MEASUREMENTS, SIGNALS, AND DATA

INTRODUCTION

A signal may be defined as the output of a transducer that is responding to the chemical system of interest. The signal may be divided into two parts, one caused by the analyte(s) and the other caused by other components of the sample matrix and the instrumentation used in the measurement. This latter part of the signal is known as noise.

Although the ability to separate significant data-containing signals from meaningless noise has always been a desirable property of any instrument, it has become imperative with the demand for increasingly sensitive measurements. The amount of noise present in an instrument system determines the smallest concentration of analyte that can be accurately measured and also fixes the precision of measurement at larger concentrations. Noise reduction (or signal enhancement) is a primary consideration in obtaining useful data from measure​ments that involve either weak signal sources, such as carbon-13 nuclear magnetic resonance spectroscopy, or trace amounts of analyte, as in voltammetry.

The two principal methods of enhancing the signal are (1) the use of electronic hardware devices, such as filters, or equivalent computer software algorithms to process signals from the measurement as they pass through the instrument and (2) postmeasurement mathematical treatment of data. Among the more useful postmeasurement methods are statistical techniques. In addition to signal enhance​ment, these techniques aid in identifying sources of error and determining precision, while providing a method for an objective comparison of results. This chapter will present some common noise-reduction techniques and briefly review important statistical methods typically used in the treatment of instrumental data.

SIGNAL-TO-NOISE RATIO

As concentrations decrease to trace levels or as signal sources become weak, the problem of distinguishing signals from noise becomes increasingly difficult, resulting in decreased accuracy and precision in measurements. The ability of an instrument system to discriminate between signals and noise is usually expressed as a signal-to-noise ratio (S/N), where
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in the case of dc signals. An increase in the S/N ratio usually indicates a reduction in noise and thus a more desirable measurement. Once the physical or chemical quantity of interest is converted to an electrical signal, the S/N ratio cannot be increased by simple amplification alone, since each increase in the magnitude of the signal is accompanied by a corresponding increase in the value of the noise. Thus higher S/N ratios are usually obtained by electronic hardware devices (filters, lock​in amplifiers, etc.) or software algorithms (ensemble averaging, boxcar averaging, Fourier transformations, etc.) designed to reduce the contribution of the noise or to extract the signal from the noise.
SENSITIVITY AND DETECTION LIMIT!

A number of parameters, induding the S/N ratio, affect the sensitivity of a particular instrumental method. Physical and chemical properties of the analyte, the response of the input transducer to the analyte, and the composition of the sample matrix are some of the more important factors that determine sensitivity.

Sensitivity is defined as the ratio of the change in the instrument response (Io, output signal) to a corresponding change in the stimulus (C, concentration of the analyte):
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Slopes of calibration curves are used to determine the sensitivity values (Figures 2.1 and 2.2). It is usually desirable to maximize the sensitivity value unless one wishes to extend the instrument's range of response without diluting the sample.

Figure 2.1 shows a linear response (constant sensitivity) over the entire range of measured concentrations for both substances A and B. From the slopes of the curves, we see that the sensitivity of the method is much greater for substance B than for substance A. The nonlinear response in Figure 2.2 indicates a constantly changing value for sensitivity as a function of concentration. Measurements of sub​stance C become less sensitive with increasing concentration. Sensitivity may also be expressed as the concentration of analyte required to cause a given instru​ment response. For example, in atomic absorption spectroscopy, sensitivity is ex​pressed as concentration in micrograms per milliliter of analyte that produces an absorbance of 0.0043 absorbance unit (1.0% absorption). When comparing dif​ferent techniques or instruments, one should be alert to the procedures used by the practitioners to arrive at sensitivity values.
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As the concentration of the analyte approaches zero, the signal disappears into the noise and the detection limit is exceeded. The detection limit fs most generally defined as the concentration of analyte that gives a signal, x, significantly different from the "blank" or "background" signal, XB. This definition leaves the analyst with considerable freedom to define the phrase significantly different. When working with analytes in trace amounts, the analyst is confronted with two problems: reporting an analyte present when in fact it is absent and reporting an analyte absent when it is present. The literature of analytical chemistry has defined this difference to be an analyte concentration that produces a signal two times the standard deviation of the blank signal. Current guidelines define the detection limit as

[image: image11.emf]
where x is the signal with minimum detectable analyte concentration, XB is the signal of the blank, and SB is the standard deviation of the blank readings.

