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Abstract

state of the art multichannel analog I/O modules are generally

designed for data acquisition without regards to digital control

applications. An external processor int e rfaces to the module in some

sort of synchronous scheme which by its very nature limits either t he

number of channels that can be selected or the maximum rate of change

of these signals. Thus ,it is apparent that the design of a data

acquisition module with emphasis on digital control applications is

needed.

A dedicated multichannel analog I/O module was designed to provide

an asynchronous sampling of multichannel input signals and a

synchronous interface to an external processor for initializing and the

accessing of data. This will allow the external processor to access

the binary data and not retard the convers ion process. The module is

init ialized by programming the rate of the sample clocks and the

sequence of the analog input channels. The module was designed to

interface to Intel's MULTIBUS bus structure and to process analog

signals which are preconditioned.

The sections used on this dedicated module can typically be found

in analog I/O modules with the ex ception of the timing controller state

machine and the 16 by 16 dual port SRAM. The onboard timing controller

provides the intelligence needed to convert the analog input signals

independent of the external processor. The analog input signals are

multiplex ed and converted to 13 and 16 bit word s at a through-put rate

of 80 KHz an d 47KHz, res pect ively . The du al por t SRAMs all ow t he

extern al pr oce s sor to acc ess th e converted data a t it s l e i s ur e without



inhi b i ting the conversion process. other unique sections include the

decode, programmable clock and nonlinear gain amplifier sections.

vi i



PART I

1.INTRODUCTION

The dedicated multichannel AID converter module (DMA/DCM) differs

from currently available analog 1/0 modules in the following ways. Two

independent conversion paths are available. A 16 bit path, for slow

rate of change signals, has seven single ended input channels and a 12

bit DAC input channel to provide a 16 bit wide conversion path with a

through-put rate of about 47.0 kilosamples per second. The other path

is a 13 bit path for fast rate of change signals. It has seven single

ended input channels and a 12 bi t DAC input channel. The 13 bit

conversion path has a through-put rate of about 80.0 kilosamples per

second. In addition, the 13 bi t path can achieve a 16 bi t dynamic

range with the aid of a nonlinear gain amplifier (NGA).

The intelligence of the DMA/DCM lies within its ability to perform

onboard tasks independent of an external processor. There are five

performed tasks that vary in levels of complication. First, the

simplest task is the generation of -XACK for MULTIBUS interfacing.

This signal is generated by the module when the module has been

addressed on a read or write command. Next, if an analog input signal

is being converted and a memory read is ini tiated by the external

processor, then a wr i te lockout command will be issued to the module

memory to prevent the converted data being read from being corrupted by

more da ta from the converter. Third, the 13 bit path contains hardware

to vary the gain of the input signal based on a threshold.

1
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provides a greater dynamic range for the 13 bi t path. The 13 bi ts

contain 12 bits of conversion data and 1 bit, the most significant bit,

that indicates whether the gain of the NGA was one or eight based on

the threshold. Fourth, the module generates two independent

programmable sample clocks used to synchronize the converters and

support hardware. These clocks can be programmed to a value between

6.0MHz to less than 1. OHz by dividing 6. OMHz by an integer value.

Fifth, there are two independent sequencing memories. These memories

operate as variable length FIFOs and are used to independently control

the channel selections.

The emphasis for designing this module was not for data acquisition

but rather for digital control applications. Thus, it became necessary

to enhance the independence of channel selection via the use of a

programmable timing state machine which would control the sequencing of

the channels and rate of channel selection.

2



PART II

2.0 TECHNICAL BACKGROUND

The reasons for designing a "dedicated" multichannel AID converter

module with onboard intelligence arise in part from the evaluation of

some background information on analog IIO modules and digital control

systems. Part II presents in a general sense some of the reasons,

methods and requirements needed for the design of this dedicated

(having a specific purpose) module.

Section one of part two establishes a minimal acceptable sampling

evaluating spectral distortion andfrequency

functions

by

of the sampling frequency. Section

phase shifting as

two of this part

presents, in a brief overview, the performance of state of the art

analog 1/0 modules. Section three of part two compares 12 and 16 bit

successive approximation AID converters wi th respects to their

conversion speeds and resolutions. The final section presents certain

design criterion for multichannel AID converter module design.

3



2.1 Sampling Requirements for Digital Control Systems

Many digital control systems (DCSs) are designed today to replace

existing analog control systems (ACSs). These DCSs must typically meet

the same performance requirements placed upon the ACSs. These

requirements can be divided into two groups: time (step) response and

frequency response. The time response of the system portrays the

transient and steady state performances. The frequency response (open

and close loop) helps to illustrate the stability and bandwidth of the

system.

The Nyquist sampling theory suggests that a signal must be sampled

(multiplied by an impulse train) at a sampling frequency which is at

least twice the highest frequency of interest. 7 This will, in

theory, preserve the frequency information by preventing spectral

overlap (aliasing). There are two major difficulties with sampling at

the Nyquist rate for DCSs. First, phase due to sampling is added to

the system's open loop frequency response. If the added phase is too

great, it could lead to system instabili ty and reduced bandwidth. In

addition, simple compensation techniques may not provide adequate

phase correction. Second, an impulse train is, in reality, a series of

square wave pulses which translate into a spectrally overlapping s i nc

pulse train in the frequency realm.

leads to degraded servo performance.

The spectral overlap (aliasing)

Thus, it becomes necessary to

establish a minimal acceptable sampling frequency (MASF) , other than

the Nyquist rate, by determining how phase and spectral overlap effects

the DCS's performance.

Spectral overlap becomes a significant factor when the sampling

4



fr:equency «J )
s

is slowed or: the sample pulse width is increased.

Figure 2.1 shows how spectral overlap of adj acent s inc pulses is a

function of the normalized sampling frequency (NSF) and the normalized

duty cycle (NDC) of the sampling waveform. It should be noted that

generally the MASF for 1% of distortion or less is 10 samples per

sample period with a 5% NDC.

The stability of an ACS is illustrated in the frequency realm via

the phase margin of the open loop response. A stable system will have

less than - 180 degrees of phase at the crossover frequency «J ).
c

Generally, the phase margin should be 30 degrees or more for both a

stable and realizable ACS.
6

The phase response of a low pass analog filter and its digi tal

equivalence will be compared to show how the normalized sample rate (T)

effects the phase response. The normalized sample rate, the inverse of

the NSF, is

Where (J
c

fr:equency

is

T

the fr:equency at cr:ossover and (J
s

(2.1)

is the sampling

The tr:ansfer function (H(s» of the low pass filter shown in figure

2.2 is

1
H(s)

RCs + 1

5
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R

F 2.2
Low Pass Analog Filter

7



(This assumes no initial charge on the capacitor.) The frequency

response (H(jeJ» is determined by substituting "jeJ" into equation

2.2 for "s". Then H(jeJ) is rationalized into its real (ReH(jeJ»

and imaginary <ImH(jeJ» parts. Next, the magnitude (M(jeJ» and

phase (P(jeJ» of H(jeJ) can be determined. Thus, H(jeJ) becomes

1 - jRCeJ

H(jeJ) = ----------------------
1 + (RCeJ)2

and the magnitude and phase are

(2.3)

and

or

M(jeJ)

P(jeJ)

P(jeJ)

tan-1 [-ImH(jeJ)/ReH(jeJ)]

-1= tan (-RCeJ).

(2.4)

. (2.5)

(2.6)

The phase response for the analog filter at 1 radian/second, the -3DB

point, is -45 degrees when

R=C=l.

This is shown in Figure 2.3 .

(2.7)

The digital equivalent of the analog filter can be determined by

8



us ing the Pole-Zero
4

placement method to translate Hf s ) into the Z

domain. Thus, the low pass digital filter's transfer function (H(s»

becomes

H(z) =
K

(2.8)

The value of K, the gain of the digital filter, has no effect on the

phase of the filter. The phase (P(z» of the digital filter is

or

P(z) -1= tan (-ImH(z)/ReH(z)] (2.9)

P(z) -1 -T= tan [-Sin(T) I (Cos(T) - e )] (2.10)

A comparison of the analog and digital filter responses shows that

as the NSF increases the phase difference between the two filters

decreases. Thus, in general terms, a "good" approximation for P(z) is

P(z) = P(jQ) - l80T/n. (2.11)

Figure 2.3 illustrates the actual and approximate phase of the digital

9
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filter as functions of the NSF and the phase of the analog filter at

the -3DB point. It should be noted that if the NSF is 10 samples per

sample period. Then the added phase due to sampling is approximately 3

degrees. This is a relatively insignificant amount of added phase.

However, if the NSF is at the Nyquist frequency of 2 samples per sample

period, then the added phase due to sampling is approximately 16

degrees. This may introduce an unacceptable amount of phase and

results in a greatly reduced phase margin. The HASF is dependent upon

how much the phase margin can be reduced.

A digital filter will typically interface to a continuous plant via

a zero order hold (ZOH). By definition, 5 the transfer function for a

zero order hold is

1_e-sT

or simply

ZOH(s) =
s

2sin(l80T)
ZOH(jQ) = --------------------

(2.12)

(2.13)

The phase added due to the zero order hold can be normalized with the

frequency of interest and is equal to

-180T. (2.14)

(This phase and the phases associated with a first order hold and a

11
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pure delay are plotted in Figure 2.4.) The phase added due to the ZOH

is linear with r espect to the NSF. If the NSF is 10 samples per sample

period, then the added phase due the ZOH is approximately 18 degrees.

However, if the NSF is at the Nyquist frequency of 2 samples per sample

period, then the added phase due to the ZOH is approximately 90

degrees. As the NSF decreases it becomes more apparent that the phase

margin will quickly reduce to nothing.

The total approximate phase added (PA(j<..») · due to sampling and

the ZOH to the analog system's phase response at the -30B point can be

expressed as

'V- : 0. ,

PA(j<..» l80T(l+lITT) . (2.15)

The designer shou ld det ermine how much of a phase margin reduction is

acceptable and force T to the rate which will at least provide this

phase margin . It has been
4

suggested that for a system wi th human

feedback, that the NSF be at least 10 samples per sample period. From

a spectral distortion viewpoint, the NSF should be at least 10 samples

per sample period for a l~ or less distortion level with a NOC of 5~.

Thus, it can be conc luded that generally the MASF for OCSs should be at

least 10 samples per sample period. This MASF will result in a

combined added phas e at the - 30 B point of 20.9 degrees or a 5. 8~ t ime
\

delay of t he original signal. 2.1 ',,;: ... \1, .:) " ~ : f) . '

Figure 2 .5 s hows the digital and analog filter's step responses.

