


- 'more than a mixer. followed" by &’ Iow-pass filter
" (see ‘sections 2" and-3).. Heterodynmg Iock-m‘ ,
-“amplifiers ~ use -additional ‘ mixers: to>.convert or ..
.. translate the frequency of the mput srgnal () toa
. different -or intermediate frequency Either the”
.. _sum or the difference frequency of the'mixer out- -
eopub may. be used as the mtermedrate freq uency (f2)-
--.. Such  heterodyning. ‘'mixers “are “said .to’ -
o convert” when f; >f1 and to “down convert" when Y

- » A Lock-In Primer -

In r’ecent"years, the variety and complexiiy of lock~
" in amplifiers have increased significantly. Select-

ing the right lock-in for your application or inter-
preting tricky .specifications requires a clear
understanding of the different types of instru-
ments.available, how they work and their advan-
tages and disadvantages. To better achieve sucha

.clear understanding, we’ll start by reviewing some

of ‘the besic. “building- blocks” used in lock—m‘

. amplrflers

- MIXERS .

A simple mixer circuit is shown in Frgure 1. As
shown, this type of mixer is simply .a linear

“multlpher whose output e, is the product of its

two.inputs e, and e,. With two sinusoidal inputs,
there are two components in the mixer output, a

. sum frequency (f;+f,) term -and a difference-fre--
~quency (f, — f,) term. Notice-that'when the two-in-
x3put. srgnals are. synchronous (ie., fi= f,,), then the -
/,_Adrfference frequency is-zero and the difference .
... component 1s therefore a phase-sensrtlve dc volt- :
Cage. ", - . A . o

i e =€ sin(zafite )

t+a)

All .lock-lns use a phase
crrcurt and : -all . PSD circuits:: consrst .of nothmg:

f; <f1

For use in lock-in amphfrers mlxer\cwcwts must R
be capable of wrthstandlng Iarge “amounts .of .

“up- .

-~ noise (e.g., asynchronous signals, f,#f,) without
- overloading. The term dynamic reserve is used to
specify such noise overload performance. The
.. dynamic reserve of a mixer, or any other circuit for

. that matter, is defined as the ratio of the overload
level (peak value of an asynchronous signal that
will just cause significant non-linearity) to the

. peak value of a full-scale synchronous signal.
Dynamic reserve is ofter confused with input
 dynamic range -which is the ratio of the overload
level to the minimum detectable signal level.

Due to non-linearity and other problems, the linear
.. multiplier type of mixer shown in Figure 1 cannot
provide the dynamic reserve required in a lock-in
~amplifier. In commercial lock-ins, mixers are in-
. variably of the switching type shown in Figure 2.

The square-wave drive or switching signal used in -

- 'switching -mixers contains all odd harmonics of

~the fundamental frequency of the square wave.
The sum_and difference outputs of a switching
“-mixer, therefore, are each composed of a large

number of frequencies, e.g., f1 + T, . + 3f,, f, + 5f,,

etc. are sum frequencies; T,—fz, f,—3f,, I,—0bf,,

.5etc.-are-ditference frequencies. Note that for a

- swrtchlng mixer, synchronous 0 eratlon occurs
- . »whenever f,_52n+ . where 2n+ € har-

) “monic number, compared with the more simple
s vf‘, = f, condition’in a linear multiplier type of mixer.

"»';"(fRemember that with synchronous operation, one
- :-of the difference frequency components of the.

mixer_output will be at zero frequency or dc. A
switching mixer will therefore produce a phase-
sensitive dc’ output whenever f,= (2n+ 1)f;, and
for n >0, these outputs are known as the harmon/c
, Tfespor:ses of the mixer. :

. .
= sin[{2a+ 10221, 140, )]

n==

2
&e Seiter = 20411z

n=o

sin(27f, 1400 ) sin[{20+4 TH22 0 1o D]

a=z=>

therefore ¢ = Z s ZEL ou it —fane N1 o (o ~@netlsd
{Zn+1lz
n=o0

enc J—

= .
- _S_ (Znif"T:cos 2:(f, +(2a+1). {1 4+ (9|.*(2n+1)¢_‘|';.

n=o

sum freq Y —

FIGURE 2. Switching mixer operation.
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In a switching mixer, the amplitude (E,) of the
square-wave drive (e, is relalively unimporiant
provided that it is sufficient to_cause switching.
As with the linear multiplier type of mixer shown
previously, the output of a switching mixer is the
product of its two inputs, i.e., €s=€;+€.. The effec-
tive amplitude of e, is now a constant (E;=1)
however, and only the phase and frequency(s) of
this square-wave drive are of consequence. A sim-
ple switching mixer employing an inverting
amplifier and two complementary semiconductor
switches is shown in Figure 3. In_the condition
shown, the difference frequency:is zero (i.e., syn-
chronous condition of T,=Tf;) and outputs are
shown for four different phase relationships.