A comparison of sensitivity and detection limit is illustrated in Figure 2.3. It shows the results of atomic absorption arialysis of solutions that contain equal concentrations of elements A and B. The sensitivities of the instrument system are identical for both metals. In the case of element B, little noise is present and thus the detection limit for this metal is considerably lower than that for element A. In the analysis of B, if reserve amplification is available, the signal amplitude can be increased (with a corresponding increase in noise), thus increasing the sensitivity for element B in this determination.
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SOURCES OF NOISE
It is important for the analyst who uses a particular instrumental method to be aware of the sources of noise and the instrument components used to minimize this noise because noise determines both the accuracy and detection limits of any measurement. Noise enters a measurement system from environmental sources external to the measurement system (Figure 2.4), or it appears as a result of fundamental, intrinsic properties of the system. It is usually possible to identify the sources of environmental noise and to either reduce or avoid their effects on the measurement. Such is not the case with fundamental noise because it arises from the discontinuous nature of matter and energy. Thus, fundamental noise ultimately limits accuracy, precision, and detection limits in every measurement.

The major kinds of noise associated with solid-state electronic devices are thermal, shot, and flicker.

Fundamental Noise
Thermal Noise. Noise that originates from the thermally induced motions in charge carriers is known as thermal noise. It exists even in the absence of current flow and is represented by the formula
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where Vav is the average voltage due to thermal noise, k is the Boltzmann constant, T is the absolute temperature, R is the resistance of the electronic device, and Δf is the bandwidth of measurement frequencies. Since thermal noise is independent of the absolute values of frequencies, it is also known as "white noise."

Methods for reducing thermal noise are suggested by Equation 2.3. Sensitive radiation detectors are often cooled to minimize this noise. Narrowing the frequency bandwidth of the detector is another way to reduce thermal noise, provided the frequencies important to the measurement of interest are not excluded. For example, if data-containing signals in the region between 10 and 20 kHz have a S/N ratio of 10 with a detector of Δf = 1 MHz, reducing the detector bandwidth by a factor of 100 to Δf = 10kHz increases the S/N ratio by a factor of 10. It should be noted that this reduction in bandwidth is accompanied by a decrease in the intensity of the transmitted signal. Thermal noise is sometimes referred to as Nyquist noise after the physicist who derived Equation 2.3, or Johnson noise commemorating the engineer who first measured it.

Shot Noise. The magnitude of shot noise is much smaller than that of thermal noise and can therefore often be ignored. This kind of noise originates from the movement of charge carriers as they cross the n - p junctions or arrive at electrode surfaces. Because these motions involve the movements of individual charge carriers, variations of current due to shot noise are random. Shot noise is signal dependent:
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where iav is the shot noise, I is the intensity of the signal, e is the charge on the electron, and Δf is the measurement frequency bandwidth. This equation suggests that shot noise can be a problem at large signal values. Like thermal noise, shot noise is proportional to the square root of the measurement bandwidth, Δf, and can therefore be minimized by reducing the bandwidth.

Flicker Noise. The third kind of fundamental noise, flicker noise, is observed for low-frequency signals. Although the physical origins of this noise are not well understood, it can be represented by the following empirical equation:

[image: image13.emf]
where K is a constant depending on factors such as resistor materials and geometry, I is the dc current, and f is the frequency. Flicker noise predominates in measurements from 0 Hz (dc) up to about 300 Hz; it is due primarily to the contribution of the 1/f  term.  Although all solid-state devices are subject to flicker noise, field-effect transistors (FETs) seem to be affected less than bipolar devices. Flicker noise in amplifier systems is commonly referred to as drift. In sensitive measurements flicker noise may be eliminated by avoiding the use of low frequencies (including dc).

