc- sys

t c- m responded as expected , with low frequency chann els res pondin g hc-s t t.o low 

freq uencies, a nd hi g h frequ ency channels respondin g bes t to lii p; li fr c-quenc ic-s. 

4.3 Two Tone Test 

A s ig na l co nsis tin g of a :2 k !I z sillusoicl add cl to a GOO hz s i1111 so id wr1s J>ro<·<'ssrd 

tl1 roug h th e sys f< 'lll ( Fi p;urr ,J.7). The rncl1kar output of a110tl1n s ig 11 ,1' co ll s is t 

ing o f a 1 kll z si llusoid ad ded to a 3 kll z sinusoid is sli O\rn i11 F ig m <' I. ~. T he 

s igllal s m ' re gc- nr ra tcd h _\ · a tl1 c tt.cpp progra 111. a11 d had t lw s;-11 n<' sa 1npli11 p; 

pe r iod a nd len gt 11 a s t li e s ing le sinu so ids. The VLSl rnc lil c.-1 111 od< ·I ·s r1 Iii lit _\" t o 

di scr imin a te t. l1c two cliffc rc- 11! to1ws is c ,·icknt i11 hotl1 cx,11n pl<'S. 

4.4 Single vowel tests 

Tl1 c t.l11 c-e \"O\\"c ls t 11 ;-tf fo rn1 th e .. ,·owel t ri a 11 glc .. \\·hc11 li rst Yns 11 s S<'('()lld for-

1n ;-111t s arc pl o tt<·d lian· IH'<'II rrco rd c- cl and processc-d tl1rc)1J g l1 11 1<' \ "LS I coc lil <' ,1 

m ode l sys tem . Tli rse arc tl1 c rnwcl / i.,-j as i11 '· hcct ·· ( Fi gur<' 1. q )_ t ll<' ,·owcl / <><> / 

as i11 '' hoo t " (Fi gurc -1.10 ). ,111cl th r rnwcl /A/ ;-1s i11 .. hot .. ( Fi µ, tm ' 1.11 ). Ex

am i11i11 g pl o ts o f n' spo 11 scs fro m t l1 r coc hlc ;-1 mode l ck1111wls cl c,1rh· r< ' \"<',tl t lwir 

form a nt st rn ct 11rc' ( th e fo r111 r1 11t fr cqu e11 cy in format ion i1 1 t l1i s t lwsis <"<> ll l<' s fro1n 

[1:3]. It is i111p ort.a1i1 to kee p in 111i11d tl1 r1 t tl 1csc form a nt fr <' q11 <' 11 <" i<' s c;111 v,1ry 

fro lll pc- rso 11 to I ><' rso11.) 
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Figure 4.5: Response to single 2 kH z tone (Tot.al time 24ms) 
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F igure 4.6: Response to single 3 kJi z tone (Tot.a l tin w 12ms) 

31 



C 
0 
C 
H 
L 
E 
A 

C 
H 
A 
N 
N 
E 
L 
s 

C:=JD 

0 

luo_lone1 .plot 

! fb- sec I Cir ! ! Ver sec I Cir j ~ 

Time (ms) 48 
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The vowel /iy / has a very low frequency first formant (270 Hz) , and a very 

high frequency second formant (2290 Hz) . From the plot we can make out these 

two formants, as well as the contribution from the third formant at 3010 Hz. It 

is important to keep in mind that the high frequency components of speech are 

highly emphasized by the shape of the cochlear filters, so even the small third 

and higher formants are visible. 

The vowel /oo/ has a low frequency first and second formant (300 Hz and 870 

Hz.) In the plot, we can see that most of the cochlea! response is in the lower 

frequencies, and it is possible to dis criminate between the two low frequency 

formants. 

The vowel / A/ has a higher frequency first formant than the other vowels 

(730 Hz) , and a second formant at 1 kHz. The effects of these two formants mix 

in some of the channels between 730 Hz and 1 kHz . But the channels that bes t 

respond to the two formants show a more pure response. The third formant at 

2440 Hz is also evident. 

4.5 Isolated Words 

The isolated words, "you," "free," and "bay" were processed by the VLSI cocldea 

model. 

The word "you" contains a short semivowel glide /y/, and the dipthoug /ju/ 

which has a constant first formant near 350 Hz and sweeps the frequency of the 

second formant from 2.5 kHz to 1.25 kHz. In the Figure 4. 12, the forma11ts and 

their movements are clearly seen. This speech segment lasts 0.48 s. 

