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Signal-to-Noise Enhancement ThroUgh
Instrumental Techniques

Part . Signals, Noise, and S/N
Enhancement in the Frequency Domain

G. M. HIEFTJE, Department of Chemistry, Indiana University, Bloomington, IN 47401

A consideration of some relatively simple techniques which

enable better signal collection can result in improved analytical

measurements. Since an increase in measurement time or a loss of

resolution can occur simultaneously, a selected trade-off is necessary

CCORDING to communication theory,
every measurement which is made
involves the observation of a signal.
To this way of thinking, all of analyti-
cal chemistry, indeed most of physiecal
science, requires the examination of a
vast number of signals in widely vary-
ing forms.

It is therefore important that we un-
derstand as fully as possible the nature
of these signals and the way in which
we can best observe them. From this
unified approach, all signals can be ex-
amined collectively, and their common
properties exploited to assist us in es-
tablishing rules and techniques for their
measurement. It is often possible to
improve signal measurement but only
at some cost, such as an.inecrease in
measurement time or a loss of resolu-
tion, therchy neeessitating a sclected
trade-off. The following discussion will
examine signals, consider problems in-
herent in observing signalg, and con-
sider some relatively simple techniques
which enable better signal colleetion.

Signals and Noise
All signals observed in real life carry
with them an undesirable hitehhiker
called noise. For our purposes, this
noise may be considered to he any por-

tion of the observed signal which we do
not want.
earry a great deal of information, much
of which is useful. Nonetheless, any
portion of the signal we wish to ignore
or would rather not observe is noise,
regardless of how useful 1t might be un-
der different considerations. An ex-
ample iz the radiation emitted by a
flame m Hame spectrometry.  Although
the emission signal may contain infor-
mation about a number of species pres-
ent in a sample, if our only interest is
in sodium, all other species can con-
tribute to unwanted variations in the
sodium emission and thereby consti-
tute noise,

From this brief discussion, to most
effectively observe any phenomenon of
interest, it would be desirable to extract
the signal from the noise. Although
this is indeed important, it must he
realized that noise can never be com-

pletely: removed, because the devices

used to reduce noise will themselves in-
troduce a small but finite amount of
noise onto the signal. Thusg, it is neces-
sary to employ a figure of merit, the
signal-to-noise ratio (S/N), to define
the relative freedom from noise in a
svstem or to define the quality of a
measurement.,

Tn many cases a signal ean

Signal-to-Noise Ratio. Let us ex-
amine the signal-to-noise ratio more
closely.  To obtain the S/N ratio, we
must  first have ratioable quantities.
Because a power ratio is generally most
meaningful, we must therefore deter-
mine the power available in both the 8
and N waveforms. If the waveforms
arc de, the power will be simply pro-
portional to the respeetive de value.
I, however, the waveforms are ac, the
power will be proportional to the root-
mean-square (rms) value of the wave-
form. The rms value ean be found
from the following relationship:
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where A is the mean value of the wave-
form, and A4; is the deviation of the
ith point from the mean.

For a dc signal where the major noise
is often a time variation of the signal,
Equation 1 takes on added significance.
In this ecase, the signal is the mean
value (A4), and noise is just the excur-
sion from this mean, so that Equation 1
will define the noise in the following
way:
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Note that Equation 2 is the same as
that used in computing the standard
deviation (N) of a series of samples
whose mean would be S. Therefore, N
is equivalent to the standard deviation,
and S is equivalent to the mean. Thus,

S mean

N ~ standard deviation
1
relative standard deviation

®3

This relationship emphasizes the im-
portance of S/N in determining the pre-
cision of a measurement. Large S/N
values obviously provide better preci-
sion (lower relative standard devia-
tion). In general practice, the relative
standard deviation is used to describe

variations between discrete signal mea-
surements made over a period of time;
the signal-to-noise ratio is commonly
used to express the variation in a single
signal or waveform. However, Equa-
tion 3 shows the two to be related if
proper evaluation is performed.

From this standpoint, S/N may be
conveniently estimated in the common
case of a de signal trace on a recorder,
oscilloscope, or other readout device.
If the variation in the recorded signal
is truly random, that is, if the noise is
white, any excursion from the mean
value (S) will be no greater than 2.5
times the standard deviation (N) within
a 999, confidence limit (7). Because
these excursions will be in both positive
and negative directions, the standard
deviation (N) can therefore be found
by taking 1/ the peak-to-peak varia-
tions in the signal. From this, 8/N can

be easily calculated. In this estimation
of S/N, it is important to recognize
that a sufficiently long record of the
signal must be obtained to provide a
statistically reliable estimate of the
peak-to-peak excursions (I). For ex-
ample, the signal from an instrument
having a time constant of 1 sec should
be observed for about 2 min,

For ac signals, it is necessary to em-
ploy other methods to measure S/N. It
is possible, of course, to convert the ac
signal to de by use of a conventional
rectification technique and to measure
S/N as described. However, during
conversion some ac noise will also be
rectified and can cause error in the mea-
surement of S. A more accurate mea-
surement of S/N for an ac signal can
be made by employing a technique
known as autocorrelation. This tech-~
nique will be deseribed in the second of
the two articles in this series. When
it is available, a special voltmeter de-
signed to respond to the rms value of a
signal can also be used to evaluate S/N;
this method is subject to the same error
as the ac to de¢ conversion process but
generally involves a simpler measure-
ment. ‘

Noise-Power Spectra. Although sig-
nals can usually be characterized in
terms of their waveforms (e.g., de, sine
wave), it is impossible to look at noise
in the same way. Being inherently un-
predictable, noise has no perceivably
periodic character so that a noise wave-
form is almost meaningless. To charac-
terize noise, it is more instructive to ex-
amine the frequency components in the
noise waveform. This can be done with
a noise-power spectrum, which is a plot
of the noise power as a function of fre-
quency. .