The upper transistor switch shown in Figure 3
turns on or conducts during positive half-cycles of
the square-wave drive e, the lower switch con-
ducts during negative half-cycles. When ¢,= = ¢,,
the mixer acts simply as a synchronous rectifier.
Notice that the mixer dc output can be adjusted to
any value from zero to =+ (2/=E, by varying the
phase difference (¢:—¢.). In a perfect mixer, only

b

' 6 ¢ =0° S92 = 90°
' e;Muv OC=+>€, ~ I?C=0
| o Lt o
. Bm—R—p-fx—F —0V  $1w9:=180° - -
} VW - DC= ~§-e, es-%-—oy 616, =270°
- : . AR . bc=o

“'synchronous_inputs can_causé a dc _output. In

practice, a mixer can produce a dc output with
high level noise inputs or even with no (zero) input
due to non-linearities associated with the square-
wave drive input. Such spurious dc outputs are
normally negligible (in amplitude. .However, at
higher_frequencies (above 10 kHz typically) the

magnitude of such a dc offset and its associated

drift may become significant.

._é_. ' .

e {¢;) o

FIGURE 3. Switching mixer circuit (simplified).

LOW-PASS FILTERS

Low-pass filters, such as those shown in Figure 4,
are used-to pass dc and low-frequency ac signals
while- severely attenuating higher frequency
signals. Commonly, such filters are characterized
by a cut-off frequency or signal bandwidth (f.)
whichis somewhat arbitrarily chosen 10 be the ire-
quency at which the gain of the filter falls to

70.7% (or-—3 dB) of its maximum value (O dB).
When used fo reduce noise, it is more meaningful
to talk in terms of their equivalent noise band-
width (fy).

B X 10EAL

ol =298 togith
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FIGURE 4. Low-pass filter characteristics.

Another characteristic used to compare filters is
the rate at which the filter gain rolls off after the
cut-off _frequency. {f). Note that an octave is a

.. doubling of frequency and that —6 dB, —12 dB
- “’and:—18.dB _correspond respectively to 1/2, 1/4
..."and-1/8,‘so that a —6 dB/octave rolioff, for exam-
., ple;’means that the filter gain is halved for each
. doubling . of ‘frequency. Simple single-section
" filters, consisting of one  resistor and one
" capacitor, provide a — 6 dBl/octave rolloff and are
-used-in inexpensive lock-ins. In more expensive

instruments, — 12 dBloctave or —18 dBloctave
rolioff modes are normally provided, thougha —6

_ dBloctave mode ‘is often also provided to allow

stable operation when the lock-in is used in a
feedback loop. Each filter section is characterized

-by its time-constant (RC) value where R (ohms)x C

(farads) = RC (seconds). Identical filter sections

. may be cascaded, using buffer amplifiers for

isolation, to provide steeper rolloff rates. Note
that, as more sections are added, the filter
‘characteristic begins to approach that of the ideal
filter.
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.« The equivalent_noise bandwidth of a filter is a

i

! response with the same

frequency

rectangular_shaped
maximum gain as that of

theoretical,

-provides the same noise

the actual frequency response and producing the
same rms output noise. All three practical filters
shown in Figure 4 have the same noise bandwidth
as that shown for the “ideal” filter. Noise band-

_width_is_inversely related to time constant as

shown in Figure 4. Increasing the time constant
decreases the noise bandwidth.(and hence the
output noise) but does SO at the expense of in-
creasing the measurement time. Figure 5 shows
the time response to a step input for 1,:2 and 3
section filters where the. tiine constant for each
filter is different and is chosen so-that each filter
bandwidth. Notice that
the measurement time required by each filter, for
its output to reach within 1% (for example) of the
final value, -decreases with the number of filter
sections. By definition, the ideal low-pass filter is
one offering the shortest measurement time fora
given noise pandwidth. in practice, lock-ins offer-

- ing 2 or 3 section filters come close to this ideal.

