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In this paper a versatile )JC-based measurement and 
equipment intended to facilitate as the analysis 
design of electronic circuits as the closed-loop 
of a system is presented, This equipment can 

~ plug to some personal computer with an RS-232 connec
tor, and it includes the functions of a digital osci
lloscope and those of a spectrum analyzer. Moreover, 
the automatic transfer function determination is inclu
ded, and it can be computed by two ways: by the classi
cal way of computing the division between the FFT of 
tvo analog channels and by computing a test step respon
se of a chosen channel. This last way improves the 
resulting transfer function results, 

The equipment has an autonomous uP that controls the 
sampling of two analog channels (autozero adjusting, 
automatic offset adjustement and selection of amplitude 
scales, number _of samples, triggering, etc.) until 
a sampling frequency of 5 (or 10) MHz. This autonomous 
uP controls also an analog output channel, useful as 
well for the test step generation (in order to compute 
the transfer function) as for to implement a closed -
loop regulator, 

The operation options are offered to the user by a 
menu tree, and a digital filter, whose coefficients 
could be computed in the S-domain or in the Z-domain, 
is also included. 

1.- INTRODUCTION. 

Personal computers are widely used in the fields of 
circuit analysis and design, direct or indirect digital 
control and digital signal processing. In this way 
same PC-based instrumentation has appeared in the mar
ket. In this paper a PC-based measurement and control 
equipment which has as much interest in the fields 
of measurement and control as in the educational field 
is presented. This equipment includes the functions 
of a digital oscilloscope and those of an spectrum 
analyzer; moreover the automatic transfer function 
determination and an analog output channel whose output 
signals could be computed internally by the equipment 
microprocessor are included. 

The overall system consist of a data adquisition and 
a personal computer with an RS-232 connector. The opera
tion is selected by the user, following the options 
offered by a menu tree. In the main menu the first 
use of the equipment is selected between the oscillosco
pe I spectrum analyzer function and the transfer func-

_ tion determination. Besides, an automatic offset adjus
tement test is enabled. 
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The secondary menus are grouped in three sets: time 
responses, frequency responses and computation of the 
transfer function. The first one is intended to repre
sent two analog channels and some mathematical opera
tions between both. The frequency response menu enables 
the representation of the polar diagram and the separa
ted gain and phase representations of one or both cha
nnels (linear and Bode diagrams). All these functions 
are carried out by a variable point Fast-Fourier
Transform (FFT), Transfer function is obtained by two 
alternative ways: by dividing the spectra of both cha
nnels and by computing the step response of a chosen 
channel. 

The use of the equipment as a closed-loop regulator 
is based on the functions above mentioned. If the PC 
is included in the hardware of the digital regulator, 
the signal that controls the plant could be computed 
directly from the analog input channels (time responses) 
or from the frequency responses, On the other hand, 
if the data adquisition system (ADS) is used without 
the PC, the control algorithm is held in the PROM of 
the microcomputer internal of the equipment. 

Fisically, the ADS is composed by a microcomputer that 
controls the adquisition of two analog signals by choo
sing the gains of some programmable attenuators, the 
offset level and the sampling rate. This )JC also genera
tes the test signal used in the step response based 
transfer function computation, and controls the communi
cation between the PC and the ADS. Moreover, some addi
tional functions such as the autozero adjusting and 
the automatic selection of the amplitude scales are 
included in the software of the ADS microprocessor 
in order to facilitate the measurement of unknown sig
nals. 

Apart from these characteristics, the equipment specifi
cations have been elaborated by considering its utility 
in order to compute the transfer function of circuits 
with periodical noise. All the measured signals could 
be stored in a diskette in order to carry out more 
sophisticated signal processing. 

The first part of the paper is devoted to present both 
hardware and software conception of the equipment. 
Afterwards, the behaviour of · the equipment and some 
experimental results are also presented. 



2.- HARDWARE. 

2.1.- General system description. 

A block diagram of the hardware of the ADS is shown 
in fig. 1. The system has two analog input channels, 
each one with a signal preprocessing unit, where the 
analog input signal is pre-filtered and the offset 
level and the amplitude scale are adjusted, and with 
a adquisition unit (A/D converters, clock counters 
and memories). The ADS microprocessor controls as well 
these analog channels as the time-base generator, the 
analog output channel and the circuitery of the communi
cations between the ADS and the PC. 