For white noise, as its name implies,
a flat power spectrum is found (Figure
1A). White noise is therefore a “hash”
of all frequencies, the components of
which are random in phase and ampli-
tude. Examples of white noise are shot
noise in photomultiplier tubes and
Johnson noise caused by the random
movement of electrons in a resistor.
Johnson, Nyquist, or thermal noise, as
it is variously termed, is particularly
important in that it arises from the
inherently random motion of charged
species and therefore occurs in all real
measurement situations. This funda-
mental thermodynamic noise has a flat
power spectrum governed by the rela-
tionship: ~

E = (4 RETAF)\2 4)

E is the root-mean-square (rms) noise
voltage contained in a bandwidth AF
produced in a resistor of resistance R,
k is the Boltzmann constant, and T is
the resistor temperature in °K. The
noise power, which is proportional to



the rms voltage, increases as the square
root of both the observed bandwidth
and magnitude of the resistance. This
characteristic 13 important in the selec-
tion of low-impedance filters to be dis-
cussed in the following section.

In contrast to white noise, another
common form of noise, called “flicker
noise,” has a spectrum in which the
power is approximately proportional to
the reciprocal of the frequency. For
this reason, it is often called 1/f (one-
over-f) noise and has the power spec-
trum in Figure 1B. Flicker noise is
common in most amplifiers and, in fact,
in almost- all instrumental systems,
where. it is usually termed “drift”.

Another form taken by noise is “in-
terference,” often characterized by a
line spectrum as shown in Figure 1C.
Probably the most common form of in-
terference noise is that arising from the
60-Hz power line. Therefore, a great
deal of noise will usually be found at 60
Hz and all its harmonies (120 Hz, 180
Hz, etc.). However, other sources of
interferénce noise, such as high-voltage
spark sources, radio transmitters, or
microwave devices, must be recognized.
These high-frequency noise sources can
be serious because interference noise is
often added to a signal by transmission
through the air, and noise-transmission
efficiency increases with frequency.

Perhaps the most troublesome form
noise can take is the form of an impulse.
Impulse noise occurs erratically from
such =ources as the start-up of a large
motor or a lightning flash, and because
of its fast rise-and-fall times, has a
broad frequency spectrum. The high
peak power inherent in such impulse
noise and its broad spectrum (similar to
white noise) often make it difficult to
eliminate.

Another type of noise which compli-
cates certain measurements can be
roughly termed distortion. Distortion
is essentially the introduction of foreign
frequency components onto the desired
signal and can arise from a number of
sources such as instrumental nonlineari-
tles, transmission losses and reflections,
and the interaction of the signal with
various disturbing elements. DBecause
of the unpredictability of some distor-
tion sources, this form of noise can be
quite vexing, especially in pulse-mea-
surement systems where it is often en-
countered.

Most noise encountered in real situ-
ations will be a mixture of the noise
types described. In general, the power
spectrum will have a power propor-
tional to 1/f* where 0 < n < 1. Addi-
tionally, the spectrum will often have
line (interference) noise superimposed
on it. With this in mind, we can inves-
tigate ways of eliminating or minimiz-
ing noise to enhance S/N.

Table I. Modulation Forms
Information-
Carrier- carrying Common
wave shape property name Abbrev Example
Dc Amplitude Analog Meter reading
Sine wave Amplitude Amplitude SAM Chopped-photometric
modulation signal
Sine wave Frequency Frequency SFM Voitage-controlled
modulation oscillator
Wavelength-modulation
) spectroscopy (2, 3)
Sine wave Phase Phase SPM Photoelastic effect
modulation GC ultrasonic
detector (4)
Pulse train Amplitude Puise-ampli- PAM Optical chopper
tude modulation Boxcar integrator
Pulse train Repetition Pulse-frequency PFM Photon-counting (5)
rate modulation TV pictures from Mariner
satellites :
Pulse train Pulse delay Pulse-position PPM Radar
modulation Remote Raman
spectroscopy
(Modulated) ‘
Signal ——— 2f, tof Low- Pass Output
Multiplier Filter
1 at
fo
Reference

Figure 2.

Signal/Noise Enhancement by Filtering

To extract a signal from any form of
noise, some property of the signal must
be employed to aid in its identification
and separation from mnoise. Because
signals possess an identifiable waveform
and noise does not, all properties a
waveform can possess—amplitude, fre-
quency, and phase—can be used in this
identification and extraction process.
Perhaps the most commonly used prop-
erty is frequency.