Environmental Noise

Environmental noise involves the transfer of energy from the surroundings to the measurement system and typically occurs at specific frequencies or a relatively narrow frequency of bandwidths. Two of the most common sources of environ​mental noise are the electric and magnetic fields produced by 60-Hz electrical transmission lines. This noise occurs not only at 60 Hz but also at frequencies corresponding to the harmonics (120, 180, 240,... Hz). Other sources of environ​mental noise are reflected radiant energy, mechanical vibration, and electrical interaction between different instruments. Reduction or elimination of this kind of noise involves shielding the circuits and wires used in signal transmission from external sources of energy. Proper grounding of all instruments and the trans​mission of signals at frequencies well removed from those of environmental noise are specific techniques for minimizing this noise.
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Pictorial representation
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HARDWARE TECHNIQUES FOR SIGNAL​TO-NOISE ENHANCEMENT

To avoid losing data, the signal from the input transducer (see Section 1.4) should be sampled at a rate twice that of the highest frequency component of the signal according to the Nyquist sampling theorem. Adherence to this theorem is important to obtain reliable results from either hardware or software S /N enhancement methods.

Filtering

Although amplitude and the phase relationship of input and output signals can be used to discriminate between meaningful signals and noise, frequency is the property most commonly used. As discussed in the previous section, white noise can be reduced by narrowing the range of measured frequencies; environmental noise can be eliminated by selecting the proper frequency. Three kinds of electronic filters are used to select the band of measured frequencies: low-pass filters that allow the passage of all signals below a predetermined cutoff frequency, high-pass filters that transmit all frequencies above a given cutoff point, and bandpass filters that combine the properties of the other two filters to pass only a narrow band of frequencies (Figure 2.5). The simplest filters are composed of passive circuit elements (resistors, R, capacitors, C, and inductance coils, L) with the transmitted frequencies determined by values of the individual circuit components (Figure 2.6). Bandpass filters can be designed using operational amplifiers.

[image: image15.emf]
Integration

Integration of dc signals for precisely limited time periods is a powerful way to reduce white noise. The coherent (nonrandom) signal adds directly with respect to the integration time, whereas the random noise adds as the square root of the integration time; therefore, the S /N ratio increases with the square root of the integration time. Although a simple RC filter (Figure 2.6a) can be used to integrate signals, an operational amplifier with a capacitor in the feedback loop usually serves as a hardware integrator. Analog-to-digital converters such as voltage-to-frequency or dual slope devices have built-in S/ N enhancement as a result of the integration techniques used in the signal conversion circuits.

Modulation/Demodulation

If the signal and noise cannot be separated by filtering, it is often advantageous to shift the signal of interest away from the noise frequency. To accomplish this, the signal is first transposed onto a carrier wave that has a desirable frequency, then it is transmitted to an amplifier tuned to the frequency of the carrier signal, and finally the original signal is recovered from the carrier wave. The first process is known as modulation; the final one as demodulation. Modulation/demodulation techniques can be used to process a signal in a region of minimum noise and also to discriminate between signal and noise on the basis of the signal's unique modulation configuration relative to the random pattern of the noise. This technique can be used, for example, to relocate signals away from dc where flicker noise is at its maximum. Any property of the carrier wave can be modulated by signals impressed upon it. Common examples are both amplitude and frequency modulation used in radio broadcasting and in optical spectrophotometers. The chopper (an electrical or mechanical device used to generate a signal alternating between the sample and reference measurements at a frequency selected to minimize noise) in a spec​trophotometer should be located as close to the source of radiation as possible, since modulation removes only the noise arising after the chopper.

Active Filtering (Tuned Amplifiers)

Even when the signal is processed in a relatively noise-free environment, some noise will always be passed because of the bandwidth necessary to transmit the signal and the difficulty of obtaining and holding a match between signal frequencies and the filter bandpass. The lock-in or phase-sensitive amplifier offers a solution to these problems. Using a combination of signal frequency and phase relationships, it discriminates between both flicker and white noises. The functional components of a lock-in amplifier include a modulator (chopper), a multiplier, and a low-pass filter (Figure 2.7).