~.- Block diagram of the ADS. 

During the communications process, the PC sends tD the 
ADS the following codes: start communication code, 
number of samples, sampling period (if it's not externa
lly imposed), output analog step amplitude and offset, 
and the codes of the chosen amplitude scale and the 
d.c. level for both analog input channels. The ADS 
internal pP supervises the communications unit until 
the start communication code is detected. Then, the 
sampling process is activated according to the remaining 
transmitted codes, and the selected number of samples 
is held in a special purpose RAM at the speed selected 
in the time-base counters (or externally, if this option 
has been chosen). 

If the user has not knowledge about the characteris
tics of the analog input signals, an automatic functio
nement mode can be selected. In this case, the ADS 
computes the best amplitude scale and adjustes the 
offset interactively from the last set of obtained 
samples. 

On the other hand, if it has been selected the transfer 
function determination option (from step response), 
a test step signal is generated in the analog output 
channel. 

2.2.- Signal preprocessing unit. 

The A/D converters have a input range of 0 - 5 volts. 
The signal preprocessing unit has the functions of 
to compensate the probes (coaxial cable), to filter 
the analog channels and to locate the input signals 
around 2,5 volts and into the A/D input ranges. The 
block diagram of this unit is shown in fig. 2. 

The attenuation block consist fisically on a 8 RC-type 
attenuators (of second order) selectables by the ADS 
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microprocessor through 16 MOS switches and adjustables 
in order to compensate the probe. By chasing the desired 
attenuator, according to the PC transmitted code, the 
input ampl i tude range is selected between the following 
values: 20 mV/div., SO mV/div., 100mV/div,200mV/div,SOOmV/div 
,1 V/div., 2 V/div. and 5 V/div. The input impedance 
of each attenuator is, at least, 1 M .n.. 

The selected attenuator output goes to a set of ampli
fiers, with a BW of 1 MHz, where the gain has been 
computed in order to have an output of 5 volts (A/D 
margin) when the input is 160 mV. The grid of a conven
tional oscilloscope has 8 horizonal divisions; if there 
is not attenuation (scale of 20 mV/div.), the full 
range of the converters (5 volts) must correspond to: 
20 mV/div x 8 div • 160 mV. On the other hand, in this 
set of amplifiers there is a differencial one where 
a d.c. level can be added or suppressed from the analog 
input signals. This is performed with a D/ A converter 
(DAC 08), controlled by the ADS microprocessor according 
to the d.c. level value transmitted from the PC. 

The amplifiers output, that is diode-protected (as 
the input of the attenuators) in order to avoid overvol
tages, becomes the input to the A/D converters (MP 
7683 XKN). These runs at a sampling frequency of 5 
MHz. This frequency could be easily changed to 10 Mllz 
by replacing the used IC-circuit by the MP 7683 YJN 
one (pin to pin compatible). 

differerdal. 

lNIT. 

2ignal preprocessing unit (one channel). 

2.3.- Adquisition unit. 

The scheme of the adquisition unit, whose inputs are 
the outputs of the A/D converters, is shown in fig. 
3. 

When the pP starts the A/D conversion, signals ADQ 
and FIADQ becomes high. At this moment, the MUX connects 
the address bus of both memories to the time-base coun
ter output, in order to increment the memory adress 
at the same speed that runs the A/D converter. Three -
states are in high impedance for address and data buses 
of the ADS microprocessor. 

When the selected number of samples is held in both 
memories (each one corresponds to an analog input chan
nel), signals ADQ and FIADQ becomes low, and the ADS 
microprocessor can accede to memories 1 and 2. 

The clock signal that actives the A/D converters and 
the memory address counters comes from a master oscilla
tor and a set of programmable dividers, which enables 
to select one between the 12 possible sampling frequen
cies, into the range of 1 IHz to 5 MHz. 



&....,2.- AdQuisitiat tnit. 

2.4.- Autonomous pC system. 

V 
in 
1 

V 
in 
2 

The ADS microcomputer system is based on the R6502 
licroprocessor, 2 Kbytes of EPROH (with different pro
areas for ocilloscope/ spectrum analizer functions or 
for control applications), and 2 X bytes of RAM, used 
to hold temporary code variables and digital samples 
la order to compute the automatic scale and the offset 
.1d.lUS1te101ettt. The data adquisition control is performed 

two 8-bit ports (R6522), which control the 
ters and select the frequency dividers, the 

of samples, the offset level and the amplitu-
scale, and the level of the analog output signals. 