Dc Signal Filtering. For example, a
de signal ean often be “smoothed”
merely by using a long readout time-
constant (damping) or by shunting a
capacitor across-an instrument’s voltage
output terminals., Note that this
“smoothing” necessitates a trade-off be-
tween the response time of the device
to a signal change and an improved
signal-to-noise ratio. This procedure is
nothing more than filtering, wherein all
frequencies other than the frequency at
which the signal is found are elimi-
nated. In this case, the signal fre-
quency is zero (dc) so that all higher
frequencies are attenuated. This is
analogous to the somewhat more versa-
tile techniques of analog or digital in-
tegration of a signal over a fixed-time
interval. '

Instrumental components of lock-in amplifier

To carry information, the signal must
have a finite bandwidth or frequency
range (Af), which means that the dec
signal must be permitted to change in
value to indicate a signal variation.
Thus, the signal 1s not strictly de (fy)
but has some additional, low-frequency
(slowly wvarving) components (Af)
which are used to carry information.
This neeessary bandwidth makes per-
feet filtering impossible, sinee the filter
must pass a finite band of frequencies
to include all of the signal information.
Beeause noise is found over a broad
range of frequencies, some noise is al-
most certain to be included in this band-
width and passed by the filter. For
this reason, it is best to have the signal
located in a frequeney region which has
little noise power.

Beeause most noise has a strong 1/f
component, that is, beeause drift 1= gen-
erally signifieant, it s usually advan-
tageous to locate the desired signal
away from zero frequency (ic., away
from de where 1/f noise 1s greatest).
To do this, the signal mformation is

impressed on a carrier wave at the deay/

sired frequency.,

modulation.
Modulation and Tuned Amplifiers.

The proeess of modulation i employed

This proeess 1s called

I~



both in everyday devices such as the
radio and also in sophisticated elec-
tronic signal processing svstems. All
applications of this technique, regard-
less of their sophistication, depend upon
the Impression of one signal upon
another.  Usually the signal (the de-
sired information) is impressed on
another higher frequency wave (called
the carrier) by modifying some prop-
erty of the carrier in accordance with
the characteristies of the signal. For
example, in the common AM radio, a
radio-frequeney carrier wave is modu-
lated in amplitude according to the fre-
queney and amplitude of the audio sig-
nal which is impressed upon it. In a
similar fashion, any property of a ecar-
rier wave can be modified in a way
such that information from another sig-
nal is impressed on it.

Properties of a waveform are ampli-
tude, frecqueney, phase (position with
respect to a reference), and duty evele
(on-time compared to total duration).
These properties can be varied on the
following typieal waveforms: sine
wave, square wave, triangular wave,
constant-level (de) wave, and pulse
train. Because the square and tri-
angular waves are merely combinations
of the fundamental and harmonies of a
specific sine wave, these can be thought
of as special cases of the sine wave and
will therefore not be considered indi-
vidually. By modulating various char-
acteristies of the other waveforms, spe-
cific types of modulation can be ef-
feeted. When this is done, the resulting
modulated wave can be classified as
shown in Table I.

From: Table I, the carrier wave does
not have to be at common electronically
detectable frequencies but can range
from de to optical frequencies (1015
Hz). Nonetheless, when the signal in-
formation (perhaps chemical informa-

tion about a sample) is forced upon the
carrier, the process is called modulation.

Modulation is almost always used to
improve the efficiency of transmission
of a signal. In instrumental improve-
ment in S/N, this is also the case; by
impressing a signal on a carrier at the
desired frequency, the information can
be brought to a low-noise frequency
region so that transmission efficiency
and signal recognition are enhanced.
In measurements on chemical systems,
the modulation methods usually em-
ployed are sine-wave amplitude modu-
lation and sine-wave frequency modula-
tion, the former being the most com-
mon.

For example, in atomie absorption
flame spectrometry if the intensity of a
hollow cathode lamp is modulated by a
light chopper at a frequency f,, the
lamp signal can be detected at f, to
minimize the 1/f noise present in the
system. This increases the effectiveness
of filtering, since less noise will now be
included in the necessary filter band-
width. The filters which can be used
to detect information at f, will neces-
sarily be somewhat more complex than
the simple capacitor shunt employed at
de. For example, specially designed
“active filters” containing operational
amplifiers provide narrow bandwidths
having characteristics which can be
mathematically defined. The Butter-
worth filter is such a device (6). Also,
band-reject or “notch” filters can be
used to reject specific frequencies (e.g.,
60 Hz) where strong interference noise
is known to exist.

Often, a filter is combined with an
amplifier by use of appropriate feed-
back so that only a narrow band of fre-
quencies is amplified. This system,
called a tuned or frequency-selective
amplifier, is often employed instead of
a filter because of its ability to increase

signal levels through amplification while
actually reducing noise by appropriate
filtering. Generally, this type of device
provides an increase in S/N propor-
tional to the reciprocal of the square
root of the bandpass (the range of fre-
quencies passed) of the amplifier.
Therefore, the bandpass is made as nar-
row as is consistent with the necessary
signal bandwidth discussed earlier. Un-
fortunately, this requires that the am-
plifier and the carrier frequency be
stable so that the carrier and amplifier
bands match exactly.

Practical experience has shown that
bandwidths less than 1 Hz become
troublesome in their frequency drift so
that this provides a limit to the S/N
enhancement attainable with a conven-
tional tuned amplifier. Crystal filters
provide one exception to this observa-
tion. The naturally stable resonance
frequency of an oscillating crystal (e.g.,
quartz) can be used in a tuned system
to furnish a stable but expensive nar-
row bandwidth amplifier. This un-
fortunately requires that the signal fre-
quency remain stable at the crystal fre-
quency. To solve the problem of ob-
taining a narrow bandwidth while main-
taining a frequency match between the
signal and filter bandpass, a device
called a lock-in amplifier is often used.