The e f f ec ti ve ana log r e s pon s e of t he di gital filter is shown as a phas e

sh ifted an alog r esponse in Figur e 2. 5 also.

13
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The through-put rate of

2.2 Intelligent Analog I/O Modules

Most analog I/O modules to data are limited to 12 bits of

resolution for the converted signals
21

these modules varies from 9.5 to 50 .0 kilosamples per second. The

number of channels ran ge fr om eight differential to thirty-two single

ended inputs. The majori ty of the modules interface to an eight bit

data bus in a synchronous fashion. Two reads commands are typi cally

required to access all twelve bits of converted data. In addition, the

external system generally synchronously controls the sample rate and

channel selection.

The intelligence of an analog I/O board is defined as the ability

of the module to independently control onboard functions without

external commands except for initialization and the accessing of

converted data. Module intelligence would include the programmable

gain amplifier (PGA) function for amplifying input signals on a per

. 1 b . 23cnanne aSlS. Many modules provide this function at discrete

gains, i.e. 8X, 2X, l2024X. This gain usually is changed via the

reini tialization of the
24

module. Certain modules are capable of

being programmed to flag the external system in a particular manner

upon completion of a conversion. The flagging of the system is called

scan control and includes four
22

modes. The modes are a CPU

in terrupt, holding data until its read, polling CPU when data is ready,

and holding data and polling CPU when data is ready. Other intelligent

f
. 20

unctIons include the option to select between serial or parallel

interfacing, short cycles wi th or without auto gain, self test

capab i l ities, and trigger control f or starting conversion s.

15
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the aforementioned modules generally require a halting of data

conversion when the ex ternal processor accesses the module memory. It

would be unfair to say that no analog IIO modules provide the

intelligence needed for DCS applications. However, few if any have

been designed with DCS application needs as the chief emphasis.

2.3 AID Conversion Time vs Bit Resolution

There is a definite limitation in using a successive approximation

(SA) 16 bi t AID converter as opposed to us ing the more popular SA 12

bi t AID converter. That limitation is conversion or aperature speed.

Conversion speed (CS) is defined as the amount of time the converter

needs to make a single conversion to the full scale resolution of the

d
. 1

eVlce. The typical SA 12 bi t AID converter has a conversion speed

of from I to 50 microseconds. The typical SA 16 b i t AID converter has

a conversion speed of from 17 to 170 microseconds. The ideal SA 12 bit

AID converter is 16 times faster than the ideal SA 16 bit AID converter.

However, this is not the entire picture. The ideal SA 16 bit AID

converter is 16 times mor-e accur-ate than the ideal SA 12 bi t AID

conver-ter due to the resolution difference. The amount of
1

error

associated with the conver ter is equal to

1

e = ------ ------
2n

(2.16)

where "n" is the bit siz e of the converter, i.e. 12 or 16 bi ts. The

16



error (nonlinearity) of all parts that process the analog signal before

it reaches the AID converter should be less than the error associated

with the converter.

Ther e is another consideration that is related to converter

1 · h'd 1 It ' 1 dse e c t i o n . Tel ea SA A D conver er r equ i r e s a sample an hold to

reduc e its effective CS if the signal being converted has a period

greater than

t
max

21T(CS)2n
(2.17)

For example, a 12 bi t converter wi th a CS of 1 microsecond needs a

sample and hold if the frequency of the input signal is greater than

38.85 Hz or if the period is faster than 25.74 milliseconds. A 16 bit

conver ter wi th the same 1 microsecond CS would require a sample and

hold if the input signal is greater than 2.428 Hz or faster than 411.7

milli seconds.

2.4 Optimum Usage of AID in Multichannel Configuration

The optimum usage of an AID converter ina multichannel

f
. . 8

con 19uratlon requires the designer to weigh several items of

concern. First, can the AID be shared between several channels or

s hould c ertain channel s have dedicated AID converters? Will all i n pu t

channel s have t he same dy namic r ange or will certain channels require

greater input ampl i tud e s ? What wi ll the rate of change of t he s ignals

on the s e ch annel s be and how qui c kl y mus t the conversion take pl a c e?

How much c an be spent on parts and what is the power l i mi t a t ion ? These

17



questions and more must be addressed by the designer in an attempt to

define what multichannel configuration should be used in their

particular application.

The limitations placed on the design of a multichannel system can

be divided into the following groups; cost, power, size, application

speed, accuracy, and module intelligence. The first three limi tations

force the designer .t o take inventory of their wallet, their power

consumption limits and the amount of real-estate (board space) that

they have available. The application in this particular case was to

design a multichannel module that would interface to a digital control

system. Thus, it became necessary to focus in on certain performance

requirements (see section 2.1) that probably would not be important in

a data acquisition application that is not control related. Speed and

accuracy are inversely related to one another (see section 2.3). The

designer should do a trade-off study between the rate of change of the

input signals and the amount of resolution required for his

application. The final parameter of interest is the module

intelligence (see Section 2.2). certain applications will require no

onboard intelligence. The digi tal control application of the analog

I/O module would generally require either a fast interface between the

external proces sor or an independent control of the sampling and

conversion performed on the module. Thus, an optimum design is

relative to the aforementioned limitations and cannot be qualitatively

defined.

18



PART III

3.0 DEDICATED MULTICHANNEL AID CONVERTER MODULE . HARDWARE

Part three is divided into seven sections and deals with the

dedicated multichannel AID converter hardware. This part covers both

the philosophy of design and the design itself. Although every detail

of the actual module is not explained in this part. The reader should

be able to understand the detailed schematics in section seven after

reading part three.

section one of part three describes the sample timing controller

circui t. This circuit provides the independent control over the

channel selection and the rate of selection after the module has been

initialized. section two explains how the nonlinear gain amplifier, a

cousin to the programmable gain amplifier, functions. This section

also describes how hysteresis around the thresholds of the nonlinear

gain amplifier was designed. Section three of part three explains. in

a general sense, the 12 bit AID converter path. While section four

describes the 16 bit AID converter path. The hardware needed to

interface to Intel's MULTI8US is explained in section five. Section

six deals wi th the 16 by 16 dual port SRAMs and wri te lockout logic.

The final section explains the module buffering, signal decoding and

programmable clock circuits.
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3.1 Sampl e Ti mi ng Cont~olle~ Ci~cuit

The hea~t of t he Dedicated Multichannel AID Converte~ Module is the

Sample Timing cont~oller (STC). The controlle~, one fo~ both conve~te~

pa t hs, is div i ded i n t o th~ee sections ; the p~og~ammable c lock (PC), the

window l og i c (WL) and t he s equence memory (SM). The se t.hr ee

subsecti ons can be l ooked at as a pr'og r ammabLe leng th FIFO. The FIFO

can be p~ogrammed to be from 1 to 256 nibbles long and 4 b its wide .

The PC shown in Figure 3.1 generates the clock for the conver t er

path via the use of a AM9513 I C. .The AM9513 contains f ive independent

16 bit coun ters which can be configured in various ways. The PC

(See section 3.7 for mo~e

consists of two i ndependent 32 bit counters which d ivide the 6 ,OMHz

clock by the value loaded into the 32 bit counte~, The count value is

loaded into the 32 bit counter is in negative 2's complement notation

and up count ed to i t s te~minal count.

i nformati on . )

The WL shown in Figure 3 .2 is an eight b it synchronous counter

whi ch controls the address l i ne s for the sequence memory. The WL is

clocked by ei t he r a delayed active wri te during ini tialization o r the

i nv e r t ed end of c onve r s ion f r om the conve r t e r during normal ope r a t i on .

The c l e a~ line of the eigh t bi t c ounte~ is asynch~onously cleared upon

initiali z at ion by writing t o addr e s s 10H f or the 16 bit AID coun t e r

cloc k o~ add~e ss 11 H for t he 12 b it AID counter clock . The counte~ is

cleared duri ng no r maI o pe r a t i on when both t he 4th bi t i n the sequence

memo ry a nd the i nv e r t ad e nd of c onve r s ion f r orn t he AID conver t e r are

active ( a l ogic one). The c Le a r i ng of the coun t e r is inhibited during

the l oad i ng of t he sequenc e memory. At th e last sequence add~es s the
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4th b i t is set for clearing the counter back to its i n i tial count

value. (See part five concerning initialization.)

The SM shown in Figure 3.2 is a volatile 256 by 4 memory space

which is loaded as a single external address, 14H for the 16 bit AID

clock and ISH for the 12 b i t AID clock. The first three bi ts in the

sequence memory represent the address of the analog input channel that

will be addressed and the location in the dual port SRAM where the

converted signal from that channel will be stored. The fourth bit in

the SM is used to clear the WL at the final nibble~
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3.2 Nonlinear Ga in Ampl ifier and Hysteresis circuits

The NGA (nonlinear gain amplifier) shown in Figure 3.3 performs the

function of extending the dynamic range of the SA 12 bit AID

converter. This is accomplished via the amplification of the absolute

value of the input signal by a factor of eight when it is smaller in

ampli tude than the absolute value of the . threshold voltage. A gain of

eight was selected because an external processor can easily divide by

eight wi thout using floating point techniques. The thirteenth bit of

the 12 bit converter word is set when the input signal has been

amplified.

scaling.

This bit is supplied to the external processor for

As the absolute value of the input signal exceeds the

absolute value of the threshold voltage the NGA is forced to unity gain

and the thirteenth bit of the 12 bit converter word is reset. Figure

3.4 shows the output response of the NGA section.

The hysteresis circuitry shown in Figure 3.3 was included within

the NGA section to prevent oscillations around the absolute value of

the threshold offset. The hysteresis circuit was designed to produce

synunetrical hysteresis at the po s i ti ve and negative threshold offsets.

The absolute value maximum of the hysteresis (MH) must be less than or

equal to the absolute value of the quotient of the full scale (FS)

deflection and the gain (G) of the NGA or

I MH I <

24
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The threshold or point where the gain changes is dependent upon the

direction of change of the input signal. For design purposes a family

of curves, shown in Figure 3.5, was generated so that the designer

could select the amount of desired hysteresis versus the values of R3

and R4.

Suppose, 0.2 volts of hysteresis are needed with the threshold

offers of plus and minus 0.8 volts. What are the values of R3, R4, VI

and V2 shown in Figure 3.3? The values of R3 and R4 are independent of

the threshold offsets or

R3 == 24(R4).