Q,ZF/L;,‘
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. Tess than the fundamental.frequenc
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tOOUTPUT | b FILTER SECTIONS : 1 2 3
) : . y
. ., -TIME CQNSTANT’(RC) -SEC. 0.25 . 0125,° 0084
1 3

i 1
NOISE BANDWIDTH, fy =1 H; — | ———
NOISE. ~ 7 ZR,C,  8R.C:  32R,Cy

. TIME TO REACH95% OF 46R,C; 66R:C: BAR.CY

- FINAUVALUE : SECONDS . : 115 083 079

- SECONDS

" FIGURE 5. .

' THE PHASE SENSITIVEDETECTOR . - .
> The combination of a mixer circuit followed by a.
/low-pass - filter’is- ‘known #as 3 -phase-sensitive

1

detector.(PSD).-As we saw ‘previou'slyfin_Figthre 2,
the output of a switchin mixer contains a large
number of sinusoidal: sum-. and difference_tre-
quency components (the number is:large rather
than infinite since the squareness of the e, does

" Thot contain all higher odd- harmonics): The effect -

- of the low-pass filter (see Figure 6) is toaverage all’

components of the mixer output which have fre-
“quencies_beyond the filter cut-off. The average:

* value of a sinusoidal component, i.e,, a sine wave,
is zero, and when. the filter time constant is set
correctly so that the:filter cut-off freQUency_(f_c)_i_s

T2) of the
.mixer square wave drive, the output of a PSD will

- gontain only those difference frequency com-
ponents having frequencies within the equivalent
noise bandwidth of the filter. T

In_a lock-in amplifier,

Loweass 1

< ISEE F1G. 1.2} FILTER 2E,

{20 +0)n
FOR {20+ 1z =6y

A A

SIGNAL
INPUT

2,
€T 2n ez

AIXER DRIVE

|PHASE. (2n + 1 1S ADJUSTABLE| €g. € ®

FIGURE 6. PSD operation with synchronous signal.

When the input signal (e1) to @ pPSD is synchro-
nous, i.e., when f,= 5n+ 1)f2, the PSD output will
contain a dc signal component as shown in Figure
6. Note that the amplitude of the harmonic re-
sponse dc outputs are phase-sensitive and are in-
versely proportional to their harmonic number (n).
the phase (¢») of the PSD
drive may be adjusted to maximize the dc output

signal.

The PSD input signal (e1) need not be sinusoidal. If
e, were a synchronous square-wave signal such

as that resulting from chopped light ¢ experiments,
for example, then . would contain a large number
of synchronous components, each of W ic
would give rise to an output dc signal
PSD.

from the

Suppose, as shown in Figure 7, that the PSD input
(e1) is an asynchronous (noise) signal of fre-
quency fi=f.+ Af. The resulting mixer sum and

f, —fs = 1Hz
£ £, +f: =199 Hz —————— |

f, =fy - M =99 Hz

{af=1Hz)

. f, —f,=1Hz !
. j
€ =1, +3=101Hz € +1; =201 Hz )

t

i. . e o e
(100 H2} ~

NOISE BANDWIDTH, fy = 4—;5 :

" SIGNAL BANDWIDTH, fc = 3 | FoR EXAMPLE, 1F RC = 0.1 SECOND
-1c = 2aRC] fy = 2.5 Hz. fc = 1.59 Hz

3
=5

FIGURE 7. PSD operation with asynchronous (noise) signal.

difference frequencies (ignoring harmonics for
simplicity) will therefore be 2f, + Af and Af respec-
tively. Only the Af component may be able to pass
through the low-pass filter and appear as output
noise. Suppose we change the frequency of this
input noise to f,=f,— Af. The resulting sum and
difference frequencies will respectively be 2f,— Af

€0 ® €0 » o COSl, — {204 Vo]



.. and — Af(= Af). Again, only the Af component can

appear as output noise and the low-pass filter
-“cannot tell” whether its Af input resulted from a
f.+ Af input to the mixer or a f,— Af input. In addi-

tion to its rectifying and phase-sensitive proper-

ties, the PSD therefore acts as a comb-filter, that
is, it provides bandpass filter responses auto-

matically centered on all odd harmonics of f, (see
Figure 8). A PSD is sometimes referred to as a syn-
chronous Tfilter. Notice thal the bandpass re-
sponses are fracking—their center-frequencies
automatically track changes in the PSD drive fre-
quency f,.