Lock-in Amplifier

To eliminate the problem of fre-
quency drift in the tuned amplifier and
to further decrease the effective ampli-
fier bandpass, a device called a lock-in
or phase-sensitive amplifier was devel-
oped. This device discriminates against
noise, not only on the basis of fre-
quency as does the tuned amplifier, but
also according to phase. Thus, the only
signals (and noise) amplified by a lock-
in amplifier are those having a speci-
fied frequency and phase with respect
to a reference waveform.
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Because the reference waveform can
generate the signal (by modulation) or
be obtained from the signal (during
modulation), it can be phase-related to
the signal. By suitable processing, only
the signal and noise components having
this phase relationship to the reference
will be amplified, all others being re-
jected. This obviously provides even
better noise rejection than the tuned
amplifier and also, by using a reference
waveform, eliminates the problem of
frequency drift.

The components of a typical lock-in
amplifier are shown in Figure 2. In
this system the signal information (Af)
has been impressed on a carrier f, by a
suitable modulation technique (e.g., op-
tical chopper) and is phase-related to
a reference waveform, also at f,. When
the signal (+ mnoise) is multiplied by
the reference, a waveform at 2 f, carry-
ing the signal information (Af) results.
Because Af is generally low-frequency
information, it can be. efficiently ex-
tracted from the 2 f, carrier by a low-
pass filter so that it alone appears at
the output. The characteristics of this
system are as follows:

The spectrum of signal frequencies
(Af) centered at f, are transformed to
the same spectrum centered at de.

If the signal and reference are of the
same frequency, the output is de, the
de value being largest when the signal
and reference are in phase and smallest
when they are 90° out of phase.

If the phase of the signal reverses,
the sign of the de output reverses.

Note that the lock-in amplifier per-
forms essentially the reverse function of
modulation. For this reason it is one
member of a family of devices called
demodulators. As an example of the
use of a lock-in amplifier, consider an
atomic absorption system such as shown
in Figure 3.

In this system the reference is phase-
locked to the chopper-modulated sig-
nal, which is a square wave of ampli-
tude proportional to the hollow cathode
emission intensity.. Following this sig-
nal through the lock-in amplifier of
Figure 2, we must first consider the
multiplier output. In Figure 4 the
multiplier cutput is- shown for signals
{or noise) which are in phase with or
are 90° or 180° out of phase with re-
spect to the reference wave. Peak-to-
peak amplitudes of 2 2 and 2 y are ar-
bitrarily assigned to the signal and ref-
erence waveforms, respectively.

From Figure 4 the averaged values
of the multiplier output are +xy for
the in-phase signal, —xy for 180° phase
difference, and 0 for 90° phase differ-
ence between the signal and reference.
These are the values which would ap-
pear at the output of the low-pass fil-
ter, as predicted earlier. The 2 fy com-

Phase

Difference 0

X
Signal }
“X

*y
Reference }

HXY gy
Multiptier
Output

-xy

90° 180°

Hill

Figure 4. Waveforms illustrating multiplier output of lock-in amplifier for various
phase differences between signal and reference inputs

ponent diseussed earlier. is especially
obvious in the 90° situation.

As variations on this system, it is
common to find both sine-wave signals
and/or references, the considerations
being the same as above. Note that
any noise without a specified frequency
and phase relationship to the SIgnal wil
contribute little to the lock-in output.
This provides an enhancement in S/N
which, as with the tuned amplifier, will
be approximately equal to the recipro-
cal of the square root of the amplifier
bandpass. . For the lock-in amplifier,
the effective bandpass (Af) can be ap-
proximated by

1
4 RC
where RC is the time constant of the
low pass filter of Figure 2. This argues
that the longest time constant should
be selected which is consistent with the
observation of signal variations (ie.,
with the signal bandwidth). For
properly designed lock-in amplifiers, it
is therefore quite possible to obtain an
effective bandpass of less than 0.01 Hz,
much smaller than the value of 1 Hz
obtainable with a tuned amplifier.

- Obviously, neither lock-in nor tuned
amplification should be utilized at a
frequency which contains a strong in-
terference noise component. If the
signal naturally lies at such a frequency,
appropriate modulation should be em-

Af = (6)

.ployed to move the signal information

to another frequency region. Thus, one
should never, for example, chop a light
beam at 60 Hz or .any of its harmonics
or subharmonics. In a situation where
considerable impulse noise is present,
tuned or lock-in amplification may be
ineffective in improving the signal-to-
noise ratio. In these cases, the sporadic

appearance and broad spectrum of im-
pulse noise will eause it to be partially
passed through these devices rather
than eliminated.

Other names which have been used
for the lock-in amplifier are synchro-
nous detector (because of the necessary
syrichronization of signal and refer-
ence), phase-lock amplifier, coherent
detector, and heterodyne detector. A
limitation of these systems, as is ap-
parent from the above discussion, is
that the signal to be detected must be
periodic or modulated in such a way
as to be made periodic. When this is
difficult or impossible, other signal en-
hancement techniques must be used.
These techniques will be considered in
the second article of this series.

