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'm sure you've all heard of the astounding event thar took
piace recently. Dr, DL P, Freeze, a well &nown gxperimental
physliclst, who had been fost and presumed dead during an
Antarctic gxpeditfon some years ago, was discoversd er-
rombed i & huge Diock of e,

To the armazement of s rescuers, Freeee was nof dead and
after thawing vwl was alde (o retarn o iz post at the
Uriiversity.

A few days aftter bewng given his st assignment. Freeze
visited Mis superwisor Ur, W, I Thit, radiating gloom and
despandency. BT sald FreeZe, Toluve given me an
impossible task. This measurement you want me to make
negds an noradiny sopfisticated alectronic syitem. Just look
at the specifications we need. ™

“First af all, the system must amohify a8 T al ac signal and
trn 0t into @ 10 volt de signal. Bill. do vow realize thats a
gain of 10" or 200 487 Think of the shielding well need!”

“The huge gain wouwldn'T be 5o bad If we had a clean signal,
but look ar the inpur signal to noise ratle we can expect. |
calculate thart our 1 onV signal wiff be drowned by an
Inrerfering signal that’s bigger by five orders of magnitude, ™
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“For God's sake. Bill, don’t you realize that means an input
oynamic reserve of al Jeast 107 if the system is not o
averfoad, And loak at the gynamic range that implies. We
reed Lo resofve our signal o 10 0V or one part in a hundred,
anied LAl reans @ rinirnun inpul dynamic range of 107 or
140 o8

By this time, Freeze was pacing backwards and forwards, fiis
face pink with passion.

“Andd, B he said in a choked voice, “the worst js yer fo
come - fook at the filtering performance we need.”™

"Our spstem must fock-in, in bath frequency and phase, to a
roferance signal and not only can the waveshape of our
reference be sinusoldal, square, teiangular, narrow pulses, or
sy thing in between, but its frequency need not ke constant -
it can ehange sontinuowsy aver a 10% range of frequency, ™

At this point, Freeze took a grip on himsalf and continued
moarg calmiy. “You seo, BT ke said, Y dor't think you
fully appreciate the praoblom,

“Our systerm must act as g selective or tuned amplifier and
amplify  only & selectable narcow band of frequencies
cantered aon the freguency of the reference signal, Tn aother
wards, Bl aur system needs ta be g frequency frocking
bandpass Filter with erarmous gain and with selectable
bandwidth ar 3.7



“IF mathing alse will convince vou,” said Freeze, “fust Iook atr
the O reguirements. We both know what Q & - e fifter
contar-fraguency  divided by the bandwidth, right? You
ramamber WHEN we were students learning ofrowlt design -
with either tuned L-C circwits or operations amplifier §-C
cireuits, @ @ of JO0 5 about as high as you can go and s
fave acceprale freguency and arnplitude stability, not to
mention phase stalifity. ™

“AN right,” sald Freere, taking & desp breath, “this spstom
vou're asking for needs a bandwidth of O.0071 H: at a
conter-frequency of 100 kHz, That implies a @ of 10% ar 100
million - now da you beliove [t impossiblel” He slumpsed
tiredly into o choir and waited for e suparvisor to reply,

“I¢%s understandable, of caurse,”™ sajd W I Thit with & smila,
“in view af your fifteen yesrs of hibermation.

“What wau've hoan describing is called a Lock-in Amplifier
and thores a company called Frinceton Apphied Research
wha for the past 13 wears has specialized in their design,
manufacture and aoolications. Here's their latest catalog -
take it with you and choose the model you need,”™

“Healla, FLAR.C. applications engineer. | have this problem. |
have vour new fock-in amplifier catalog and...”™




A Lodk-in Primer

In recent years, the variety and complexity of lock-in
amplifiers have increased significantly. Selecting the
right loclk-in for your application or interpreting
tricky specifications, requires a clear understanding of
the different types ol instruments available, how they
work and their advantages and disadvantages. To
hetter achieve such a clear understanding, we'll start
by reviewing some of the basic “building-blocks™
used in lock-in amplifiers,

1.