From Figure 3.4 and equation 3.2 the values of R3 and R4 are

(3.2)

and

R3 4.8kO (3.3)

R4 == 2000 (3.4)

Next, it is necessary to determine VI, the pas i ti ve threshold offset;

The value of VI is equal to

0.7(R3 + R4)
VI

R3

27
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or

VI = 0.73 volts. (3.6)

The maximum po s itive threshold (MPT) is the minimum pos i ti ve threshold

plus the amount of hysteresis or in this case MPT is 0.9 volts. The

value of the negative threshold offset is

or

V2 =
-O.9(R3 + R4)

R3
(3.7)

V2 = -0.9375 volts (3.8)

and the least negative threshold is - 0 . 7 volts. Thus, the hysteresis

around the threshold offsets of plus and minus 0.8 volts are

established as plus or minus o.i volts, respectively.

3.3 12 Bit AID Converter Path

The 12 bit AID converter path shown in Figure 3.6 is divided into

six sections; the analog multiplexer, the nonlinear gain amplifier, the

hysteresis circuitry, the sample and hold, the 12 bit AID converter and

the 8 by 16 dual port memory (SRAM). The timing for the 12 b i t AID

converter path is controlled by its own prog r ammabLe clock (CLOCKB).

The sequencing of the channels and the addressing of the dual port SRAM

is controlled by an independent sample timing controller.

The anal og mul ti pl exe r s elec t s one of ei ght channels ba sed on t he

three bit code a ppl i ed t o it s addre s s inputs fr om the s equenc e memory.
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Channels one through seven are precondi tioned bipolar 20 volt maximum

peak to peak input signals whose total maximum rate of change must be

less than 2.12 volts per microsecond or a through-put rate of 80KHz.

Channel eight of the analog multiplexer is the buffered output of a 12

bit DAC which is used to test and debug the 12 bit AID converter path.

The nonlinear gain amplifier provides gain control over the input

signal based on its amplitude. For low signal amplitudes inside the

threshold, the gain of the nonlinear amplifier is set equal to eight.

In addition, the most significant bit of the 12 bit converter word, bit

13, is set. For high level inputs signals, outside the threshold, the

gain is set equal to one. In addition, the most significant bit of the

12 bit converter word is reset. (See section 3.2 for more information.)

The hysteresis circuit provides control of the threshold so that

noise around the threshold will not cause the nonlinear gain amplifier

to change gains due to noise. (See section 3.2 for more information.)

The sample and hold is required to effectively reduce the aperture

or conversion time of the successive approximation 12 bit AID

converter. An offset adjust is provided so that the reference level of

the output of the sample and hold can be adjusted. The control line

input of the sample and hold is controlled directly by the inverted end

of conversion or status signal from the 12 bit AID converter.

The 12 bit AID converter is a high speed successive approximation

converter that generates a 12 bi t offset binary word that represents

the signal applied at its input. Adjusts for the bipolar offset and

reference are supplied for fine tuning the converter. The conversion

stars on the falling edge of CLOCKS and continues until completed. On
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the rising edge of -ECOB the converted data is stored in the 8 by 16

SRAM at the address defined by the sequence memory.

The 8 by 16 dual port SRAM provides the temporary storage for the

13 bits of binary information generated by the 12 bit AID converter and

the hysteresis circuit. This data is clocked into the dual port memory

on the rising edge of -ECOS. The address lines of the dual port SRfu~

are the outputs of the sequence memory. (See Section 7.7 for more

information. )

3.4 16 Bit AID Converter Path

The 16 bit AID converter path shown in Figure 3.7 is divided into

five sections; the analog multiplexer, the high speed buffer, the

sample and hold, the 16 bit AID converter and the 8 by 16 dual port

memory (SRAM). The timing for the 16 bit AID converter path is

controlled by its own programmable clock (CLOCKA). The sequencing of

the channels and the addressing of the dual port SRAM is controlled by

an independent sample timing controller.

The analog multiplexer selects one of eight channels based on the

three bit code applied to its address inputs from the sequence memory.

Channels one through seven are preconditioned bipolar 20 volt maximum

peak to peak input signals whose total maximum rate of change must be

less than 0.95 volts per microsecond or a through-put rate of 47KHz.

Channel eight of the analog multiplexer is the buffered output of a 12

bit DAC which is used to test and debug the 16 bit AID converter path.

The high speed buffer is used to match the input impedance of the

sample and hold with the output impedance of the analog multiplexer.

The sample and hold is required to effectively reduce the aperature
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or conversion time of the successive approximation 16 bit AID

converter. An offset adjust is provided so that the reference level of

the output of the sample and hold can be adjusted. The control line

input of the sample and hold is controlled directly by the inverted end

of conversion or status signal from the 16 bit AID converter.

The 16 bit AID converter is a high speed successive approximation

converter that generates a 16 bit complemented offset binary word that

represents the signal applied at its input. Adjust for the bipolar

offset and reference are supplied for fine tuning the converter. The

conversion starts on the falling edge of CLOCKA and continues until

completed. On the rising edge of -ECOA the converted data is stored in

the 8 by 16 SRAM at the address defined by the sequence memory.

The 8 by 16 dual port SRAM provides the temporary storage for the

16 bits of binary information generated by the converter. This data is

clocked into the memory on the rising edge of -ECOA. The address lines

of the dual port SRAM are the outputs of the sequence memory. (See

section 7.7 for more information.)

3.5 MULTIBUS Interface Logic

There are two fundamental requirements placed upon modules

interfacing to Intel's MULTIBUS. First, all address and data lines

have been inverted in this bus scheme. Second, the module must

generate a transfer acknowledge signal (-XACK) for the master processor.

To compensate for the inverted data and address bus all address

lines are inverted on the DMA/DCM via three 74LS240's. All data lines

are inverted in software via the development system. The control lines
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are not inverted but rather are buffered through a single 74LS244.

The contro l signal - XACK is generated by clocking two flip flops

with the asynchronous clock -BCLK. When either -MWTC or -MRDC, memory

commands, goes inactive the two flip flops are asynchronously

cleared . The clear ing of the flip flops forces -XACK inac ti ve . Figure

3.8 shows the -XACK generating circuit and Figure 3.9 shows the

associated timing of that circuit. It should be noted that the -XACK

goes active from 100 to 200 nanoseconds after an active read or write

to the module. Then the -XACK signal will go inactive within 65

nanoseconds after the active read or write goes inactive.

3.6 16 by 16 Dual Port SRAM with Write Lockout

The 16 by 16 dual port memory is divided into two functionally

i de nt i c al 8 by 16 dual por t memory sections. The lower 8 by 16 memory

shown in Figure 3.10 is used to store the 16 bit output of the 16 bit

AID converter. The eight analog input signals connected to the analog

multiplexer of the 16 bit path each map into its own 16 bit memory

location. The upper 8 by 16 memory shown in Figure 3.11 is used to

store the 12 bit output code of the 12 bit AID converter and the gain

control bit of the nonlinear gain amplif ier. Likewise, the eight

analog input channels connected to the analog multiplexer of t he 12 bit

path each map into its own 16 bit memory location.

The write lockout signals, -INHA for the 16 bit AID converter path

and - I NHB f or: the 12 bi t AID conv er:t er path, are generat ed t o inhibit

th e wr i t ing of new da ta t o a memor y l oc ati on t hat i s be i ng address ed

a nd r e ad by t he exte r nal p r oc es s or . The lockou t s i gna ls be come acti ve
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from 100 to 200 nanoseconds after an active read to the selected module

occurs. If the address 1 ines on from the sequence memory equals the

address lines from the external processor then the writing to the dual

port SRAM at that address is inhibited during the entire read cycle.

Any new information generated for that memory location is lost.

However, the most recently converted data for that address should exist

at that address due to the 100 to 200 nanosecond delay. The signals,

-INHA and -INHB, are the exclusive oring of the external inverted

address lines with the sequence memory outputs (dual port memory

address lines) ored with the read, module select and transfer

acknowledge signals. Thus, the Booleans are:

and

-INHA = BAa + -AAO + -BAa + AAO + BAl + -AAl + -BAl + AAl +

BA2 + -.~2 + -BA2 + AA2 + BA3 + -BR + -HAE + -XACK

-INHB = BAa + -ABO + -BAa + ABO + BAl + -ABl + -BAl + ABI +

BA2 + -AB2 + -BA2 + AB2 + -BA3 + -BR + -HAE + -XACK.

(3.9)

(3.10)

These Booleans are generated by the PAL16H2 and a 74LS32 ICs. (See

section 7.4 for more details.)

3.7

All address and control lines that are applied to the module from

the MULTIBUS are buffered. The address lines -ADR(O-23) are inverted
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via several 74LS240 buffers to form the module address lines BAG to

BA23. The five least significant address lines, BAG to BA4, are used

on the module to address the thirty-two read/write locations. The

three most si gnificant address lines are inverted but not used .

Address -ADR(20) i s inverted, tied high and applied to the PAL20Cl

decoder IC along with the remaining address lines, BA(5-l9) . The

PAL20Cl generate an active module select signals, -HAE and HAE, when

the MULTIBUS address is between 90000H and 900lFH.

The control lines -MRDC, -MWTC and - CCLK are buffered but not

inverted through a 74LS244 buffer to form -BR, -BW and -BCLK,

respectively. The control signal -XACK is generated by the module and

applied to the same 74LS244. One of the enable lines for this buffer

is controlled by the module select -HAE. When the module is selected

the control lines will be en abl ed .

The -XACK signal generated by the module provides a 100 to 200

nanosecond delay from the leading edge of an active read or write

signal. The -XACK goes inactive synchronous with an inactive going

read or write signal. (See section 3.5 for more information.)

The data from the MULTIBUS is buffered on the module via two

74LS245 transceivers. The outputs of t he transceivers are enabl ed when

the module has be en selected. The direct ion of data flow through the

transceiver is determined via the anding of the module select, HAE, and

the r ead line (-BR).

There are on ly ei gh t dec od ed wr i te locati ons on t he modul e . A

single 74LS138 th r ee t o e ight decode r i s us ed t o ge ne ra te t he e i ght

wri t e enables , - ENI to - ENS, f or t he module.
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There are two programmable clocks on the module that are generated via the

programmable AM9S13 timing controller IC. ~NO of the five 16 bit counters

of the controller are cascaded together to produce a single thirty-two bit

counter. The clocks CLOCKA and CLOCKB are produced by dividing the 6.0Mhz

base clock by some integer value placed in the load registers in the

AM9513. Figure 17 shows the available clock frequencies based on the

integer division of the 6.0Mhz clock.

