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Items and Steps Required to Dynamically Test a DAC 

Many different software and hardware items are needed to perform a dynamic test on a 
DAC. The following will be discussed in this chapter: 

1. Digital input codes (vectors) must be created and stored for use by the test program. 

2. F,, F., M and N must be set up to reflect the specification requirements. 

3. A smoothing filter for OUT output is needed to remove the "steps" from a sine wave. 

4. An anti-alias filter is needed to filter OUT output before digitizing (it may be same filter as 
smoothing filter). 

5. A notch filter may be needed to remove the fundamental without removing any harmonics 
or noise of interest. 

6. Amplification or attenuation may be needed so the OUT output signal fits within the WD 
input range. 

7. A level shifter may be needed so the OUT output signal fits within the WD input range. 

8. Setup of the WD on the test system, which requires its own F ... M and N based on the 
DAC output signal F,. 

Keep in mind that items 4 through 7 above and 3 through 9 below also apply to dynamically 
testing any analog signal. When everything is properly set up to test the DAC, the steps 
required to perform dynamic tests are as follows: 

1. Set up coherent test conditions for coherent DAC output samples, i.e. F,, F ... Mand N. 

2. Make a continuous output signal from the DAC by sending digital codes to DAC at F. rate. 

3. Coherently collect a set of output samples with the waveform digitizer (with fundamental 
removed). 

4. Send the collected set of time samples to the DSP to perform DFT/FFT analysis. 

5. If necessary, convert rectangular frequency results to polar results. 

6. Compensate results for signal conditioning done on signal. 

7. Put fundamental into bin M because it was removed. 

8. Analyze the frequency bins of interest using equations or tester algorithms for SINAD, 
SNR, THO and compare to specification. 

9. Make a pass/fail decision based on the results. 

NOTES: 
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Sine Wave Output from a DAC 

To measure dynamic parameters SINAD, THD and SNR, a sine wave must be produced by 
the DUT and evaluated by the test system. Purity of the DUT output wave defines the 
dynamic quality of the device. To produce a sine wave from a DAC requires supplying digital 
codes to the DAG input that represent a sine wave. This requires generating these digital 
inputs; they can be generated by the tester, by a formula or by an IFFT algorithm. They must 
be sent to the DAC at a clock frequency, which will create the required output sine wave fre­
quency. 

Using a Sine Wave Formula 

Digital codes supplied to the DAC input must cover the entire range of codes to produce a 
full scale output sine wave. Given that points on a sine wave can be calculated with the 
equation: 

Y = Asin(oot + <)>) (7.4) 

where Yis any point on a sine wave, A= maximum amplitude, co= angular frequency (2rcF,) 
in radians, t= time and <P = phase shift in degrees. Equation (7.4) can be used to calculate 
the input codes necessary to generate a sine wave. 

DAG input code requirements: 

1. The clock rate must not exceed the DAC maximum conversion rate (or 1 / settling time). 

2. The created codes must generate an exact number of cycles. 

NOTES: 
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The portion of the specification for dynamic tests is duplicated below in Table 7.3 for conve­
nience. 

SNR fout = I OOOHz sinusoid 68 70 dB 

THO fout = I OOOHz sinusoid, -69 -77 dB 

fmax=20KHz 

IM fout = lOOOHz + 3100Hz tone -65 dB 

tsettle Max input change = 16 LSB 180 200 ns 

5 MHz 

Table 7.3: DAC Dynamic Specifications. 

- To generate f0u, = 1 000Hz, Equation (7.4) with a phase shift of 0, becomes: 

Y = sin(2rtl000t) (7.5) 

Note that the output amplitude is not included in Equation (7.5) because values relative to 
the 12 bit input word will be calculated, not relative to the output voltage swing. When a set 
of codes covering a DAC's full scale input range is delivered to it, it produces its full scale 
output swing, whatever that may be. 

Coherent sample generation uses the coherency requirements relating sample frequency F.,. 
test frequency F,, number of samples N and number of cycles M with the equation: 

(7.6) 

Because the generated sample points will be sent to the DAC under test, and will not be 
used by a Fourier Transform algorithm, there is no concern about which algorithm will be 
used. Therefore, there is no requirement for 2x sample points to select the FFT algorithm. F, 
is known to be 1 000Hz; to create the maximum samples per cycle and the fastest test time, 
choose M = 1. When M is equal to 1, all samples will occur within one cycle. Given the set­
tling time specification of 200ns, the input data will change at a 5MHz rate, which will pro­
duce the correct minimum time between samples. 

NOTES: 
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The sample period of 200ns divides evenly into 1msec (1/1000Hz) so the second require­
ment indicated on page 7-16 is also satisfied - 5000 x 200ns = 1 msec exactly. 

Since this is a 12 bit DAC, which has only 4096 points in its transfer line, the 5000 codes 
generated to create the 1 000Hz output wave will contain duplicates and will not contain 
every unique code of the 4096 possible codes. This is not a problem because the important 
aspect of the input codes is that they are as close as possible to a value on the theoretical 
sine curve so that any distortion due to input data is near the theoretical minimum quantiza­
tion error. 

What is needed are the amplitude values Y of a sine wave at every sample point for the 
5000 samples. The coherent values that were established are M = 1, N = 5000, F. = 5MHz 
and F, = 1000Hz. Using Equation 7.4 on page 7-16 and Equation 7.5 on page 7-17, all val­
ues oft in the sine equation need to be established as a set of points on the time axis at 
which the DAG will put out a sample. 

(U-bit«l;.if~'W 
0ns 0.0000 2048 0x800 

200ns 0.0013 2051 0x803 

400ns 0.0025 2053 0x805 

600ns 0.0038 2056 0x808 

800ns 0.0050 2058 0x80A 

IOOOns 0.0063 2061 0x80C 

Table 7.4: Converting Magnitude Values into Binary Values. 

Notice that the values for Y in 12-bit decimal begins at 2048 rather than 0; this is because a 
12 bit-DAC, to traverse peak-to-peak values, requires input codes in the range of 0 to 4095. 
The sine wave must go positive and negative by equal amounts, which requires that the 
center of the code range is 2047.5, which cannot be expressed as a digital code; our sine 
wave has been quantized. 

NOTES: 
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The following algorithm offsets the 12-bit value by half scale. 

/* Bit mask to remove high bits from the final DAC code */ 
int BitFields = 0; 

/* Resolution of our DAC */ 
int Index, DUTinputY; 
int DUT_Bits = 12; 
double Y, t, InputFSR; 
double Fs = 5.0e6; 
double TwoPi = 8.0 * atan( 1 ); 

/* Sample rate as set by DAC settling time */ 
/* Calculate 2-Pi using arctan */ 

for (Index= O; Index< DUT_Bits; Index++) 
BitFields = (BitFields << I) + I; 
InputFSR = pow(2.0, ( double )OUT _Bits)- I; 
for (Index = O; Index < N; Index++) 
{ 

t = Index / Fs; 
Y = ( I + sin(TwoPi * Ft * t)) / 2; 

/* Put 12 ones in bit mask*/ 
/* 4095 for 12 bit DAC */ 

DUTinputY[lndex] = (int)(Y * InputFSR) & BitFields; 

Note that t, Y, Fs, Ft and InputFSR are real variable types, while Index, N, DUT_Bits are inte­
gers and BitFields is an unsigned integer. All integers should be at least 16 bits in length, and 
should be long (24 or 32-bit) integers if the DAC could have 16 or more input bits. 

NOTES: 
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Line by line, the algorithm does the following: 

Declare and initialize variables as necessary: 
/* Bit mask to remove high bits from the final DAC code * 

int BitFields = 0;/ 
int Index, DUTinputY; 
int DUT_Bits = 12; 
double Y, t, InputFSR; 
double Fs = 5e6; 
double TwoPi = 8 * atan(l); 

/* Resolution of our DAC */ 

/* Sample rate as set by DAC settling time */ 
/* Calculate 2 * pi using arctan function * / 

Fill each bit in the BitFields variable with 1 s up to the number of DUT bits by left shifting 
and adding 1 : 

for (Index= 0; Index< DUT_Bits; Index++) 
BitFields = (BitFields << 1) + 1; /* Put 12 ones in bit mask*/ 

Calculate the DUT full scale value as a function of its input bit resolution, as 2ouT~s;15 - 1: 
InputFSR = pow(2.0, (double)DUT_Bits) - I; /* 4095 for 12 bit DAC */ 

Execute a loop N times to calculate the time and amplitude for each sample point: 
for (Index = 0; Index < N; Index++) 
{ 

Calculate the x axis time coordinate for this sample: 
t =Index/ Fs; 

Calculate the y axis amplitude coordinate for this x axis point t, offset by 1 so the result 
ranges from [0 ... 2], then divide by 2 to bring the range to [O ... 1 ]. 

Y = (I + sin(TwoPi *Ft* t)) I 2.0; 

Multiply the calculated Y value by the maximum DAC input value and set all bits except the 
lowest 12 to zero with a bitwise AND operation. Store the result in an array: 

DUTinputY[lndex] = (int)(Y * InputFSR) & BitFields; 

Terminate the loop: 
} 

NOTES: 
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Implementing DAC Binary Input Codes 

Two methods were described in Generating Time Samples on page 6-31 to provide a means 
of generating a list of DAG input codes sufficient to produce a stepped sine wave output. 
This set of vectors may be looped continuously to create a continuous sinusoid for as many 
cycles as is required for testing. 

Filtering the Output Signal 

The DAG output changes in discrete steps which are 1 LSB or more in amplitude; the wave­
form is distorted by the DAG output steps. To allow the wave to be sampled for distortion, it 
must be filtered to remove the steps and create a smooth continuous sinusoid. The step fre­
quency which must be filtered out is the sample frequency. The higher the DAG sample fre­
quency, the easier it is to filter out the steps. Figure 7.5 on page 7-22 graphically describes a 
frequency plot of a sine wave, harmonics and the sample frequency. 

A low pass filter which removes the F, component is required to smooth the signal. The pri­
mary requirements are a flat pass band and a sharp roll-off above the maximum harmonic 
frequency but below the sample frequency. Note that the filter must be an analog filter-a 
switched capacitor filter will add its own high frequency components. A low pass filter rolls 
off at 25KHz to smooth the output signal without excluding frequencies contained below the 
fmax condition of 20KHz specified for SNR and THO tests. 

NOTES: 
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Figure 7.5: DAC Filtered Output. The figure shows the frequency spectrum after the 
application of the anti-alias filter. 

Notice that the roll-off is very steep, at -120dB per decade, indicating a 6 pole filter. The filter 
must be carefully designed or selected so that it does not add its own distortion to the analog 
signal. Mixed signal test systems often have sharp cutoff anti-aliasing filters which can be 
used as a low-pass signal filter, while simultaneously performing the anti-alias function. 

A "smooth" sine wave has been produced by the DAC under test, which only contains distor­
tion from the DUT. The next task is to digitize the wave and analyze the digitized results to 
analyze the dynamic distortion parameters. 

NOTES: 
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Capturing DAC Output 

The filtered continuous sinusoid is digitized, which allows the use of the test system's DSP 
tools to evaluate the frequency related parameters such as signal to noise ratio and har­
monic distortion. This process applies to any analog waveform, not just to a DAG output. 
There are some considerations and trade-offs to make so that the digitized information is 
useful. It can be seen in the block diagram of the waveform digitizer in Figure 7.6. that there 
exists capabilities to modify the analog test signal before it is digitized. The reason to do this 
is to provide the digitizer with a waveform that will produce the best resolution and the least 
distortion. 

Scaling 
and 

Level 
Shifting 

Continuous 
Time 

Anti-Alias 
Filter 

--- Sample Clock 

Track 
and 
Hold 

ADC 
Converter 

Waveform 
Data 

Storage 
Memory 

Figure 7.6: Waveform Digitizer. The input signal may need scaling, level shifting and 
filtering before being sampled. 

Any waveform can be digitized and analyzed for its spectral content. A sine wave is used to 
analyze for certain dynamic parameters including SNR. SNDR and THO distortion. This type 
of spectral analysis is not limited to DACs; it can be applied to filters, amplifiers or any other 
component with a sinusoidal analog output. 

NOTES: 
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Conditioning the Analog Signal for the Waveform Digitizer 

The block labelled "Scaling and Level Shifting" in Figure 7.6 on page 7-23 represents condi­
tioning for the incoming analog signal generated by the DAC under test. A signal may 
require conditioning for many possible reasons: 

• The analog signal range is too small or too large for the waveform digitizer to process 

• The analog signal is referenced to a voltage level which is different from the test sys-
tem analog reference level (for example, OUT ground is different from tester ground) 

• The analog signal is differential and must be converted to single-ended 

• The analog signal is a current and the waveform digitizer requires a voltage input 

• The DUT output has a (relatively) high impedance and the waveform digitizer disturbs 
the analog signal during the digitizing process 

There may also be requirements for frequency conditioning, demodulation, etc. For exam­
ple, a DAC under test may have low output impedance, produce a single ended voltage 
waveform, or may be referenced to an analog ground. 

Assume that the device specified in the example data sheet defined in Table 7.1 on page 7-
13 is to be tested for THD. Before testing can proceed, the capabilities of the test system 
waveform digitizer must be analyzed to determine if it has sufficient accuracy to perform this 
test. The tester's waveform digitizer must have sufficient resolution to be able to measure 
the individual harmonic amplitudes. 

If the waveform digitizer has an LSB size of 200µ V, and the levels to measure are 1 00µv the 
digitizer is not good enough because the generally accepted rule is that the measurement 
system must be 1 0 times better than what is being measured. The solution is to use a tech­
nique that utilizes a notch filter and amplification. 

NOTES: 
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The notch filter shown in Figure 7.7 can be used to attenuate the fundamental, which is the 
largest amplitude component in the measured frequency spectrum, shown graphically in 
Figure 7.8 on page 7-261 • 

By attenuating the fundamental, the remaining spectrum can be amplified to boost the noise 
and harmonics to a level that can be accurately analyzed by the waveform digitizer. 

DAC under test 
\ ~· 

-=-~zv / Low pass filter ~ / 
for smoothing 
and anti-alias 

--y- --' 
Notch Filter ± / 
attenuates 

fundamental 

Waveform 
Digitizer 

Figure 7.7: Signal Conditioning for Waveform Digitizer. A notch filter and gain stage can be used to 
extend the dynamic range of the digitizer's measurements. 

With notch filter attenuation of 40dB, the fundamental will be attenuated by a factor of 100. 
With a fundamental attenuation value of 100, the rest of the frequency spectrum can be 
amplified by 100. 

This amplifies all information at the 100µ V level to 1 0mV. This gives an equivalent Waveform 
Digitizer to DUT resolution ratio of 1 0mV / 200µ V, which is a ratio of 50 to one, much more 
than the requirement to be ten times more accurate. 