The data-containing signal at frequency f is superimposed onto the carrier wave frequency fo to produce a modulated signal, fo+Δf, that is then transmitted to an electronic device known as a multiplier. Simultaneously, a reference signal, modulated at the same frequency as the carrier signal and held in a constant phase relationship with the carrier wave, is sent to the multiplier. Under these conditions of identical frequencies and constant phase relationship, the multiplier can synchronously demodulate the combination of carrier and reference signals to yield a waveform at 2fo + Δf, where Δf is the frequency containing the desired infor​mation. Since Δf is usually low-frequency data, it can be extracted from 2fo by a low-pass filter. The bandwidth (of transmitted frequencies) can be adjusted by varying the RC time constant of the low-pass filter. These operations result in the transformation of the original spectrum of information frequencies Δf, centered about the carrier frequency fo, to the same spectrum containing Δf centered at dc (0 Hz). As long as the carrier and reference waveforms occur at the same frequency and have a constant phase relationship (zero phase difference in the example of Figure 2.7), then the desired information minus the noise will appear in the trans​formed spectrum. This method of noise reduction is limited to data-containing signals that are periodic or can be modulated in such a way as to be made periodic. When this is not possible, as in the case of rapidly changing signals, other signal enhancement techniques must be used. Since the final low-pass filtering step is centered at dc, some flicker noise may still persist in lock-in amplifier systems.

Phase-sensitive detection is often used in spectrophotometers to achieve an increased S/N ratio. In atomic absorption spectroscopy, for example, the major sources of noise are the light source (hollow-cathode lamp) and the flame. Simultaneously chopping a reference light beam and the hollow-cathode light beam (Figure 2.7) produces two signals that have identical frequencies and a constant phase difference (180° in this example). Random noise in the flame, detector, and amplifier is minimized in the output of the lock-in amplifier. Noise that originates in the hollow-cathode source is not removed from the final signal because the lamp input is not modulated by the chopper. To remove the lamp noise, the lamp power supply must also be modulated to produce a periodic signal.

Boxcar Integrators

The boxcar integrator is a relatively simple method of signal enhancement for repetitive signals. It periodically samples the same portion of a signal for a fixed period of time and then averages the samples using a low-pass RC filter. This triggerable, gated integrator is a versatile measurement device. It provides S/N enhancement for the portion of the signal that is sampled. This technique has found wide application in instruments that require pulsed signal detection. It is best used for S/N ratio reduction in repetitive signals, although it can be used for more complex variable input waveforms.

When compared to the average value of a single pulse, boxcar integration gives S/N enhancement equal to the square root of the number of pulses integrated. Since noise accumulates during the sampling time, further increases in the S/N ratio result from the shortened total sampling time of the boxcar method as compared to the time required to average a single pulse. As in the case of the phase-lock amplifier, the sampling frequency should be carefully selected to avoid interference from environment noise frequencies and their harmonics.

[image: image16.emf]
SOFTWARE TECHNIQUES FOR SIGNAL​TO-NOISE ENHANCEMENT
The increased use of instruments that contain built-in microcomputers has increased the importance of software techniques for data acquisition and signal-to​ noise enhancement. Operations such as filtering, linearization, and attenuation, formerly accomplished by hardware devices, are now achieved by software resident in the microcomputer component of the instrument. Software operations offer the advantages of flexibility and diversity. For example, a variety of software filters can be implemented by changing computer algorithms, whereas considerable effort may be required to change hardware filters. Nevertheless, in situations where the computer cannot execute the required function at a satisfactory rate, implementa​tion with hardware components is necessary.

The minimum hardware required for software signal-processing functions is analog signal conditioning circuits and an analog-to-digital component as well as the microcomputer chips (see Section 4.3). The rates of sampling the analog data and of the analog-to-digital conversions must be fast enough to provide adequate resolution of the analog signal and thus ensure minimum loss of information. Although the resolution increases with the sampling rate, the upper limit of resolution is determined by the speed of the computer and the memory available for data storage. The minimum frequency required for accurate sampling, known as the "Nyquist frequency," should be twice that of the highest frequency component found in the data set. Each data point requires two coordinates, frequency and amplitude. If the sampling occurs at a rate less than the minimum, it is not clear which frequencies correspond to a given amplitude. If the sampling frequency significantly exceeds this minimum frequency, no additional information is transferred and the noise may increase because of the larger frequency bandwidth associated with faster sampling rates. Sampling rates corresponding to the fundamentals and harmonics of known environmental noise frequencies should be avoided.