In the second article, simple filtering
and lock-in amplification will be com-
pared to the more versatile techniques
of signal averaging, boxcar integration,
and correlation. With this information
it should be possible to select the most
appropriate method of s1gnal—to-n01se
enhancement for any given measure-
ment situation.
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N A PREVIOUS ARTICLE (1), it was

indicated that noise is found in every
experimental signal which can be mea-
sured. However, because signals have
predictable behavior (i.e., because they
are coherent), they can be partially
extracted from the noise by use of suit-
able techniques, provided the necessary
increase in measurement time can be
tolerated. One such technique, filter-
ing, is most effective if the signal in-
formation is located at a frequency or
group of frequencies in which little
noise is found. Modulation can be used
to place the signal information at the
desired frequency. However, even
when the signal is located in a low-
noise frequency region, some noise will
always be passed by any filter because
of the necessary bandwidth of the sig-
nal and of the difficulty involved in
matching and maintaining a match be-
tween “the signal frequencies and the
filter (or tuned amplifier) bandpass.
A lock-in amplifier was useful in solv-
ing these problems but required
periodic signals or those which can be
made periodic.

In this article, techniques will be de-
scribed which can provide signal-to-
noise enhancement for nonperiodic or
irregular waveforms or for signals

which have no synchronizing or refer-
ence wave. These techniques, signal
averaging, boxcar integration, and cor-
relation, will be discussed indepen-
dently.

Signal , Averaging—S /N Enhancement
in Time Domain

If a signal is not periodic or repeti-
tive, but is repeatable, it can be ex-
tracted from noise with the technique
of ensemble averaging or signal averag-
ing as it is often termed. This tech-
nigque uses an averaging or integration
procedure similar to that employed
when multiple recorder or oscilloscope
traces are superimposed to obtain an
average or effective value.

Basically, signal averaging involves
the instrumental superposition of a
rumber of signal traces by sampling
each signal record in the same way
and storing the samples in either a digi-
tal or analog register. Because the
records are each sampled in the same
way and at the same corresponding
times, the signals add coherently in
register while the noise, being random,
averages to zero. Averaging the en-
semble of records thus provides in-
creased S/N.

More quantitatively, the signal will
add in register directly as the number
of records sampled (n), whereas the
noise will only add as the square root
of this number (\/ n), assuming a 1/f*
noise spectrum (I, 2). Therefore, the

S/N will increase as n/\/_ = \/;

To enjoy this advantage, the sam-
pling of the signal records must meet
certain criteria’ (8). For example, to
extract all the information from the sig-
nal, 1t must be sampled at a frequency
at least twice as great as its highest
frequency component.  However, the
sampling - frequency should not be sig-
nificantly greater than twice the highest
signal frequency. If this oceurs, no ad-
ditional information will be obtained,
but more noise will be included than
is desirable or necessary merely because
the bandwidth is increased by faster
sampling. Also, to prevent “aliasing”
high-frequency noise down into the
sampling frequency region, a high-fre-
quency cut-off filter should be used at
the signal input (4). Finally, if any
interference (e.g., narrow band or line)
noise (I) is expected to be present
in the signal, it is important that the
signal records not be scanned or sam-
pled at a rate which is either a mul-
tiple or submultiple of the interference
frequency. 1If this latter condition is
not fulfilled, no improvement in S/N
will oceur for the interference noise.

In signal averaging, it is important
to be able to properly sample and add
the sampled records reproducibly.
This requires a synchronizing signal or
pulse which can serve to actuate the
sampling system. Generally, this “sync
pulse” can be derived from the signal
or can be used to initiate the signal
record. The synchronizing signal must
obviously be reliable in predicting the
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Table 1.

Name
Waveform eductor
Enhancetron
Signal averager
Time averaging computer
Spectrum accumulator
LAB-8

List of Some Commercially Available Hardware
Signal Averaging Instruments

Manufacturer
Princeton Applied Research Corp.
Nuclear Data, Inc.
Nicolet Instrument Co., Inc.
Varian Associates, Inc.
JEOLCO, Inc.
Digital Equipment Corp.

start of the signal for the records to
add exactly and for S/N enhancement
to be realized. ‘

Because the signal averaging tech-
nique operates in the time domain, it is
difficult to compare with the lock-in
and frequency-selective amplifiers (1)
for its capability to increase S/N. For
a comparison, it is necessary to trans-
form [via a Fourier transform (5)] the
effect of the ensemble averager on a
selected signal. When this is done, the
averager acts like a comb filter (such
as that portrayed in Figure 1) whose
teeth are centered at the frequency
components of the signal and whose
teeth have a bandpass (Af) of

0.886
nr

Af =

®

Here, 7 is the time taken for the sam-
pling of one record, and = is the num-
ber of secans. This type of filter, of
course, passes the signal efficiently
while removing the noise. For ex-
ample, with a sampling time for each
record of 20 msec and 108 scans, a
tooth bandwidth of 5 X 105 Hz is
obtainable—far better than would be
possible with a lock-in amplifier (7).