NOTES: 
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Figure 7.8: DAC Output with Smoothing and Notch Filters. The frequency spectrum 
after the application of the notch filter, which reduces the magnitude of the fundamental 
test frequency. 

Naturally, the factor of amplification must be taken into account when calculating parameters 
such as SNR or THO. The amplification factor must be extremely accurate. The ability to 
accurately attenuate and amplify exists in all modern mixed signal test systems. 

If an older test system is used that does not include this capability, the necessary circuitry 
must be added to the interface hardware. 

NOTES: 
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Digitizing the DAC Output Spectrum 

What remains is to calculate the number of samples (N), the sample frequency (F.) and the 
number of test frequency cycles (M) over which to take the samples such that the result is a 
set of coherent samples of the specified spectrum. 

Although the fundamental has been attenuated, the spectrum is sampled over an integer 
number of cycles, and all spectral components will be placed in the correct frequency bins 
by the FFT. 

Fundamental Correction 

There are four ways to compensate for the attenuated fundamental. 

1. Add the amount of dB attenuation to the analyzed results. For example, if the fundamen­
tal was attenuated by 40 dB, then add 40 dB to all dynamic test results. 

2. Use the two pass test method. First, sample the desired spectrum without a notch filter to 
obtain the value of the fundamental. Save the fundamental value. Then, use a notch filter 
to attenuate the fundamental and amplify the rest of the spectrum. Sample the desired 
spectrum once again to obtain all bin values except the fundamental. This method is not 
recommended as it consumes more test time than other methods. 

3. Calculate the value of the fundamental by using the full scale range (FSR) data that was 
obtained when performing static tests. 

4. Completely characterize the notch filter and compensate the value in every bin. 

Example: 
Given: The Full Scale Range (measured statically) of a device (VF,-Vcs) is 2Vp-p· 

The peak value of the signal equals the peak-to-peak value divided by two. 
The RMS value is equal to the peak value divided by the square root of two. 

2 
Then: VRMS = M = 

2,J2 

2 
2

_
8284 

= 0.70711Volts 

NOTES: 
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Time to frequency conversion 

The time/amplitude data array is now passed to a routine which performs an FFT. The 
returned information, although we say it is frequency data, really is just two arrays of num­
bers. The amplitude points must be calculated and how their position in the array relates to 
frequency based on what was known when the samples were taken. 

FFT algorithms return an array of real values and an array of imaginary values. These repre­
sent the cosine and sine components on the complex plane as rectangular coordinates. We 
use the equations from Chapter 2 as given in Equation 2.33 on page 2-30 to calculate the 
magnitude and phase of each point: 

mag = Jx
2 

+ y
2 

phase = atan(~ 
(7.8) 

where x and y are the real and imaginary terms at each array index. 

A ''for'' loop calculates the magnitude of each frequency value and stores it in an array. The 
FFT returns duplicate information in the lower and upper halves of both arrays; the loop and 
analyses only use NI 2 values, which relate to the NI 2 frequency bins in the spectrum. 

Use a ''for'' loop to calculate magnitude of each frequency point: 
for (i = O; i < N / 2; i++) 

Mag[i] = sqrt(Real[i]A2 + Imag[i]"2); 

Magnitude is usually expressed in dB relative to the fundamental, so the algorithm can be 
revised to: 

for (i = O; i < N / 2; i++) 
dBMag[Index] = 20 * log10((sqrt(Real[i]"2 + Imag[i]"2) / Vfund)); 

where the dB relative reference is the amplitude of the fundamental as in: 

(7.9) 

NOTES: 
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With the fundamental calculated, the algorithm is: 

RetLevel = (Vfs - Vzs) / (2 * sqrt(2));/* RMS value of full scale sine wave */ 
for(i =0; i < N; i++) 

{ 
Magnitude= sqrt(Real[i]A2 + lmag[i]A2); 
if Magnitude = 0 then 

Magnitude = 1 E-8; 
dBMag[i] = 20 * log IO(Magnitude / RetLevel); 
} 

Because this is a ratio algorithm and the ratio of the fundamental to itself is 1, or 0dB, the 
value 0dB is found in Bin M. 

When "Magnitude"= 0, this algorithm replaces its value with a value of 10·8 (equivalent to 
-160dB), or some other small number, since the log of 0 is undefined. Software on mixed 
signal test systems often has a magnitude routine which will quickly perform these calcula­
tions; use ii if it is available. 

It is not possible to have a notch filter that only affects the fundamental; frequencies adjacent 
to the fundamental will be affected. Modem mixed signal testers use calibration routines to 
precisely compensate for these effects. If an older tester is used, which requires the addition 
of additional circuitry to accomplish fundamental attenuation, it will be necessary to charac­
terize the filter path and store correction factors for each bin affected by the filter. These cor­
rection factors must be used to compensate the frequency spectrum before analysis. 

There now exists in capture memory a set of N/2 magnitude points which represent the 
amplitude in dB of each frequency bin in the calculated spectrum. This array is all that is 
necessary to calculate SINAD, SNR and THO. 

NOTES: 
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Analyzing Frequency Spectrum Data 

Recall that N samples were taken at frequency F, and that the maximum frequency informa­
tion contained in the FFT data is the Nyquist frequency F /2. Also, recall that there are N/2 
sampled amplitude points, where each point represents a frequency bin. 

Using this information, we have an x-axis which ranges from O to F /2 and a set of N/2 fre­
quency points, with each point representing a frequency increment of (F /2)/(N 12) = F/N. 
The F/N quantity is the Fourier Frequency, or F,,,,, as shown in Equation 6.5 on page 6-25. 

In simple terms, the frequency axis goes from O to N/2 bins, with each bin representing an 
increase in frequency of ( F /N) Hz. 

Example: 
F, = 204.SKHz 

F1 = 1KHz 

N= 1024 

Which bin will the fundamental F1 fall into? 

(F
1 

• N) 
M= ----'-­

Fs 

(1000 · 1024) 
204800 

5 (7.10) 

We can now apply the various algorithms for SNR, THD, SINAD and IM to the frequency 
domain data, compare the results to a specification, and make a Pass/Fail decision about 
the DUT. 

NOTES: 
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Synchronization Issues 

In the previously discussed dynamic tests, two sets of samples were being created. The 
OAC produces analog sample points and the waveform digitizer samples digital points. In 
that discussion, it was assumed that the clock which feeds the digital vectors to the OAC 
under test runs at F, and that the waveform digitizer runs at an unrelated sample frequency 
(F,). This can only occur with two independent clocks. The test system must have a single 
master clock to synchronize both the digital vectors and the waveform digitizer. 

Divide by CD1 +- Master Clock ➔ Divide by CO2 

' . 
Digital Pattern 
Memory (and 

signal 
conditioning) 

• • . , 
Waveform 

r+ Conditioning, __J Waveform ~ Data 
0/A under test Filtering, etc. 

~ 

Digitizer Storage - - -- :I ~ 

Memory 

Figure 7.9: Sample Clock Synchronization. Best results are achieved when the OUT and tester 
are phase and frequency synchronized. 

The clock division factors, C01 and CO2, in Figure 7.9 must be integers if a binary divider is 
used. In this situation, the task of calculating the OUT F_, and the waveform digitizer F, just 
got more complicated! 

NOTES: 
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When using binary division, the two F, values must be related to the master clock by integer 
factors. For this scenario, note that the following relations exist between the DAC under test 
and the waveform digitizer: 

• F, is the same for both 

• Digitizer F, = MasterClock / CO2 

• DUT F, = MasterClock / CD1 

NIM can be selected independently for the digitizer and DUT but must conform to the 
coherency equation and the relations above. 

If a phase locked loop is used, the clock division factors can be virtually anything. Phase 
locked loops suffer from a potentially long settling time and from jitter; but if jitter is small, it 
will be nulled out to produce effectively no jitter. 

Clock synchronization is a complex issue and calculation of both the DAC and the waveform 
digitizer sample frequencies are required to achieve the desired test frequency from the 
DUT and the sample set from the digitizer. This generally requires iterative calculations-

1. Calculate DAC F, based on F,, M and N. 

2. Adjust DAC F, to meet test system clock frequency and resolution restrictions. 

3. Recalculate DAC F, with new DAC F, (remember that F, may not be exactly as stated on 
specification). 

4. Calculate a digitizer F,, Mand N based on the DACs F, (remember that F, is the same for 
both DAG and waveform digitizer). 

5. Adjust digitizer F,, M and/or N to meet test system clock frequency and resolution restric-
tions to achieve required F,. 

6. If necessary, readjust DAG F,, Mand N to match F, required by the digitizer. 

Ultimately the F, may not be exactly as stated in the specification, but it should be as close 
as possible while still coherently generating and sampling the DAC waveform. 

NOTES: 
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Key Points of This Chapter 
• Testing dynamic parameters is a complicated interaction of hardware and software. 

• A single set of samples can be used for SINAD, SNR and THO. 

• When using coherent sampling, it may not be possible to create the precise F, indi­
cated by the DAC specification. 

• Digital input codes to a DAC, which are used to create a sine wave, can be created 
with an algorithm or an inverse FFT. Once they are created, they can be stored and 
used for any frequency by changing the F., sample frequency at which they are sent to 
aDAC. 

• DAC output must be smoothed to remove high frequency distortion. 

• DAC output may need to be level shifted to match the WD input range. 

• DAC output signals require an anti-aliasing filter. 

• DAC output may require a notch filter to attenuate the fundamental so noise and har­
monics can be amplified without overdriving the WD. 

• Iterative calculations may be required to find a set of WD coherent sample parame­
ters that meet the restrictions of the WD and match the fundamental frequency . 

• Samples taken with the WO may require compensation for conditioning . 

• Synchronization of DAC input codes and WD samples is required. 
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Objectives 

This chapter explains the following: 

• An example data sheet containing dynamic ADC specifications 

• A general test system configuration for ADC dynamic paramatar tasting 

• Conditioning and filtering of ADC input 

• How to use the ADC under test as a waveform sampler 
• The relationship between the number of bits of an ADC and the best case SNR 

• The principles of normal sampling and undersampling 

• Tesler waveform generator requirements 

• Various test techniques available 

• Why ADC tgsting rgquirns adjustm,mts to the test system for each device 
• Benefits of using a track and hold on an ADC 

• Why ADC input buffer circuits are used to prevent dynamic impedance problems 

• How to take a coherent sample set with the ADC under test 

• How to take a coherent sample set using undersampling 

• The origin and derivation of effective number of bit~ (ENOB) 
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Terms and Definitions used in this Chapter 

Acquisition Time 

Alias 

Anti-aliasing Filter 

Aperture Time 

Conversion Time 

Intermodulation Distortion (IM) 

Root Sum Squared (RSS) 

Histogram 

Spurious Free Dynamic Range (SFDR) 

NOTES: 

The time required by a track i:lnd hold circuit 
to acquire an input signal being sampled 
(circuit switches from "hold" to "track" mode) 

A false signal that is cmated as a function of 
sampling and DSP computations 

A circuit element used to remove alias fre­
quencies 

The time required by a track and hold eircuit 
to latch an analog input voltage value (cir­
cuit switches from "track" to "hold" mode) 

The time required for an ADC to convert an 
analog input voltage sample to its corre­
sponding digital value. 

Error signals equal to the sum and differ­
ence of two pure sine wave signals, which 
are applied to a nonlinear device 

A mathematical value equal to the square 
root of the sum of the squares of a 
sequence of values. It differs from the Root 
Mean Square because the mean of the val­
ues is not taken 

A statistical method used to test ADC 
devices for linearity and test for spurious 
codes 

The noise free area between the RMS volt­
age value of a fundamental frequency and 
the highest peak of any other frequency 
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Signal to Noise Ratio (SNR) 

Signal to Noise and Distortion 
(SNDR or SINAD) 

Total Harmonic Distortion (THD) 

Track and Hold 

Undersampling 

NOTES: 

The ratio of the energy in the fundamental 
frequency compared to the sum of all 
energy contained in all noise frequencies; 
does not include harmonic frequencies 

The ratio of the energy in the fundamental 
frequency compared to the sum of all 
energy contained in all other frequencies 

The ratio of the energy in the fundamental 
frequency compared to the sum of all 
energy contained in all harmonic frequen­
cies; does not include noise frequencies 

A circuit used to "trap" voltages from an AC 
signal for more accurate conversion by an 
ADC 

A methodology used lo capture signals with 
frequencies higher than that the Nyquist 
limit of the sampling instrument 
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ADC Dynamic Specifications 

An Analog-to-Digital Converter is a circuit that converts an analog signal into a sgqw:mcg of 
digital numbers; the digital values represent points on the analog signal at the instant the 
conversions are made. The most fundamental ADC is a comparator-it is a 1 -bit ADC which 
determines whether or not an analog signal is above or below a given reference value. By 
using additional comparators, gach having a reference voltage 1 LSB greater than the previ­
ous one, a ~ash converter can be created. Each comparator outputs a "1" if ths input voltagg 
is above its v,.1, and a "O" if it is below V,01 • The comparator outputs are then decoded to give 
a straight or 2's complement binary output as shown in Figure 8.1. 

NOTES: 

8-4 

Input 
Voltage 

Vref 

Comparators 

Binary 
Output 

Figure 8.1: Two-bit Fluh ADC. Bl&ek di1gr1m chewing compara­
tors and decode logic. 
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Dynamic specifications for an ADC describe how well the ADC can capture a dynamic signal 
of either a specific frequency or multiple frequency components. In the example of a flash 
converter, a sinusoid may be captured with the ADC under test, with the sine wave having a 
frequency at or near the Nyquist rate of the DUT. The degree of accuracy of the captured 
points as digital data determines the degree to which the device meets its dynamic specifica­
tions. The parameters we will discuss are: 

• Signal to noise ratio (SNR) 

• Total harmonic distortion (THD) 

• Signal to noise and distortion ratio (SNDR or SINAD) 

• Intermodulation distortion (IM) 

• Dynamic range and ~puriou~ free dynamic range (SFDR) 

Signal-to-Noise Ratio (SNR) 

SNR is the ratio of the fundamental to the combined noise distortion in the spectrum being 
analyzed. This value is calculated by dividing the fundamental by the s(luare root of thg 
squared sums of all frequency components at all frequencies other than the fundamental 
and its harmonies. !=irst, s(luare the RMS valug of all signals in all bins that contain noise fr@• 
quencies. Noise bins include all bins in the spectrum of interest except for the fundamental 
(bin M) and all bins containing harmonics of the fundamental. Then take the square root of 

~ the sum of all the squared values. Divide the fundamental value by the value in the denomi­
nator. Convert to dB using Equation (8.1 ). 

~ SNR is conceptually the same parameter as that for an operational amplifier, and is ana­
lyzed by presenting a pure sine wave as the analog input signal and digitizing it with the 
ADC. 