Analog signal output. 

the ADS is used to compute the transfer f mction 
circuit or a system, the aim of the analog signal 

unit (based on the DAC 08) is to generate a 
step of the selected amplitude and offset (used 

excitation of the circuit or system under study). 
this application it is important to be careful in 
form of the response of commercial D/ A converter 

circuits: it's possible to have a inverse 
(as in non-minimum phase systems) that could 

the obtained transfer function. 

when the ADS is used in digital 
the purpose of the analog output 
the set-points to the plant to 

unit is based on the ACIA 6551 an some line dri
and its purpose is to facilitate the comunica
between the PC and the ADS by a standard RS 232 

ADQUISITION CONDITIONS ESTABLISHMENT 

COMMUNICATION ADS - PC 

yes 

yes not 

General software. 

3.- SOITWARE. 

3.1.- Introduction. 

The general operation of the set ADS and PC is exposed 
in fig. 4. The system runs according to the following 
steps: 

- PC sends to ADS the chosen operation options. 

- ADS samples the analog signals in channels 1, 
2 or both, according to the operation codes recei
ved from the PC. 

- If automatic scale and/or offset adjustement codes 
have been transmitted, the ADS adjusts the optimal 
dynamic range in order to have the maximum resolution 
in the A/D converters. 

- ADS sends to PC the required number of samples, 
the used amplitude scale and the added offset level. 

- PC represents the received signals and displays 
a signal processing menu. 

- PC processes the signal according to the chosen 
option by the user, and represents the results in 
the screen. 

3.2.- ADS subroutines. 

The ADS operation is based on the folowing subroutines: 

ESCALAT: detects if automatic scale and/or offset 
adjustement mode has been transmitted (subrou
tines MAXMIN and AMPLCON). 

MAXMIN: computes the maximum and minimum values of 
the samples held in the memory of every analog 
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input channel, 

CONT: computes the d,c. level to be added (or subs
tracted) to each analog channel in order 
to have its medium value around 2,5 volts, 

AMPLCON: computes the best amplitude scale and d,c. 
level for every analog channel. It starts 
from the maximum attenuation scale (5 V/div) 
and locates the d.c. level around 2,5 volts. 
If the dynamic range of the obtained samples 
is low, it conmutates to the following scale 
(2,5 V/div), and repits the process until 
the dynamic range is the more close possible 
to the A/D input margin. 

MOSTREIG: If step based automatic transfer function 
code has been transmitted, this subroutine 
reads the transmitted amplitude and offset 
codes of the test signal and generates the 
corresponding step. Elsewhere , controls the 
sampling process until the required number 
of samples is held in memory, 

TRANS: based on a handshake with the PC, it receives 
the operating codes from PC and sends the 
required number of samples and the amplitude 
and d.c. level codes, 

In control applications, if the control action is compu
ted in the PC from the temporary or frequencial informa
tion, they are few modifications to the subroutines: 
the only one is that the step generated in the subrouti
ne MOSTREIG must be held during consecutive control 
actions. If the ADS is used in control applications 
without the PC, then the subroutine TRANS is nullified 
and the control action (output step amplitude) must 
be computed by a control program (digital regulator) 
held in the EPROM of the ADS microcomputer. 

3,3,- PC software. 

All the PC programs are in Basic, in order to increase 
the kinds of PCs capable to be plug to the ADS. The 
main program in the PC offers an operation menu tree 
to the user, establishes and controls the communications 
between the PC and the ADS and arranges the disc acce
sses. The menu tree starts inputing the samplig process 
characteristics: number of channels, sampling period 
(internal or external to ADS) or time window, amplitude 
scale and offset adjustement (automatic or not). Then 
directs the program to the oscilloscope I spectrum 
analyzer operation or to the automatic (step based) 
transfer function computation, 

They are two major subroutines in the PC software: 
screen representations and signal processing. Screen 
representation subroutines divide the graphical screen 
for one or two channels, enable the magnification of 
the signals (temporary or frequencial), computes and 
displays the grid when it's required, and, in frequency 
representations, performs the linear, Bode or polar 
ones. 