42



PROGRAMMABLE CLOCK FREQUENC Y
CLOCKA AND CLOCKS (ONLY A PARTIAL PLOT)

100000 OUTP UT F i=iE GUENCY (CLOC KA OR CLOC:<B)

85000 ~ I I I I I I , I I I
socoo f- I I I I I I I I. I
~5COO ~ \ I I I I I I I I I
80000 tU I I : I I : I I
75000 '- I I I I . I ;I I
70000 \ I I I I I I I I
6~000 § \ I I I I I I I I I
6~000I\I ! I I I I I I I
""000 - I I I I I I I I
;~OOO E \ I I I I I I I I I
'80 00 ~ \ I I I I I I I I I

. 4000 0 E \ ! I . I I .\ I I I
secco p \ I I I I I I I I
~::CO ~ ~ I I I I I I I I
25000 E 1\ I I I I I I I I I
20000 F I \ I . I I I I I HI

, _ E I ""I I I I I I I I
~:OOO ~ I I~I I I I I I I

':::: tJ.,.,I.,..[F EI,...:., ..I., ., !" ..1
o 400 800 1200 1600 2000

200 600 iD OO 1400 1800

I NTEGER DI VISOR OF 6. 0MHZ FREG UENCY

Figur e 3 . 12
Avail able Clock Fr equencies Fr om AM95 13

43



PART IV

4.0 DED I CATED MULTICHANNEL A/D CONVERTER MODULE SOFTWARE

Par t f our de al s wi t h t he sof t ware need to initialize the module and

t he memory map of the module . section one describes the 32 read/write

location on the module. This section will explain how the module is

partitioned wi thin the total memory. Section two describes how the two

programmable clocks are programmed. The final section. section three.

explains the suppor t software that i s used to determine how the

sequence memory should be loaded t o produce ten uniform sample slots

for each sampled signal.
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4.1 Memory Map

The read (-BR) and write (-BW) commands are mutually exclusive.

That is, only one command can be active at a time. Table 4.1 shows how

the module is mapped into its 32 memory locations. It should be noted

that certain address locations cannot be written to or read from and

other locations are undefined. However, half of the read locations are

defined as the outputs of the dual port SRAMs. These locations contain

the AID converter information for each channel. No other location on

the module is readable. The wri te locations deal wi th the

initialization of the module. At address 10H and IIH on the module the

sample timing controllers may be cleared to their initial values by

writing anything to these locations. Addresses 12H and 13H are used to

program the programmable clocks. The remaining two write locations are

l4H and I5H on the module. These address locations are the currently

addressed sequence memory locations. Of the 32 read/wri te location

only 5010 of the read locations and 18. 75't of the wri te locations are

used. Thus, if extra decoding logic is used the unused memory

locations could be accessed.
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TAB LE 4.1
MEMORY MAP OF MODULE

ADDRESS BA4 BA3 BA2 SAl BAO fBW fB R CHANNEL DEFINITION

9000 0H

90001H

9000 2H

90003H

90004H

90005H

90006H

90007 H

90008H

90009H

9000AH

900 0BH

900 0CH

9000DH

9000EH

9000FH

90010H

900 11H

9001 2H

90013H

90014H

9001SH

o

o

o

o

o

o

o

o

o

o

o

o

o

o

o

o

1

1

1

1

1

1

o

o

o

o

o

o

o

o

1

1

1

1

1

1

1

1

o

o

o

o

o

o

o

o

o

o

1

1

1

1

o

o

o

o

1

1

1

1

o

o

o

o

1

1

o

o

1

1

o

o

1

1

o

o

1

1

o

o

1

1

o

o

1

1

o

o

o

1

o

1

o

1

o

1

o

1

o

1

o

1

o

1

o

1

o

1

o

1

1

1

1

1

1

1

1

1

1

1

1

1

1

1

1

1

o

o

o

o

o

o

o Channe l #1 of 16 bi t converter

o Channel #2 of 16 bit con ve r t e r

o Channel #3 of 16 bit con ve r te r

o Channel #4 of 16 bit converter

o Channel #5 of 16 bit converter

o Channel #6 of 16 bit converter

o Channel #7 of 16 bit converter

o Channel #8 of 16 bit converter

o Channel #1 of 12 bit converter

o Channel #2 of 12 bit converter

o Channel #3 of 12 bit converter

o Channel #4 of 12 bit converte r

o Channel #S of 12 bit conver ter

o Channel #6 of 12 bit converter

o Channel #7 of 12 bit converter

o Channel #8 of 12 bit converter

1 16 bit window width

1 12 bit window width

1 Dat a location for conv . clock

1 Com . loc a t io n for conv. cl oc k

1 Load 16 bi t sequ . memo r y

1 Load 12 b i t s equ. memory

The r emaining address locati ons are spares , (90017 H to 900 1FH).
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Thi s device is programmed as two

4.2 Programmable Clocks

Both CLOCKA and CLOCKB are programmable clocks that are

produced by the AM9513
25.

independent 32 bi t up counter wi th an active high terminal count. A

negati ve two's complement 32 b i ill.. value is loaded into the load

regi s t e r s and up counted by the counter registers to an active high

terminal count. Then the value that was placed in the load registers

is used to reinitialize the counter registers and the up count

continues in the same manner.

For example, suppose it is des ired to program the AM9513 to

produce a 50KHz clock. Then it is necessary to divide the 6.0MHz clock

by 120.

FFFFFF88H.

To do this the load registers must be load with the value

The difference between the terminal count and the loaded

initial values when counting up is 120. Thus, the 6.0MHz clock will be

divided by 120.

The AM9513 contains a command and date register. The command

register is located at 13H and is written to when -BW and -HAE are

active. Likewise, the data registers located at address 12H is written

to in the same manner.

To program the AM9513 as two 32 bit counters it is first

necessary to wr i te to the command register to select the master mode

r eg i s t e r . This is accomplished when -HAE and -BW are active and the

word FF17H is written to address 13H of the module. Next, the word

21BOH is written to the master mode register. This command disables

the compares and time of day modes and swi tches the AM9513 to the 16

b i t wide data bus inputs. The Fout is turned on but not used on the
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modul e. Th i s master mode command also will force the internal da ta

pointer to increment through the element cycle. The first step in the

element cycle is to writ e FF01H at address 13H on the module. This

command selec ts t he mode #1 r egister, to count the 6 .0MHz clock on its

rising edge . In addition , all gating. control will be turned off. The

counter wil l repet i ti vely count up to an active hi gh terminal count.

The nex t step in the element cycle is to write the least significant

word (LSW) into the load #1 register at address 12H. The value of the

LSW i s expressed i n negative two's complement notation. The next

register to be addressed is the hold #1 register. This register is not

used and FFFFH is loaded into it. The second counter or the counter #2

mode register is loaded with the command 0129H. This forces the

counter #2 r egister to count on the rising edge of SRCI or the terminal

count of count er itl .

off for counter #2.

In addi t ion, .al l gating control will be turned

The counter will repeti ti vely count up to an

ac ti ve high t erminal count . Next, at address 12H on t he module t he

most significant word (MSW) is loaded into the load In register. The

value of the MSW is expressed in negative two's compl ement notation.

The ho ld #2 regis ter is addressed next. This register is not used and

FFFFH is loaded into it. The LSW in counter #1 and the MSW in counter

i, 2 f orm t he 32 b i t co unter that generates CLOCKA f or t he 16 b i t AID

conver ter pa th. At addres s l 2H on t he module the word OB 29H is written

f or prog ramming t he counte r #3 mode register. This command will for ce

counter #3 to count t he 6 . 0MHz c l ock on its ri s ing edg e. In addi t i on,

all ga t ing con tro l wil l be t urn ed of f for this counte r . The counter

will r e pe t i t ive l y co unt up t o a n active hi gh t erminal coun t. Next, at

48



address 1 2H on th e modul e the l east si gnificant word (LSW) i s loaded

into the load #3 regis t er. Th e value o f the LSW is e xpressed in

negat ive two' s c ompl ement notati on. The load #3 regist er is addressed

nex t. Thi s re g iste r is no t us ed a nd FFFFH is loaded into it. The

count e r #4 mod e r egister i s loaded next with the command 0329H . Th is

f o r ce s the counter # 4 r egis t er t o c ount on the rising edge SRC3 or the

terminal count of counter 1f3 . In addi tion, all gating control will be

turned off. The counter will repetitively count up to an active high

terminal count. Next, at address 12H on the module the most

significant word (MSW) is loaded into the load #4 register. The value

o f the MSW is expressed in negative two's complement notation . The

next register to be addressed is the hold #4 register. This register

is not used and FFFFH is loaded into it. The LSW in counter #3 and the

MSW in c ounte r # 4 form t h e 32 bit counter that generates CLOCKB for the

1 2 bit AID converter p ath . Th e r emaining three r egis ters are not used

and a re programme d as fo llows. Firs t, at address 12H on the module the

command word OB OOH is writ t en to the counter #5 mode register . This

command forces the output low and disables al l gating . This command is

a dummy commmand for the fifth counter. Next. the load #5 reg ister is

lo a de d wi th the value FFFFH. Th e l ast r egister t o b e l o ade d is the

ho ld # 5 regi ste r . Th i s regis t er i s a lso loaded wi th FFFFH. The master

mode r e g ist e r has incr eme n t ed t h ro u gh the e lemen t cycle Finally, th e

Ar m a nd Load command FF6 FH i s wri t t e n t o addre s s 12H to s tar t CLOCKA

and CLOCKS . To d i sable t h e cloc ks simply wr i te FF8 FH to add r ess 1 2H.

Tab le 4.2 shows wh a t has been e xpl a in ed here in a n a bb re v iated form .
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TABLE 4.2

PROGRAM SEQUENCE FOR AM 9513

DATA C/-D -RAE -BW -B R COMMAND DESCRIPTION

FF17H 1 0 0 1 Wri t e to command re gister t o select MH

• l-reg ls "er .

21BOH 0 0 0 1 Write to MM regis ter.

FF01H I 0 0 1 Write to command r egister to select mode

r egister tI l.

OB29H 0 0 0 1 Se t up co unter #1 to count clock.

XXXXH 0 0 0 1 Load LSW of count value for 16 bit

converter clock.