In addition, the signal averager can
provide signal-to-noise enhancement
for nonrepetitive or nonperiodie sig-
nals, a feat which is impossible for
tuned or lock-in amplifiers. Because
the averager passes oll the frequency
components of the signal in the proper
phase, the original signal is extracted
from noise with its original waveform.
This is important in many applica-
tions, such as nuclear magnetic reso-
nance (nmr) spectroscopy (2), where
the waveform of a signal conveys more
inféormation than its frequency com-
ponents alone. ,

In nmr, as in a number of applica-
tions of signal averaging, it is interest-
ing to note that the signal averager is
often preceded by a lock-in amplifier.
This combination is used because in
situations where 1/f noise (i.e., drift)
is significant, it is better to sweep a
number of signals rapidly and average
them, than to slowly sweep a single
signal over the same time period by use
of a correspondingly longer filtering
time constant on the lock-in amplifier
(2). Also, impulse noise will not be as
troublesome to signal averaging as it
was for lock-in or tuned amplification

because for each impulse, only a single
deviant point will occur in the final
averaged signal. Generally, for a sig-
nal which is a smoothly varying time
function, the deviant points can be
easily discarded if simple but carefully
chosen testing criteria are used.

A number of hard-wired signal av-
eragers which are commercially avail-
able under various names are listed in
Table I.. However, note that unlike
tuned or lock-in amplification, signal
averaging can be conveniently per-
formed under software control by a
small laboratory computer. The in-
creasing availability of these computers
can be expected to render signal av-
eraging the technique of choice for
many routine signal enhancement
chores.

From a practical standpoint, hard-
ware ensemble averagers can be used
for several purposes other than signal-
to-noise enhancement. They can be
employed to compute the average value
or a more representative value of a
signal. Also, because the storage reg-
ister of the averager can be read at a
faster or slower rate than that at
which the signal was sampled, the de-
vice can be used to slow down or speed
up the transmission of data.

Boxcar Integration—Poor Man’s \_/

Signal Averager

A boxcar integrator is somewhat
similar in design to both the lock-in
amplifier and the signal averager and
performs similar functions, depending
on its application. The generalized
schematic of a boxcar integrator,
shown in Figure 2, indicates that the
device is essentially a single-channel
signal averager with a sampling gate
which can be opened for a selected
time during the passage of the signal
to be measured. At a fixed delay the
gate is synchronized to the signal
through' the reference channel, so that
the same portion of the signal is sam-
pled for each signal passage. The gated
samples taken from each passage are
then averaged by the low-pass (RC)
filter to provide signal-to-noise enhance-
ment for the portion of the signal
which is sampled.

Clearly, operation of the boxcar in-
tegrator in this fashion provides no
information about the signal except its

average amplitude at a specified time. »

For complex signals, this is of limited
utility.
sisting of a square wave or a train
of pulses, the average amplitude o
the square wave or pulse can be of
considerable importance and in many
cases is the only information sought.

However, for a signal con- _

vl



Several examples of pulsed signal de-

tection important to chemical analysis -

can be cited (6, 7), and because of the
high signal-to-noise enhancement at-
tainable with pulsed or low duty-cycle
. signals (8), these applications can be
expected to rapidly increase in num-

ber. Also, the attractiveness of pulsed -

lasers as sources for many spectro-
chemical techniques can be expected
to make a gated detector, such as the
boxcar integrator, increasingly useful
as more and better laser sources are
developed.

Operation of the boxear integrator
as a detector for pulsed signals requires
only the optimization of the gate width
and delay for the specific signal sought.
As with the signal averager, the pulsed
signal need not be periodic but' must be
repeatable and have a synchronizing
reference which is time-locked to the
signal. Any lack of synchronization
between the signal and reference wave-
forms will cause “jitter” in the gate
opening and resultant error or noise
at the output. For this reason the
gate width and delay in a commereial
boxcar detector must be extremely pre-
cise and jitter-free, usually to within a
few nanoseconds.

Compared to the measurement of a
single pulse, the boxcar detector pro-
vides a signal-to-noise enhancement
equal to the square root of the number

of pulses integrated. However, if the -

boxcar integrator is compared to the
commonly measured “average value”
of a pulsed signal, an even greater
S/N enhancement is realized. The de-
gree of enhancement depends quanti-
tatively, among other things, on the
duty cyele of the signal (on-time com-

pared to total duration) but can be
qualitatively evaluated by considering
the amount of noise which is detected
in each case.

In measuring the average value, the
detector must be continuously turned
on and will therefore detect noise for
the full duration of the signal. By con-
trast, the boxcar detector is “on” only
during the gate pulse so that noise is
detected only for that short time. - Be-
cause both measurements include the
total signal pulse, the reduction in
detected noise in the boxear integrator
produces a dramatic signal-to-noise im-
provement over that of the average
value measurement.

The similarity of the boxear inte-
grator of Figure 2 to a lock-in amplifier
(1) is immediately apparent. In fact,
the boxcar detector can serve as a lock-
in amplifier simply by setting the gate
width to pass the signal at half-cycle
intervals. The added ability to gate
low duty-cyele signals makes the box-
car integrator more versatile, however,
and more sensitive in the detection of
these signals. Like a lock-in ampli-
fier, the boxecar integrator is especially
susceptible to impulse noise and to
interference noise which is at a multi-
ple or submultiple of the sampling fre-
quency. The sampling frequency
should therefore be carefully chosen.

A second mode of operation of the
boxear integrator enables the enhance-
ment of signals having a complex wave-
form. In this mode the boxcar inte-
grator can again be thought of as a
single-channel signal averager. Instead
of being locked to a specifie time chan-
nel, however, the boxcar gate is moved
from channel to channel so that even-

Signal Anal
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Figure 2,

Schematic block diagram of boxcar integrator.