Once the data are in digital form, a variety of software enhancement techniques may be used to increase the signal-to-noise ratio. Although these software techniques are readily available and widely used, caution should be exercised in their applications. The analyst should understand the advantages of each technique as well as potential problems such as undersampling, oversmoothing, and the time required to apply the technique to a set of data points.

Digital Filtering Technique
Three of the most commonly used software signal enhancement techniques are boxcar averaging, ensemble averaging, and weighted digital filtering.

Boxcar Averaging. This software technique is the implementation of the hardware boxcar integration described in the previous section. In this method a group of closely spaced digital data points depicting a slowly changing analog signal is re​placed by a single point representing the average of the group (Figure 2.8). Since this technique is well suited for applications in which the analog signal changes slowly with time, boxcar averaging can often be implemented in real time (averaging occurs simultaneously with the acquisition of the data). In this mode of opera​tion, one group (boxcar) of points can be acquired and 

averaged before the next boxcar of data arrives. Enhancement of the S/N ratio can be calculated by the following equation:

[image: image17.emf]
where (S/N)o is the signal-to-noise ratio of the untreated data and n is the number of points averaged in each boxcar. The effect of increasing n on the S/N ratio and signal resolution is shown in Figure 2.9.

Boxcar averaging can also be used for very rapidly changing signals when a short delay can be precisely controlled and the desired sampling interval is too fast for the available instrumentation-for example, fast laser spectroscopy in the nanosecond time frame.

[image: image18.emf]
Ensemble Averaging. This technique complements the boxcar method because it can be applied to signals that are changing rapidly. The results of n repeated sets of measurements of the same phenomenon are added and the sum is divided by n to obtain an average scan. If each set of measurements is recorded in the same way, the data contained in the measurements will sum coherently, whereas the random noise should average to a value smaller than the enhanced signal. To the extent that n represents a normal statistical distribution, the resulting S/N will be increased by a factor of n over that of a signal scan (Figure 2.10).

Computer-managed ensemble averaging has been used to extract small signals from background noise in instrumental techniques such as C-13 nuclear magnetic resonance spectroscopy. The principal liability of this technique is the time required to obtain a significant increase in the S/N ratio ---- l00 scans to obtain an order-of​ magnitude increase in the S/N ratio.

Smoothing (Weighted Digital Filtering). In digital filtering each of the data points to be averaged contributes equally to the calculation of the average (Figure 2.11). Assigning different weights to points as a function of their position relative to the central point can produce more realistic filtering. Adjustable filtering parameters include the mathematical smoothing function, the number of points and their positions relative to the central point in the moving average, and the number of times the data are processed by the smoothing function. Although this signal enhancement technique offers optimum flexibility in the choice of filter algorithms, the possibility of signal distortion is also great. The amount of time involved in weighted digital filtering usually requires that the method be applied after all the data have been acquired;
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in other words, extensive software digital filtering is not usually performed in real time.

Combining the three software signal enhancement techniques discussed thus far can produce an algorithm that is more useful than any individual technique. For example, an 8-point boxcar average coupled with an ensemble average of nine scans and a single postrun application of a 7-point filter would give a S/N increase of 22.4. More than 500 scans would have to be averaged to achieve the same result. Even if the ensemble and boxcar techniques were combined, 64 scans would be necessary.

EVALUATION OF RESULTS

Total control of experimental variables is usually difficult and often impossible. Sampling methods, analysts' techniques, and instrument responses are potential sources of error. Statistical methods provide a means for objectively evaluating the source and amount of error in analytical methods. The common phrase within experimental error is meaningless if the magnitude of this error is not defined through the use of statistical techniques.

Types of Errors

To obtain reliable results from an analytical method, sources of error must be identified and either eliminated or minimized. Errors may be classified as one of two types, random (indeterminate) or systematic (determinate).