— 14

PSD

GAIN HARMONIC RESPONSES

173
1/5
1/7 1/9
s “fNﬂ ’“ﬂ“fwﬂ o~ .

f, 3%, 5f, 7%, 9f,

o

) FIGURE 8. PSD frequency response.

Each bandpass response has an equivalent noise

- .bandwidth determined by that of the fow-pass
. filter. If the PSD input consists of white noise, i.e.,

constant amplitude noise at all frequencies, the

. -effect of the harmonic response (2n+1=3, 5, 7,
- etc.) is to increase the PSD output noise by 11%.

For square-wave signal inputs, the additional out-
put noise (11%) caused by the harmonic re-
sponses is more than compensated by the in-
crease in signal (23%). If the PSD is used to mea-
sure a sinusoidal .signal accompanied by white
noise, a separate bandpass filter, centered on f,,
may be used in front of the PSD to remove the har-
monic responses and thus the additional 11%
noise. The improvement in output'signal-fo-noise

BROADBAND AND TUNED LOCK-INS
Both broadband (flat) and narrowband (tuned)
lock-in amplifiers may be represented by the

~- simplified block diagram shown in Figure 9. The

reference input waveform to the lock-in may be of
almost any waveshape and by definition is at the
reference frequency and has zero phase. The out-

- put of the phase-locked loop (PLL) circuit is a

1 1
1 1
t 1
o b FILTER b
t - i
SIGNAL H

ratio etfected by the use of such front-end filtering -
3 is normally insignificant. Front-end filters can be

extremely helpful, however, in that by reducing -
.. /e input noise before it reaches the PSD, the
 dynamic reserve of the lock-in may be improved

- significantly.

precise square-wave, locked in phase 1o ‘the
reference input, and at a frequencyf2. Normally,
f.=f; the reference frequency; most lock-ins also
provide a second harmonic mode where f2=2f,, -
and this mode is often used for derivative
measurements. The phase-shifter circuit provides
for precise adjustment of the phase ¢,, allowing

. the phase difference between the two PSD mixer

inputs to be zeroed and thereby maximizing the
output dc signal. All modern lock-ins have track-
ing reference circuits. That is, the reference cir-
cuits will follow or track any change in reference
frequency, within the operating range of the in-
strument, and will maintain the selected value of
phase-shift ¢.. : . Lo

i .

L
! ME“ FILTER |
) o>
! R € & SIGNAL
1
.

ouTteuT
{oc)

INPUT !
{ac)

REFERENCE
tveut  ©
. {ac)

FIGURE 9. Basic lock-in amplifier (simplified).

For simplicity in Figure 9, the frontend ac '
amplifier and filter circuits are shown as separate
functions. In practice, these front-end circuits are
usually combined—as is normally the case also
for the output low-pass filter and dc amplifier.
Because of the dc drift of both the mixer and dc
amplifier, the gain of the dc amplifier should -be
minimized to provide optimum output stability
and ac gain used to provide the overall instrument
gain required. Such a gain distribution is practic-
able and desirable for use with “clean” signals.
With noisy signals, however, the ac gain must be
reduced to provide increased dynamic reserve and
the dc gain increased proportionately. Most high
performance instruments provide the controls to -
allow such-a tradeoff between dynamic reserve-

and output stability (see Figurﬁe__ ‘_l._(_))..-:":“. T

, [ Froven esD I oo . ] e . o
FULLSCALE o T ™" AC P, ag . R ampuRier |t o FULLSCALE -
INPUT = 10V m“f“ woee © GAN-&, =10V outruT

LetPSD overlaad level = 14.14 V {peai = 10V sms_and de dectt of (PSD « DC armplifier} = 10 4V/°C, then

DYNAMIC RESERVE

1wV ... OUTPUT DRIFT
ACGAIN, A, e, (rms) e, {dc) DC GAIN, 4, =, - (% OF F.S)
10+ 10 mv 9 mv 11X10° 10? (60 dB) 1011 %f°C
10 100 mV 90 mV 11x10° 10° {40 dB) 0.011 %/°C

10° 1V. 900 mv 1.1X10° . 10' (20d8B) 0.0011%/°C .