Variable delay can be

operated in either fixed, stepped, or scan mode

tually the entire complex waveform is
sampled. This can be done by auto-
matically stepping or scanning the
variable gate delay of Figure 2 so that
the signal segments are scanned in se-
quence from zero delay to a delay
which is greater than the signal dura-
tion.

In the scanning mode of operation
the boxear integrator provides signal-
to-noise enhancement by sampling the
signal a number of times at each value
of time delay. In a stepped delay
system this is accomplished by incre-
menting the delay after a desired num-
ber of signals have been sampled. A
continuously scanned delay can be
similarly employed, provided that the
delay scan rate is significantly slower
than the repetition rate of the signal.
For irregular or nonperiodic signals
the stepped delay is generally prefer-
able, to ensure that the same number
of signal waveforms are read at each
delay position. k

Compared to a signal averager, the
boxcar integrator is a rather inefficient
instrument for enhancing complex sig-
nals. Because the signal is sampled
only briefly for each of its appearances,
a great deal of information is thrown
away. In fact, for a signal averager
having n channels, signal enhancement
will proceed n times faster than for a
boxcar integrator with similar gate
characteristics. From this, seemingly,
instrumental simplicity is the only ad-
vantage of the boxear integrator.
However, because the boxear integrator
has only a gingle channel (gate), the
gate can be made far more sophisticated
than would be practical for the large
number of channels in the signal av-
erager. - Generally, the gate in a box-
car integrator can operate much faster
and more precisely than those in the
signal averager, so that the boxcar de-
tector is most useful in applications
involving fast signals. Also,  because
signal improvement proceeds more
slowly with the boxcar system, it is
most advantageously applied to signals
having a high repetition rate, usually
above 100 Hz where suitable signal av-
eragers would beome prohibitively ex-
pensive.

Like the signal averager, a boxcar
integrator can be used for a number of
purposes other than signal-to-noise en-
hancement. For example, fast signals
with a high repetition rate can be sam-
pled and scanned to provide readout on
a much slower time scale. This is the
principle on which the sampling oscil-
loscope operates and provides the basis
for an even slower readout of fast sig-
nals on a device such as a servo re-
corder. Time resolved spectroscopy
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can also be performed with a strobo-
scopic sampling unit similar in design
to a boxcar integrator (9).

Correlation Techniques

The correlation techniques for S/N
enhancement are an outgrowth from in-
formation theory and depend on the
relationship between a signal and a
delayed version of itself (autocorrela-
tion) or of another signal (cross-cor-
relation). Mathematically, if V;(t)
and V,(t) are two functions (signals),
the eross-correlation function [Cy o(7)]
is

Cra(r) = 7 1
1 +T
© 2_T _'TV1(t)V2(t — rydt (2)
7 = delay
t = time

For the special case of Vi (t) =
V.(t), a similar expression gives the
autocorrelation function [C ;f7)]

Cialr) = T-li_m>

I
® 5o f Y Vi)Vit — mdt  (3)

From these equations, the correlation
functions indicate whether coherence
cxists between two signals or within a
signal with respect to a natural or arti-
ficial variable delay (+). As an ex-
ample of this, a strong cross-correla-
tion exists between the New York
blackout a few years ago and the later

abirth rate, with a natural delay time

(+) of nine months.

To implement and further elucidate
the autocorrelation function, the hard-
ware or software model of Figure 3
can be used. Figures 3 and 2 of Refer-
ence I show that the correlator is simi-
lar to a lock-in amplifier which in-
corporates a variable delay.

In the device of Figure 3 the signal
is multiplied by a version of itself de-
layved by a fixed amount (r), and the
mean of this product is taken as one
point of the correlation function
[Cy1(+)]. By taking more points
in this fashion and plotting them as
a function of the delay =;, the com-

Figure 3. Functional diagram of autou
correlation computer. Conversion to
cross-correlator possible by changing
variable delay input to reference signal.
4-Quadrant multiplier accepts and out-
puts both positive and negative wave-
forms

Figure 4. Autocorrelograms of vari-

ous input signals. Ci:(y) = autocorre-

lation function

A. Autocorrelogram of sine-wave signal

B. Autocorretogram of random signal (noise)

C. Autocorrelogram of band-limited noise
showing both positive and negative delay
(6]

D. Autocorrelogram of extremely noisy sine-
wave signal (S/N< 1)

plete autocorrelation function or auto-
correlogram can be traced out. As a
simple example of this, refer to Figure
4A and assume a sine-wave input to
the instrument in Figure 3.

When the delay (r) is zero, the
sine wave of frequency f, is fed directly
to the multiplier along both channels
so that the multiplier output will be a
sine? wave. The averager will then
output the mean of this wave which
will be the mean square value of the
input sine wave, Next, when + is in-
creased by a time equal to a quarter
period of the sine wave, the sine wave
will be 90° out of phase with its de-
layed version. From Figure 3 and
the discussion 'of the phase-lock am-
plifier (1), the output of the averager

" will be zero under these conditions.

For the case of a delay r = 1/2 f,,
c.g., Yo eycle or 180°, the sine waves
will be exactly out of phase at the mul-
tiplier, so that a negative sine? wave
will result. The averager will thep

output a value equal to the negativi_

mean square of the input sine wave.
From these points and Figure 4A, the
correlogram in this case will be a
cosine wave of frequency 1/ = f,



which is the same as the input fre-
quency and of amplitude equal to the
mean square of the input sine wave.