Mixers

A simple mixer circuit is shown in Figure 1.1, As
shown, this type of mixer is simply a linear
multiplier whoze output e it the product of its
two inputs ¢y and ¢y, With two sinuseidal inputs,
there are two components in the mixer output, a
sum frequency [f, + fi) term and a difference
frequency (f; — fa) term. Motice thar when the
twa input signals are spnchranocs (e, £, = fa),
then the difference frequency iz zero and the
difference component is therefore a phasescnsi
tive dc voltage,
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FIGURE 1.1 — SIMPLE MIXER OPERATION

All lock-ins nse a phase-sensitive detector (PS0)
circuit and all PSD circuits consist of nothing
maore than a mixer followed by a low-pass filter
{see sections 2 and 3). Heterodyning lock-in
amplifiers use additional mixers to convert or
translate the freguency of the input signal (T} Lo
a different or intermediate frequency. Either the
sum or the difference frequency of the mixer
altput may be used as the intermediate frequency
;). Such hetercdyning mixers are said to “‘up-
convert” when f; > f; and to "down-convert”
when f; < fy.

For use in lock-in amplifiers, mixer circuits must
be capable of withstanding large amounts of noise
li.e. asynchronous signals, f; =& ;) without
overloading. The term diyramic reserve s used to
specify such noise overload performance. The
dynamic reserve of a mixer, or any other circuit
for that martter, Is defined as the ratio of the
overload level {peak walue of an asynchronous
signal that will just cause significant non-linearity),

to the peak wvalue of a tull-seale synchronous
signal. Dynamic reserve is often confused with
input difmamic rangs which is the ratio of the
overload level to the minimum detectable signal
level.

Due ta non-linearity  and other problems, the
limear multiplier type of mixer shown in Figure
1.1 cannot provide the dynamic reserve required
in a lock-in amplifier. In commercial lock-ins,
mixers are invarially of the switching type shown
in Figure 1.2. 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 ocutputs of a
switching mixer, therefore, are each composed of
a large number of frequencies, e, f; +f,, f; +
3fa. [y # 51, etc, are sum freguencies; £, — fy, fy
— 3fy, fy — Bfa, etc. are difference fremquencies,
Mote that for a switching mixer, spnchronous
oparation ocours whenever £, = (2n -+ 1}f; where
{2n + 1} is the harmonic number, compared with
the more simple 7, = [, condition in a linear
multiplier type of mixer. Remember that with
synchronous operation, one of the difference
frequency components of the mixer output will be
at zero frequency or do. A switching mixer will
therefore produce a phase-sensitive de output
whenever f; = (2n #1)f; and for n>0, these
outpuls are known as the Harronic responses of
the mixer.
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FIGURE 1.2 — SWITCHING MIXER OFPERATION

In & switching mixer, the amplitude (E;} of the
square-wave drive {es} is relatively unimportant
provided that it is sufficient to cause switching. As
with the linear multiplier type of mixer shown
praviously, the output of a switching mixer is the
product of its two inputs, e, gy = €;+g2. The
effective amplitude of &7 is now a constant (E; =
1) however, and only the phase and frequency(s)
of this square-wave drive are of consenuence. A
simple switching mixer emploving an inverting
amplifigr and two complementary semiconductor
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switches 1z shown in Figure 1.3, In the condition
shown, the difference frequenecy is zero (ie.,
synchronous condition of f; = f3) and outputs are
shown for four different phase relationships.