SNR = 20/og 
MagnitudeRMS[BinM] 

(8,1) 
N/2 

? 

(MagnitudeRMsf, Bin 1' kM, k=l,2,3 ... 

Bin= I 

NOTES: 
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Total Harmonic Distortion (THO) 

THD is the ratio of the fundamental to all harmonic distortion in the spectrum being ana­
lyzed. Harmonic frequencies are all frequencies that are integer multiples of the fundamen­
tal. 
This value is calculated by dividing the square root of the squared sums of all frequency 
components that are harmonics of the fundamental by the fundamental. First, square the 
RMS value of all signals in all bins that contain harmonics. Harmonic bins include all bins in 
the spectrum of interest that are integer multiples of the fundamental (bin M). Then take the 
square root of the sum of all the squared values. Divide this value by the fundamental value 
in the denominator. Convert to dB using Equation (8.2). 

While conceptually the same parameter as THO for an operational amplifier. measurement 
of THD is somewhat different for an ADC. Both are analyzed by presenting a pure sine wave 
on the input and measuring the quality of the output signal. However, instead of a sine wave, 
an ADC output consists of a set of binary values that are a representation of the input signal. 
Th@ output binary values that represent the input signal are evaluated and oompared with 
the characteristics of an ideal sine wave. A DSP algorithm does the work of extracting THD 
information. This parameter is specified in dB, 

THD = 20/og 

N/2 

j L (MagnitudeRMs/, k= 2, 3, 4 ... 

IJ1'n = kM 

MagnitudeRMS[BinMJ 
(8.2) 

NOTES: 
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Signal-to-Noise and Distortion Ratio (SNDR or SINAD) 

SNDR is the ratio of the fundamental to all oombined noise and distortion in the spectrum of 
interest. This ratio is calculated by dividing the fundamental by the square root of the 
sciuared sums of all frequency components at all frequencies other th,rn the fund,1.mental. 
First, square the RMS value of all signals in all bins except the fundamental (bin M). Then 
take the square root of the sum of all the squared values. Divide the fundamental value by 
the value in the denominator. Equation (8.3) performs all the above steps and converts the 
result to dB. 

SINAD = 20/og 
Magnitude RMS[J}inMJ 

(8.3) 
N/2 

L (MagnitudeRMsl, Bin 1' M 

NOTES: 
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Intermodulation Distortion (IM) 

IM is a test for non-harmonic product terms that appear in the output signal of a device, 
which are created by the undesired modulation of two or more input signal frequencies. This 
modulation is the result of non-linear characteristics within the dgvice undgr tgst and is 
called heterodyning. An IM test can be performed in many different ways. One common 
method is to use a single input signal that is the combination of two summed sinusoids and 
then measure the amount of the resulting frequency components caused by heterodyning in 
the appropriate frequency bins. 

0 

F1 
·20 

> -40~ F2-F1 
"' .. 
-i •60 :I 

' "' ·80· 

·100 

--·120· 
0.0 71.4 142.9 214.3 285.7 357.1 428.6 500.0 571.4 642.9 714.3 

Figure 8.2: Intermodulation Distortion. Caused by OUT nonlinearities, intermodulation products 
show up at sum and difference frequencies of the input tones. 

NOTES: 
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Dynamic Range and Spurious Free Dynamic Range (SFDR) 

Dynamic range is defined as the ratio (usually in dB) of tha maximum signal si2e to the min­
imum signal size; for an ideal ADC it is 201og(2b;,s - 1 ). Spurious Free Dynamic Range is the 
ratio of the primary signal (earriar or fundamental) to the largest spur (any fmquency poak 
that is not the fundamental); the spur could be any frequency including a harmonic. 

> 
Iii 

i 
I 
C 

0 

-20 
Fundamental 

Spur 

-40, 
·~ 

-60, 

-80 , 

-100 

-120 
0,0 12,2 24.4 36,6 48,8 61.0 73,2 85,4 97,6 109,8 122,0 

Figure 8.3: Spurious Free Dynamic Range. SFDR is defined as the ratio between 
the magnitude of the test frequency and the next largest "spur", or unwantcll 
tone, in decibels. 

To determine the spurious free dynamic range (SFDR), perform a signal to noise and distor­
tion test at a high input frequency. Then locate the bin which contains the maximum distor­
tion component and compare it to the fundamental. 

NOTES: 

(',!( Vjv-.GIIMC 
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Test System Configuration for ADC Dynamic Parameter Tests 

The WG and DSP components of a mixed signal test system are key elements in testing 
dynamic parameters as shown in Figure 8.4. The basic approach to testing SNR, THD, etc. 
is to create as pure a sinusoidal wave as possible, then analyze it to see how pure it re,1.lly 
is. Requirements on the digital subsection of a test system are more stringent for testing 
dynamic parameters versus static. Coherent sampling requires synchronized digital and 
analog subsystems. 

I Clock and Timing Synchronization I 
------------- --- -
I 
I 

-- - •------, r- - -I - v..•'k:s: High 
I -"<"--

Accuracy 
I I Source 
I I I , ,, 

Logic Levels, I I I 
1/0 Control, I I 

etc. I Analog Waveform 
I ADC ~ Pin Gef,erator 

u 
' Under Vin ~= Malfll:· ~ (WG) 
/ 

"" ·. 
~ Test 

~ ,, , ,, --- ftT jl 111111 
Pin RD,CS, Digul I "-, , . .-7 Analog 

Digital Electronics 
~Convert, Outputs I High Subsystem 

Vector ~ I etc. 11111111 I 

SIOl'll!IA (Drivers, r I Ac:cur~·•• .... Receivers, I Measure 
Memory PMU, etc.) 

·, I Unit _ 
I I 
I I Capture 

Digital I I - Samples 

Subsystem I I 
Waveform .... 

-------- Data Dlglt,,t --------------' _7_ Storage ~ 

I (Capture)• Signal • .. Proceasor I Memory (DSP} I 

L-----------------1 
Figure 8.4: ADC Dynamic Parameters Tests System Block Diagram. The ATE system may have 
either a dedicated digital capture instrument, or capture can be done through the standard Pin 
Eleelrcnie1. 

NOTES: 
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Example ADC Data Sheet 

From the example data sheet shown below we can see which ones are considered 
"dynamic" and learn how to measure them on a mixed signal ATE system. The data sheet 
has dynaMic ~arameters similar to a DAC-SNR, THO, SINAD, IM and input mngG. 
Whether the digitized data from a waveform is from a test system WD or from an ADC under 
test, the calculation of dynamic parameters is the same. Thus the discussions about calcu­
lating SNR. THO, etc. are just as valid for ADC testing as for DAG testing. 

\i.1r1
11\\l!i'.1l\!\1\\1l\li\\~:·::.: .. ··• .. , "\ : ',',, ., . 

·:- ' 
.. 

··. Conditions l\tin •·• ••.•. 'l(yp ... 
Max UJdtii! , 

OUTPUT 

Resolution 14 Bits 
Output format straight binary 

STATIC 

Offset error Output code = 0x0 0.8 %FSR 

Gain error Output code = 0x3FFF 2.0 %FSR 

Differerttial rtonlinearity no missing codes to 14 bits ~I LSB 
Integral nonlinearity ±½ LSB 

Input range 0 to +4V V 

DYNAMIC 
SNR f,. = I OOOHz sinusoid 76 80 86 dB 

THD f,. = 1 OOOHz sinusoid -78 -70 dB 

IM f;. = lOOOHz + 3100Hz tone -72 dB 

AC 

tacquisition After Busy signal goes inactive 200 500 nsec 

taperture After Start Convert signal goes 
active 

10 20 nsec 

Conversion time 25 µsec 

Table 8. 1: Example ADC Specification. 

NOTES: 

The Fundamentals of Mixed Signal Testing 8-11 



~ L Analog to Digital Converter Dynamic Parameters 

Parameter Measurement Requirements 

Measuring dynamic parameters requires coordination of a number of test system and OUT 
elements. Once everything is set up properly, one set of sample points will provide the data 
for all dynamic parameter calculations. The following ta.bl@ shows th@ m@gsur@m@nt r@quir@• 
ments for SINAD, SNR, THD and IM. SINAD is not in the specifications in Table 8.1, but is 
included here to help understand SNR and THD. 

SINAD,SNR, 
THD 

IM 

I. Zero scale 

2. Full scale 

3. A set of sample points of 
ADC output 

4. DSP frequency analysis 

I. Zero &cale 
2. Full scale 

3. A set of sample points of 
ADC output 

4. DSP frequency analysis 

• Analog sine wave input 

• F, 

• Fs 
• M 
• N 

• Tone that is sum of 2 sine waves 
for analog input 

• F, 

• M 

• N 

Table 8.2: Measurement Requirements for Dynamic Parameter Testing. 

NOTES: 
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Items and Steps Required to Dynamically Test an ADC 

Many different software, algorithmic and hardware items are needed to perform dynamic 
tests on ADCs; fortunately, not as many as are required for testing DACs. 

The following items will be discussed in this chapter: 

1. A coherent sine wave must be generated by the AWG to be used as DUT input. 

2. A smoothing filter may be needed to create an input sine wave that is pure enough. 

3. An anti-alias filler may be required at the ADC input (it may be same filter as the 
smoothing filter). 

4. The ADC input signal must cover as much of the DUT full scale range as possible. 

5. A level shifter may be needed so the input signal fits within the ADC input range. 

When everything is properly set to test the ADC, the steps required to perform dynamic tests 
are as follows: 

1. 

2. 

3. 

4. 

5. 

6. 

Make a continuous input signal with the tester for the ADC to convert. 

Coherently collect a set of samples with the ADC. 
Send the collected set of time samples to the DSP to perform DFT/FFT analysis. 

If necessary, convert rectangular frequency results to polar (magnitude and phase) 
results. 
Analyze the frequency bins of interest using equations or tester algorithms for SINAD, 
SNR, THO and compare to the specification. 

Make a pass/fail decision based on the results. 

NOTES: 
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Creating an ADC Input Signal 

ADC dynamic parameter measurement is similar to testing a DAC; in both cases a sinusoi• 
dal signal is captured. The difference is that, when testing a DAC, the test system digitizer is 
used to capture a sinusoidal waveform; and when testing an ADC, th@ OUT is used to cap­
ture the waveform. Also, when testing an ADC, the sinusoidal analog input waveform is cre­
ated by the test system. 

To obtain the best test results, there are several requirements which must be met when cre­
ating the input sinusoid for an ADC test: 

• The input signal amplitude must be as large as possible, preferably extending from 
zero scale to full scale. Otherwise the best test results are not realized. 

• Th@ input signal DC l@v@I must be offset by the same amount as the OUT offset. 

• The input signal maximum amplitude must not exceed either zero or full scale. 

• The input signal must have noise and distortion levels well below the distortion to be 
measured from the DUT (at least 10 times less). 

• The input signal frequency must be coherently timed with the sample frequency, 
adjusting for zero and full scale. 

If the input signal goes beyond the zero or full scale values of the ADCs input, the output 
codes remain at their minimum or maximum and are no longer related to the input signal. 
Even if the input signal's amplitude is less than the DUT's full scale range, the DC offset of 
the signal must be matched to that of the DUT to keep the sinusoid in the linear range of the 
ADC under test. When this problem occurs, the input signal is clipped. 

NOTES: 
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Input Signal Clipping 

Figure 8.5 illustrates the clipping problem with two different sine waves. One has an ampli• 
tude that is too large and exceeds the ADC's minimum and maximum input levels. The other 
has a smaller amplitude but has a maximum signal point which still exceeds the ADC input 
maximum level because of the input's DC offset. The effect of symmetrical clipping causes 
odd harmonics and the effect of clipping only one side creates even harmonics. It can be 
seen that careful adjustments of the input signal is very important! 

amplitude 

• 

ADC 
Input 

Signal 

I 
I 
I 

ADC 
output 

all ones 

ADC 
output 

all zeroes 

ADC 
output 

all ones 

ADC 
output 

all zeroes 

' 'l' { f,A<A"'(' 

f 

, re, 1
l 'i.:/ 

~----------------------------------------► time I 

Figure 8.5: ADC Input Signal Clipping. Care must be taken when driving the ADC input that 
the signal is not too big (clipping), off-center, or too amall. 

NOTES: 
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Input Signal Purity Filtering 

In general, creating a clean sinusoid requires a very good signal generator, and either a high 
Q analog band-pass filter or an analog low-pass filter to remove everything from the signal 
exee~t the ~ure fundamental sine wave. To tm::t ADC dynamic parameten; such as SNR and 
THO, remember that the test system must be ten times better than the device being tested. 
See Ground Issues on page 9-5. Table 8.3 lists the best possible signal to noise ratios of 
various ADCs as determined by each device's resolution. This is based on the quantization 
noise as discussed in Chapter 6 on page 6-22 . 

. . Bits .. SNR(dB) 

8 50 

10 62 

12 74 

14 86 

16 98 

18 110 
20 122 

22 134 

Table a.!!: Ouantization Noi~& at V111rit>u1 ADC RHt>luti&l'l!I. 

The OUT input sinusoid must be better than these figures, with a rule of thumb of at least 
1 OdB better. 

To purify the input sinusoid, a low pass or band pass filter is used to remove any undesirable 
frequency and noise from the signal, as shown in Figure 8.4 on page 8-10. Compare this 
diagram to the one for conditioning a DAG output for a digitizer as shown in Figure 7.5 on 
page 7-22. 

NOTES: 
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Input Signal Anti-Aliasing 

The Nyquist requirement for sampling requires a sample rate of more than two times the 
highest frequency component of interest. Viewed from the other direction, this can be stated 
that the input signal must contain no frequency components high@r than 1/2 th@ sampl@ rate. 
To remove frequency components above ½ the sample frequency F,, a low pass filter called 
an anti-aliasing filter is used. 

Filter for 
purifying and 
antl-aliasina 

ADC 
under 
test 

ADC Output Data to 
Tester Capture RAM 

Figure 8.6: Signal Conditioning for ADC Input. The input needs filtering - a 
low-pass anti-alias filter, and a band-pass purifying filter. 

Fortunately the purifying filter also performs the anti-aliasing function and often the single fil­
ter is sufficient for both purposes. This is indicated in Figure 8.6, which shows a single block 
for the purifying and anti-aliasing filter. 

As discussed previously, a filtar raquiras timo for its output to settle after its input chang@s. 
To prevent a test program from waiting for the filter to settle for each DUT, often the tester 
waveform generator is set to run continuously and remains connected to the purifying filter. 
The DUT input signal is connected and disconnected with a relay or analog switch while a 
new DUT is inserted. If input signals of different frequencies are required, the fastest way to 
test is to have several waveform generators and several different filters. Use relays or high 
quality analog switches to connect different signals to the ADC under test, Use a low imped­
ance buffer to drive the ADC input. 