The word "free" (Figure 4.13) conta ins the un voiced fri cative /f/ , t he semivowel 
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glide / r/, and th e vowe l / iy/ . T he lii gh frequencies of / f/ r1 re noti cer1 bl e ,it. t.lw 

bcgin11ing oft.li e plot , and then t.h e dominant glide of / r/ , leading int.o t.he vowel 

/ iy / with its ]1ig li second formant and low first form a nt. T l,i s speecl , segment 

lasts 0.6 s. 

Finally, the word "bay" contain s the voi ced stop /6/, the dipt.liong /cl/ whi ch 

is a downward frequen cy sweep of tl1 e first formant from 600 JI ;,, t.o -100 II ;,, a nd 

a sli ght upwa rds frequency sweep of the second formant. from 2 kll z to 2 . .5 kII z. 

T he first a nd second formant s are clear in the plot. Thi s speech segment. lr1s t s 

0.G s. 

4.6 Long speech exa1nple 

To sli o\\' t li e ca pability oft l, e sys tem to process speec l, longe r 1 l1r111 011<' sern 11d , 

a 2.tJ seco11d exa mple oft lw spoken nurnbers '·four fi\ ·e six se \"('11'" ,1·;-1s process<'cl. 

T l, e primary boU lcn rck i11 process ing t li e cl a. t cl was in t lw t rcl11s f(T of da t ;-i frolll 

t li r Vcct ra IIP t. o it s l, anl dri n'. Speeds of process in g c1vr rc1gc·d c1 ho11t 2 mi11ul<-s 

for 0 11 c second of speech . T J1i s indi cat es an avera ge di sk t rc1 11 sfcr speed of about 

1.3 l\1byt. rs per minut. r, or 22 .2 khytes per second. \Vliil e tll(' l('J) gt l, o f tlw cl a t ;1 

m r1 krs it. diffi cult to lll cl ke out cl et.cli ls on t.lii s plot , the lii g l1 frequ c11 c_,. fri cc1 ti\'<'S 

111 "six" arr Pas il y fou nd. 

The 120 srco ncl s process ing time per I srcond of sp('('c l1 is sti ll ,·ny f;-1st 

comparrd wit Ii .'~,G OO seconds of process ing t im r for J seco11 d of sp('<'c l1 111< ·111 io1l<'cl 

i11 [2]. It. s l1 ould be not.rd t hr1t. the la t.I.e r timing refers to cl 111 0n' co111pl cx rn cl1lc;-1r 

m ock! t 11 ;-111 t li e 01,e implcnwnt ed by I he VLSJ cochl cr1 moc l<-1 cl,ip . ,tit l1 ougl1 t lwr<· 

is 11 0 reaso11 why a 11 ;-i log VLSI rect. ifi crs, lo\\' pr1ss filters. ;rnd la tcrnl i11liihitio11 
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11 e t. work s ca 1111 0 t be add ed on t. o 1 he current. bas il a r nw 111bra 11< ' mode l cl1ip with 

lit 1 lc ext ra comput a t.i ona l ex pense . 

4.7 Discussion of Results 

Judg ing fro m the res ult s o f exampl es o f bo th short s t. a t.i ona ry a udi o, a 11d long<' r 

non-stati onary a udi o processed th rough th e VLSI coc hlea syste 111 , t li e sys t f'm 

a ppea rs 1. o be prope rl y performin g its rol e of cochl ea r process ing . l\l ;-111 y wf' ll 

k11 ow11 speec h cl1a.ractni s t.i cs arc rdkdf'd in t.l1 c p rocessf'd d a t a plo ts , a 11d t ll<'_r 

a rc o lit a i1wcl a t a sp c<'cl mu cl1 fast e r t.l1 an co111p11t eri zed cocl ti !';-1 111 odc ls. 

,\ 11 sdul se t of co rnp111 e r p rog ra rn s ha, ·<' bec11 devf' lopcd to co ll ec t , co 11 ,·e rt . 

a nd tran s fe r d a t ;-1 from th e \'LSI coc hl ea chip at. hi g l1 spe<'ds. 11 is fa ir! _\' c;1 s_, . to 

us<>, a11d i111 cgra1ecl we ll i11t o tl1 c ES PS sig 11 a l pro cess ing S_\" s tc 11 1. 