The upper transistor switch shown in Figure 1.3
wrns an or conducts during positive half-oycles of
the square-wave drive e;; the lower switch con-
ducts during negative half-cycles, When ¢4 =2y,
the mixer acts simply as a synchronous rectifier,
Matice that the mixer de output can be adjusted
o any value lrom cero to L(2/5)Ey by varying the
phase-difference @y — @:). In a perfect mixer,
anly synchronaus inputs can cause a de output, In
practice, a mixer can proeduce a de output with
high level noise inputs or cven with no (zerc)
input due to neon-linearities associated with the
square-wave drive input, Such spurious de outpuats
are normally nealigible in amplitude. However, at
higher frequencies (above 10 kHz typically) the
magnituce of such a de otfset and its associated
drift may become significant,

if‘v’\/

g (% | Dy

L

LT R THP\N\“-M )~ = 80°
s mﬂ_{.u Dc-;?.el o=
P, e aw &y od - 1007
mu m--%s, l|. %‘-qu g m 2T
Dl a
FIGURE 1.3 — SWITCHING MIXER CIRCUIT ISIMPLIFIED)

. Low Pass Filters

Low-pass filters, such as those shown in Figure
2.1, are used to pass do and low-frequency ac
signals while severely attenuating higher frequaency
signals. Commanly, such filters are characterized
by a cutoff frequency or signal bandwidih (1)
which iz zsomewhat arbitrarily chosen to be the
frequency at which the gain ef the filter falls to
70.7% (or =3 dB) of its maximum value {0 dB).
When used to reduce noise, it is more meaningful
to talk in terms of their equivalent nodse band-
wigth [fy ).
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FIGURE 2.1 — LOW-PASS FILTER CHARACTERISTICS

Another characteristic used to compare filters is
the rate at which the filter gain rofis off after the
cut-nff frequency (fy). Mote that an octave is a
doubling of frequency and that —& dB, —12 dB
and —18 dB correspond respectively to 1/2, 1/4
gnd 1/8, so that a —6 dBfoctave rolloff, for
example, means that the filter gain is halved for
each doubling of frequency, Simple single-section
filters, consisting of ane resistar and one capaci-
tor, provide a —hB dB/octave rollaff and are used in
inaxpaenzive lock-ing, In more expenszive instru-
ments, 12 dBfoctave or 18 dB/octave rolloff
modes are normally provided though a —G dB/
oclave mode is oflen also provided to allow stable
operation when the lock-in is used in a feedback
loop. Each filter section is characterized Dy its
time-constant (HC) walue where B [(ohms) » C
{farads) = RC {geconde). ldentical filter sections
may bo coscaded, using buffer amplifiers for
isolation, to provide steeper rolloff rates. Mote
that, a3 more sections are added, the filter
characteristic begins t approach that ol the ideal
filter.

Tha equivalent noise bandwidth of a filter is a
theoretical, rectangular shaped frequency response
with the same maximum gain as that of the actual
frequency response and producing the same BMS
output noise. All three practical filters shown in
Figure 2.1 have the same noise handwidth as that
shown for the “ideal™ filter, Moise bandwidth is
invarsely related to time-constant as shown in
Figure 2.1. Increasing the time-constant decreases
the noise bandwidth (and hence the output noise)
but does so at the expense of increasing the
measurement fime. Figure 2.2 shows the time
response to a step input for 1, 2 and 3 section



filters where the tmeconstant Tor each Tilter is
different and is chosen so that each filter provides
the same noise bandwidth. Matice that the mea-
surement time required by each filter, for its
output to reach within 1% {say) of the final value,
decreases with the number of filter sections. By
definition, the jdeal low-pass Tilter is one offering
the shortest measurement time for a given noise
bandwidth, In practice, lock-ins offering 2 or 3
section filters come close to this ideal.
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FIGURE 2.2

3. The Phase Sensitive Detector

The combination of a mixer eireuit followed by a
low-pass filter is known as a phase-sensitive detec-
or (PS0D). As we saw previously in Figure 1.2, the
output of a switching mixer contains 4 large
number of sinusoidal sum and difference fre-
quency components [the number is large rather
than infinite since the squareness of the e, drive
signal is not perfect and e, does not contain all
higher add harmonics}, The effect of the low-pass
filter {see Figure 3.1) is 10 grerage all components
of the mixer output which have fregquencies
heyond the filter cut-nff. The average value of a
sinusoidal component, i.e., a sinewave, is zero and
when the filter time-constant is set correctly so
that the filter cut-off frequency [f;) is less than
the fundamental frequency (f2) of the mixer
sguare-wave drive, the output of a P53D will
contain only those difference fregoenc)y COMPO-
nents having frequencies within the equivalent
noise bandwidth of the filter.