FFFFH 0 0 0 1 Load hol d til reg is ter (register not used).

0129H 0 0 0 1 Set up coun ter #2 t o coun t counter 111 TC.

XXXXH 0 0 0 1 Load MSW of co unt value for 16 bit

co nverter clock.

FFFFH 0 0 0 1 Load hold 1/2 register <reg ister not used).

OB29H 0 0 0 1 Set up counter #3 to count clock.

XXXXH 0 0 0 1 Load LSW of count value for 12 bit

con ver t er clock .

FFFFH 0 0 0 1 Load hold #3 re gis t er (regis t er not us ed ).

0329H 0 0 0 1 Set up counter #4 to count counter #3 TC.
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DATA

(Cont inued

C/ - D -HAE - BW - BR

TABLE 4.2)

COMMAND DESCRIPTION

FFFFH

OBOOH

FFFFH

FFFFH

FF6FH

FF8FH

o

o

o

o

o

o

1

o

o

o

o

o

o

o

o

o

o

o

o

o

o

1

1

1

1

1

1

1

Load MSW of count value for 12 bit

converter clock.

Load hold U4 register (reg ister not used).

Set up counter us (not used).

Set up counter 1/5 not to count (register

not used) .

Load hold #5 register (register not used).

Arm and load counters.

Disarm and save counter.
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4.3 Sampling Algorithm Software

A sampling sequence must be e stablished which is of minimal length

and cycl i c over a period t hat i s equal to one tenth of t he pe r i od of

the slowest signal of interest. The main objective is to store the

l e as t amount of dat a in the s equence memory and to uniformly sample the

input si gnals. For digital control applications all signals should be

sampled at leas t ten times within their respective per iods. Since the

input signals are multiplexed they must be meshed and uniformly spaced

in t i me.

A s~~pling algorithm was de velop ed so that the sequence memory can

be loaded wi th from 1 to 256 addresses _ These addresses will be used

to control the address lines of the dual port SRAMs and the analog

input multiplexer. The r e are only 256 l oca t i ons in the sequence memory_

To i llus t r a te this algor ithm, suppose four input signals

and

fl 2KHz

f 2 1KHz

f3 = 500Hz

(4.1)

(4.2)

(4.3)

f4 50Hz (4.4)

are to be samp led . The min ima l samp ling frequ ency ( Fm) i s

4
Fm = 10[ f n

n=l
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or

Fm = 35,500 samples/second. (4.6)

Thi s translates into a sampling period of 18.169 microseconds per

sample. The meshing of the samples due to multiplexing of the four

channels would require nonuniform sampling as shown in Figure 4.1 of

the input signals. Thus, for this example, the uniform sampling

frequency (Fu) should be

Fu = 20fl

or

(4.7)

Fu 40,000 samples/second. (4.8)

This translates into a sampling period of 25.0 microseconds per sample.

since forty periods of fl, twenty periods of f2 and ten periods of

f3 exist in one period of f4 it is possible to express the sequenced

output of the analog input multiplexer (5) as

399 199 99
S = fIL b(tl-50n} + f2L b(t2-100n) + f3L o(t3-200n) +

n=o

9
f4L b(t4-2000n).

n=o

n=o n=o

(4.9)

The variable tl, t2, t3, and t4 are four time delays associat ed with
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NONUNIFORM SAMPLING OF INPUT SIGNALS
(USED TO PROGRAM SEGUENOE MEMORY)

CHANNEL SELECTION (i. 2.3 OR 4)4 ,..-

Sf - 25.5KHZ
CHi - 2KHZ
CH2 - iKHZ

CH2 - 500HZ
CH4 #. 50HZ

*

3 '* * * * * *

2 ***** ************

*** ** *** ** ***
THE REQUIRED

HEHORY NEEDED
TO PROGRAM THIS
SC:GUENCE IS 7i

LOCATIONS

a '" I ., " ! I , , , f , ! , I ! tIl, ' , , ! 1 ! I ' ! • I , I ! I .. t J.! l-r II! !' .. ! !!' 11 Iff.! " •• I

o 4 8 i2 18 20 24 28 22 26 40 44 48 52 56 60 64 68

SAMPLE LOCATION IN SEQUENCE MEMORY

F e.l
Nonuniform Sampling of
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the offsets of the input signals. There are 710 samples wi thin one

period of the slowest rate of change signal or 71 samples in one tenth

of that period. However, the ratio between the sampling f r equenc e and

the slowest rate of r ang e s ignal is 800 samples or 80 sample s in one

ten th of t ha t period. Thus, t here are 9 extra sample slots that could

be used for sampling a t est. Care must be taken so that the sum of the

ratios between the minimum rate of change signal with the other signals

does not exceed 256. The meshing of the four uniformly sampled input

signals is shown in Figure 4.2.

The algorithm, used in program lMASTERISAMPLE, performs five basic

functions. First, the periods of the input signals to be sampled are

determined. The lowest frequency signal established the sampling

period at one tenth of its period. Second, the highest frequency

signal is slotted. If all sample slots are used for sampling the

highest frequency signal, then nonuniform sampling will result.

Nonuniform s~~pling results in slotting slower frequencies over the

higher frequencies. If all sample slots are not used or uniform

sampling results, then the next highest frequency is slotted until all

samples are slotted. Finally, spare slots can be filled and the length

of t he s equenc e is established and addresses stored in sequence memory.

There are t hree fundamental i t erns to keep in mind when us i ng th i s

a lgor ithm.

signals .

First, determine the max i mum rate of change of the input

Ideal ly the maximum rat es should be minimum maximums because

ext r a ban dwi d th may limi t th e sampli ng of t he other signals. Second,

t r y t o make the r a t i o between the sampl i ng freque ncy and t he maxi mum

r a t e of chang e fo r: each s i gna l a n integer: ratio.
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UN I r ORH SAMPLI NG OF I NPUT SI GNALS
(USEO TO PROGRAM SEQUENCE MEMORY)

SF ~ 40KHZ
CHi A 2KHZ
CH2 ~ 1KHZ

CH3 ~ 500HZ
CH4 50HZ

4 CHANNEL

r

3

SELECTI ON (1. 2.3.4 OR NONE)

* *

2 * * * ,. ,. * ,. * * ,. ,. ,. ,. ,. * ,. ,. * ,.

1 :: * * ,. * * * ,. * ,. if * * * * * ,. * ,. * * ,. * * * * ,. * * * * ,. * ,. * * * ,. ,. *
Ti-iE REGUIRE:J

loiE110RY NEEDED
TO PROGRAM THIS
SEQUENCE IS 80

LOCATIONS

o .. I

o 4
• f I " !! I .J! , . 1,1 !.\ !!.! " Jl " I '!' lJ.t I ! f.! ..1. , ! ! ' t ! t.k, t I J! . I !

iti 20 ~4 25 32 36 40 4 4 48 52 56 60 64 sa 72 76 60

SAMPLE LOC ATION I N SEQUENCE MEMORY

Fi gur e 4 . 2
Uni f o r m Sampli ng o f I npu t Signal s
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uniform sampling. Next, make sure that the sum of the ratios between

the slowest rate of change signal with the other signals is less than

256. This will insure that all addresses will fit within the 256

address locations in the sequence memory.
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PART V

5. DI SCUS SI ON fu~D CONCLUS I ON

The modul e i s i ni ti a t ed on a wr i t e t o address 90010H, the 16 bit

window wid th loc a t i on . A wri te to this location clears the WL and

f orce s t he 8 bit coun te r to i ts i niti al count . Next, at address 90014H

a writ e command i s issued whose four least significant data bits

conta in the sequence ad dress and WL clear bit. The sequence memory is

l oaded one nibble at a time un til the entire sequence is loaded into

address 900l4H. Each time a write is issued to this address the

The clocks are d i s a bled by i s suin g a Disat"m and Save

s eq uence memories address l ines are incremented to the next address by

th e window logic. At the last sequence address the 4th bit is set and

the wi ndow log ic is c l eared to its in itial count .

The s equen ce memory and wi ndow logic of the 12 bi t AID converter

path are programmed in t he same manner except its window logic is at

900l1H and i t s sequence memory i s at address 900l5H.

The two programmabl e c locks, CLOCKA and CLOCKB, are programmed next

t o produce t wo cloc k freq uenci es which are integer divisions of the 6.0

MHz clock.

The exte rnal proce s s then generates the ARM and LOAD command for

th e programmabl e cl ocks wh i ch wi l l s tar t th e modul es i ndep e nden t

ope rat i on .

comma nd.

The " f r ee r un" o f the mo dul e al l ows f or two i nde pe nden t c onve r s i on

path s t o occ ur a t t he s ame t i me. The seq uenc e memory addresse s t he

channel a nd dual port memory loca t i ons
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pr-ogr ammab l e clocks. Conversion be gins on the following edge of the

clock and con tinues until completed. At which time the converter

issues an end of conversion corrunand. This corrunand i s inverted and fed

to t he sample and hold which takes another s~~ple. The corrunand is also

anded wi th the clear bit in the sequence memory. If both bits are set

the wi ndow l og ic i s c l eared and the sequence memory is for-ced back to

its initial addr-ess. On the rising edge of the inver-ted end of

conversion signal, converted data is latched into the dual por-t SRAMs

before the address is allowed to change.

until halted by the external pr-ocessor.

The "free r-un" continues

The accessing of data from the external process through the

MULTI BUS occurs in an asynchr-onous fashion . (The 6.0MHz clock is not

synchro nized to t he syst em c Lo ck . ) The exter-nal pr-ocessor issues a

read corrunand to one of the sixteen read locations on the module. The

locations represent the most current conversion data placed in that

dual por-t memor y location. At t he addressed location the data will be

frozen for the entire read corrunand. However-, all other locations will

continue to be loaded by the onboard hardware with conversion data .

There are several points of interest that should be addressed now

t o conclude this DMA/ DCM. First, why not us e an onboar-d micropr-ocessor-

to control the sampling and interfacing? This raises a very good point

20 .
because some analo g I /O modul es do Just that.

sampling softwar-e t o be plac ed on t he module.

This would allow the

Howeve r , an onboard

mic roproces sor woul d be t axe d if it were to perform all a t t he

f unc ti ons cur rent ly perfo rmed by t he s eq ue nce memo r- y . wind ow logi c and

progr arrunab l e c l ock. The mi croproc e s sor wou l d also need vol ati l e and
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nonvolatile memory. Thus, flexibility could be gained if the

microprocessor could perform all of its required tasks in time.