S peeds acl1i evecl with th e VLSI coc lil ca mode l a rc fi1r fa s tn th ,111 s i111 ili1r 

romp11t e r m odel s . l11il<'rf' 11tl y. tl1 c VLSI mode l speed is 111 •;-n l_,. re;-1 l- ti11 1<' . t.lw 

011l y limit t o it. s spcC' cl is tl1 f' limit a ti o11 s of tlw da t a acqui s iti o 11 S\S1<'lll. !1 1 thi s 

case. 1 li e prim a ry bot 1 lcn c,k is th P- spcC' cl t hf' hc1 rd di sk c;-i 11 lw 1n it t <'It to. 

It is u11fort u11 a tc t 11 ,11 t li e VLSI cochlea r cliip could lw s,dt ·I_,. op<Tat <' d 11·it l1 

only +/- -IV suppli es. Tl1 e op-,rn1ps o ft li e SC'F fi lte rs ;-m • t li e pr i1 11,1 r_\" c;111s1· o f 

di ss ip ,1 1. cd power in th e cocl1ka chips. \\"ith 10-1 op-amps 0 11 t! IC' c l1 ip , tl 1n c is 

lilt.l e room for power l1ung r_v op-amps. hi1ur<' ,·ns io 11 of t! IC' \ "LSI coc l1l<'a cl1ip 

will 11 f'e cl to be rc'-C' J1 g i11 cc rcd with op-amps tl1at draw less CJ JIT<'ltl so tl iiil tl 1c 

suppl y , ·o lt ;-1gcs ca n he ra ised . thu s i11 creas i11 g ti ll' d_,·11a 1n ic r,111g<' o f 11 1<' c l1ip. 

a nd a lso p rov idi11 g < as ic r i11 tc rfarc \\"it 11 some logic f;-1111i li<'s. l)_\·11,1111i c r;-1 11gc is 

a 11 i111p ort ;-1111 c01 1siclna t io 11 fo r t l1is ki11d of a h c1 11C!p;-1ss fil l<'r . s i1 1n· <',11 ·!1 cli,l!l il<' I 
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o utp11t.s ve ry li ttl e o f th e t o ta l input sig na l power , so it is prdc-rahl e to h r1 vc' as 

la rge a nd input s ignal as poss ible to increase th e output. s ign ,1 1 to noise ra ti o . 

4.8 Future research 

The current VLS I cochlea model has 32 chann els per chip . Whil e for SC F c ir

cuits, thi s is quite a11 achi evem ent gi ven th e high order a nd t li e low frequ ency 

poles of tl1 e co chl ea filters, t here is clea rl y an adva1J tagc in try in g to put evc 1J 

m o re filt e rs 0 11 a sing le chip . Ot.hC'r t echn ologies such as S\\·it cl1ed-C11nC' 1il (S I) 

fi lt e rs mi g ht all ow t.l1i s . SI filt e rs utili ze tl1 e ca pac it an ce o r tlw g;-it cs o f l\JOS 

F ET s to s t o r e c l1 a rg<'. and of co urse t !ti s ch,1 11 ge co nt rnl s f 11 <' Cl!IT<' Iil fl o\\'in g 

tlirnug l1 t li e dc \·ice . SI s11ffc rs e ,·en m ore t.l1 a 11 SC frorn cloc k- r<'edf l1ro11 g l1 pro b

lem s, a nd a lso has problem s \\"itlt tra11 s isfo r 111i s rn a tcl1 . Tl l<' r<' l1 ,1s ,ilr<'il d _\" lwc ' II 

so m e resca rc/1 i11t o th ese t\\'o k11 0\\'11 p rohlcrn s [l -1] [l:i ]. 

TII<' VLS I coc lil c il mo cl C' I is 011/ y 011 c pa rt of a full cochl <',tl prne<'ssi 11 g s_ys tcm . 

As mc1rt.io I1cd be fo re . tl1 e r<' arc ma11 y o tl1 cr process ing s1<' ps 1<'q 11ir<' d to 111rn tlH' 

"basilar mPml>ra11e" rrprrseutati oll of speC'cli i1it o a "coclii( ',1r ll( ' IT t' .. l"f'prcse 11 -

t. a t ion . Th C'sC' rcc t ificrs. lo \\' -pr1 ss filtc-rs. co1nprC'ss in· 11 011- li1 11•;1r it i<'s. ,l!ld l,11<'r;1/ 

inhibit o ry 11ct\\"o rks (LI N) co1ilcl a lso be implc1nc1Jt ecl i1 1 \ ' I.S I. 