7 LYAYAYAVAN -
-T —Ilir— —I:\--_r-[l\l' -T =RcE=d—Tmpy |  mssssasas T_.n-u'
!
VoV s LowPass
i it HIE EHE L . LR S l::_'flﬂn cotly, - e ilel
B
BIGMAL ‘J;c FUH Gam + 1lgy =y
" Mt la
MRKEM BHIVE
[Fmasd, iEn v Tig; 15 ADAISTABLE] R B "‘1:|.,]'2."-I|. Slu-tl'-]\:;‘l B

FIGURE 3.1 — PSD OPERATION WITH
SYNCHRONOUS SIGNAL

F,- 0, AU- 99 He
faf= 1 Mz}

I, = #+ Af= 101 Hz f, # 1, = 200 Hz

When the input signal {e;] to a PSD is synchro-
nous, i.e., when f; = {Zn + 1)fy, the PSD output
will eontain a de signal component as shown in
Figure 3.1, Note that the amplitude of the
harmonic response de outputs are phase-sensitive
and are inversely proportional to their harmonic
number {nl. In a lock-in amplifier, the phase (¢ )
of the PSD drive may be adjusted 1o maximize the
de nutput signal.

The PED input signal (e, } need not be sinusoidal.
If e, were a synchronous square-wave signal for
example, such as thal resulting from chopped light
experiments, then e, would contain a large num-
bar of synchronous components, each of which
would give rise to an output de signal from the

PSD.

Suppose, as shown in Figure 3.2, that the PSD
imput [ey ) is an asynchronous (noisel signal of
frequency f;, = f; + Af. The resulting mixer sum
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FIGURE 3.2 — PSD OPERATION WITH
ASYMNCHRONOUS (NOISE) SICGNAL

and difference frequencies (ignoring harmaonics for
simplicity) will therefore be 21; + Af and Af
respectively. Only the Af component may be able
to pass through the low-pass filter and appear as
output noise. Suppose we change the frequency ot
this input noise to f; = f; — Af, The resulting sum
and difference frequencies will respectively be 21,
— AT and —Af(=Af). Again, only the Af compo-
NENT can appear as output noise and the low-pass
filtar “cannat tell” whether its Af input resulted
fram a t; + At input to the mixer or a f; —Af
input. In addition to itz rectifying and phase-
sensitive properties, the PSD therefore acts as a
comb-filter. that is, it provides bandpass filter
responses automatically centered on all udd har-
monics of f, - see Figure 3.3. A PSD is sometimes
referred to as asynchronous fifter. Notice that the
bandpass responses are tracking - their center-
frequencies automatically track changes in the
PSD drive freguency ;.

L fp +1; = 199 Hz = 9

FOR CH¥AMPLE T AC = 0.1 SCCOND
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FIGURE 3.3 — PSD FREQUENCY RESPONSE

Each bandpass response has an equivalent noise
bandwidth determined by that ol the low-pass
filter. If the PSD input consists of white noise, ie.,
constant amplitude noige at all frequencies, the
effect of the harmenic responses {2n +1=23,5,7
cte.) 15 to increase the PSD output noise by 11%.
For squareswave signal inputs, the additional
output  noise {11%) caused by the barmonic
responses s more than compensated by the
increase in signal [23%). 11 the P30 s used to
measure a sinuseidal signal accompanied by white
noise, a separate bandpass filter, centered on f,
may be used in front of the P5D to remove the
harmonic responses and thus the additional 11%

noise. The improvement in output sigoal fo noise

ratio  effected by the use of such front-end
filtering is nermally insignificant. Front-end filters
can be extremely helpful, however, in that by
reducing the input noise before it reaches the PSO,
the ovnamic reserve ol the lock-in mav be
improved significantly.