NOTES: 
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Dynamic Impedance Problems 

If the ADC under test has a low input impedance and the signal source has a high output 
impedance, impedance matching will be required to prevent signal distortion. Figure Figure 
8.7 shows examples of buffering circuits thgt might b@ plac@d on th@ load board. 

Vin 

NOTES: 

8-18 

accuracy 

Ccomp 

low output 
impedance 

Using Integrated Buffer 

Vin 

•Vee 

Using Discrete Buffer 
Figure 8.7: High Speed Dynamic Buffers. Example load board circuits. 
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Capturing Digital Output Data 

Figure 8.8 is a duplicate of Figure 5. 7 on page 5-19 where discussion of the digital interface 
was first discussed. The method for capturing output data from a specific device type 
depends heavily on the output data format of th@ OUT. Th@ important concept to understand 
regarding output data is that a set of digital codes must be stored, which are numbers repre­
senting samples of the analog input signal. These numbers are stored in the waveform stor­
age memory, also referred to as Capture RAM. 

NOTES: 

TOI 
I 

Start Convert :'7
1

1 
(OUT input) : U 

I 

TOI 
I 

I 

(Ot~~~~~ri u=---?- - - :i .. ___ __. __ 
Data Valid n: I 

(OUT output) 
L.-----

Read 
(OUT input) 

ADC Data Out 

(OUT output) 

,___,I rT 
Microprocessor 
compatible ADCs 

Figure 8.8: ADC Digital Interface. The digital interface consists of a clock, the output 
data, and a conversion strobe at the very least. Other control pins may be present. 
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Acquiring and Holding the Input Signal 

Many ADC architectures require that the input signal be constant while calculating the digital 
output code which represents that input. This puts some interesting constraints on the input, 
depending on the devic@ b@ing t@st@d, and oft@n r@quir@s a track-and-hold Gircuit at thfl ADC 
input. To illustrate this, we will first consider an ADC without a track-and-hold. 

amplitude 
I 

Sine 
Wave 

I 
I 
I 

Maximum slope occurs at time ~ 0, "· 21t ... n1t 

Figure 8.9: Sine Wave Rate of Change. The slope of a sine is steepest at its zero crossings. 

An ADC with no Track-and-Hold 

An example 12-bit ADC has a 25µs conversion time and no internal track-and-hold. This 
results in an aperture time of 25µs. The input must not move more than 1 LSB while it is con­
verting or the conversion will be performed on two or more different input values, causing 
the output result to be incorrect. 

What is the maximum sine wave frequency that will yield a valid ADC output? This topic was 
addressed previously in Chapter 6 on page 6-23 under the topic of slew rate error. 

NOTES: 
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First, the maximum rate of change of a sine wave must be determined. The equation for a 
sine wave is y = Vmax • sin(wt); the maximum rate of chan9e is 9iven by its derivative with 

respect to time as shown in Equation (8.1 ). 

t!ld = vmaxwcos(Wt)I 
t max 

(11.1} 

The absolute value of the cosine is one when wt= 0, n, 2n, 3n etc., resulting in the maximum 
rate of change of the sine wave at those times (the sine wave in Fi9ure 8.6 illustrates where 
the maximum slope occurs by inspection). 

The equation for maximum slope becomes: 

(8.2) 

Next, calculate an ideal LSB size, given that the device FSA = 20V. 

LSB = FSR = ..12._ = 4.88mV iiH 4096 
(8.3) 

The conversion time of 25µs imposes the condition that the input signal can change no more 
than 1 LSB per 25µs. This means that there is a maximum rate of change of 4.88mV / 25µs, 
which is 195.2V/s@cond. 

We can now find the frequency of a V""" = 2ov,k-pk sine wave which has 195.2V/second as its 
maximum slope. Set Equation (8.2) to 195.2 volts and solve for f, which yields: 

f = 195.2V = J.JHz 
21t x JOV 

(8.4) 

Thus, the maximum input frequency is 3.1 Hz! Without a track-and-hold circuit, this ADC can 
only convert signals that change very slowly_ 

NOTES: 
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Adding a Track-and-Hold 

Putting a track-and-hold in front of an ADC keeps the input signal being presented to tho 
ADC constant while converting. Thus the highest frequency that can be sampled is limited 
only by tho dynamic cha.r§lcteri~tics ~f the tr~ck ~nd _hold_ circuitry. 

NOTES: 

8-22 

Aperture time-'◄ 
I I 

!+-Acquisition Time 
I 

(y ax.is is offset so 
both waves ,;;an 

_ _ ___________ be cl earl~ seenl,_ __ 

I I 
I I I 

_ ____ 11 _______ 1 ___ 1 _ 

11 I I 
I I 
I I I 

+- Tracking.+! 1+-Holding....i 

Start 
Convert 

Busy 

I I I 

I I I 

1 1 I 

___ .. 
d 

_ .:Next conversion can 
be started here 

Figure 8.10: Track-and-Hold a Sine Wave. The track-and-hold function has three 
time aspects • the aperture time when the circuit enters hold mode, the conversion 
time when the ADC is making its conversion, and the acquisition time, when the cir­
i;uit re-enters trai.k mode, 
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' -',-re., _ _,..._.,.·,:v,(.s;:.,.._,L ; ,_-,_.Se_ 
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Two important characteristics of a track-and-hold circuit, which must be considered when 
sampling a signal, are acquisition time and aperture time. They are both illustrated in Figure 
8.1 O on page 8-22. 

Aperture time is the time required for the track-and-hold to QO into "holQ m9c;tEf and stabilize 
its output. We are including hold mode settling time in the total aperture time; it may have a 
separate item in some device specifications. The start of conversion must wait until after the 
aperture time; if the track-and-hold is built into the ADC, the delay is built into the conversion 
start circuitry and you need not be concerned with it. If you put a track-and-hold on a load 
board, you will need a digital signal to switch into hold mode, then a separate Start Convert 
signal which occurs after the aperture time delay, 

Input range 

tacquisition 

taperture 

,,., "':" 

After Busy signal goes 
inactivt 

After Start Convert signal 
goes active 

. Min 

0 to +4V 

200 

10 

Table 8.4: Track-and-Hold Parameters. 

V 

500 nsec 

20 nsec 

The acquisition time is the time it takes the track-and-hold to change back to track mode 
then "catch up" with the input signal. Suppose, for example, the input is at full scale when 
the track-and-hold goes into hold mode. Then while the ADC is Busy, the input goes to zero 
scale. After conversion is complete, the track-and-hold output must slew from full scale to 
zero scale to start tracking the ini;1ut again. Acquisition time is the time required to do this. To 
ensure accurate conversion, the Start Convert signal must wait until the track-and-hold has 
reacquired the input signal. Thus the acquisition time decreases the maximum sample rate 
of the DUT. 

NOTES: 

The Fundamentals of Mixed Signal Testing 8-23 



- Analog to Digital Converter Dynamic Parameters 

L 
Sampling with the ADC Under Test 

Coherently sampling one cycle of F, will produce the most information about an analog 
waveform in the least amount of time. The coherence equation in shown Equation (8.5) is 
used to establish the number of samples. 

Fs F, - = 
N M 

(8.5) 

The dynamic parameter specifications from Table 8.1 on page 8-11, are duplicated in Table 
8.5 below for convenience. 

Parameter Conditions Min Typ Max Units 
SNR .f,, = I OOOHz sinusoid 76 80 86 dB 

THD J,,, = I OOOHz sinusoid -78 -70 dB 

IM fn = I OOOHz + 31 OOHz tone -7?. dB 

Table 8.!i'. Dynamic Parameters for Example ADC 

F, is specified in Table 8.5 to be 1 KHz. It is limited to a maximum sample rate of 39, 185Hz or 
1/(25.52µs). Substituting, F,= 1 KHz, M = 1 and F, = 1/(25.52µs). 

(8.6) 

This yields a value for N of 39.18495, which is neither an integer nor a power of two. Rather 
than setting M =1, set N =1024 and solve for M. The maximum sample frequency of 
39, 185Hz has been established; any lower sample frequency can be used. Choosing a sam­
ple frequency of 20,480 will produce an F, IN ratio of 20. Substituting this ratio into the 
coherence equation, with F, = 1000 gives M = 50, which is an even value for M; this means 
that two sets of duplicate points will be created. It is just as valid to use N = 512 and M = 25, 
which cuts sampling time in half. 

NOTES: 
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Undersampling 

Undersampling allows an ADC input to be driv1:m at its maximum input frequency to test the 
bandwidth of its analog input circuitry. Even though the samples are taken at a relatively 
slow frequ@ncy, th@ input of th@ ADC must be able to accurately follow the input 5ignal in 
order to get a clean spectrum from the digital output data. 

:+..!.--t-
1 Fs 1 
1+ 1 Fs' 
I Ft 
I 
I 
I 
I 

I 
I 
I 
I 

I 
I 
I 

I 
I 

..&. sample points, just less than 1 per test signal period 

\ J 

- L -
time --+ 

/ 

Figure 8.11: Undersampling. Sometimes known as "equivalent time sampling", 
undersampling is a technique for converting points on a fast waveform by sampling 
equivalent points at different times. 

The definition of undersaM~ling as used in automatie testing and in digiti2ing ogcillogcopgs, 
means to take one or fewer samples per test signal period, moving the sample point in time 
by an amount of 1/F,' within the period, where F: is the effective sample frequency. This ' 
allows the sampling of a periodic high frequency signal with an ADC having a much lower 
maximum sample frequency. This is understood more easily by looking at Figure 8.9. 

Given a test frequency F,, the test si9nal period is JIF, and the true sample period is JIF,. 
Assume an effective sample rate of F, '; this is the resultant sample rate if all samples are 
considered taken during a single cycle. If the true sample period JIF, is chosen as klF, + J IF,' 
as seen in Figure 8.11, the true sample period is then given by: 

I I k - - -+- (8.7) 
F, - F: F 1 

where k is the number of test cycles skipped between samples (Figure 8.11 has k=l). 

NOTES: 
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Solving for F, yields a true sample rate given by: 

F;F, 
Fs = F kF' It s 

and for F,' the effective sample rate given by 

, FsF, 
Fs = F -kF 

I S 

To determine the sample period for undersampling, follow these steps: 

1. Choose a sample period based on the test signal frnqwrncy using the standard 
coherency formula (Equation (8.5) on page 8-24). 

(8.8) 

(8.9) 

2. If F., is beyond the capabilities of the ADC, use Equation (8.9) with k = I to calculate a 
new "undersampling rate". If F., is still beyond the capabilities of the ADC, choose a 
new (Integer) value of k and recalculate. 

On page page 8-25, k is defined as the number of test signal periods which occur per sam­
ple taken. If undersampling occurs at the rate of one period per sample, k = I; if sampled at 
two periods per sample (or one sample per 2 periods), then k = 2. Figure 8.12 provides a 
graphical view of two different sample rates. 

NOTES: 

8-26 

\ 

\ 

A sample points, k = 1 

A sample points, k = 2 

/ 
/ 

Figure 8.12: Undersampling with Different Values of k. 

f',, . l ,1 ! 1 
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Reconstructed Sample Set 

Recall that a set of samples of a signal contains no frequency information. Undersampling 
uses that fact to our advantage. Since the sampled waveform is periodic, each period looks 
sxactly ths same, so it do@s not matt@r from which period a sample is taken. a5 long a5 the 
data points are in the correct order to create a valid spectrum. Also, keep in mind that in the 
test environment, each cycle is identical in all respects. What appears to be a sequence of 
sine waves in Figure 8.11 on page 8-25 and Figure 8.12 is really the same waveform 
repeated many times; therefore, the amplitude and frequency of each cycle is identical to all 
others. Knowing this, a sample may be taken at a different point in each cycle yet still be 
reconstruct@d as a single cycle. 

Other Undersampling Techniques 

Other ways to perform undersampling are the "beat frequency" and "envelope" methods. 1 

These are simple to set up for sampling, but the data points will be out of order for the enve­
lope method. 

The beat frequency method yields the same result as equation (8.9) on page 8-26 with k = 1 
but with an easier calculation ... simply set M = N + I. To skip multiple cycles between 5am­
ples, set M = kN + 1 with k = number of cycles to skip. 

The envelope method sets M = (NI 2) + J, taking a new sample every half cycle. The enve­
lope method causes the samples to be "shuffled" in time and requires unshuffling prior to 
performing an FFT. Many modern mixed signal testers have !his capability built in. 

Calculating SINAD, THD, SNR and IM 

Full scale and zero seale values have been measured; offset and gain errors have been cal­
culated. An input sine wave has been created at a frequency which is synchronous with the 
sample rate of the ADC under test. The DC offset and full scale amplitude of the analog 
input signal have been matched to the ADC zero and full scale. DUT output sample data 
have been captured and stored in an array. The only thing left to do is the calculations. 

NOTES: 
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Sine Histogram Testing 

Sine histogram tests are performed at or slightly above the maximum input frequency of the 
OUT. When the signal test frequency input to a flash ADC is near the OUT input bandwidth 
limit or near the DUT's internal comparator r@spons@ tim@, the DUT exhibits a phenomenon 
called sparkle codes or spurious codes. This is when the output of the flash ADC goes to 
either full scale or zero scale because its internal circuitry could not properly decode the 
sampled input value into a digital output. This is shown graphically in Figure 8.13; the output 
code goes to full scale rather than the expected point on the sine wave. 

NOTES: 

8-28 

A digital output code equivalent 

.. ~p!Jrious or s~rkle codes 

A where spurious codes should be 

.... 

time -----• 

Figure 8.13: Spurious Flash ADC Output. Also known 11s &Pllrking, or :iPllrkle 
codes, these glitches are most often found with flash ADC architectures. 
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The count distribution versus output code is shaped like a "bathtub curve" as seen in Figure . 

Output 
Code 
Count 

O Output Code 16383 

l!igure 8.14: Sin6 l-li&t&grAM. A &i"e hietegrnm t111t i11 good gt find, 
ing devices with sparkle codes, and other speed-related defects. 

Analysis of a sine wave histogram is more complicated than a ramp histogram analysis due 
to the shape of the distribution. Statistically, the slow moving points on a sine wave have 
more counts and the fast moving points have fewer counts. The code count for the fast mov­
ing portion of the input sine wave is less than the average code count: there must be enough 
sample points taken to get a sufficient count of th~ fast moving eodas2. 

This requires a longer test time to allow enough input cycles for all output codes to be sam­
pled multiple times. When testing at or close to the rated speed of the device and only a 
small number of sine wave cycles are used for testing, not all device codes are tested; how­
ever under the same conditions, all codes will be tested when the number of input sine wave 
samples is greater than or equal to a value of 3(2°;15

). 