Th e re is ;-il so t li e poss ibility of irnplcmc 11t i11 g a \ 'LSI 1110<1<'1 or prn 11;-1r,· ;-1 11 -

dit o ry co rtex ( /\I ), \\'l1 e re more complex r11 Hli o fea tures arc 1c p1 <':--< '111<-d. 111 r\I, 

s ing l<' ;-rnd 1nult i-11nit l"<'Co rclin gs han ' n· ,·calcd ;1 sp;-1 t i,d ly on l1T1•d toI1otopic ;1xis, 

a lt e rnatill p; lrn ncl s o f hi11a11ra l response properti es, \\']1 ic l1 rn11 p<' rp <' 11di c1 1L-1r to 

isofrequc11 cy pl ,111 <'S . ,rnd c 11 cocli ng oft /)(' s l1 c1 pc oft lw a m us t ic sp<'c t rnm r1ccord 

i11 g to spec tra l g ril di c nt s ac ross t.l1<' iso frcqu ency pl i1 1H' s [ I (i]. It is poss ih/1 · t Ii a 1. 
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a VLSI m odel of som P or a ll of th ese responses could be d C' , ·e lopC'd, us111 g tl w 

respo nses of VLSI cochlea chip and oth er ana log VLSI cochka m odel ex t Pnsions 

as input. 

Fin a lly, the re is tli e poss ibility of using th e VLSI cochka mod C' I a nd /or a 

VLSI AI m ode l as a front -e11d processor for a speech recogniti on sys tem basC'd 

on neura l ne t works or hidden Markov models [17]. 

4.9 Conclusions 

A se t of !t a rcl wa re and so ft. ware e lemc11t.s were des igned i1 1 ord <· r to creat<' a d aL-1 

acqui s iti o JJ int e rfa ce o f tl1 c swit.cli ed-ca pac if or roc hl ca cl1ip of Lill . T l1 <' <1 cq11i 

s it.i o 11 sys t. cm in clud c> d clockill g m C'c!i a lli sms, A/D a ll cl I) / 1\ illf C' rf;-iccs, ch;-11 1ll e l 

ba nk se ]C'c t m ecli a lli sm s. smoo t liing filt e rs. a 11cl da t a a,q11i s it io 11 so ft 11·,-ir ('. T he 

so ft ware \\'a s ck signecl to a l lo\\' fo r spC'cch da t a to ii <' cf fi ci<' 1il I_\' p rnc<'sse cl by 

th c cochl C'a rn ocl C' I a llcl rPconkd ill a for m whi ch was i111port ;-tl ilc to pr<'-<'X ist in g 

s ig na l a 11 it lys is softwar C' . SC'nT,ti tes ts \\'C' I C' perform cd to s l1 oll' tl1 c usd1tl11 C'ss o f 

tl1 e sys tcm , ill clucling s i11 gk tone , dou hlc tone, vowe l. iso l;-tt ed ll'orcl . a 11d con

nc>ct.c cl ll'o rd cxr1 mpl C's. Tlw sys t C' lll pC' r fo rm cd app ro pri ;tf <' I_\'. ,1 11C I i.~ ;1 f;-1st 11·;i_1· 

o f j) C' rforn1i11 g cochl ea r proe<'ss ing of speech da t ,1. 
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Appendix A 

Source Code for cocl1int.c 

I* VSLI Cochlea Model System Interface Program *I 

I* system includes *I 

#include <stdio.h> 

# include <stdlib . h> 

#in clud e <graphics . h> 

#includ e <math . h> 

#include <conio.h> 

# include <io . h> 

#includ e <f cntl . h> 

#include <sys\stat.h> 

#include <time . h> 

I* FLASH12 include s *I 

#include "hsa.h " 

#include "cio.h" 
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I• defines•/ 

#define i_block 8192 I* input blocksize •/ 

#define ESC Ox1b 

#define BASE_ADDRESS Ox2300 

#define sf short far 

/• Global Variables•/ 

void initialize_flash(); 

int slength; f* sampling period in nanose cond *I 

long length; / * length of audio file *I 

char title[8O]; f* title of audio file *I 

short md =EGAHI,dvr= EGA ; f* graphics variables *I 

int bank_codes[4]={239,253,247,251}; I* bank s e l ect codes *I 

I* Measurement codes *I 

char Measurements[] = { CHAN_O I TIMES_2O I BIPOLAR I SNGL_ PO S 

CHAN_! TIMES_2O BIPOLAR SNGL_POS 

CHAN_2 TIMES_2O BIPOLAR SNGL_POS 

CHAN_3 TIMES_2O BIPOLAR SNGL_POS 

CHAN_4 TIMES_2O BIPOLAR SNGL_PO S 

CHAN_5 TIMES_2O BIPOLAR SNGL_POS 

CHAN_6 TIMES_2O BIPOLAR SNGL_POS 

CHAN_7 TIMES_2O BIPOLAR SNGL _POS 
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CHAN_8 TIMES_2O BIPOLAR SNGL_NEG , 