. Broad-Band and Tuned Lock-Ins

Both broad-band (flat) and narrow-band {wned)
lock-in amplifiers may be represented by the
simplified hlock diagram shown in Figure 4.1, The
reference input waveform to the lock-in may be of
almaost any waveshape and by definition is at the
reference frequency and has zero phase. The
oulpul of the phase-locked loop (PLL) circuit is a
precise square-wave, locked in phase to the refoer-
ence input, and at a frequency f; . Marmally, 1, =
fg the refersnce freguency; meoest lock-ing also
provide a second harmaonic mode where f; = 2fg
and this mode is often used for derivative measure-
ments, The phase-shifter circuit provides for pre-
cise adjustment of the phase s, allowing the
phase ditference between the two PSD mixer
inputs to be zerced and therchy maximizing the
output dc signal. All modern lock-ins have frack-
ing reference circdits. That is, the reference
circuits will follow or track any change in refer-
ance frequeney, within the operating range of the

inatrument, and will maintain the selected value of
phase-shift gy,
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FIGURE 4.1 — BASIC LOCK-IM AMPLIFIER [SIMPLIFIED]

For simplicity in Figure 4.1, the frontend ac
amplifier and filter circuits are shown as separate
functivns. In practice, these front-end cirguits are
usually combined - as is normally the case also, for
the autput low-pass filter and de amplifier. Be-
cause of the dc drift of both the mixer and dc
amplifier, the gain of the de amplificr should be
minimized to provide optimum oufout siabilite
and ac gain wsed o provide the overall instrument
pain required. Such a gain distribution s prac-
ticahle 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 trade-off hetween dynamic reserve
and output stability - see Figure 4.2,
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FIGURE 4.2 — DYNAMIC RESERVE/OUTPUT
STABILITY TRADE-OFF

The basic difference between broad-band and
tuned lock-ing ig in their front-and filter charac-
teristics - see Figurc 4.2, Broad-band instruments
are econcmical and have the advantage that, over a
wide frequency range, a change in reference
frequency (fq] will not cause a change in front-
end phasa-shitt. Tuned tront-ends are more px-
pensive to manufacture and must be retuned if the

?



reference frequency chanoges sianificanty. & tuned

front-end instrument, howewver, affers the ultimate it
dynamic reserve performanes, For noisy input L
signals, the narrow-band frequency response af- o e Al Ll e
fectively “protects” the PSD, reducing noise that IkpuT TR F i
would otherwise cause overloading. An approach
that vields optimum lock-in performance is, of e e
course, ta provide both broad-band and wned THEUT Ta | CELITS
modes of operation - the P.AR.C. Madel 1744
provides no less than five signal channel modes
together with many other unigue features, EIGLRE 5.1 — HETERODYNING “TRACKING-EIL TER”
FRINCIFLE
B, The Synchronous Heterodyning {Synchro-Hct’ﬁ':'ll
j 5" Lock-1n
o2 . i, Twa of the most important specifications of a
BIOAT AN lock-in are its dynamic reserve and its output
s 5 LR stability. As mentioned previously, the amount of
ki T ac gain that can he used in a lock-in is limited by
'FFI!' the noise accompanying the signal. The Synchro-
" e Het® principle used in the P.A.B.C. Model 1264
is o recently patented technique which effactively
allowws ac gain to be increased without degradation
FIGURE 4.3 — BROAD-BAND AND TUNED e ; 3 e :
FILTER CHARACTERISTICS ol the |r|h.[ru|m_-:||L.x. dynamic reserve. The IEE.-"-": is
unigue in its abillty o simdtaneous(y  provide
both outstanding dynamic reserve and excellant
5. The Heterodyning/Tracking Filter Lock-In output drift performance.
As mentioned previously, the PSO circuit used in -

all lock-ing is a tracking filter. A competitive In a lock-in amplifier, most of the naise accom

instrument, not made by PAR.C, but included
here for completensss, uses an  Up-Conversion
heterodyning scheme 1o provide an additional
front-end bandpass filter - see Figure 5.1,