FIGURE 10. Dynamic reserve/output stability trade-off.
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The basic difference between broadband and tun-
ed lock-ins is in their front-end filter characteris-
tics—see Figure 11. Broadband instruments are
economical and have the advantage that, over a
wide frequency range, a change in reference fre-
quency (fz) will not cause a change in front-end
phase-shift. Tuned front-ends are more expensive

‘to manufacture and must be returned if the ref-

erence frequency changes significantly. A tuned
front-end instrument, however, offers the ultimate
dynamic reserve performance. For noisy input
signals, the narrowband frequency response ef-
fectively “protects” the PSD, reducing noise that
would otherwise cause overloading. An approach

‘that yields optimum lock-in performance is, of

course, to provide both broadband and tuned
modes of operation—the EG&G PARC Models
124A and 5301 provide no less than five signal

channel modes together with many other unique

features.
‘\ 90°
X 45°
\ ROAD BAND S
GAIN O° PHASE
TUNED \ |z
1 ‘/1 ) -80°

FIGURE 11. Broadband and tuned filter characteristics.

THE HETERODYNING/TRACKING FILTER

"LOCK-IN -

Another method for obtaining a front-end filter
uses the long established technique of heterodyn-
ing. The signal of interest is up-converted to a
‘higher fixed. frequency to provide a front-end

STy bandpass filter (see Figure 12).

T

}WIth this approach a fixed frequency filter-
amplifier is used to protect the PSD from noise
and increase the dynamic reserve of the instru-
ment. Early heterodyning systems divided the

- operating frequency range into a number of small

frequency bands. Each band operated at its own
intermediate frequency and required up to 5 cir-
cuit boards to be changed for each band. Recent
designs eliminated the need to interchange cards
since all cards could be instalied simultaneously.
the main advantage of the heterodyning system is
that it approaches the tuned front-end system in
dynamic reserve while allowing a signal channel

tracking capability. It ailso removes harmonic re- -

sponse from the system. (See PHASE-SENSITIVE
DETECTOR.)

Disadvantagés of the heterodyning approach are -

the relatively poor front-end selectivity (tuned in-
struments can provide much narrower front-end
filtering) and degraded phase stablhty and noise
performance.

HETERODYNING

MIXER |
FIXED-FREO] 1 3

Aac 1, X
o i
©O—— AMPLIFIER BANDPASS | oc
SIGNAL FILTER AMPLIFIER [ " SIGNAL
INPUT -
fi+ip QUTPUT
fi

REFERENCE F €|
INPUT 1a CIRCUITS

FIGURE 12. Heterodyning “tracking-filter” principle.

THE SYNCHRONOUS HETERODYNING

{(SYNCHRO-HET®) LOCK-IN
Two of the most important specifications of a

lock-in are its dynamic reserve and its output
stabmty As mentioned previously, the amount of
ac gain that can be used in a lock-in is limited by
~ the noise accompanymg the signal. The Synchro-
Het® principle used in the EG&G PARC Model
186A is a patented technique which effectively

‘allows ac gain to be increased without degrada-,.

tion .of the instrument’s dynamlc reserve. The

Model 186A is unique in its ability to simulta-

neously provide -both outstanding dynamic
reserve and excetlent output dnft performance

Ina lock-ln amptmer most of the norse ‘accom-

panying an input signal is not removed until acted
.upon by the extremely narrowband f!ltenng action
of the PSD—the effect of a front-end fiiter is nor-

mally insignificant by ‘comparison. Unfortunately, .

in conectional instruments, this cleaned-up-PSD

output is now adc S|gnal the stability of which is

degraded by any spurious PSD dc output ‘and. its

associated drift and also by, the de drift of the .