The next major point of interest is interfacing. There are

numerous ways the external processor can be notified that a conversion

process ha s been completed. The OMA/OCM ignores the external process

during the free run except when the processor is accessing data. No

flagging is issued and the external system only knows that the data on

the dual port SRAMs is the newest. (A maximum of one tenth of period

Flagging couldof that channels highest frequency of interest old.)

possibly provide quicker accessing.

Signal precondi tioning has not been handled at all on the OMA/OCM

except to say that the signals have been preconditioned. This would

require the input signals to be amplified and filtered to get the

maximum use out of the A/O converters. Some analog I/O modules allow

the user to define the amount of amplification via programming a PGA.

This amplifier could be programmed via software or hardware.

Finally, it should be noted that the best design doesn't always

require the costliest parts, or the fastest, or most accurate. In

fact, us ing such parts may lead to degraded performance. The best

design is the design that meets the required specifications with the

l e a s t cost, complications and ease of implementation.
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PART VII

7. APPENDIX

Part seven contains seven sections used to support the description

of how the D~~/DCM functions. Section one is Table 7.1 or the LIST OF

VARIABLES AND ACRONYMS. Section two contains the computer programs

used to generate some of the figures. section three contains the

detailed schematics. In section four the parts list, Table 7.2 is

given. section five contains the PAL programs used for coding the

PAL20Cl and PAL16H2. section six shows Figure 7.6, or the module

layout. The final section shows the module timing.
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7.1 Tabl e of Variables and Acronyms

The vadables used in this report are defined in this section in

Table 7.1
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TABLE 7.1

TABLE OF VARIABLES AND ACRONYMS

Dedicated Mul t ichannel AID Converter Module DMA/DCM

Digital to Analog Converter DAC

Non linear Gain Amplif ier NGA

Transfer Acknowledge Signal ......... .....•...........• • .... -XACK

Megahertz .............•....................... . ....•. •..... MHz

Hertz . . . . . . ... . .. . . . . . . . . .. . . . .. . . . . . . . . . . .. . . .. • .. . . . . . .• . Hz

First In First Out .. . . . . . . . . . . . . . . . . . . . . . . . •.. . . . . . . . . . . . . . FIFO

Digital Control System... .... ....... •... •.......... ... •... . DCS

Analog Control System............... .......•........•....•.ACS

Minimal Acceptable Sampling Fr e qu e nc y ................•.....MASF

Normal iz ed Sampling Frequency NSF

No rmali z e d Duty Cyc l e NDC

Frequenc y at th e Crossover (i)
- c

Sampling Frequency .......... .......................••..•.. . (i)
s

Normalized Sample Rate . . ......•...........•................ T

Zero Order Hold ZOH

Sampl e Timing Cont r ol l er STC

Progr ammabl e Cl ock PC

Window Logic WL

Sequenc e Memo ry SM

s tat i c Random Ac ces s Memo ry SRAM

Succ essive Approxi mation DA

Fu l l Scale FS
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<Con t i nued TABLE 7.1)

Anal og to Di g i t al Conve r t er A/D

In put / Out put I / O

Ga in o f Digital Filter K

Conver s i on Speed cs

Absolut e Maximum Va lue o f Hysteres i s . . . . . • . . . . . . .. . . . . • . . . MH

Gain of NGA ... .. .. .........................•... ... ....... . G

Maximum Posit ive Thresho ld MPT
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7.2 Support Software

The following eight programs were used to generate the plots used

in Parts II, III, and IV.
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C
INTE~ER C1)C2)C3)C~)C5)CS)C7

C
C

C THIS PRCGf:AH C~LCUL/~T£S THE h~CUriT OF S?EC7RAL C!.)ERL;;?*
C AS AFUNCTION OC TEE NSr AiiD N:C SiiOWri IN FIGURE 2.1. *
C*******************************x************************
C
C

CALL ATTRCH( 10 / /HOP.E/DATA; 1I )2)0)1) )
C
C***** INITILIZE CGNSTANCES *****
C

DATA TPI)Sr)SU)SA)DW/6.283185)1.0)0.02)0.0)0.1/
DATA AR)OU/O.O)O,O/

C
c***** OUTER LeOP . *****
C**H* INCREMENT SRHPLING FREQUENCY H*H
C

DO 30 J=1)20
C
c***** HIDDLE LOOP *****
C::***± It~CREHENT PULSE WIDTH ***::-1
C

DO 35 K=1)5
AR=O.O
OU=O,Q
C1=0
C'2=O
C3=0
C4=0
C5=0
C6=0
C7=0

, LAP(K)=O, 0
SR'=1.0/SF
SA=SR/ (TPI *SiJ)
CONS=«(TPI*SW*SH)/(SR))
rJN=TPI/SR
rJS= ((WN*SW)/2, 0)

c
WNER LOOP

c****± CALCULATE AMCUNT OF OUE~L;;P **~±*

c
DO 20 1'=1
FJ=CCNS*(SIN(wS))/wS

F2=FO**2
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Ir(el.GE.I) GO TO 21
IFtFO,LT.O.O) Cl=l
21 IF(C2.GE.1) GO TO 22

IFCC1.LT.l) GO TO 22
IF(FO.GT.O.O) C2=1

22 IF(C3,GE,1) GO TO 23
IF(C2.LT,1 GO TO 23
IF FO,LT.O.O) C3=1

23 IF(C4.GE.1) GO TO 24
IF(C3,LT,1) GO TO 24
IF(FO,GT,O,O) C4=1

24 IF(CS,GE.l) GO TO 25
IF(C4,LT,lJ GO TO 25
IF(FO.LT,O.O) C5=1

25 IFCCS,GE,I) GO TO 26
IF(eS.LT,l) GO TO 26
IF(FO.GT.O,O) C6=1

26 CONTINUE
C7~Cl+C2+C3+C4tC5+C6

IFCC7,GE,6) GOTO 28
AR=ARtF2*Dw
OU=O(j. F3*DL]

. wSd~S·D[J

20 CONTHiUE
C

28 CCNTn,;jE
LAP(K)=lOO.O*COU/AR1
SfJ=Sw tO.D2

35 cormNUE
C

SW=0.02
(JRITE(10;101SF)L~P(1))LAP(21 )LRPC31)LAP(41;LAP(S)
5F=5F+1.0

30 CONTINUE
C
C*~*** FOR~AT STMTE~lENT *****
C

10 FOF.MATCIX)FIO.5)lX)FIO.S)lX)FIO.5)lX)F10.S)lX)FIO,S)lX)F10,Sl
SiOP ;E~·iD
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c
R ~qL P I ) K)PZ5 ) F8 )F~

C~ LL AT7;C:~ \10"It / HC:1E/ DhTA; 11 ,2 l 0)Il))
DA:A PI/3,141SS271

C
C
C****~*****±**±*i****±**********±**i**±******ii**i±±*i *i *

C THIS PROGRAMC~LCULA7ES 7i1£ ANALOGANDDIGITAL :I:
C PH AS ES AT r?E -D B POWT . 1ft AD DITI ON ) r:~ E AF ?ROXIP.ATE*
C FEASE AT T.~E -3DBPC:NT FOP. TEE DIG ITAL P~SSE IS :I:

CDET ERM INED RND USED TO GEiJERATE FIGURE 2.3. *
C
C
C
C*HH CALCtlL;;r:: A~jALOG PEASE AND SET CC~jSTANTS HH:I:
C
K=180.0/PI
PA= ATAH( - l. O)±K
F= l. 0

C
CH*H CR LCULATE DIGITAL ANDAPPROXIHRTE PH ASES HH*
C***** P5 FUNCTIONS OF THE NSF *****
C

DO 30 1=11101
P ~:= FA- (l . O /F ) *K

PZ5= ( ATAN ( -S 1H ( 1 . 0;F ) / « ( CCS ( 1 . 0!F ) ) - ~XP (- 1 . 0;F )) ) I *K

W~ITE(1 0) 1 5) F)PA )PZ5)P E

F=F+1.0
30 Cmm~;1jE

C
c*** FOR~~T STRTEMENT ***
C

15 FORMAT(lX )FI O.5)lX)FI O.5)lX)FI0.5;lX)FIO.5 )
SiOP ;END
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C *f ~~~ /p.~SI~?/r.JLDS

C
R ~~L ? I } K } ? D } ZG~ }FCH

C~LL A7i~CE! 10; H IHCH E/[ ~7ri ; II J2)0)11 ))
D~l~ FI }D~ }W/3 . 141 5927 1 0 .01 10 .0 /

C
C

C ~i***i*********k**i*****i***** ***±±**± *±*****i±***i ****

C rs rs ?RGG~RH CALCULAiES THE RDDED FHi=:SE DUE TO P. ZE?O*
C AHD F I ~ST ORD E~ HOLD ,-,ND r;'E AuD ED PE; S:: DeE to H *
C PU?E DEt,qy. T:·HS H1F0R~I;:;T I OH IS ?L:)7ED IN FIGj 2E 2.4 .*
C ± ±i **ii * **±± **±********i*±±* **± **± * ±~* *** ±**±±*±**±**±±

C
C
C
CH±** DETEHINE cmiSTRNT HiH

K= 180.0/PI
C
C
CH*** DETE~HINE PERSEOF ZGH , FOHAND PU i<E DELAY HH*
CH±H RS rU'liCTIONS OF' THE NSF HHi
C
DO20 r-i. re:
ZCH=-PI*W*K
PD =2 .0i.Z8H
FGH=(IRTAN I2.0*?I*UI)-2* PI*W)*K
w?ITEf10:1S)[J IZOH: FOH,FD

!J=fJ' DlJ
20 WiTINUE

c

C
15 FOR~RT ( F5 .2 :1X, F5 .1J 1XI F5 .1, lX IF5 .1)

STOP;END
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C
R~~L YCII OOl )X CIIO O))ZCIIOO l ;LIM
CMLL ATT;:CE (10 )•/nO:~ E/ Df~ TR j U ) 2)0,.11) 1
DATA Tl )T2)DT)O:: ;LIM)CCN )ST/ O.O )O .O)O .01 )O.0)O. 5) O.0) 0.01

C
C
C*±±*************i±**i±*******i*********±±±******%±±f±** ****
C 7HIS ?ROGRPH DET:: ?Hn-~ £S l"nE ANRLOG.. DIGI 7AL P.~D EFF::CTIU£*
C ST~P RESPONSES RS FU~iCT IONS OF iI ME. TnE DATR FROMTIES '*
C PRCGRgH IS USED TO GEHE:;ATE F I~J ?E 2.5 .