NOTES: 
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The ADC input sine wave from the waveform generator has fixed offset and amplitude, but 
each ADC under test has a unique zero and full scale value. Therefore, the output code dis­
tribution must be separately calculated for each DUT. This can be done by using the DUT's 
full scale range and its offset in a software loop to calculate the points on an ideal sine wave. 
DNL error is then calculated by subtracting the ideal values from the actual poinls laken by 
the ADC. 

-+---------------=---------- FSDUT2 --+_.Jo---------~:._~--------- FSouT1 

Fixed 
amplitude 1 

ADC Input 
Signal 

--► 

time 

Figure 8.15: Sine Histogram Scaling to DUT. In order to obtain a valid histogram, all codes 
should be reached. This means overdriving the input as was done for the static ramp his­

togrAM te&t. 

To learn more about this subject, obtain Reference 1 listed at the end of this chapter. 

NOTES: 
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Effective Number Of Bits (ENOB) 

An INL representation to consider is that of Effective Number Of Bits, or ENOB, which is a 
way of relating a SNR measurement to a dynamic equivalent of integral linearity. ENOB is 
based on the inherent quantization error of an ADC, which is random. The final re:mlt of the 
ENOB/SNR relation is a very simple equation, but the origin of the constants and derivation 
of the equation is not at all obvious. 

NOTES: 

Analog 
Vin ADC 

Perfect digital 
representation 
of analog input 

Random quantization 
error for each 
ADC output 

I 

---------~--------
-1/2 
LSB 

+1/2 
LSB 

Ai;tual ADC 
Digital Output 

Figure 8.16: ADC Quantization Error and Probability Density Function. The ADC 
input is modeled as the true output plus a random quantization error component; 

th@ random error Q is bounded by :t¼LSa, 
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The concept begins with the question of "Given that an ADC has a known quantization error 
of Q based on its resolution, what is the best SNR that an ADC can achieve?" To model the 
quantization error, separate the ADC output into a perfect result and an error result as 
shown in Figure 8.16. The following assumptions will become more valid as the input signal 
becomes more "heuristic"3• 

• The error signal is random 

• The error signal is uncorrelated with the perfect representation signal (this requires 
that, for a sine wave input, the sample set be the equivalent of a set taken from a sin­
gle cycle, or from a single UTP, as the error will repeat in multiple sine wave cycles) 

• The error is distributed statistically such that it is equivalent to "white noise" 

• The error is distributed equally over the range of possible quantization errors 

The last assumption, which makes the analysis easier, assumes a uniform probability den­
sity of 1 for errors which range from -½LSB to +½LSB. 

Graphically, this is shown in Figure 8.16, which indicates that the probability that any error 
will be between -%LSB and + v~LSB is 100'% and is constant between those two points. No 
errors can occur outside the -½LSB to +½LSB limits as that moves the error into the range 
of a different ADC output code. 

It can be seen that the average error is OLSB, halfway between the 2 extremes. Just like the 
average value of a sine wave, we cannot get any useful information by averaging the noise. 
However, we can use the RMS concept to get useful information about the noise. The noise, 
in this case, is represented by the probability density function in l"'igure S.1 S and its RMS 
value is given bY' Equation (8.13) for the uniform density distribution. This equation results 
from integration of the probability density function. The resulting "12" is a constant of integra­
tion resulting from the area under the constant probability density curve shown in Figure 
8.16 and is derived in Equation (8.10) through Equation (8.13).5 

Q/2 

82 = f (<x2). (~)}tx (8.10) 

-Q/2 

Q2 Q2 Q2 
= -+-= -

24 24 12 
(8.11) 

NOTES: 
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(8.12) 

Since Q - ±1 IZLSB -t I LSB, then 

. Jl LSB
2 

O= No1seMagnitud,= 12 (8.13) 

The quantity shown in Equation (8.13) is called the standard deviation in statistics, not the 
RMS value, but they are virtually the same thing. 

Defining 1 LSB in terms of the input signal peak value and the number of bits modifies Equa­
tion (8.13) to: 

b . 2 
( V 12 11

') max 

12 
(8.14) 

Because we are discussing RMS values, vm= for an AC waveform is 2 times v,,. With some 
rearranging Equation (8.14) becomes: 

Noise Magnitude= 
4( vpk)2 - vpk 

12. (2bits)2 (./3). 2hits 
(8.15) 

Recall that we began this venture in an attempt to calculate the best possible SNR of an 
ADC. The noise portion of the ratio is given by Equation (8.15). 

Now we need the magnitude for the maximum input signal to be able to determine the best 
signal to noise ratio. We must keep the units the same for signal and noise, so the maximum 
input signal is the RMS equivalent of V -• which, for a sine wave, is VP, divided by the square 
root of 2 shown in Equation (8.16). 

. - Vpk 
Signa/Magnitude - J2 (8.16) 

' NOTES: 
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Dividing the signal by the noise, shown in Equation (8.17), yields a ratio representative of 
the best possible signal to noise ratio. 

SNR = 

which can be simplified to: 

With some manipulation, this can be expressed in dB as: 

SNRdB = 20(/og J] + (bits x log2) - log ./2) 

Calculating the constants gives the final result for SNR in dB of: 

SNRdB = 6.02 x bits+ 1.76 

(8.17) 

(11,111) 

(8.19) 

(8.20) 

Solve thi~ t1~uation for bits and you ean get the equivalent number of bits which reprnsent a 
device SNR figure-

SNRdB-1.76 
ENOB "' 6_02 

(6,21) 

The conditions under which Equation (8.21) is valid are: 

• The ADC must have a linear transfer function (e.g. not a companding or log device). 

• The input signal's amplitude must span the ADC's full scale input range. 

• The input signal must be a sinusoid; if not, the formula Vp/(fi) cannot be used. 

NOTES: 
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Key Points of This Chapter 
• Zero and full scale measurements are important because the OUT input signal must 

cover the ADC full scale range 

• Input signals must be substantially more pure than expected distortion 
• The input test signal may require DC offset to match the ADC input range 

• The ADC input requires an anti-aliasing filter 

• If an ADC has no internal track and hold, one will need to be used at the ADC input 

• Circuitry external to the ADC can distort the analog input signal 

• ADC input impedance can distort the input signal that is driving the OUT input 

• Testing an ADC using coherent sampling provides the fastest test and the most use-
ful data 

• Undersampling is a way to sample a signal that is higher than the Nyquist frequency 

• Envelope undersampling requires sample points to be reshuffled 

• Onea a singla sampla sat is stored, SINAD, SNR, THO and IM can all be derived 

• ENOB is a statistical method of relating SNR to a device related INL component 
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The purpo$e of this laboratory is to provide questions to exercise dynamic parameter knowl­
edge, be able to solve real world problems related to the test system, the characteristics of 
the ADC under test, unexpected results, etc. Also, use of the software DSP laboratory tool 
will be expanded to cover dynamic parameter evaluation, generate and sample signals. Use 
of questions and interactive software laboratory exercises are used to demonstrate the con­
cepts of coherent sampling, Fourier analysis and dynamic parameter calculation 

Chapter 7 Questions 

Question 7.1: Given: The value in bin Mis 1VRMS: 

a) If the total RMS content in all noise bins is 2.5µv, what is the SNR? 

I ·. " . I : " 

b) If the total RMS content in all harmonic bins is 100µv, what is the THD? 

c) If the total RMS content in all bins except bin Mis 149.62µv, what is the 
SINAD? 

I 

Question 7.2: What is the number of the highest harmonic that can be measured without 

attenuation using the filter shown in Figure 7.5 on page 7-22? 
I . , 1 /. ·, 
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Question 7.3: When testing for intermodulation distortion (IM): 

Lab IV-2 

a) How many sample fre(luencies (F5 ) are reciuired for a single test? 

b) How many sample sets, which contain N samples, are required for a 
single test? 

c) Fs must be synchronized/quantized with which tester parameter? . ' 

d) What happens if tester timing and F5 are not synchronized? 

The Fundamentals of Mixed Signal Testing 
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Question 7.4: An intermodulation (IM) test specification requires the use of two input fre­
quencies of 140KHz (F11 ) and 520KHz (F,2); 1024 is chosen as the number 

of samples (N) and the tester resolution is 62.Sps. 

A) What is the minimum number of 140KHz cycles that can b@ us@d to 
coherently perform this IM test? _____________ _ 

b) What is the minimum number of 520KHz cycles that can be used lo 

coherently perform this IM test? --'--: _' .,__h-'------------

c) Using either of the two frequencies given, calculate the sample fre-
' quaney (F,). ' 

d) Is the period corresponding to this F., evenly divisible by the tester reso-
' . lution? _____ _ 

e) If the answer to (d) is yes, check your calculations; if no, then round 

your answer to the closest integer. What is that integer? 
1 '. 

f) Using the answer in (e), calculate a new Fs. ________ _ 

g) Using the answer in (f), calculate a new F, for 140KHz (F,1). 
\ . . 

h) Using the ratio of the two input frequencies, calculate a new F, for 
\ 1°/(i.r)J,1.f; '(o ~. 

520KHz (F,2)- -~----'------~-~:__.......:..../.:....' · _ _.... __ 

i) Explain how F, can be legitimately changed from what is specified on 
the data sheet to test a device. 
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A THO test is to be performed on a 12-bit DAC, whose output range is from -2.5 to +2.5 
volts. The THO specification for this device is -77dB; this value includes the integral sum of 
1 O harmonics. 

The test system that will be used for this test has a digitizer with the speoifiGations givfln in 
Table IV.1, shown below. 

... · . . . ,,,,-., . 

Parameter Min Max Units 

Resolution 14 Bits 

Sample rate range 100 1,000,000 Hz 

Sample rate resolution IO Hz 
Accuracy 0.1 %FSR 

Input voltage range 0 to +5 V 

Signal to noise and distortion 70 dB 

Total harmonic distortion -72 dB 

Table IV.1 

Question 7.5: a) What is the digitizer's FSR shown in Table IV.1? ______ _ 

b) What is the size in volts of the digitizer's LSB? _______ _ 

c) Will the DAG signal have to be level shifted? _______ _ 

The next task is to determine is if the digitizer's accuracy is sufficient to measure the speci­
fied THO of the device to be tested. This will require calculating the voltage resolution 
required to accurately measure the device's THD. By knowing that thg spgcifigd maximum 
THD dB level of the device is -77dB; and knowing that the distributed distortion is the inte­
gral sum of a specific number of harmonics, the sum of the device's distributed distortion 
can be calculated. 

Equation (7.22) for THD is repeated here for convenience; the dB value in the equation has 
been replaced with the device's maximum dB limit of -77dB. This will allow the value of the 
sum of the distributed distortion energy (Vd,.,) to be calculated. The distributed voltage distor­
tion, Vd;s,, represents the integral value of all harmonic energy in the specified spectrum. 

(7.22) 
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Question 7.6: a) In the THD formula in Equation 7.3 on page 7-7, what quantity belongs 
in the de,:iominator? 

Question 7.7: 

.A\-

b) In tquatlon (7.~~), what does the ~.5V represent?--'-----

c) In Equation (7.22), why is the 2.5V divided by the square root of two? 

d) What is the value of Vd,,,? 

If VJ;,, is composed of the sum of 1 O harmonics, what is the average har­

monic voltage?-------------'--------

Question 7.8: a) Can the digitizer described in Table IV.1 on page IV-4 be used to 
directly test this device for this amount of THD? 

b) Why? __ I_·.;._ _______ ~ _____ :..:..._ __ 

'I 

c) What is the solution to this problem? _________ _ 

Question 7.9: It is desired to attenuate the fundamental by 100 times. This amount of 

attenuation is how many dB? ______________ _ 
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Question 7.1 O: By attenuating the fundamental by 100, allows all other frequencies in the 

spectrum to be multiplied by 100. After this amplification, what is the new 
' voltage level of what was 79µ V? __ ._· "---'----'-· _____ ./_. _· _· 1_,~'_;c_ 

Question 7.11: a) What is the ratio of the distortion amplitude, calculated in Question 

7.10, to the LSB size of the digitizer, calculated in Question 7.5(b)? 
, . l 

b) Is this ratio sufficient to accurately perform the THO test?_'_,'. __ 

? 1 ,I' .. c) Why or why not. ____ .:..._ ___ __._:_ ________ _ 

Question 7.12: To be able to perform this test, the amplitude of the fundamental was 
reduced, and now it must be restored. How can this be accomplished? 

Question 7 .13: a) Is it practical to use a high pass filter to remove the fundamental instead 

of a notch filter? __________________ _ 

b) Why? __________ ·_-_' __ i_'-'_--_, .c.' _' _______ _ 
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- Question 8.1: Why is it necessary to adjust the input signal applied to each ADC, when 

they are all the same device type? 

-
Question 8.2: A 12-bit ADC has a full scale range of 20 volts, and a maximum conversion 

~ time of 25µs. , 
~O/ ,-

a) What is the size of the LSB for this device? ---+-,.-~' _· _,._ ___ _ 

b) What is the maxil'T)um possible sample frequency? _____ _ 

-f /t Py - ~~ 

Question 8.3: A converter has a specified 500ns maximum acquisition lime, a 20ns maxi-

'-' mum aperture time and a 25µs conversion time. What is its maximum con-

version rate? __________ _ 

Question 8.4: Given F, = 1000, M = 25 and N = 512: 

a) What is Fs? ------'· ._::.> __ t 
1
_w'--------------

b) What is the UTP? --~1-i 1-' -'~------------

c) What is the maximum harmonic that will be contained in the frequency 

data? 
, i • J I ·- ·'• 
'" ),Ii_ 1J..:.. I Vll '. 1 

i . 

d) What is tt,e frequency resolution of the FFT spectral data? __ _ 
~ - -.,/ - d(,!I, 
. - ·'~ ~ - '~ . --:.· 
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Lab Exercise 4.1 - Creating DAC inputs for a sine wave 

Lab goals 

• Sgt thg paramgtgn; mquimd to create the DAG digital input codes for a sine wave 

• Create and view the output wave of a DAC 

• View the input sample points creating the DAC output 

• Look at the effects of DAC resolution, sample count N and cycle count M 

Lab objectiveli 
• Understand how to create a sine wave for a DAC under test 

• Understand the effect of coherent sampling equation parameters on DAC Input codes 

• Recognize that the created sample points reflect the time characteristics of a sing 
wave 

• Recogniii:e the value of the sine hex table, which can be saved to be used in a tester 
to generate a waveform 

• Recognize that the output wave from a DAC is only as good as the input data 

This lab uses the algorithm described on page 7-19 in Chapter 7 to generate a set of digital 
input codes, which may then be used to test the DAC specified in Table 7.1 on page 7-13. 
The code will be used to generate a sine wave that matches the test conditions for the 
dynamic specifications, which am rgpgatgd here for convenience: 

SNR foul = I OOOHz sinusoid 68 70 dB 

THD four= IOOOHz sinusoid.fmax = 20KHz -79 -77 dB 

Table IV.2 

In this exercise you will make the set of points required to generate a sine wave to meet the 
conditions specified in Table IV.2. Note that the test conditions for both specifications 
require a 1 000Hz sinusoid as the output frequency. 