Since the intrinsically uncertain nature of the measurement technique is the source of random error, this kind of error occurs in every analysis. Thermal, shot, and flicker noise, discussed earlier in this chapter, are sources of random error. The magnitude of the random error is usually small and can therefore be minimized by filtering methods (either hardware or software).

The second kind of error, systematic or procedural error, causes results to deviate from the expected values in a constant manner. Sources include improper instrument calibration procedures, insufficient purity of reagents, and improper operation of the measurement instrument. This kind of error cannot be reduced by the application of statistical methods. Systematic errors may often be identified and minimized by modifying the analytical procedure.

Expression of Error

Error may be expressed in absolute terms as the difference between an analytical result, x, and the known true value,
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When this difference is expressed as an unsigned number, it is known as an absolute error. Because the absolute error represents a difference between the result and the true value, it must be expressed in the same units as these quantities. An absolute error has no significance when separated from the result or true value. For example, an absolute error of 5.1 μg/mL may be acceptable in an analysis of a sample containing 511 μg/mL lead but unacceptable in a sample containing 1.7 μg/mL lead.

The relative error, Erel, is used to determine the accuracy of measurement and is typically expressed as the percentage of the known true value:
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Since the relative error is a dimensionless number, it can be used to determine the accuracy of results as well as to compare the accuracies of results expressed in different units.

The following example illustrates the use of absolute and relative errors for the comparison of results. Analyses of lead and zinc in a sample yield the following results: Pb = 653 μg /mL, dPb = 4.3 μg /mL; and Zn = 4.5 μg /mL, dZn = 0.15 μg /mL. Therefore,
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It is obvious that the lead determination gives the more accurate result because it contains the smaller relative error, even though the absolute error is much greater than that of the zinc determination.

ACCURACY AND INSTRUMENT CALIBRATION

Proper calibration (standardization) of instruments is essential in obtaining accurate analyses. The choice of a calibration technique is affected by the instrumental method, instrument response, interferences present in the sample matrix, and number of samples to be analyzed. Three of the most commonly used calibration techniques are the analytical or working curve, the method of standard additions, and the internal standard method.

Analytical Curve

In the analytical (working) curve technique, a series of standard solutions containing known concentrations of the analyte are prepared. These solutions should cover the concentration range of interest and have a matrix composition as similar to that of the sample solutions as possible. A blank solution containing only the solvent matrix is also analyzed, and the net readings-standard solution minus blank (background)-are plotted versus the concentrations of the standard solutions to obtain the working calibration curve (Figure 2.17). If a nonlinear plot results, as is often the case, electronic hardware or computer software can be used to compensate for the curvature and produce an output that is a linear function of concentration. The number of standard solutions analyzed in nonlinear regions should be increased to maintain accurate analysis of unknown samples.

Linearity may also be achieved in some analyses by varying instrumental parameters. In spectrophotometric analysis, changing the wavelength used to obtain absorption readings may produce a more linear working curve. It is of utmost importance to record all instrumental parameters used in obtaining data for the calibration curve because small variations in these parameters can affect the slope of the calibration curve. The calibration curve must be checked periodically using solutions of known concentration to detect any changes in instrument response.
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[image: image6.emf] Method of Standard Additions
When it is impossible to suppress physical or chemical interferences in the sample matrix, the method of standard additions may be used. The instrument response must be a linear function of the analyte concentration over the concentration range and must also have a zero intercept (zero signal for zero concentration). A small amount of analyte solution of known concentration is added to a portion of a previously analyzed sample solution, and the analysis is repeated using identical reagents, instrument parameters, and procedures. If an instrument response Rx is obtained from a sample solution of unknown concentration x, and an instrument re​sponse Ro is obtained from the sample solution to which a known concentration a of analyte has been added, then x can be calculated from the following equations:
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Readings must be corrected for any background signal. It is always advisable to check the result with at least one other standard addition. Additions of analyte equal to twice and to half the amount of analyte in the original sample are optimum statistically. All solutions should be diluted to the same final volume so that any interferent in the sample matrix will have an identical effect on each solution. Sufficient time must elapse between addition of the standard and the actual analysis to allow equilibration of the added standard with any matrix interferents.