CHAN_9 TIMES_2O BIPOLAR SNGL_NEG, 

CHAN_1O TIMES_2O BIPOLAR SNGL_NEG, 

CHAN_11 TIMES_2O BIPOLAR SNGL_NEG, 

CHAN_12 TIMES_2O BIPOLAR SNGL_NEG, 

CHAN_13 TIMES_2O BIPOLAR SNGL_NEG, 

CHAN_14 TIMES_2O BIPOLAR SNGL_NEG, 

CHAN_15 TIMES_2O BIPOLAR SNGL_NEG 

f* print centered text *f 

void center_print(char *s,int y) 

{ 

gotoxy(((SO-strlen(s)) / 2),y); 

cprintf("1/. s ",s); 

} 

I* create title page *f 

void titl e _page() 

{ 

clrscr () ; 

textbackground(1); 

textcolor(14); 

highvide o (); 

} ; 

center_print("VLSI Cochlea Model Int erface System\n" ,3 ) ; 

textbackground(O ); 



normvideo () ; 

center_print("Press any key to continue . .. ",7); 

getch(); 

} 

I* turn on D/A otput *I 

void run_anout() 

{ 

RunMod e(RUN_NOBUF_REG); 

dac_ctrl(ARBITRARY_WAVEFORM I BIPOLAR_5V, ARBITRARY _WAVEFORM 

BIPOLAR_5V); 

set_delay(slength,NANOSECOND); 

RunMode( RUN_BUF_REG); 

} 

I* read audio file *I 

void read_audi o(char *fn,long offset,long r_length ) 

{ 

int i,j ; I* general index *I 

int fh; I* file handle *I 

int num_pointers ; I* number of pointers f or aud io dat a *I 

unsigned int data,tmp; I* temporary data *I 
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static short buffer[8192]; I• buffer used to transfer data•/ 

long time,addr; /• time of data and address•/ 

printf ("\nOpening file ... \n"); 

fh = _open(fn, D_RDDNLY); 

lseek(fh,offset,SEEK_SET); 

printf("Reading in acoustic data .. offset=%ld size=%ld\n ... please wait. \n", 

offset,r_length); 

system("hpmode speed high" ); 

time= Ox100000L; 

{ 

printf ( "Loading DAC RAM ... "); 

addr=O; 

for (i =O;i< 16; ++i ) 

for(j=O;j<8192;) 

if((addr+8192)<r_length) 

{ 

_read(fh,buffer,16384 ) ; 

addr+=8192; 

j+=8192; 

} 

else 

if(addr<r_length ) 

{ 

_read(fh,&buffer,(2•(r_length-addr))); 
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} 

j+=(r_length-addr); 

addr+=(r_length-addr); 

} 

else 

buffer[j++]=32767; 

printf (" . "); 

LoadDACBuffer((short far*)&buffer,8192,time); 

if(time==Ox100000L) 

time=-1L; 

} 

printf("\nWaveform loaded . \n" ); 

_c lose(fh); 

LoadDACBuffer((short far *)&buff er,OL,-2L); 

printf("\n1/.ld dat a points read in.\n\n",r_length ) ; 

system("hpmode speed low"); 

printf ( "press any key to continue . . . \n" ) ; 

getch(); 
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I* initialize WBFLASH-12 card*/ 

void initialize_flash() 

{ 

SetBase(BASE_ADDRESS); I* set card base address *I 

in_8536(); I* Initialize Main 8536 *I 

PointToDaughter(); /* Talk to Daughterboard *I 

in_8536(); I* Initialize Daughter 8536 *I 

PointToMainBoard(); /* point to main card *I 

pll(256,256); I* set pll *I 

DecompressEEPROM () ; I* read 1n calibration data *I 

BeSingleEnded (); 

} 

I* print menu choices *I 

char print_choices() 

{ 

clrscr () ; 

printf ( "Ent er Data Acquisit ion Choice : \n" ); 

printf (" \nl ... Demo Mode\n"); 

printf ( "2 . .. Process digitized data\n"); 

printf("3 ... Digitize analog audio data\n" ); 

printf("4 ... Output digitzed analog data for examination\ n"); 

printf("O ... Quit\n\n"); 

return(getch( )); 



} 

I* perform demo mode *I 

void demo_mode() 