Open the DSP Lab software application and press the WG from Equation button. An oscillo­
scope graph exists to show DAC output sample points for a sine wave. No points are drawn 
until all entry boxes are filled. The DAC input code is shown on the right vertical axis; the 
equivalent output signal for the DAC, normalized to ±1 V, is shown on the left vertical axis. 
You see an entry box for Bits; the Sampler button allows entry of F,, Fs, N and M. 
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1. 

2. 

3. 

4. 

Open the Sampler and set it to Calculate F,. 
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Set Fs to the maximum DAG output update frequency of 5MHz based on a 200nsec 
settling time. 

Set N to 5000. 
Set M to 1 and press the computer keyboard tab key. 

Lab Question 4.1.1: What is the calculated value of F,? _________ _ 

Close the Sampler, enter 12 into the Bits box and press the computer keyboard tab key. 

Look at the x-axis (Sample Number). 

Lab Question 4.1.2: a) How many points are drawn for the single waveform cycle? 
' ' 

b) From the graph alone, can the time increment associated with 
,, ! . 

each sample point be determined?-----'·~-------

c) What determines the time increment between each sample 

point? I '-

Look at the right side y-axis with DAC Input Code. 

Lab Question 4.1.3~ a) What is the minimum code? ---------'-----'---

b) What is the maximum code? __________ _ 

c) What is the "waveform starting point" code?-----'-;:__-
• I ' "'. i...,_, 

d) What sets the maximum DAG Input Code?----'---'--

Click Show Steps so that it is checked. Click again so it is not checked. 

Lab Question 4.1.4: a) Can you see any differsnce in the displayed sine wave? __ 

b) Why?------------------'-­

Press the View Points button. Examine the list which shows Index, Time, Amplitude and 
DAG Input. 

Lab Question 4.1.5: The first Index value is 0. What will the last value be? ____ _ 
(To view, press the "End" key on the computer keyboard.) 

Lab Question 4.1.6: What is the time increment between each sample index value? 

Lab Question 4.1.7: a) What is the initial value of Amplitude? ________ _ 
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b) How does it relate to the initial value of DAC Input? ___ _ 

The maximum value of Amplitucie for the ~ine wave i~ 1, Page dQwn (PgDn key} the list from 
the beginning and find the maximum value of DAC Input. 

Lab Question 4.1.8: a) What is the maximum value? ___________ _ 

b) Does the maximum value exist for more than one Index in a row? 

c) Do other DAC Input values sequentially repeat? 

d) Why?~------------------

e) What does this indicate about the ?utput wave? ____ _ 

Page down again until Amplitude crosses 0. This is the mid-scale DAC Input value. 

Lab Question 4.1.9: a) What is th@ mid-seal@ DAG Input value? ______ _ 

b) Does it sequentially exist for more than one Index? ___ _ 

c) Do other values in this area of codes sequentially repeat? 

d) Why? ---'--~--'-----''----'---------"---'------

Close the Sine Wave Generator Points dialog by pressing the Enter or Escape key. Set the 
Show Steps box so it is not checked. Open the Sampler and change N from 5000 to 50 and 
press tab. 

Lab Question 4.1.10: a) What happened to the value of F1 and the maximum x-axis Sam-
, 

pie Number value? __ •·------"·;'--------'----

b) Does the wave look different?----=-----------

Set the Show Steps box so it is checked. 

Lab Question 4.1.11: a) Does the wave look different now? __________ _ 

b) Why or why not?----";'-'-·--'-'-----~------
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c) Does the "stepped" or "not stepped" waveform more closely 

approximate the output of an actual DAG? _____ _ 

Press the View Points button. Examine the new list of points. 

Lab Question 4.1.12: a) How many points are in this list? _________ _ 

b) Are there any sequential duplicate DAC Input values? -~-

c) What are the maximum and minimum DAG Input values?_ 

d) Do they reach the zero and full scale input code values for a 12-

bit DAG?---'--'-----------------

Close the Sine Wave Generator Points dialog by pressing the Enter or Escape key. Open 
the Sampler, change M to 3 and press the computer keyboard tab key. 

Lab Question 4.1.13: What happened to F,? __ _,__ ____________ _ 

Close the Sampler. 

Lab Question 4.1.14: a) How many cycles are generated for the number of N points? 

b) With Show Steps checked, are the vertical step sizes the same 

for all steps? _________________ _ 

' c) Why? ___________ ., _______ _ 
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Open the Sampler, change M to 29 and press the tab key. 

Lab Question 4.1.15: a) What is F,? _________________ _ 

b) Is it l@SS than half F,? ------------

c) Is N = 50 enough points to uniquely characterize a sine wave at 

th@ calculated F1 frequency? __________ _ 

Change N back to 5000. 

Lab Question 4.1.16: a) What is F,? __________________ _ 

b) Is it less than half Fs? ----~----------

c) Is N = 5000 enough points to uniquely characterize sine wave at 

the calculated F
1 
frequency? __________ _ 

Close the Sampler and set Show Step~ ~o it i~ not checked. Set Show Samples so it is 
checked; change M to 1 and make a note of F,. Then change Bits to 5. ,, ' 

Lab Question 4.1.17: a) What effect does changing Bits have on Fr7 --'t_, ---'-'--"-----

b) What is the maximum OAC Input Code? _______ _ 

c) How does the waveform look? 

Notice how many duplicate points are at the same step. Press the View Points button and 
see this in the list of values. 

Lab Question 4.1.18: Why is this? _________________ _ 

Experiment with the parameters on the Sine Generator to see the interactions among them. 

Especially change Bits to 14 and 16 and View Points to see 16-bit data. If you create a set of 
points that you wish to use in a test program, you can save the points to a text file with the 
Sine Generator Points dialog with the Save Points button. 
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Lab Exercise 4.2 - Digitizing a Sine Wave 

Lab Goals 
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• Set the parameters required to coherently digitize the filtered analog sine wave 

• Select parameter N such that the FFT algorithm can be used 

• Illustrate that coherent sampling requirements may conflict with WD resolution 

• Illustrate some solutions to the conflicting requirements problem 

• Calculate different values of F5 , N and M to optimize them for minimum test time 

Lab Objectives 

• Review coherent sampling 

• Understand that F, is the same for both the DAC and the WD 

• Understand that the choice of WD sampling parameters has an effect on test time 
because of the OFT versus FFT calculation time difference 

• Understand that different combinations of coherent equation parameters are possible 
and have an effect on F, accuracy and test time (via UTP) 

This lab creates a sine wave with the Fourier Series Waveform Generator that simulates the 
DAC output wave, which has F1 fixed at 1000 as set by the DAC parameters. Start the DSP 
Lab software and press the Calculator button. Next, return to the lab's button window and 
press the Spectrum Analysis button. 

In the Fourier Waveform tab follow these steps: 

1. 

2. 

3. 
4. 

5. 

6. 
7. 

8. 

Click on the Clear Harmonics button to remove any residual harmonic information. 

Make sure that 1000 (1e3) is entered in the Fundamental Frequency box. 

Make sure that Harmonic Number 1 is selected and a 1 is in the peak amplitude box. 

Make sure the Overall Scale Factor is set to 1. 

Click on the Oscilloscope button. 

Glick on the Sampler button. 

Set the Sampler to Calculate Fs. 

Set N = 1024 and M = 3. 

Lab Question 4.2.1: What value of Fs is required to get F, = 1 000Hz? ____ _ 
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Lab Question 4.2.2: a) With a sample rate resolution of 1 0 Hz, given in Table IV.1, can 

the WD sample _at the F 5 rate from Lab Question 4.2.1? 

"' (., 

c) What is the smallest F5 change that can occur for the WD? 
'' C, .. 

d) What is the closest value of F 5 that the WD can have? __ _ 
.\ 

Select Calculate F, and set Fs = 341330. 

Lab Question 4.2.3: a) What is the value of F,? _____________ _ 

b) Can the specified WD sample at this frequency'?--·~·~-

c) Is this a valid solution?---~---------

d) Why? • , ', 

Set M to 1, and modify F5 to obtain an F, of 1000 Hz. 

Lab Question 4.2.4: What is the value of F.,? ______________ _ 

Lab Question 4.2.5: Can the WD sample at this frequency? --------~­

Lab Question 4.2.6: Provide two separate sets of coherent values for N, Mand F5 , and 

calculate the UTP and FF for each . 

' . ·c I . 

. >i ,,;,,,jj,, ,,·.-~'"'··-'' '.'ir,. ·,·~-?'·" ,:, ' 

)ti!!' Solution! ;J'.; i/~ ... SolutioJ12;;,,,,,1, 
N = J: I 1. N = C)O'.°!0 

M= s M= 

F. = F. = ' 
✓- ' l!.l l ,, L " ' 

UTP= t UTP= /I\ /, ',, --;-t 

Ff;;;; Ff;;;; t,A- ') ' 

V fJ r' ~ ,__::,,,-_ h I 

' 

·, ., •{ <(,~ '' ' 
,' ( 
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Lab Exercise 4.3 - Coherently sampling a sine wave 

Lab goals 

• Creats and visw a continuous sins wave by making a Fourier series which has only 1 
term 

• Set sample parameters F,, N, and M lo create the F, required for the input signal of 

the ADC under test. 

• View the samples of the continuous sine wave 

• View a spectrum created by a Fourier transform of the samples 

• U:;e an FFT to do the time to frequency conversion 

• Calculate various "secondary" parameters such as UTP 

Lab objectives 

• Review the process of digitizing samples of a continuous waveform 

• Relate the sampling process to a DUT that is an ADC (rather than to a digitizer as in 
a prior lab) 

• Examine the spectrum created by an FFT algorithm from the digitized samples 

Initialize the lab, create a sine wave and aample it 

Start the DSP Lab software. Press the Spectrum Analysis button and :;et the following: 

1. 

2. 

3. 

4. 

5. 

Make sure that the Harmonic Number is set to 1 . 

Make sure that the Peak Amplitude is set to 1. 

Make sure that the Term Type is set to Sine. 

Make sure that the Fundamental Frequency is set to 1000 (1 e3). 

Make sure that the Overall Scale Factor is set to 1. 

Glick on the Oscilloscope tab and examine the waveform. Set Show Samples so it is not 
checked. Adjust the Amplitude and Time Scale knobs to see the wave clearly. Notice the 
time and amplitude displayed in the status bar at the bottom of the lab window when the 
mouse cursor moves over the graph. 

Lab Question 4.3.1: What is the frequency? ______________ _ 

Lab Question 4.3.2: What is the wave type (sine or cosine)? ________ _ 

Lab Question 4,3,3; What is the phase shift? ____________ _ 

Lab Question 4.3.4: What is the amplitude? ______________ _ 

Set the sampling parameters 

Open the Sampler, set F
5 

to 20480, N to 512 and M to 25. Set Maximum Bin Number to 200. 
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Lab Question 4.3.5: What is the calculated value of F,? __________ _ 

View the spectrum 

Close the Sampler with the OK button. Change to the Spectrum Analyzer window. 
' 

Lab Question 4.3.6: How many frequency peaks occur in the spectrum? ___ _ 

Adjust the Frequency knob to a maximum bin of 50. 

Lab Question 4.3.7: What is the frequency value at the peak? ___ ~-----

Return to the Oscilloscope window and put a check in the Show Samples box. Notice the 
small red triangle sample points shown. 

Lab Question 4.3.8: How many total sample points should there be? _____ _ 

Adjust the Time Scale knobs until you see all samples 50 milliseconds is a good setting). 

Lab Question 4.3.9: What is the time at the last sample? _________ _ 

Lab Question 4.3.10: Is this the Fourier Frequency, the sample period or the UTP? 

Lab Question 4.3.11: What is the Fourier Freciuency? __________ _ 
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Lab Exercise 4.4 - Undersampling with the beat frequency method 

Lab goals 

• Create and view a continuous sin@ wav@ by making a Fourier series which has only 1 
term 

• Set sample parameters F,, N, and M to create the F, required for the input signal of 
the ADC under test, with M = N .J for undersampling. 

• View the samples of the continuous sine wave and note how they are taken at less 
than one per test signal cycle. 

• View a spectrum created by a Fourier transform of the samples 

~ Lab objectives 

• Understand the technique of undersampling with the beat frequency method 

In this lab you will see that undersampling is a valid technique for exercising an ADC at its 
worst case input frequency. It uses a method of setting M = N - 1 to take a samplo at tho rato 
given by Equation 8.9 on page 8-26. Start the DSP Lab application, press the Spectrum 
Analysis button and, in the Fourior Wavoform window: 

1. Click on the Clear Harmonics button. 

2. Make sure the Set Harmonic Number is set to 1. 

3, Make sure the Set Peak Amplit1,1de is set to 1. 

4. Make sure Term Type is set to Sine. 

Click on the Oscilloscope button and click on the Sampler button. Set it to Calculate F1• 

1 . Set F, to 512e3 

2. Set N to 512 

3. SetMto511 (M=N-1) 

Press the computer tab key and notice the calculated value of F,. Is that a value that makes 
sense? Close the Sampler and, in the Oscilloscope set Amplitude = 2V and Time Scale = 
2µsecond. You should see just over one cycle of the waveform. 

Lab Question 4.4.1: Using f = 1 It, 

a) What is the approximate frequency of the waveform? __ _ 
\,,. {:_ / / !' ~· 

~ ' ;' 

b) What frequency from the Sampler parameters does it almost 
match? ~· · 
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Make sure the Show Samples box is checked. 

Lab Question 4.4.2: How many samples can be observed'? _________ _ 

Chang@ th@ Tim@ Scale to 2 millisecond to put in enough cycles to see all sample$. 

Lab Question 4.4.3: What is the wave shape of the red sample points? ____ _ 

. J. 

Click on the Sampler, change M to 1 and notice that the plot of samples looks the same, but 
the waveform the samples came from is different. 

A set of sample points has been taken from an input waveform with a frequency that is much 
higher than the maximum conversion rate of the ADC (F, = 511,000Hz). The input frequency 
has exceeded the Nyquist rate of F/2. Yet the points have no frequency information; they 
are amplitude points only. By knowing the input signal frequency, we can use these points to 
calculate the various oynamic test parameters such as SINAD or THO. 

Lab Question 4.4.4: What has occurred? -; -· ·' 1 · • · 

_l l!i · 

We know that F
1 
= 511,000Hz and one full cycle was sampled, so use M' = 1. Set N = 512, 

and calculate the equivalent sample frequency F_,' = N * F1/ M' = 261,632,000Hz. This lab 
@x@rcise demonstrates that a high speed signal can be sampled with a "slow" ADC. This is 
only valid, however, if the input bandwidth of the ADC is higher than the maximum frequency 
in the input signal. 