“wwrlherefore, all information about the

input signal is maintained except the
phase information, since here a cosine
wave was obtained whereas a sine-wave
input was used. Mathematically, if
the input waveform was

f@) = A cos (wt -+ 6) (4)
the output would be

2
Cia(r) = AE cos wi (5)

For a more complex input wave-
form, the correlogram has quite a
different appearance. If a broad band
of frequencies (e.g., noise) is intro-
duced into the autocorrelator (Figure
3), all frequencies will still be in phase
when no delay is used, so that the
averager output will be equal to the
mean square, or (rms)? of the input
at r = 0. ~

As the delay is increased, however,
the different frequencies present at the
input will rapidly go out of phase with
each other and average out to zero
(Figure 4B).

The less coherence which exists in the
correlator input, of course, the less will
be the correlation between the input
signal and its delayed replica so that
the autocorrelation function will damp
to zero more rapidly. In fact, for com-
pletely random, white noise, no time
correlation exists. Therefore, for per-
fectly white noise, the autocorrelation
function is a delta function with a
value of the (rms)2 at r = 0 and with a
value everywhere else equal to zero.
For real, band-limited noise, such as
found at an amplifier output, however,
a function similar to Figure 4C is found.
Referring to Figure 4C, the autocor-
relogram is an even function, ie., is
svmmetrical about r = 0. This can be
appreciated by considering the negative
delay (+ < 0) to be effected by insert-
ing the variable delayv of Figure 3 into
the direct channel rather than the de-
layed channel. Obviously, the mirror
image correlogram will be produced.

If to a random waveform is added a
coherent signal, e.g., a sine wave, the
(one-sided) autocorrelation function
will appear, as in Figure 4D where the
random waveform (noise) contribution
rapidly damps to zero, as in Figure
4C.  The coherent signal, however,
continues to contribute at much
treater delayvs. This enables the sig-

N1 ] (the sine wave) to be extracted

very efficiently from the noise (ran-
dom wave). This technique is espe-
cially useful when no means is avail-
able for synchronizing a sampling svs-

tem to the signal, which is necessary
with the tuned and phase-lock ampli-
fier, with the signal averager, and with
the boxcar integrator. Also, autocor-
relation techniques are useful in situa-
tions where S/N <« 1, ie., when the
signal is often unrecognizable or im-
possible to detect apart from the noise.

Signal-to-noise ratios can be con-
Veniently measured from an autocor-
relogram such as Figure 4D. The point
at + == 0 is the (rms)2 value of S 4+ N,
but the peak value of the ac signal
after the noise contribution has damped
to zero 1s the (rms)?2 value of the signal
alone. From these quantities, the ratio
of the rms values of S and N can be
easily computed.

Cross-correlation is similar to auto-
correlation except that the delayed sig-
nal arises from a second source, prob-
ably from the modulating function of
the signal or as in phase-lock amplifi-
cation, from a reference coupled to the
signal modulator. In this case, the
frequency components common to both
waveforms will appear in the correlo-
gram. For example, if a sine wave and
square wave of the same frequency are
cross-correlated, the correlogram would
be a sine wave of that frequency and of
amplitude equal to the average value
of the product of the sine and square
waves. This is because the sine wave
fundamental of the square wave is the
only frequency component common to
both waveforms.

Although cross-correlation requires
a reference as does phase-lock amplifi-
cation, note that the reference and sig-
nal waveforms need not be sine or
square waves but can take any form.
Therefore, a signal can be modulated
with any desired waveform, a capa-
bility which has advantage in certain
applications (10). Like signal averag-
ing, the correlation techniques are ef-
fective in reducing impulse noise by a
simple elimination of obviously deviant
points in the correlogram; interference
noise effects can also be minimized
with correlation. 4

Because the correlation techniques
produce a phase-related representation
of the common frequencies between two
signals or within a signal, the correlo-
gram may appear quite different from
the original signal. As an example, the
autocorrelation funection of a square
wave is a triangular wave of the same
fundamental frequency. The triangu-
lIar and square waves, of course, con-
tain the same frequency components,
although in the triangular wave the
components are phase-related (i.e., are
all cosine waves) and begin at + = 0.
This indicates once more how the am-
plitude and frequency information is

maintained in computing the correla-
tion functions, although the phase in-
formation is lost.

Although the correlation techniques
have mnot yet been extensively em-
ployed in chemical analysis, it is likely
that their use will increase. Previously,
it was necessary to calculate point-by-
point ‘correldgrams or to use expensive
hardware correlation computers. Now,
with the increasing introduction of
small digital computers into the chemi-
cal laboratory, it will become increas-
ingly convenient to compute auto or
cross-correlation functions with inex-
pensive software-based systems.

Summary

In this and in the previous article
on instrumental methods of signal-to-
noise enhancement (1), a number of
old and new concepts have been intro-
duced in a hopefully coherent form.
No attempt has been made to main-
tain mathematical rigor in the treat-
ment, and no technique has been
treated exhaustively. = Although sev-
eral examples of the use of each tech-
nique were cited, these were not con-
sidered in detail and, of course, many
additional applications could be listed.
Rather, it is hoped that the reader with
little background in communication
theory has gained some familiarity with
the subject and its instrumental im-
plementation. Readers with a more ex-
tensive background have hopefully had
their memories jogged and also bene-
fited by a somewhat different treat-
ment of the subject.
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