{ 

int i,k,ybase,dis_bank=O; 

active_page, I* current page being written to *I 

visual_page, I* current displayed page *I 

holder, I* used to swap pages *I 

inch; I* input character *I 

long sample _t=10000L; /* default sample period *I 

unsigned int buff[640]={0}; I* AID input buffer *I 

SetDataDirection(BASE_ADDRESS,OxOO); 

DutputDigitalByte(BASE_ADDRESS,bank_codes[O] ) ; 

printf("press keys 0-3 to select 16-channel bank\n" ); 

printf("Type + or - to increase or decrease sampl e peri od \ n " ); 

printf("Type q to quit\n\n"); 

printf ( "press any key to begin demo mode ... \n" ); 

getch(); 

set_delay(sample_t,NANOSECOND); 

No_Trig(640L); 

initgraph((int far *)&dvr,(int far *)&md,"" ) ; 



LoadSRAM(16,(char far*)&Measurements,8192); 

wr_latch((short)Measurements); 

active_page=1; 

visual_page=O; 

setactivepage(active_page); 

setvisualpage(visual_page); 

do 

{ 

do 

{ 

TakeTrace( 16 , HSCard->Chan_and_Range); 

CollectTraceData(-0,640,(sf *)&buff,16); 

for(i=O;i<640;++i ) 

buff[i]=(buff[i]-32768) >> 9; 

cleardevice (); 

for (k=O;k<16;++k ) 

{ 
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ybase=(16-k)*20; 

moveto(O,ybase - buff[k]); 

for(i=O;i<640; i+=16) 

lineto(i,ybase - buff[i+k]); 

} 

setactivepage(active_page); 

setvisualpage(visual_page); 

holder=active_page; 

active_page=visual_page; 

visual_page=holder; 

}while( 1 kbh it()); 

inch=getche (); 

if(inch=='O') 

dis_bank=O; 

if(inch=='l') 

dis_ bank= 1; 

if(inch=='2') 

dis_bank=2; 

if(inch=='3') 

dis_bank=3; 

if(inch=='+') 

{ 



sample_t *= 1.2; 

set_delay(sample_t,NANDSECOND); 

} 

if(inch =='-') 

{ 

sample_t *= 0 . 833; 

set_delay(sample_t,NANOSECOND); 

} 

if(inch=='q') 

dis_bank=-1; 

SetDataDirection(BASE_ADDRESS,OxOO); 

DutputDigitalByte ( BASE_ADDRES S,bank_codes[di s_bank]); 

}while(dis_bank 1 = -1); 

closegraph(); 

} 

I* a cquire certain amount of A/D data *I 

void do_acquisition(long start, I* place to start D/A data *I 

long stop, I* place to end D/A data *I 

int bank ) I* channe l bank to record from *I 

{ 

long l_length; I* actual length to record from *I 
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} 

SetDataDirection(BASE_ADDRESS,0xOO); 

DutputDigitalByte(BASE_ADDRESS,bank_codes[bank]); 

l_length=(stop-start)*16L; 

No_Trig(l_length); 

LoadSRAM(16,(char far*)&Measurem ents,8192); 

wr_latch((short)Measurements); 

run_anout(); 

TakeTrace(16,HSCard->Chan_and_Range); 

I* acquire 1 channel of A/D data *I 

void do_acquisition _1(long l_length) 

{ 

SetTriggerSource(0,128); 

PreTrigger = 100; 

PostTrigger = l_length; 

TriggerTimeout = 1000000; 

TakeDneTrace(0,TIMES_4 ) ; 
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} 

#define buff_size 1000 

#define buff_len (buff_size * 16) 

I* process a frame of data *I 

void process_sub(int fh,long ad_length) 

{ 

FILE *fp; 

int i,j ,k, I* loop variables *I 

num_passes, I* number of passes *I 

am ount; I* how mu c h dat a 1s written to disk *I 

long addr, I* where in A/D buffer memory we are *I 

left, I* h ow much i s left to wr ite to disk *I 

int bank; I* which bank we are reading from *I 

static unsigned int ou t _buff[buff _len]; I* disk output buff e r *I 

printf ( "Pro cess ing Cochlear Response \n" ); 

for (bank=O;bank<4;++bank) 

{ 

printf ( "Bank #1/.d\n",bank); 

do_acqui sit ion (O, ad_length+overlap,bank); 

system("hpmode speed high"); 



num_passes=(ad_length/buff_size):1; 

print£ ( "Gathering data in 1/.d passes ... \n", num_pass es) ; 

addr=OL; 

left=ad_length*16L; 

print£ ("Writing to file ... "); 