Lab Question 4.4.5: What is the equivalent sampling frequency? _______ _ 

To prove that the data is real, in the Oscilloscope: 

1 . Open the Sampler. 

2. Set Mto 511. 
3. Go to the Fourier Waveform window, and set the Add Noise knob to 500uv. 

Check the waveform in the Oscilloscope. Naturally the noise is not large enough to be visi­
ble there, but look in the Spectrum Analysis window (set maximum bin to 500) and you can 
see a visible noise floor-proof that the noise is affecting the sample points. 
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Lab Exercise 4.5 - Undersampling using the Envelope method 

Lab goals 

• Create and view a continuous sine wave by making a Fouri@r series for a triangle 
wave. 

• Set sample parameters F
5

, N, and M to create the F, required for the input signal of 
the ADC under test, with M = N/2 + I for undersampling. 

• View the samples and note how they are taken at less than one per test signal cycle. 

• U$e an FFT to do the time to frequency conversion . 

• View a spectrum created by a Fourier transform of the samples. 

Lab objectives 

• Understand the technique of undersampling with the envelope method 

The rea$on for the name "envelope method" will become apparent with this lab. The method 
takes almost two samples per period by setting M =NI 2 + 1 (with Na multiple of 4). 1 

This lab will demonstrate that envelope undersampling is a way to take samples of a signal 
that is just slightly higher than the Nyquist rate. It sets M = NI 2 + I. This exercise utilizes a 
triangle wave rather than a pure sinusoid to demonstrate that these techniques work on any 
waveform. 

Start the DSP Lab application, press the Spectrum Analysis button and, in the Fourier Wave­
form window: 

1. Click on the Triangle button in the Preset Waveforms panel. 

2. Click on the Oscilloscope button. 

3. Click on the Sampler button. 

4. Set F5 to 512e3. 

5. Set N to 512. 
6. Set M to 257 (NI 2 + I). 

7. Click on the Spectrum Analyzer button. 

8, Set the maximum bin to 500. 

Notice how the spectrum looks. Click on the Oscilloscope button, set Amplitude to 2V and 
lime Scale to 2 milliseconds. Make sure the Samples box is checked. 

Lab Question 4.5.1: What do you see? (Hint: remember the name of this sample method?) 
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Setting M = NI 2 + 1 takes a sample of the input wave just more than once every half signal 
cycle. Compare this to the beat frequency method, which samples at a rate slightly less than 
once per signal period. The envelope method samples at an effective sample rate slightly 
more than once each half signal period. When sampling a zero crossing sine wave using 
this method, the sign of the samples will alternate. 

Change the Time Scale to 50 µseconds and watch the sample points go from positive to 
negative. Samples taken in this manner are shuffled; they will not be in the correct sequence 
to form what is called the "primitive wave." That is the name for a waveform which would be 
achieved if samples could be taken in a single cycle at the optimum sample frequency. 

To analyze a spectrum to be created with this data, its sample points must be placed in the 
correct time sequence before performing a DFT or FFT. 1 
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Objectives 

This chapter explains the following: 

• Practical problems associated with testing mixed signal test devices 

• Unexpected situations that can cause measurement errors 

• Grounding and the ultimate objective of proper ground current routing 

• How power supply impedance can affect DUT performance 

• Power supply decoupling 

• Basic problems associated with mixed signal measurements 

• Possible problems associated with OUT signal conditioning circuits 

• Way5 to validate AT!; mea.:iurement:i 

Softl'-. 111111111L 
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• How good the measurement system must be, compared to test parameter limits 

• How OUT conditioning circuitry can affect measurement accuracy 

• Strange things that can affect measurement results 

• Items to check when a test program stops working 

• How DUT temperature can have a dramatic effect on measured results 

• External circuitry on a DUT reference pin can distort test results 

NOTES: 
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Does the Measurement Reflect the DUT or the Test System? 
This may very well be the most important question in semiconductor testing. "Ten times bet­
ter'' is a general "rule of thumb" for all measurements; if the measurement accuracy is only 
two times better than the signal specification limit, there is a 50% chance that a marginally 
good device will fail or a marginally bad device will pass. 

The very nature of digital signals, with their fast transition times, tend to obscure information 
contained in analog signals. With a fast enough signal, any wire is an inductor and poten­
tially a broadcast antenna. Any two conductors separated by a non-conductor create a 
capacitor. Digital edges are "fast signals", so the potential for cross-talk between signal 
traces exists, especially between digital signal traces and high impedance analog nodes 
such as operational amplifier or comparator inputs. There are situations in which mixed sig­
nal circuits must have a ground plane to shunt stray digital signals away from sensitive ana­
log circuitry. Without a ground plane, these signals are coupled into the analog circuitry via 
parasitic inductive and capacitive elements. The task is to isolate the source of noise and 
prevent it from interfering with DUT measurements. 

\ 

' ' 

NOTES: 
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Noise in the Test Environment 
Consider a signal to noise measurement-is the measured noise truly the noise of the DUT 
or is it test system noise? System noise will contribute to and distort test results; however, if 
system noise is very low, it is of no consequence. The best way to determine system noise is 
to connect the tester's waveform generator directly to the tester's waveform digitizer, sample 
the desired spectrum and perform an SNR test. This will produce the baseline noise for the 
test system. If the noise is ten times less than that expected of the DUT, the amount of noise 
is acceptable. If the DUT site interface is correctly designed and timing is properly synchro­
nized, system noise will be minimized. 

Test System Noise 

System noise could come from any number of sources, e.g. uncorrelated digital noise due to 
poor grounding practice, digitizer noise due to improper signal filtering, RF or other interfer­
ence, 60Hz noise, etc. The primary consideration in reducing system noise is paying atten­
tion to "when~ the currents flow." 

An independent view of system performance at the DUT site can be obtained by placing the 
test program in a loop and looking at the DUT site with an instrument that is independent of 
the tester; however, modern mixed signal testers have such good built-in measuring instru­
ments that this is usually not necessary. 

DUT Noise 

Noise exists in all physical systems. It can originate in many places, and it is more evident 
with ADCs than other components. Dealing with noise is an exercise in statistics and good 
load board design. 

NOTES: 
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Noise in ADCs 

Noise in ADC testing is a fact of life. Although it has more effect on devices with higher reso­
lution and ~mailer full scale range, noise occurs in all ADCs. 

As discussed in the section on Quantization Error in Chapter 6 on page 6-22, all ADCs have 
an inherent error which can be characterized as random noise with a constant error proba­
bility over the width of an LSB. There is always random OUT quantization noise, and noise 
induced error is just as likely to be negative as positive. Averaging multiple data points for 
each transition can reduce the effect of quantization noise. 

ADCs use comparators, which due to the types of noise defined on page 3-6, will have ran­
dom variations in their decisions. 

Amplifiers Amplify Noise, Too 

When testing any d1wice that requires amplification, on@ must b@ awar@ that any external 
noise will be amplified along with the signal. This can cause either consistent or random fail­
ures dep@nding on th@ nois@ sourc@. Noise can also be caused by amplification circuitry, 
summing circuits or any other place where signal amplification occurs. 

NOTES: 
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Ground Issues 
The earth with essentially an infinite cross-sectional area, and because of its moisture con­
tent and conductive minerals, provides a very low resistance path for electrical currents . 

Building 

1 hase 110V tests stem ower 

J7d wire for O Gurrent ground 

ATE; System 

3 phase 220V test system power 
\ 
\ 
\ 
\ 
\ 
\ 
' 

AC Power 

Building earth 
ground connection 

Figure 9.1: Earth Ground. One of the many ground issues that must be considered when 
debugging a mixed signal device test. 

"OUT ground" represents the reference node for all OUT measurements, and although it is 
not as stable as earth ground, it must be as stable and quiet as possible. A local earth con­
nection significantly vastly improves the stability of tester environment ground. A conductor, 
as shown in Figure 9.1, that connects the tester to earth ground is required. 

There are different philosophies that claim to be ''the best way to ground" a device or a sys­
tem; any ground system that provides a low noise floor is a good one. There are many ways 
to improperly connect ground in a test environment and few ways to do it properly. 

NOTES: 
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The issue of primary concern in connecting and grounding a OUT site is "where do the cur­
rents flow?" 1 Almost all mixed signal OUT circuits have separate digital and analog ground 
pins, but some do not. Whatever the situation, if proper attention is paid to where the cur­
rents flow, grounding problems can be minimized. The general rule for current flow is that all 
currents should take the shortest return path back to their original source. If digital currents 
flow through the same return path as analog currents, the analog ground reference level can 
be disturbed. Keep analog and digital currents separated as much as possible. 

NOTES: 
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Current Paths 

Figure 9.2 illustrates many possible current paths. ATE manufacturers approach ground cur­
rent return in different ways. Usually, there are multiple ground return paths. Sometimes 
there is simply a "ground plane", and the assumption is made that it has zero impedance. 

z z 

Vps2 VDD vcc Vps1 

z OUT 

DGND AGND 

z z z 

Figure !1.2: How many ways can you connect ground? 

There is an approach to grounding called the star ground which assumes that all available 
return paths are connected to a single common point. With several wires radiating from a 
single point. it looks like a star, thus the name. An excellent discussion of ADC ground layout 
and routing is given at the end of the chapter. 2 

NOTES: 
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Power Supplies 
OUT power supplies have a finite output impedance and the signal path from the supply to 
the OUT has impedance. The OUT power supply must be capable of delivering the average 
current required by the OUT. By using deeoupling eapaeitors, power supply dynamic currnnt 
requirements are reduced. 

Power Supply Decoupling 

CMOS digital circuits require current, called switching current, to charge internal device 
capacitance when the eireuit ehanges state. Curmnt is requirnd by the OUT only during this 
short time for a logic transition. This will occur somewhere in the circuit on every clock edge. 
If the positive and negative edges together use 20% of the total clock period, 80% of the 
period remains with very little current drawn by the OUT. 

By placing a decoupling capacitor close to the DUT between the power supply and ground 
pins, the charge needed to supply those transient currents during 20% of the clock period 
can be provided by the capacitor. The power supply can replenish the current to the capaci­
tor during the other 80% of the clock period, when little current is required. Decoupling 
decreases high speed transient currents flowing through the signal path from the power sup­
ply to the OUT, and reduces transient voltage fluctuations at the DUT supply pin due to tran­
sient currents through the supply path impedance. 

Capacitors have para~itic characteri~tics that affect their performance. They have parame­
ters including equivalent series resistance, dielectric absorption, temperature coefficient of 
capacitance, leakage current and dissipation factor. Different characteristics are important in 
different test environments. 

As a general rule, an electrolytic capacitor of 1 OµF to 50µF in parallel with a 0.1 µF ceramic 
capacitor is used. The electrolytic capacitor provides a lot of energy storage, while the 
ceramic cap can better deliver current at high frequencies. Caution must be exercised when 
connecting electrolytic capacitors as they are polarized. 

Some materials have a higher dielectric permittivity, meaning higher capacitance values are 
available in a smaller physical size component. 

Locating decoupling capacitors is a simple matter-put them as close as possible to the 
DUT power and ground pins. 

NOTES: 

., 
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If the DUT also has separate power supplies, e.g. ±5V or +5V and + 15V, decouple all sup­
plies from the supply pin to ground with separate capacitors. If you are building test hard­
ware for wafer probing, the decoupling capacitors should be on the probe card itself if at all 
possible. For handler hardware, the decoupling caps should be placed as close to the DUT 
site on the handler as possible. For a hand test site, place the caps directly underneath !he 
DUT socket . 

If PMUs are used for power supplies, they may oscillate if loaded too heavily with capaci­
tance. 

With a DUT having separate analog and digital ground pins, there must be a common point 
where the two grounds are connected. This point should also be as close to the DUT as pos­
sible. 

An excellent discussion of power supply by-passing can be found in the reference at the 
end of this chapter.3 It specifically discusses operational amplifiers but has general applica­
bility. 

Settling Time Errors 

Another error source that may appear to be random is a situation where an analog signal is 
not allowed enough time to settle to its final value. If a signal is measured or digitized at less 
than its settling time limit, faster devices will be settled and slower devices will not. Devices 
should be Gharacteriz:eg for worst case senling time plus some mar9in for error. Settlinlj time 
errors can occur for DUT settling or for devices that drive the DUT, such as an active filter or 
ADC input buffer. 

Temperature Effects 

All semiconductor devices are temperature sensitive. Values will change with temperature. 
The amount of change is denoted as temperature sensitivity or drift, usually in parts per mil­
lion per degree C. 

NOTES: 
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Offset, gain and/or linearity can change with temperature.4 In a production test situation, 
there are many factors that can affect the temperature of a OUT: 

• Air temperature 

• Air flow at th!! OUT sit!! 
• OUT socket temperature 

• OUT package material (metal and ceramic absorb/dissipate heat faster than plastic) 

• How long the DUT is powered (OUT self heating); related to DUT power usage 

• Where the DUT is stored prior to testing 

OUT Reference Signal 

ADCs and DACs require a reference signal voltage. It must be extremely stable, not chang­
ing with time, temperature, power supply ripple, or reference output current. 

Some converters have an internally generated reference signal. If the reference signal is 
available through an external pin, it can be tested directly. Internal references are not 
designed to supply current; therefore, care should be taken when measuring this pin to 
avoid distorting its value by loading it. If an external pin is not available to test the reference, 
it can be tested by measuring the full scale output, which is directly dependent on the refer­
ence signal. 

If the OAC under test does not have its own reference, one must be supplied. If a problem is 
suspected that is being caused by the reference voltage, then look at it while in a test loop to 
make sure there is not excessive digital noise being coupled into the reference signal. If the 
DUT requires temperature testing, place the external reference device in a location that will 
not be affected by the DUT test temperature. 

NOTES: 
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Averaging and Repeatability 

With low level measurements, noise can have a significant effect. Random noise will aver­
age to zero; averaging a number of measurements can reduce the effects of random noise. 
Averaging can be used in both static and dynamic tests. This is especially helpful when an 
error signal is created by using an amplified difference between a "perfect" reference signal 
and the signal being measured. 

Digital noise will not average to zero. This is why a clean DUT ground and careful attention 
to signal routing and current flow is so important! 

Repeatability is usually determined during characterization. Repeatability requirements are 
set by the device, the parameter and the company or department policy. Averaging for static 
tests means testing the same point on a transfer curve multiple times. Averaging for 
dynamic tests means taking the same sample points over multiple test cycles. 

Trouble-shooting 

There are a few obvious things to look for when a test program appears to be working 
improperly: 

• Is the correct test program loaded? 

• Is the correct DUT temperature setting entered? 