. following output amplifier.-As we will see, the.
Synchro-Het®. technique:.uses a combination of -
‘mixers -and ‘a unique: rotatmg-capamtor filter to - -
- form what'is effectively a PSD-with ac. output, This ~ .
relatively noise-free PSD output may.-now be ac

O

amplified before final rectlflcatlon and smoothmg -

takes piace

ROTATING
CAPACITOR

FIL'I:ER @

MIXER MIXER

: ®

-AC

SIGNAL AMPLIFIER
INPUT

- a |necenence 3 “ T ’ :
rererence| ORCUTS o X X T .
NeuT ) - _ OSCILLATOR

FILTER

FIGURE 13. The Synchro-Het® principlel'(Model 1_86A).
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Referring to both Figures 13 and 14, an input
signal to the Model 186A is amplified by the front-
end ac amplifier and then mixed with an 11 Hz.
square-wave in mixer 1. The effect of mixer 1 isto
phase-chop the signal, i.e., the signal polarity is
alternately reversed at an 11 Hz rate. The phase-
chopped signal (waveform C) is then mixed with a
reference frequency (or 2f; in second harmonic

mode) square-wave in mixer 2 to produce wave- -

form E. The combination of mixer 2 and the rotat-
ing capacitor filter act to form a PSD with the
square-wave ac output shown in waveform F. Note
that any spurious dc outputs from mixer 1 or mixer
2 will not be amplified by the ac amplifier follow-
ing the rotating-capacitor filter. After ac amplifica-
tion, mixer 3 is used to synchronously rectify the
signal (waveform G) and this dc signal is then
amplified by the low gain output amplifier-filter.”

*, The overall low-pass filter response.of the Model
186A rolls off at —18 dB/octave—approaching

that of the “ideal” filter (see LOW-PASS FILTERS).

nNnAonnonnQ

o -1 s o I
i B
© DD A, -

) S W

FIGURE 14. Synchro-H_ét® waveforms (see Figure 13).

TWO-PHASE/VECTOR L'OCK-!N AMPLIFIER

This type of lock-in is shown in Figure 15. After -

| . front-end ac amplification " and . filtering, the -
“)-amplified input signal (e1) is fed to two-PSD cir-:

>cuits operating with square-wave drive waveforms ;<

whichare in quadrature;i.e.,’90° out of phase with

one another. The low-pass filters shown following -
the two mixers are combined with their output-dc -

amplifiers so that the time constant in'each case
is given by R,C 'where R; is the value of the feed-

back resistor. For two-phase operation, the feed:
back connection shown in blue from the quadra-

ture output to the reference circuits is discon-

nected and the instrument simply. provides two .

outputs—one proportional to e;cos(¢:— ¢2), the
other proportional

In many such applications, it is necéssary 1o,

measure a small in-phase signal in the presence
of a large quadrature signal. For this reason, the

e ac |
o AMPLIFIER -
SIGNAL FILTER i

INPUT

" LOCK-IN AMPLIFIER .
' The addition of a microprocessor to
amplifier creates .new computer-controlied mea-

to e.sin(¢:—¢2). Such .an. .
operating mode is- particularly useful -for "two-
phase applications such as ac bridge balancing: *+

Ry

INPHASE/VECTOR
QuTPUT

ey [eostr -

o QUAORATURE/PHASE
QUTPUT

o ey {sintng o1

(AUTO PHASE CONTROL]

REFERENCE
CIRCUITS

REFERENCE ‘s
INPUT

€« ko

FIGURE 15. Two-phaselvector operation.

accuracy of the 90° phase difference between the

two mixer drives, i.e., the orthogonality, is very im-

portant—as is the phase drift with. time and tem-
perature.

For vector operation, the feedback connection
shown in blue is connected as shown, and the

- feedback resistor (R,) associated with the quadra-

ture ‘output amplifier is disconnected. This output

' ~amplifier circuitnow becomes an operational inte-
grator with very high dc gain and a time constant

of R.C seconds. The integrator output (Ey) is used
to control the phase shift (¢,).generated by the ref-

" ‘erénce circuits. The effect of the feedback loop

formed by the quadrature mixer, integrator and

“reférence circuit phase-shifter is to automatically

force the output of the quadrature mixer toward

" zero. This will reach zero when ¢1=¢,, since

Sin(¢: — ¢2)=Sin(0)=0. If the phase-shift ¢2 is
finearly related to the control voltage Ey, the inte-
-grator output will be proportional to $2 and may be

‘used as a PHASE output. When (¢, ¢2) is auto-
matically-held to zero by the feedback loop, the in-

phase channef output becomes proportional {o
e, cos(¢1 — ¢,) =e,—i.e., a VECTOR MAGNITUDE

-output. Such a phase-insensitive mode of opera-
- .-tion is particularly valuable in applications where
: »»‘n.th‘e signal phase (¢1) is constantly changing.