CollectTraceData(addr,overlap,(sf *)&out_buff,16); 

addr=overlap; 

for(i=O;i<num_passes;++i) 

{ 

printf(" . "); 

left=left-buff_l en; 

if (left>O) 

amount=buff_len; 

else 

amount=buff_len+left; 

printf ( "amount=1/.d addr=1/.ld . .. ",amount, addr); 

CollectTraceData(addr,amount,(sf •)&out_buff,16 ) ; 

for(j=O;j<buff_size;j=j+1) 

if((j*16)<amount) 

_write(fh,out_buff+(j•16),32); 

addr=addr+buff_len; 

} 

system("hpmode speed low"); 



} 

printf("Done 1 \n"); 

printf("press any key\n"); 

get ch(); 

} 

I* record a channel of A/D data for later use *I 

void record_data() 

{ 

FILE *fp; / * file pointer (ASCII stream)*/ 

int fn; I* file handle (binary file)*/ 

char file_name[80], I* base file name *I 

t[75], I* keyboard input buffer *I 

header_file[80] ,/* header file name *I 

data_file[80]; I* data file name *I 

char *title; I* title of data *I 

int i,j ,k,num_passes,amount; 

long addr,ad_length,left; 

unsigned int out_buff[buff_size]; 

printf ( "\nEnter sampling period 1n ns : "); 
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scanf("'l.d",&slength); 

printf("\nEnter Length of data (points): "); 

scanf("'l.ld",&length); 

printf("Length=1/.ld\n",length); 

printf("\n\nEnter file name: "); 

scanf ( "1/.s", file_name); 

printf ( "\nEnter Title: " ); 

t[0]=75; 

title=cgets(t); 

printf ( "\nWri ting file ... please wait .. . \n" ); 

strcpy(header_file,file_name); 

strcat(header_file,".hed"); 

strcpy(data_file,file_name); 

strcat (data_file,". dat "); 

printf ( "Header file=1/.s Data file=1/.s\n",header_fil e,data_file); 

fp=fopen(head er_f ile,"w"); 
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fputs(title,fp); 

fprintf(fp,"\n1/.ld 1/,d\n" ,length,slength); 

fclose(fp); 

if((fn=_creat(data_file,0))==-1) 

{ 

printf("Open failed\n"); 

exit(-1); 

} 

slength=slength*2; 

set_delay(slength,NANOSECOND); 

printf("Ready to Record, Press any key to begin : \n" ); 

get ch(); 

do_acquisition_l(length); 

num_passes=(length/buff_size)+l; 

printf ("Gathering data in 1/.d passes .. . \n" ,num_passes); 

addr=O; 



left=length; 

Print f ( ti Writ i ng to f i 1 e . . . ti ) ; 

for(i=O;i<nu.m_passes;++i) 

{ 

printf(". "); 

left=left-buff_size; 

if Cleft>O) 

amount=buff_size; 

else 

amount=buff_size+left; 

printf("amount=1/.d addr=1/.ld\n",amount,addr); 

CollectTraceData(addr,amount,(sf *)&out_buff,1); 

_write (fn,out_buff,(2*amount)); 

addr=addr+amount; 

} 

} 

printf ( "Don e ' Press any key \n"); 

_close (fn); 

getch(); 

I * process full length data *I 

void full_process () 



{ 

char data_file[80]; f* speech data file name *I 

char file_name[80]; f* file base name *I 

char header_file[80]; I* head file name *I 

FILE *fp; f* file stream pointer *I 

long length_left; /* file length left to process *I 

long overlap; 

#define frame_len 15000L/* length of processing frame *I 

clock_t start_time; I* timer variable *I 

long offset=OL; I* offset variable *I 

int fh; I* binary fil e handle *I 

{ 

printf ( 11 \nEnter digitized audio filename: 11
); 

scanf( 11 'l.s 11 ,file_name); 

strcpy(data_file,file_name); 

strcat (data_file, 11
• dat 11

); 

strcpy(header_file,file_name); 

strcat(header_file, 11 .hed 11
); 

printf( 11 Header file='l.s Data file='l.s\n 11 ,header_file,data_file); 

if((access(data_file,O)+access(header_file,O))) 

{ 
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printf("There is no such file'\n"); 

sound(600); 

delay(250); 

nosound(); 