A graphic solution using the standard addition method is shown in Figure 2.18. The concentration scale (x-axis) is determined by the concentrations of analyte added to the sample solutions, and thus the unknown concentration is given by the point at which the extrapolated line intersects the concentration axis.

The method of standard addition is widely used in electroanalytical chemistry to obtain results that are more accurate than those obtained using calibration curves. Since the unknown and standard solutions are measured under identical conditions, matrix-sensitive volt am metric techniques such as anodic stripping voltammetry rely almost exclusively on standard additions for quantitative results. Atomic absorption and flame emission spectrophotometry use this method with complex sample matrices where viscosity, surface tension, flame effects, and other properties of the sample solution cannot be accurately reproduced in calibration solutions. Results from standard additions can also provide a systematic means of identifying sources of error in analysis, such as depletion of test reagents, a defective instrument, or inaccurate standard solutions.
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Method of Internal Standard

An internal standard is used to minimize differences in the physical properties of a series of sample solutions that contain the same analyte. In this method, a fixed quantity of a pure substance is added to samples and standard solutions alike. The responses of the analyte and internal standard, each corrected for background, are determined, and the ratio of the two responses is calculated. If the parameters that affect the measured responses are controlled, the response of the internal standard line will be constant, since the concentration of the internal standard is fixed. If, however, one or more of the parameters that affect the measured responses vary, the responses of the analyte and the internal standard should be affected equally. Thus the response ratio (analyte to internal standard) depends only on the analyte concentration. A plot of the response ratio as a function of the analyte concen​tration yields a calibration curve. The standard must be added at the beginning of an analysis to allow for dissolution, mixing, and any other reactions to occur before a measurement is made. All equilibria must become established (some may be quite time dependent). The addition of standards to a dissolved sample can give misleading results if the possible reactions between the standard substance and the components are not considered.

The internal standard should be a substance, similar to the analyte, with an easily measurable signal that does not interfere with the response of the analyte. It should respond in a manner similar to the analyte to any variables that may affect the detector response. The concentration of the internal standard should be of the same order of magnitude as that of the analyte in order to minimize error in calculating the response ratios. This method is used extensively in gas chromato​graphic and atomic absorption analyses and to a lesser extent in infrared and emission spectroscopic determinations.

Isotopic Dilution

This is a special case of the method of internal standards that is used for quantitative determinations in radiochemical and mass spectral analysis. This technique measures the yield of a nonquantitative process, or it enables an analysis to be performed where no quantitative isolation procedure is known. To the unknown mixture that contains a compound with an inactive element P is added a known weight W1 of the same compound tagged with the radioactive element P*. The specific activity Al of the tagged compound of weight W1 is known. A small amount of pure compound is isolated from the mixture and the specific activity A is measured. The amount isolated need only be a very small fraction of the total amount present, merely a sufficient quantity for weighing or determining accurately. The extent of dilution of the radiotracer shows the amount W of the inactive element (or compound) present, as given by the expression:
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The method can be applied in mass spectrometry where A and Al represent the intensities of peaks that contain different isotopes (not necessarily radioactive) of a given element in a specific compound. The method has been used in the analysis of complex biochemical mixtures.

Comparison of Methods

Each of the methods has its advantages and limitations in quantitative analysis. If the analysis involves a large number of samples in a matrix with a known general composition, then the use of a calibration curve is favored. Standard addition is generally used when only a few samples are to be analyzed in a complex matrix. If the composition of the sample matrix is complex and the analysis includes a number of samples, then the method of standard additions may be the procedure of choice. Analysis that would otherwise require difficult quantitative separations may be performed using isotopic dilution.

CHEMOMETRICS

Many of the techniques discussed in this chapter belong to an area known as chemometrics, the application of mathematical and statistical methods to chemical measurements in order to acquire chemical information on individual samples. These methods provide improved signal resolution and calibration by extracting increased information from the measurements. Major subdivisions of chemometrics are statistics, resolution, calibration, signal processing, modeling and parameter estimation, optimization, factor analysis, pattern recognition, image analysis, library searching of spectra, graph theory and structural handling, and artificial intelligence. Topics in this area are assuming increased importance as computer software becomes the critical interface between instruments and the resulting chemical information.