C
C
C
CH:!:H DETERM HlE WiSTANT HH:!:
C
DELAY=LIH/2.0

C
CHH:!: DETEiiHINE TI.E At~ALOG) DIGITAL AND E: :ECTIUE ,*H H

c*:!::!: :!: :!: STEP RESPONSES AS AfuNCTI ONOF TIME *****
C

DO 20 1=1 ;501
FL=1. 0
YCI)=1.0-EXPC-Tll
IF COff .LT. LIH l X(I) =CGN
IF COFF .GE.LIMl 'CON=Y( I)
IFCOFF.GZ. L1M l XCI l=CCN
IFI0FF.GE.L IH l FL= G.O
IFCFL.L£ .O.Ol XCI l=X CI -1 l
IFCOFF.GE.L IHl OFF~O. O

IF CT1.LT.DELAYl Z{I)=O. O
IFCT1.LT .DELAYl 5T=0.0
IF(Tl.GE .DELAYl 5T=1 .0
IFC T1.G£.DELAY l ZC I ) =1. 0 - ~XP C - T2 l

WR ITEC I0)10lTI)XCIl ]Y(Il)Z (I))FL
T1 =T1 +DT:t FL
T2= T2'DT*ST*FL
OFF: OFF +DT~ FL

20 CC~iT Ii1UE
C

C
10 FGRMATCIX)FI0.5;IX)FI0.5)lX)F IO.5]lX)FI0.5) lX)FI O. 5l
570?;END
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C
REriL A(12GSl)8(120Sl)PI
Cr;LL HT':'hcn( 10)u/H:~,M£/DhTri;;l J2) 0)11»)
DATA PI)w)C)frl?)r.1~/3.141S927)O.0)8.0)O.1)-0.1/

C
C

C************************************************
C THIS PROGRAM DE7~RHI;JES THE OU:'FUT RESPonSE OFx
CTHE NGri AS AFIHlCTIGN OF fnE INPUT AMPLITUDE. *
C7HE D~TA F~OH THIS FRCGRhH IS USeD TO GENERATE±
C FIGURE 3.4. *
c
c
C

C
DU=2.0*PI/1200.0

C
c***** CAL~JLATE THE OUTPUT RESPONSE OF THE NGA *****
C

DO 20 J=I)1201
A(Jl=SINCfJl
IF(A(Jl.GT.fri?l C=I.0
IF(A(Jl.LE.l.iPl C=8.0
IF(A(Jl.LT.fciNl C=I.0

BlJl=C*SHHWl
wRITE(lO)10lw)10.0*A(Jl)10.0*8lJl

w=U+DW
20 CONTINUE

C
C*** FORMAT STATEMENT ***

10 FORMRTIFI0.S)lX)FIO.S,IX)FI0.Sl
STOP;END
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CiEESA /MA3TE~/HYST

C
DIMalSlm1 AlllO)l:J,8(110)12J;C(llD)2J
C~LL ATTACH (10 J !I;:I:::~E/Dh7A) 1f)2)0) 11»)
DATH R3)R4)vl)DR/lGDO.O,lOO.O,O.5)90.0/

C
C
C****±*±±******±*±*±±±±****±*****±~**±±±**±*±±*****

c tQIS PRCG~hM CHLCJ~iES THE AMOUNT OF HYST~~ES:S*

C AS A FUNCTION OF R3 R~m R4. TEE OUTPUT OF rns '*
C PROGRAM IS USC:D TO G~;iE~ATE FIG'0~E 3.5. *
Cii************************************************
C
C
C
c***** OUTER LOOP FOR INCREMENTING R3 *****
c

DO 30 r-i,n
R3=1000.0

C
O**H* DiNER LOOP FOR INCREMENTING R4 H*H

C
DO 20 J=1)00
ReJ)K)=eU1~~3);(R3'R41

BeJ)KI=(S.0*R4+(Ul*R3))/(R3+R41
C(j)K)=BeJ)KJ-ACJ,KI
R3=R3+D~

20 CON! Ii·(]E
C

R4=R4+uR
30 CONTINUE

C
R3=1000.0

C
c***** WRITE TO DATA FILE *****
c

DO 40 1=1)100
W?ITE(10)lCIR3;CC1)1I,ceI)21}CCI)31)CCI,41)ClI)5I,ClI}6I,OlI;?1

R3=R3 'DR
40 CCNTHiUE

C

10 FORHATCIX,F8.3)F8.3,F8.3 .3 .3 .3,F8.3):8.3,:8.31
STOP;ENO
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C*r. :SAIP.~ST :?ICLOCK

C
D I M~~SION XI119 11

C
C

C TH IS P?OG~HH US~D TOGENEF:P.TE FIGUxE 3.12 w1iI L~'i ±

C SnOWS TEE AVAILABLE PROGRAMMABLE CL OCK FREQUEilCES. "
c~*** ** * * * ********* ******* * ** **** *** * ******±** * *******
c
c
c***** DETERMINE CCNSTANTS ****t
C
AMP= FI (DE' +DS)

C
c***** CRL~uLATE AVAILABLE CLOCK F?~QUENCIES *****
CW:H AS A FUNCTI ON OF DIfJID HjG THE 6.Ot-HZ CLOCK H Hi

CH :t'H BY AN INTEGER VALUE :l:H H

C
DO 20 1=1,1191
X(I )=F/ (DF.DSI
IFIAHP-X(I).LT.I 0001 GOT022
DE~TR=8MP-X(l)

P.Mf=XlIl
W f. I TE( lO: 10 ) DS, AHP ; DE~iA

22 DS-=DS+OF
20 CONTI::0E

C
CHi FO R~~':;1' STATEiENT H*

10 FORHAT (lX}F12.5,lX,F12 .5)lX,F12.51
STOP jE~m
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C*R~SH /MHSTE2/S~HPSE

C
INTEGER IFLAG,ICCUt~T

R~AL SF lFLAG,H(S12) ,DY:S)
R~AL F(S)lFO(S) )B(2SS)
CALL AT7RCE (10) II /HC:1E/DriTA,; JI ) 2)0]11))
DATR TlA(ll)XlFTlJ/0.O)O.O)O.O)O.O)OI

C
C

CTHIS PROG?AH CALCuLA7ES THE DATA THAT SH0JLD 3E *
C PLRCED IN rdE SEQUENCE MEMORY FOR AGIUEN SAMPLING *
C AND GrOEN CHA~·tt~EL FREQI]ENC:£S. THIS PROG?AH fJiAS US::D*
CTO GE'JERATE FIGURES 4.1 RHO 4.2. *

C
C
c***** QUESTION PROMPTER *****
C

52 CONTINUE
FT=O.O

LJRITE(5)99l
READ(ol90JSR
LJRITE(Sl98)
EAO(Sl911N

00 20 I=l)N
WRITE (51971I
READ(S )90)FW
FT=F7+F(I)

20 CONTINUE
IF(SR.LT.10,O*FTl WRITE(5)94l
IF(SR.LT.I0.0*FTl GOTOS2

C
c***** ORDERING ALGORIrdIH *****

.C
DO 24 r-i,s

FLAG=50,O
DO 22 I=l,8

IF(F(Il.GT.FLAGl IFLRG=I
IF(F(Il.GT.FLAGl FLRG=F(Il

22 CONTH'iUE
FO(K)=FLRG
F(IFL~G)=O.O

24 CONTIHUE
FLAG:.:50no .O

C

c
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C*~~** S~T SeRIES TO8E CHLCUL~7ED * * ~**

C
ICGLl NT=512

C
C***** DETERMINE DELTAS BETWEENSAMPLES *****
C

fJR1TE (5 )87 l
READCS )90lC
DO26 1=1)-1
DYC1 l=l.O/(C*FOCI) l

26 CONTINUE
IF CCDYCl l/DXl-1 .0.LT.l.0 ) (JRITE C~) S6l

C
c***** DETERHINE FASTS SIGNAL LOCATIONS*****
C

DO 28 1=l )ICOUNT
IF eX .GT.DYCI l-DXl X=O.O
IF (X .LT .DXl A(Il=l.O
IF CA(Il.GE.FLOAT(N).AND .L .GT .O. AND.H.LE.Ol M=I .
1F (A (I) .GE.FLOATeNl .AND.L.LE .Ol L=1

1F eX.GE.DXl A(Il =O.O
X=X+DX

28 CONTINuE
IFCN.LE. 1l GOTa 48

K=2
C
c***** DETERMINE NEXT AUAILABLE SRMPLE SPACE *****
C

ELAG= O
38 w m NUE

IF CIFLAG.GE.1 l GOT033
X=O .O

. DO 30 1=l )ICOUNT
1FCA(1).LT.0.9l J=1
1FCA( 1l .LT.O .9l GOT032

30 CONTIHUE
32 IF (J.LE.O.AND .1FLAG .LE.O l IFLAG=1

C
c****:: ESTABLISHNWUNEORMSP.HPLI NG OFtSETS H***,

C
IF (J.LE .0.P.ND.IFLAG.GE .1l DYC 2l=DY (2)+DX
IFeJ .LE. O. AND.IFLAG. GE.ll DY (3l=DY(3l+DX
IFCJ .LE.O. AND. IFLAG. GE.ll DY(4l=DY (4l+DX
IFCJ .LE.O.AND.IFLAG. GE.ll DYC Sj =DY CS) tDX
IF(J .LE.O.RND. IFLRG.GE.l ) DY C6l=DY(S)+DX
IFCJ .LE.O.AND .IFLAG.GE.ll DY(7 l=DY(7)+DX
IFCJ.LE.O. AND.IFLAG .GE.l l DY( B)=DY( Sl +DX

C
c***** DE7E~HINE NE:,T FHSTEST S I G~~AL LeCATION H*H
C
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33 CONTI NUE
DO 34 I=J }ICGUNT
IFCX.GT. DYCK)-DX) X= O.O
IF (IFLAG ,LT. l ,AND ,X .LE,DX.AND ,A(I).LT.O ,9) A(I)=FLORT tKJ
IF(IFLRG .GE. l ,Rtm .X.LT.DXl R(I)=FLOATCK)
IFCA m. GE.HOArt N).PliD .L.GT .0.RND.M.LE .0) M=I
THAW .GE.FLOAT< N) . A~m. L. LE . O) L=1
X=X +DX