} 

} while(((access(data_file,0))==-1) I I ((access(header_file,O))==-l)); 

fp = fop e n (he ader_file, 11 r 11
); 

fgets ( titl e ,4 0 ,fp ) ; 

fscanf ( fp,"1/.ld 1/.d 11 ,&length,&slength); 

highvideo () ; 

printf ( "\nTitle: 1/.s\n",title); 

norrnv ideo () ; 

printf ( "Length : 1/.ld\n",length); 

printf("Sarnpling Period: 1/.d ns\n",slength); 

overlap=S000 . 0/ (slength/1000.0) 

fclose (fp); 

I* shoo t f or 5ms ov erl ap *I 

printf ( "\nOffset for processing: "); scanf ("1/.ld 11 ,&offset ) ; 

printf ( "Length of processing: 11
); scanf ( 11 1/.ld 11

, &length ); 

offset=offset*2; I * convert to bytes *I 



length=length/8; I* convert to A/D samples *I 

set_delay(slength,NANOSECOND); 

system("del audio.out"); 

if((fh=_creat("audio .out",0))==-1) 

{ 

printf("Open failed\n"); 

exit(-1); 

} 

start_time=clock(); 

length_left=length; 

do 

{ 

if(length_left > frame_len) 

{ 

printf ( "Running full fram e .. . \n" ); 

initialize_flash(); 

printf ("calling read_audio offset=1/.ld size=1/.ld\n" , 

offset,(frame_len*8)); 
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} 

read_audio(data_file,offset,((frame_len+overlap)*B)); 

offset+=(frame_len*B*2); 

length_left=length_left-frame_len; 

process_sub(fh,frame_len,overlap); 

} 

else 

{ 

printf ("Running partial frame ... \n"); 

initialize_flash(); 

printf("calling read_audio offset=1/.ld size=1/.ld\n", 

offset,(length_left*8)); 

read_audio(data_file,offset,((overlap+length_left)*8)) ; 

process_sub(fh,length_left,overlap); 

length_left=O; 

} 

} while(length_left 1 = O); 

_close(fh); 

printf("Ellapsed time = 1/.ld\n" ,clock()-start_time); 

printf ( "Done 1 \nPress any key to continue .. . "); 

getch(); 
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I* preview speech *I 

Void preview() 

{ 

char title[40], /* speech file title *I 

file_name[80], I* base file name *I 

data_file[80], I* data file name *I 

header_file[80] ;I* header file name *I 

FILE *fp; I* ASCII file stream *I 

long offset, I* data offset *I 

listen_length; /* length of data to listen to *I 

{ 

printf("\nEnter digitized audio filename: 
11

); 

scan f ( "1/. s " , f i 1 e _name) ; 

strcpy(data_file,fi le_name); 

strcat ( data_file,". dat 11
); 

strcpy(head er_fi le,file_name); 

strcat (header _file, 11
• hed"); 

printf("Header file=1/.s Data file=1/.s\n 11 ,header_file,data_file ) ; 

if((access(data_file,O)+access(header_file,O))) 

{ 

printf("There is no such file 1 \n 11
); 



sound(600); 

delay (250); 

no sound(); 

} 

} while (((access(data_file,0))==-1) I I ((access(header_file,O))==-i)); 

fp = fopen(header_file,"r"); 

fgets (title,40, fp ); 

fscanf(fp," 1/.ld 1/.d",&length,&slength); 

highv ideo(); 

printf ( "\nTitle: 1/. s \n" ,t itle); 

normvide o (); 

printf("Length : 1/.ld\n", length ) ; 

printf("Sampling Period: 1/.d n s \n 11 ,slength); 

fclose(fp); 

length=length / 8; 

set_delay(slength,NANOSECDND); 

printf ( "Enter off set: ") ; scanf ( 11 1/. ld 11
, &off set ); 

printf ("Ent er listening l ength : 11
); scanf ("1/.ld 11 ,&listen_length); 

(i () 



initialize_flash (); 

read_audio(data_file,(offset*2), listen_leng
th

) ; 

run_anout (); 
. ( t d for review. \n"); 

printf "\nWaveform is now being genera e 

printf("Press any key to continue . . . "); 

getch(); 

RunMode(STOP_MODE); 

} 

I* main program *I 

void main() 

{ 

char choice; I* menu choi ce 

int quit=O; I* qu it 

int J ; 

ti tle_page (); 

initialize_flash ( ); 

do 

{ 

flag 

choice=print_choices(); 

switch (choice) 

{ 

*I 

*I 
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case '1': demo _mode(); 

break; 

case '2' : full_process(); 

break; 

case '3': record_data(); 

break; 

case '4': preview(); 

break; 

case '0': quit=l; 

break; 

default break; 

} 

} wh ile(quit -- 0); 

} 
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