The practical application of the methods of chemometrics involves a variety of computer hardware and software. Until recently, scientific software was produced by instrument companies and computer manufacturers to enhance and support their products and by individual scientists for the implementation of specific tasks. Currently a number of scientific software applications packages are available from commercial software houses, publishing companies, and computer manufac​turers. The functions performed by these packages range from real-time data acquisition through statistics to expert systems.

With the emergence of smart instruments controlled by built-in optimization algorithms, the costs of extracting more information from existing data must be weighed against the cost of producing additional data by performing more measurements, which often requires more sampling. For example, the experimental design of measurements affects the amount of information obtained from a given analytical method.  A well-designed measurement system should yield more information from a given amount of data than a poorly designed system. An application of this principle is the use of recursion to calculate the parameters for a calibration function. After each sample measurement, a measurement is made on a standard, the parameters of the calibration function are re-estimated, and these values are fed back to the experimental design function to update the calibration of the instrument.

Effective use of hyphenated methods often involves one or more chemometric methods. GC-MS combines the ability of gas chromatography, an excellent quantitative technique, to separate the components of complex mixtures with mass spectrometry, a powerful qualitative technique, to identify the compo​nents. As long as the components are well separated on the column of the gas chromatograph, it is easy to obtain the desired analytical information. However, in many cases involving complex sample mixtures, good separation of components may be obtained only after time-consuming optimization of GC parameters, with some risk that the necessary separation will not be achieved.  In this situation, the limits of traditional analytical methods may have been reached. Application of the mathematical tool known as multivariant analysis allows the number of com​ponents in each peak of the chromatogram of a poorly separated mixture to be estimated. In addition, the mass spectrum of each component of a given chromatographic peak can also be estimated provided there are fewer than four components in a single peak.

Chemometrics can combine principles from applied mathematics with com​puter technology and instrumentation to form powerful analytical methods. For example, a GC-MS instrument system capable of acquiring data at rates of megasamples per second requires efficient information-processing techniques to produce meaningful results from massive amounts of raw data. The mathematical tools in chemometrics provide the means to convert raw data into information, information into knowledge, and ultimately knowledge into intelligence. In the GC-​MS analysis of dioxins, the data from the instrument are used to determine the identities and amounts of the dioxins present in the sample (information). The information can be used to gain improved knowledge of the operation of the system from which the sample was taken, the relationships between the operating conditions of incinerators, and the amounts of dioxins in their emissions. Finally, this knowledge can be used in the intelligent operation of incinerators to minimize dioxin emissions, possibly using an expert system to monitor and control the incinerator.

PROBLEMS

1. Distinguish between the sensitivity and detection limit.

2. In which of the following measurements has the detection limit been reached?

Show calculations to justify your answer.

	Measurement
	Analysis signal
	Blank signal

	1
	1.52  ± 0.05
	1.38  ± 0.07

	2
	0.94   ± 0.03
	0.81  ± 0.02


3. What types of noise can be reduced by (a) reducing the bandwidth of measurement frequencies, (b) reducing the temperature of the measurement, and (c) reducing the frequency of the measurement?

4. Calculate the increase in the S/ N ratio of a measurement by increasing the integration time from 1.0 sec to 5.0 sec. When is it not advisable to increase integration times as a means to improve the S/ N ratio?

5. What types of noise can be reduced by (a) hardware filters, (b) integration of the signal, and (c) modulation/demodulation?

6. What advantages do the following hardware signal enhancement techniques offer over other hardware devices: (a) active filters and (b) boxcar integrators?

7. Explain how the software signal enhancement techniques of boxcar averaging and ensemble averaging complement each other.

8. (a) Calculate the increase in the S/ N ratio by ensemble averaging 200 repetitive scans of a spectrum. (b) Discuss the limitations of ensemble averaging in signal enhancement.

9. How are fast Fourier transformations used to reduce noise?

10. Explain the advantages of fast Fourier transformations over ensemble averag​ing as a signal enhancement technique.

11. What types of experimental error are minimized by hardware and software filtering techniques? Explain.

12. Explain, using an example, how an accurate measurement could contain a large absolute error.
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