Signal processing subroutines, apart from the basical 
function of to additionate or substract both channels, 
compute the spectra of the desired signals (with a 
variable point FFT) and computes also the transfer 
function, as well by dividing the FIT of both chan
nels as by computing the spectra of the step response. 
Moreover, a digital filtering of the input samples 
is i ncluded. 

The transfer function determination based on the compu
tation of the response to a test step improves the 
method based on the quotient between the FFT of both 
channels, in the way that the frequencial effects of 
the zero order hold (ZOH) of the ADS are compensated 
and that it avoids divisions (less rounding and trunca
tion noises). 

The method used to compute the transfer function follows 
the Samulon's approach: the measured output of the 
system whose transfer function F(w) must be determina
ted, c(t), can be approximated by a sequence of steps 
u(t - nT

8
) in the form -c(t) • ~ B u(t - nT ), n s 

n 

being B the n-step amplitude, A the absolute value 
of the 8-sample of the analog inpu~ and T the sampling 
period, Its Fourier transform is given by:9 

• 
C(w) • (1/(jw)) ~ 

~ 
On the other hand, c( t) is obtained from a test step 
(excitation) u(t) through a ZOH with transfer function: 

Z
0

(w) T sin n w/ws e-jn w/ws 
[3] s n w/w

8 

Then, C(w) • U(w) F(w) 
.. 

Z
0

{w) [4] 
Developing ., .. 

(1/Ts) :L [s] U(w) F(w) • U(w - mw
8

) F{w - mws)' 
m•-C> 

locating the zeros of the ZOH transfer function on 
w - mw (m ,I 1) and filtering (low pass) the samples 
obtaine~, the following relation is obtained: 
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U(w) F(w)•.r U(w) F(w) [6] 
and, from [3] and [4] , 

F(w) • 
sine n w/ws 

The first term of [7] corresponds to the ZOH effects, 
whereas the second (the sum) is the FFT of the derivati
ve of the system measured step response, This equation 
is processed in the PC in order to obtain F( w), by 
computing B from the ADS samples A , and compensating 
the ZOH eff~cts on the gain and pha~e of the resulting 
transfer function. 

On the other hand, if the system to be identified has 
periodical noise due to some periodical oscillator 
or conmutator {as is the case of a DC/DC switching 
regulator), noise effects can be reduced by sampling 
the step response at the same period of the noise (Tn)' 
with a sampling delay of Tn/2, 

Digital filters can be selected according to the formats 
exposed in fig, 5. 

Format 1 is useful when the filter coefficients have 
been obtained in the S-plane, and the implementation 
of the algorithm is based on the bilinear transfoB 
to Z-plane: 

S+-t 2 

T 
8 

Foraat 2, based on a filter designed directly in the 
Z-plane, is less restrictive in the sampling period 
selection. 



1(&): 

I I I C 
1(1): - ----

1W + 1 1 + I 

M I lJ %<-1) I 12 z(-2) I 13 1<-l) 

I+ 11 %(-lJ + IZ z<-Zl + 13 zHJ 

~.- Filter formats. 

lol'!llt(l) 

4.- APPLICATION EXEMPLES. 

In the following figures some experimental results 
are exposed. Fig. 6 shows a screen with an AM modulated 
signal and its modulating one, when the maximum equip
ment resolution (8000 samples by channel) was required. 
Fig. 7 corresponds to a magnification of channel 1 
of fig. 6. Fig. 8 is the output voltage spectrum of 
a OC/OC switching regulator, when the duty-cycle was 
perturbed (the spectrum around 420 KHz corresponds 
to a commercial AM transmission detected by the regula
tor transformer), and fig. 9 is the identified transfer 
function (relation in closed-loop between the output 
voltage and the duty-cycle) of the mentioned OC/OC 
regulator. Figures 10 and 11 are the transfer function 
of the same RLC circuit. The transfer function of fig. 
10 has been obtained by the classical method based 
on the division of both FFT, whereas the improved trans
fer function of fig. 11 has been determined by computing 
the step response. 
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5.- CONCLUSIONS 

A pC-based measurement and control equipment not res
tricted to a particular line of PCs and capable to 
perform the functions of an oscilloscope/spectrum analy
zer and ~o compute by differents ways the transfer 
function of a system ha• been presented. All the basi
cal adquisition functions are implemented into the 
equipment, and the only requirement to plug a PC is 
a RS ' 232 connector. It runs until a sampling frequency 
of 5 HHz, and a digital filter is included. 
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