With this approach, a fixed frequency filter-
amplifier is used to protect the PSD from input
naoise and increase the dynamic reserve of the
instrument. In order to use such a fixed-freguency
filter, the nperating frequency range of the in-
strument is divided into smaller frequency bands;
for cach band, the input signal frequency is
heterodyned up to the center-frequency of the
filter. The advantage of this approach s that, over
a limited frequency range, the instrument offers
dynamic reserve approaching that of a tuned
front-end instrument, without requiring manual
tuning. Ancther feature cmphasized for this com-
petitive instrument is that the front-end heterc-
dyning removes harmonic responses (see seclion

pamying an input siynal s nol removed until acted
upnn by the extremealy narrow-band filtering
action of the PSD - the effect af a frant-end filter
is nermally insignificant by comparison. Unfor-
tunately, in conventional instruments, this
cleaned-up P30 outpul is now a do signal, the
stability of which is degraded by any spurious PSD
de output and its associated drift and also by the
de drift of the following output amplitier. Az we
will see, the Synchro-Het® technique uses a
combination of mixers and a unigue rotating-
capacitor filter to form what is effeclively a PSD
with ac output. This relatively noise-free PSD-.
output may now be ac amplified before final
rectification and smoothing takes place.

ARTATIN MIXER
MIKER: MInER CAFAISTOR a
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Digadvantages of this approach are the relatively
poor frontend selectivity {tuned instruments can "*,’:‘!{:{‘“‘Jim‘
provide much narrower front-end filtering), de
gracded output stability at higher frequencies

caused by PSD operation at & high intermediale o
frequency rather than at the reference freguency

(see section 1) and the necessity of changing a FIGURE 6.1  THE SYMCHRO HET® PRINCIPLE

large number of components in order to change (MODEL 1864A)

frequency bands.



Referring to both Figures 6.1 and 6.2, an input
signal to the Medel 1884 iz amplified by the
frant-end ac amplifier and then mixed with an 11
Hz sguare-wave in mixer 1. The effect of mixer 1
is to phase-chop the signal, ie., 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 2fg  in second
harmonic mode) square-wave in mixer 2 to pro-
duce waveform E, The combination of mixer 2
and the rotating capacitor filter act to form a PSD
with the sguarg-wave dc output shown in wave-
form F. Mote that any spurious de outputs from
mixer 1 ar mixer 2 will not be amplitied by the ac
amplifier following the rotating-capacitor filter.
After ac amplification, mixer 3 is used to syn-
chronously rectily the signal {waveform G) and
this dc signal is then amplified by the low gain

. Two-Phase/Vector Lock-In Amplifier

This tvpe of lock-in is shown in Figure 7.7, Alter
front-end ac amplification and filtering, the am-
plified input signal (e, ] is fed to two PSD circuits
operating with square-wave drive waveforms which
are in quadrature; i.e., 90" out of phase with one
analher., The low-pass filters shown following the
two mixers are combined with their output dc
amplifiers gn that the time constant in each case is
given by BT where R; is the walue of the
feedback resistor. For two-phase operation, the
feedback connection shown in blue from the
guadralure gutput to the reference circuits is
disconnected and the instrument simply provides
two nutputs - one proportional 1o e, cos(d, = g ),
the other proportional to e sinld, — ¢ ). Such an
operating mode s particularly useful for two-
phase applications such as ac bridge balancing.

autput amplifier-filter. The overall low-pass filter
respanse af the 1864 rolls off at —18 dB/octave -
approaching that of the “ideal® filter {see section
2).
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FIGURE 6.2 — SYNCHRO-HET Y WAVE FORMS
[SEE FIGURE 5.1] FIGURE 7.1 — TWO-PHASE/VECTOR OPERATION

Gentlemen:

Please send me more detdiled information about the use of P.AR.C.'s
Lock-In Amplitiers.
My application is:

[ Send mea your latest Lock-1n Amplifiar Famlog
O Please have an applications engineer cantact mea.