34 CONTI l'.'UE
IFCK,LE.N) K=K+l
IFCK.LE.N) GOTO38

48 CONTINUE'
C
C*HH FILL SFARE SLOTS PROMPTER *****
C

IF (IFLRG .LE .O) wR1TE(S)93)
IF(IFLRG.LE.O ) READ (6}91)N
fJR ITE(S)95)

C
c***** WRITE DATA*****
C

L=L+1
K=1

DO 50 I=L)M
IF CACI).LT .0.9.AND. N.GE .l ) RCI )= 1.0

WR ITECIO )88 )K)ACI )
wRITE( 5}88)K}AC I)

K=K +1
50ccmINUE

C
C ***** FORMAT STATEMENTS *****
C
86 FORHAT CIX)'SIGNAL I' )12 ) ' PERIODIS' )EIO.3 )' SECONDS')
87 FORMAT (lX}' ~WMBER OF SAMP LES PER SAMPLE PERIOD?' )
88 FORHAT(l X, I5)5X}F15,lO) .
90 FORHAT (FIO,S )
91 FORHAi (I3)
92 FOR~AT (lX} ' INSUFFICIENT MEMeRY! !!' )
93 FORHP.T OX}'USE EXTRA SPACES FOR FASTS S IG~iAL? (YES= I)' )12)
94 FORHAT (IX}'SAMPLE FREQUENCY TO SLOW! !!')
96 FORMATCI X} ' NONUNIFORM SAMPLINGWARNING! !!')
95 FORMRT (IX)' P.DDR£SS CEHH~I EL' )
97 FORHAT(lX)'idE HAXI ~JM FREQUENCYONCHANNEL I ' )12)' IS ?' l
98 FORMAT OX}'HOW ~!A ~jY CHANtELS ?' )
99 FORMAT(lX' wtiAT IS T.1EShMPLE FREQU ENCY( HREAL ~uHBER ) ?' l
S'i'OP;EtW
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7.3 Ci rcuit Sch ematic

The det ailed sch ematics for the DMA/ DCM are drawn in this sec tion.

Figure s 7.1 to 7. 4 repres ent t he f our detailed schematics.
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7.4 Par ts Lis t

section four of part seven contains the detailed parts list for t he

D~~/ DCM . Table 7.2 shows a li sting of all the parts used.
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TASLE 7.2

P;2TS LIST

DE3CR IPi! ON l1ANUFACTURE DEUICE DUANlTY

AID16 BIT CONVERTER BURR-BROWN PC1175KG

AID12 BIT m lvERiER A~jMLOG CElJICES AC578,~ tJ

S;:IiPLE & HOLD ANALOG OElJ ICES A0346Jo 1

SAr.PLE & HOLD ANALOG DEVICES AD389JD

8 iO 1 AIJALOGMULT IPLEXER ANALOGDEVICES A07503JH 2

FAST or An? ANALOGDEV ICES AOLHOO32CG 2

ol A 12 BIT CONVERTER ANALOG DElJICES R0565AJo 2

ANALOGSWITCH ANALOGDEVICES A07512 . 1

OP At':P ANALOGOEU ICES AD509JH 2

([J~ f= ';RATCR Nriil C:iAL LM319N

DUAL PORTSRAM NATI ONAL lDM2970,JC 8

W ,ER AIiO !1ti9,UPC

HEX IHU INUERTER T.1. SN74LS04N 2

QUADAND T. 1. SN74lS liSN 3

QUAD OR T. 1. SN74LS32N 3

FLI P FLOP T. L SN7LLS7.:;.N

3 TO 8 DECGOER T. 1. SN74LS138N

[GUmER T. L SN74lS161A.N 4

NDHNUERTING BUFFER T. l. SN74LS244N 3

IN:.,IE2T iNG 2UF::-ER T.1. SN7"LS2"GN 3
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(TAc:":: 7.2 - CONT fNUED)

CESL~ iPi IG~~ DEVi CE QLJH~l i TY

TRANCEIl'ER T.1. SH74LS2 ':: ~ : l 2

2 BY 8 SRAl'i HiTACHI H~6116 2

DECGCER MOIiOL I iHrC PAL20CICN

DECODER MONOLfTH IC PAL16H2CN

In add i t ion, a 6 . 0~H: cryst al , resost ors and are capaci tors are used.

88



7.5 PAL Programs

The two PALs used on t h e DMA/DCM are defined by the two PAL

progr ams th at wer e generat ed by the program PALASM. Table 7.3 shows

t he f u s e tab l e f o r t he PAL20Cl and Ta bl e 7.4 shows the fuse table for

t he PAL16H2 .
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PAL20Cl
DECeDE PAL 2
C-COURSE PROJECT
GEOS

PAL DESIGN SPECIFICRTION
FHB/AGB 3114/85

NC HC He BR20 BRl9 BAIS BRl7 BAl5 BAIS BR14 BA13 GND
BR12 BAll BRIO BROS BAOS ~8RE RAE BR07 ERO& EAOS NC vec

HRE=/BA20 + /BRI9 + BRIS + BAl7 + IBAlS + BRl5 + BRl4 + BA13 + BA12
+ BRIO + BROS + BROS + BR07 + BAOS + BROS. (7.1l

DESCRIPTION
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T~8~E 7,3

PAL20Cl FUSE TABLE

C-COURSE PROJECT

11 1111 1111 2222 2222 2233 3333 3333
0123 4567 8901 2345 67BS 0123 4567 8501 2345 6789

32 ---- -- -- -x-- ---- ---- ---- ---- ---- ---- ---- IBA20
33 ---- ---- ---- -x-- ---- ---- ---- ---- ---- ---- IBAIS
34 ---- ---- ---- ---- x--- ---- ---- ---- ---- ---- BAl8
35 ---- ---- ---- ---- ---- x--- ---- ---- ---- ---- BR17
36 ---- ---- ---- ---- ---- ---- -x-- ---- ---- ---- IEA16
37 ---- ---- ---- ---- ---- ---- ---- x--- ---- ---- BA1S
38 ---- ---- ---- ---- ---- ---- ---- ---- X--- ---- BA14
39 ---- ---- ---- ---- ---- ---- ---- ---- ---- X--- BA13

40 ---- ---- ---- ---- ---- ---- ---- ---- ---- --X- BAl2
41 ---- ---- ---- ---- ---- ---- ---- --X- -~-- ---- BAIO
42 ---- ---- ---- ---- ---- ---- --x- ~--~ ---- ---- BA09
43 ---- ---- ---- ---- ---j --X- ---- ---- ---- ---- BR08
44 ---- ---- ---- ---- --x- ---- ---- ---- ---- ---- BA07
45 ---- ---- ---- --x- ---- ---- ---- ---- ---- ---- BAliS
46 ---- ---- --X- ---- ---- ---- ---- ---- ---- ---- BROS

LEGL~iD: X: rJSE NOT BLOwH
NUMBER OF ~JSES BLOW = 585
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FAL l S~2

DECOD~ PAL
C- COU P.S~ PROJECT
GEOS

PAL DESiGN S?:CIFICATION
FNB/AGB3113/ 85

BAO BAI 8A2 BR3 RAO AAl HR2 IERAE NC GND
ABOAdl AE2 NC I I}ffiA IINHS HC He HC UCC

I I ~mR= I BAO *AAO + EAO*/AAO t IEAl*ARl + BAI*/AAI + IBA2*P.A2
+ BA2*/AA2 + BP.3 + ISHRE

I INHE=IEAO*ABO + BRO*/REO+ IEAI*A81 + BAI*/RBI + /BA2*AE2
+ BA2*/AB2 + IBA3 "t ISHRE

DESCRIPTI ON
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TABLE 7.4

?RL1 Sn2 FUSE TR3LE

C-COURSE PROJECT

11 11 11 1111 2222 2222 2233
0123 4567 8901 2345 6789 0123 4567 8901

24 -- -X---- ---- ---- -------- ---- --X- IBAO*ABO
25 -- X- ---- ---- ---- ---- ---- -- -- ---XBAO*/ABO
25 -X-- -- -- ---- -- -- ---- ---- -- X- ---- ISAl*AB1
27 X--- ---- ---- ---- ---- ---- ---X ---- BAl*/ABl
28 ---- -x-- ---- ---- ---- - -X- ---- ---- IBA2*A82
29 ---- X--- ---- ---- ---- ---X ---- ---- BA2*/AB2
30 ---- ---- -x-- ---- ---- ---- ---- ---- ISA3
31 ---- ---- ---- ---- ---- ---- X--- ---- IBRAE

32 ---X---- --~- X--- ----. -~-- ---- ---- IBAO*AAO:
33 --X- ---- ---~ -x-- ---- ----' ---- ---- BAO*/AAO
34 -x-- ---- ---- ---- X--- ---- ---- ---- IBAl*AAl
35 X--- --~- ---- ---- -x-- ---- ---- ---- BAl*/AAl
36 ---- -X-- ---- ---- ---- X--- ---- ---- IBA2*RA2
37 ---- x--- ---- ---- ---- -x-- ---- ---- BA2*/AA2
38 ---- ---- x--- ---- ---- ---- ---- ---- BA3
39 ---- ---- ---- ---- ---- ---- x--- ---- IEHAE

LEG:::lO: X : FUSE NOT BLGSN (L) i) 0) - . fJS~ SLGJN \H)F) )
NUMBEROF ruSES BLOW= 585
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7.6 Modul e Layout

I n section s ix of part seven Fi gure 7.5 shows in a general sense

how the modul e was layed out on a MULTIBUS circuit card.
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7.7 Module Timing

Figure 7.6 shows the typical t iming for the module. The reason f or

t hi s figu re is to s how when events occur relative to other events.

There are fi ve events of importance. First, on the falling edge of

CLOCKA t he AI D convert e r is commanded to start a conversion. The

s t a tus or end of conversion line will remain high, at a logic one

level, un ti l the conversion is completed. When the end of conversion

line goes low the dual port SRAM is commanded to clock in the data from

t he AID conver ter. Next, the window logic is clocked and the sequence

memory forces the address lines of the analog input multiplexer and

dual port SRAM to the next address. Finally, the sample and hold

circit is commanded to acquire another sample and the events continue.

96



CLOCKA

" ECOA i

~~nl...--_

II I

- ECOA _ I l I I J
delayed ' I I I I [-

- ECO.<l. _ _" . ",

Fi gur e 7. 6
Nod ul e Timing

9 7