THE MICROPROCESSOR-CONTROLLED
the lock-in

_surement possibilities, simplifies and automates

" manual measurements, and permits special fea-
“tures that increase measurement efficiency.

Full pr'ogrammability'of all instrument parameters

- .via |EEE-488 or RS232 interfaces is a requirement
* in“today’s computer-controlled. laboratory. Many

complicated experiments require a computer o

_ - .coordinate multiple signal sources, samples, and
-~ "instruments. Under computer control, micro-
- .processor-based, or smart, lock-in amplifiers are
. now being used for production testing of fiber op-
- tics, and for tedious measurements of low-level
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N light or electrochemical signals. They allow skill-

ed workers to concentrate on the results rather
than on data gathering. Built-in features like multi-
ple curve buffers, binary or ASCII curve dump
commands, and commands for all front panel
functions minimize programming time.

The smart lock-in amplifier is valuable in manual
use as well. The auto-range, auto-phase, auto-
offset, auto-normalize and auto-tune functions
simplify lock-in operation, reducing total mea-
surement- time. And the auto-measure function
automatically finds the signal and adjusts the
lock-in to make the complete measurement, even

* on moderately noisy signals. Moteover, when

manually adjusting individua! controls, a smart
lock-in warns the user if an inconsistent setting
was selected, thus improving measurement relia-
bility. Additional. convenience features include
relative phase measurement, logarithm and ratio
calculations, and a buﬂt -in, crystal-controlled fre-
quency meter

" The- marriage of analog and digital electronics

brings several more benefits to the art of recover-

\ing signals from noise. ‘In the flinear averaging
mode, the microprocessor zeroes in on the signal

amplitude within one time constant, compared to
the five time constants taken by the normal ex-

. ponential mode. This is of great benefit in resoiv-

ing peaks in spectral scans, at only a slight
sacrifice - in . signal-to-noise improvement. The
sliding average mode, -on the other hand, allows
measuremerit resolution to be improved by in-
creasing the number of samples averaged to-

- gether for each readmg

SIGNAL RECO\{ER_Y,

One last subject: Just how deep can a signal be
buried in noise and still be recovered by a lock-in?
Figure 16 shows (in-black) three types of noise
thatare frequently encountered in the output of an
experiment. Discrete frequency interference such

"~ as line’ frequency pick-up (50/60 Hz or their har- .
= monics) can usually be .eliminated by simply
;¥ choosing a suitable.operating (reference) frequen-

)cy ln most: apphcatlons random- 1/f or flicker
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INPUT
NOISE
POWER

noise may also be greatly reduced by choosing a
relatively high reference frequency. Random
white noise with its constant noise power/unit
bandwidth presents the most serious problem.

1/ NOISE 60 Hz

LINE

PICK-UP
NOISE BANDWIDTH OF LOCK-IN
(CENTERED ON REFERENCE FREQUENCY}

WHITE NOISE Y

FOR WHITE NOISE
"NOISE POWER = {
NOISE VOLTAGE =\* s

OUTPUT NOISE . f;
INPUT NOISE N B..

fa

BAND LIMITED WHITE NOISE

INPUT TO LOCK-IN
BANDWIDTH = 3,,

FIGURE 16. Signal/noise improvement.

When white noise is applied to the input of a lock-
in, it becomes band-limited by the input frequency
response of the instrument. Let’s assume that this
input noise bandwidth (B,) containing the noise is
(for example) 100 kHz or 10° Hz. The noise band-
width (f,) of the lock-in depends upon the PSD
time constant selected. Let’s suppose we can af-
ford a time constant of about 100 seconds (i.e., a
measurement time of about 500 seconds), so that
f»=0.001 Hz or 10 Hz. Since the noise reduction
or signal recovery effected by the lock-in is given
by the square root of f,/By, the output signal-to-
noise ratio (SNR) will be 104 times better than the
input SNR. Let's assume that, for use with a chart

‘recorder, the output SNR must be no less than (for

example) 10:1. Under these conditions then, the
worst input SNR that can be used is simply
(10:1)/10* =
cient dynamic reserve so as not to overload on
noise peaks (at least 5000 in this example), then a
signal may be recovered from noise that is 1000
times larger. .
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eg. IFi,=10 ' Hz/B, = 10" Hz

1:1000. Assuming the lock-in has suffi-
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