Fill out and tear off the attached
business reply card and we’'ll send you
a copy of our latest Lock-In Amplifier

Catalog. Mo postage is required if
mailed within the United States.

Marme

Campany.

Address - Rith

City

State i =




In many such applications, it is necessary to
measure a small in-phase signal in the presence of a
large quadrature signal. Feor this reason, the
accuracy of the an” phase difference between the
o mixer drives, i.e.. the orifrogonality, is very
important - as is the phase drift with time and
temparaturea,

For wectaor operation, the feedback connection
shown in blue is connected as shown, and the
feedback resistor [Re) associated with the quadra-
Lure oulpul amplifier is disconnected. This output
amplifier circuit now hbecomes an  operational
integratar with wery high de gain and a time-
constant of R;C zeconds. The integrator output
(E) is used to contral the phase shift (g )
generated by the reference circuits. The effect of
the feedback loop formed by the guadrature
mixer, integrator  dand  reference  circuit  phase-
shifter is to automatically force the nutput of the
quadrature mixer toward zero. This will reach zera
when ¢, = ¢,, since Sinfg, —; ) = Sinl0) = 0, If
the phaseshift ¢ is linearly related to the control
voltage E¢., the integrator output will be propor-
tional 1o g2 and may be used as a PHASE output.
When [, —f. ) is automatically held to zero by
the feedback loop, the in-phase channel output
becomes proportional to e, costd; —b,] =e; - ie.,
g VECTOR MAGMITUDE output. Such a phase-
imsensitive mode of operation is particularly valu-
ahle in applications where the signal phase (g ) is
constantly changing.

8. Signal Recovery

One last subject. Just how deep can a signal be
buried in noise and still be recovered by a lock-in?
Figure 8.1 shows (in blackl three types of noise
that are frequently encountered in the cutput of
an experiment. Discrete frequency interference
such as line frequency pick-up (BO/80 Hz ar their
harmaonics] can uwsually be eliminated by simply
choosing a suitable aoperating (reference) fre-
guency. In most applications, random 1/ or
flicker noise may also be greatly reduced by
choosing a relatively high reference frequency.
Random white noise with its constant noise

poweerfunit bandwidth presants the meost serious

problem.
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FIGURE 8.1 — SIGNAL/MNOISE IMPROVEMENT

When white noise is applied to the input of a
lock-in, it becomes hand.fimited by the input
frequency response of the instrument. Let's as-
sume that this input noise bandwidth {By) con-
taining the noise is (say} 100 kHz o 10° He The
noise bandwidth (fu) of the lock-In depends upan
the PSO time-constant selected. Let's suppose we
can attord a time-constant of about 100 seconds
li.e., a measurement time of about B00 scconds),
so that foy = 0,001 Hz or 107 Hz. Since the noise
reduction or signal recovery effected by the
luck-in is given by the sguare reot of fry /By, the
autput signal to noise ratio (SMNR) will ke 107
times better than the input SNHE. Let’s assume
that, for use with a chart recorder, the output
EMR must be no less than (say) 10:1. Under these
conditions then, the waorst input SMR that can be
used is simply (10:1)/10% = 1:1000. Assuming the
lock-in has sufficient dynamic reserve so as not 1o
owverload on naise peaks {at least BOO0 in this
example), then a signal may be recovered from
naise that is 1000 times larger.
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