• Is the correct lest hardware mounted? 

• Is the interface hardware properly seated? 

• Is the DUT socket closing properly on the DUT pins? 

• Is there a bent or damaged DUT pin? 

• Is the handler configured for the correct DUT package? 

• Is the probe card damaged? 

• Is the prober microscope light on? 

• Is the prober stepping the correct distance for the die being tested? 

• Has the wafer been properly etched so the bond pads are exposed? 

NOTES: 
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After verifying that these things are not the source of the problem, verify the following: 

• Power supply voltages 

• Analog signal sources 

• Signals at digital input pins 

• Signals at DUT analog output pins 

• Signals at DUT digital output pins 

A datalog can provide a great deal of information about where to start. For example, if a 
DAC fails a digital input leakage test and a distortion test, chances are good that a digital 
input pin is causing both problems. 

Unexpected things can affect measurement results 

Sometimes things go wrong that are not logical in nature. The following "war stories" illus­
trate some examples. 

An improperly grounded test system 

On occasions, strange intermittent test failures have been fixed by making a new earth 
ground connection very close to the ATE system. One occasion solved a test system ground 
level problem in which 60Hz AC was coupled into one part of the test system but not another 
part. Another occasion solved a problem in which I!!~ signals were being received by lhe 
system and not properly shunted to earth, thus allowing the RF to interfere with signals 
being digitized at the test head. 

An ungrounded DUT package 

The DAC internal layout was done very carefully-no digital lines were near any high imped­
ance analog nodes. The DUT board was designed carefully, with a good ground and careful 
decoupling. But the DAG failed; the digital signals on the DAC inputs were coupling some­
how lo the DACs analog output. Eventually, the problem was traced to the DUT package. 
The DAC was packaged in a ceramic DIP with an ungrounded metal lid. The digital signals 
were capacitively coupling to the lid and back into the DACs summing junction. A new 
device package had to be created that connected the lid to ground, solving the feed-through 

NOTES: 
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problem. Capacitive coupling can also affect signals in many ways; be aware that any two 
conductors separated by an insulator creates a capacitor. 

Bond wires have significant inductance at high frequencies. This problem requires a pack­
age design with vsry short conn@ctions b@tw@@n the die and the package pins. 

External noise from RF or magnetic sources 

With cellular phones, pagers, PDAs and many new designs, there is more high frequency 
- content in the air than ever. 

With so many carrier frequencies being broadcast by microwave towers and satellites, virtu­
ally any metal object becomes an antenna. Grounding and shielding in the test environment 
becomes very important. This is especially important in test situations which use wide band 
amplifiers, either in the DUT or in the test hardware. 

Light 

Integrated circuits are composed of many p-n junctions. All p-n junctions have sensitivity to 
light and behave as a photocell. If a device is exposed to light, the circuit will behave differ­
ently than it would in a dark package. Many digital, analog and mixed signal circuits can 
have their behavior significantly affected by differences in light conditions. Any data obtained 
while the device is exposed to light is very likely to be flawed. 

Humidity 

Water conducts current. If humidity is not controlled, low level measurements of mixed sig­
nal and analog circuits, not to mention digital input leakage tests, can be wrong by large 
amounts. A load board stored in your office for a week may cause test failures after being 
returned to the production area because it has absorbed moisture. Keep all test circuitry and 
PC boards in a controlled humidity environment! 

NOTES: 
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Answers are provided for all Chapter Questions and all Lab Software Questions. These are 

provided so that the student may check them against his/her calculated answers. 

Chapter 1 Quiz Answers 

Answer 1.1: a) They provide control and timing signals 
b) They provide digital logic functions 

c) They provide clocks 

Answer 1.2: a) It allows fast processing by using DSP 

b) It has hi9h noise immunity 

c) It has "unlimited" resolution 

Answer 1.3: Serial, parallel, 2's complement and Gray code are four examples 

Answer 1.4: Vectors, test vectors or test patterns 

Answer 1.5 : a) Integer 

b) Floating point 

Answer 1.6 Noise margin 

Answer 1.7: The test must verify that the device works at the worst case 
requirements, not best case or nominal requirements. 

Answer 1.8: a) DC (static) tests 

b) AC (dynamic/speed) tests 

c) Functional tests 

Answer 1.9: DC tests use the PMU. 

Answer 1.10: All use the Pin Electronics. 
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Answer 1.11: Yes; two examples are a volume control and a passive filter. 

Answer 1.12: No 

Answer 1.13 The main reason is to reduce cost. The combination of a single family/ 
motherboard and an individual daughter card for each device is substan­

tially less expensive than having a custom interface board for each device. 

Also, because a family/motherboard has interface circuitry that is common 
to similar device types, it makes interface design simpler. 

Answer 1.14: A cross-point matrix. 

Answer 1.15: Using traditional sources and measurement techniques with a cross 
point matrix generally means a very slow test; this makes devices more 
expensive. Also, these techniques have severe frequency limitation:;; and 
are not as accurate as state-of-the-art techniques. 

Answer 1.16: An analog filter is best when filtering continuous data in real time. When fil­
tering to remove aliases, or sampling artifacts, a digital filter introduces its 
own artifacts; an analog filter does not. 

Answer 1.17: Digital filters can achieve characterisitics that would require very complex 
analog filters (a high number of poles). A digital filter can be re-pro­
grammed if the re9uired filtering algorithm changes. When a DSP sub­
system is available or can be included in the design, digital filtering is the 
best choice. A good example is cellular telephones; their circuitry for linking 
to a repeater or a satellite operates at MHz to GHz frequencies and is ana­
log. The audio voice encoding, decoding and filtering requires only about 
2KHz of analog bandwidth, which is accomplished with DSP. 

NOTES: 
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A design that contains both analog and digital circuitry. The quantity of 
each is not important; a design is considered to be mixed signal regardless 

of the amount of analog or digital circuitry contained on a chip. 

No; consider a switched mode power supply controller or an analog mux. 

One that uses DSP techniques to process analog signals and uses 

parallel test vector techniques to process digital signals. These machines 
are capable of testing devices that contain only digital circuitry and devices 

..__ that contain only analog circuitry. 

An~wer 1.21: a) Waveform digitizer 

b) Waveform generator 

c) Digital signal processor 

Answer 1.22: Yes, the digitizer samples analog signals and stores hexadecimal equiva­
lent digital values in memory. This same hexadecimal digital data can be 
accessed to drive a DAG to generate the same analog signal that was digi­
tized. 

Answer 1.23: To hold digitized data obtained from the WO for DSP processing and to 
provide the AWG with data to generate analog signals. 

Answer 1.24: No; the two types of memory are very different. Capture RAM stores sam­
pled analog signals in binary data form that represents relative amplitude 
information. Vector memory contains binary information that is used to 
drive digital logic and measure digital signals produced by digital logic. 

An:swer 1,25; 1, To save test time 

2. Compare signals 

NOTES: 
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Chapter 2 Quiz Answers 

Answer 2.1: a) 25 = 20Iog(Ratio) 

log (Ratio) = 25/20 = 1,25 
Ratio= 101-25 = 17.7828:1 

b) 1/17.7828 = 56.2341mV 

Answer 2.2: a) 40 dB b) 80 dB 

Answer ~.3: 103dB 

AnawAr 2.4: Frequency 

Answer 2.5: Opposite 

Answer 2.6: Hypotenuse 

Answer 2,6; a) 1000Hz 
b) 45° 

c) n/4 = 0. 7854 

d) 5 

e) 10 

f) 3.536 (or 5,/2) 

Answer 2.8: ((2*7t*1000 • 13us) + 0. 7854) = 0.8671 radian 

Answer 2.9: 5sin (0.8671) = 3.812 V 

Answer 2.10: a) 2000 b) vertical or up c) horizontal or left 

Answer 2.11: a) 5L53.13° (The magnitude is the hypotenuse of a 3, 4, 5 triangle and the 
phase is equal to atan b/a, or atan 4/3) 

b) 0 Ell j9 (cos rt/2 = 0) 

NOTES: 
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Chapter 3 Quiz Answers 

Answer 3.1: 

Answer 3.2: 

a) VIH 

b) VIL 

Yes 

Answer 3.3: Yes 

Answer 9.4: Yes. In some specifieations, both are required: and in addition, thgir sum is 
measured. 

Answer 3.5: 

Answer 3.6: 

Answer 3.7: 

Answer 3.8: 

Answer 3.9: 

Common Mode Rejection Ratio 

Power Supply Rejection Ratio 

Total Harmonic Distortion 

Signal to Noise Ratio 

Signal to Noise and Distortion 

Answer 3.10: Yes 

Answer3.11: Yes 

Answer 3.12: The "Q" of a filter is defined as the center frequency divided by the band-
width. ·/ l, , :-:::i_ , :. --t, '. •. , {~e, ,·,, · · t .. , ' 1, ,., ..... j , { .:... '--, ( ~ •. 

NOTES: 
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Chapter 4 Quiz Answers 

Answer 4.1: The specification limit is ±10mV. An answer of 10mV is not correct. It must 
be both plus and minus. Applyin9 the limit values to the ideal zero scale 

value would result in voltage limits of -2.51V and -2.49V. 

Am;wer 4,2; First, normalize ppm to "per 1" by dividing by 1 million: 
8

~ = 0.0008 
JO 

Multiply this by the FSA value and the limit is ± BmV. 

Answer 4.3: One LSB = zi;_ 
1 

= 
16

~
83 

= 3.052xJ0--4. 

Multiply this by 100 LSBs to get ±30.52mV limits. 

Answer 4.4: -20.BmV 

Answer 4.5: (5.01420 - (-0.0208))/4095 = 1.2295mV 

Answer 4.6: ((5.01420V - (-0.0208V) - 5.0V)/5.0V = 0.7% 

Answer 4.7: a) Monotonicity is the relationship between the slope of the input and the 
slopa of tha output. A daviea is monotonic if tho output only incroaggg 
with an increasing input, and vice versa. 

b) Monotonicity is required if a device is to have a DNL of better than ±1; if a 
non-monotonie davica is used in a feedback application, it may ogcilla.tQ. 

Answer 4,8; It decreases overall gain. 

Answer 4.9: 2.50134V - (-2.S0000V) = -1.34mV offset error. 

Converting to %FSR, (-1.34x10·3V / 5V) * 100% = -0.0268%FSR 

Answer 4.10: FSR = 2.48874V- (-2.50134V) = 4.99008V 

NOTES: 
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Answer 4.11: Gain error voltage = Device FSR - Ideal FSR 
= 4.99008 - (2.5 - (-2.5)) = 4.99008 - 5 = -9.92mV 
Gain error (in percentage)= gain error voltage/Ideal FSR * 100% 

.. (-9.92x10·3 t 5) • 1 oo°!o - -0.1984% 

'-- Answer 4.12: The offset error limit is ±0.2% FSR, which equals ±9.98mV and the gain 

specification is ~.4% FSR. which is ±19.96mV. 
The measured offset measurement was -1.34mV, so the test passes 

The measured gain error voltage was -9.92mV, so the test passes 

Yes, the device passes. 

Answer 4.13: LSB size :c FSR / 4095 = 4.99008V / 4095 = 1.2185787mV - If you rounded 
to something like 1.22mV or 1.219mV, try multiplying your calculated LSB 
value by the number of steps, 4095, and see how much error you have com­

i,ared to the FSR value of 4.99008V. There should be less than 122µv @rror! 

Answer 4.14: DNL (in volts) is equal to the step si2e - 1 LSB 
1.36mV-1.2185787mV = 141.4213µV 

Answer 4.15: 0.1414213mV / 1.2185787mV = 0.11602LSB (11.60% error) 

Answer 4.16: Yes, the specification is ± 1 LSB. 

Answer 4.17: It is desirable to measure DNL and INL at 1/10 LSB accuracy. Rounding can 
cause cumulative errors in calculations that would prevent that level of accu­
racy, even with perfect measurement values. 

Answer 4.18: Fifteen (15) - One at the zero level and one at each major (cardinal) level 
(0, 1, 2, 4, 8, 16,32,64, 128,256,512, 1024,2048, 4098,8192). When no 
superposition is guaranteed, then intermediate steps can be calculated from 
previous major step values to evaluate the DNL of each major step. 

NOTES: 
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Answer 4.19: For any input change of one digital LSB, which causes no change at all on 

the device output, neither the DNL output specification of a maximum of ±1 
LSB has been violated nor has the "no change of direction" monotonicity 

charact@ristic b@en violated. If an input change of one digital LS6 cau:ie:i a 
change of two LSBs on the device output, neither the DNL output specifica­
tion of a maximum of :t1 LSB has been violated nor has the "no change of 

direction" monotonicity characteristic been violated. As long as Iha davica 
input is ramped in a single direction and the output progresses in a single 
direction with no DNL value of more than ±1 LSB, the device must be mono­

tonic. 

Answer 4.20: Only if the DAC has decoded bits or has superposition error. 

Answer 4.21: All 256. The number of tests are sufficiently small to be of little test time con­

se9uence. 

Answer 4.22: To test for superposition error. 

NOTES: 
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Chapter 5 Quiz Answers 

Answer 5.1: Outputs remain at all 1 s. 

Answer 5.~: a) Four (4) 

b) The current through the 4R resistor from the Step DAC is 4 times less than 
the current through the R resistor from the Ref D/ A, thus its contribution to 
the voltage across R, is 4 times smaller . 

c) ¼ LSB = 10V / (2' 2 -1) x ¼ = (2.44200244mV/ 4) = 610.5µV 

Answer 5.3: a) (Full Scale Transition) - (Zero Scale Transition) = 4.107253 - 0.024092 = 
~ 4.083161V 

Answer 5.4: 

Answer 5.5: 

Answer 5.6: 

Answer 5,7: 

NOTES: 

Divide this by 2biio • 2 [see Equation (5.2) on page 5-6) to get: 
1 LSB = 4.083161V / (214 - 2) = 4.083161V / 16382 = 249.2468µV 

b) The zero scale value is ½ LSB below the zero scale transition point: 
(0.024092 - 0.0001246 = 0.0239674V) 

c) Offset error is the difference in the zero scale value and the ideal offset 
point: (0.0239674V - 0 = 0.0239674V) 

Checking against the offset error limit of 0.8%FSR given in Table 5.2 on 
page 5-16: 

Ideal FSR = 4V; 0.8% = 0.008; 0.8% FSR = 4 • 0.008 = 0.032V 
The offset error limits are 0±0.032V 
Offset error is within specification limits, so this device passes the offset 
test. 

Four (4) more bits (18-bit DAC). 

Bits = (75 - 1. 76)/6.02 = 12.166 

Add 4 bits to obtain a minimum of 1 O times accuracy -- 12.166 + 4= 16.166 

Minimum number of required bits are 17. 

(212 
- 2) = (4096 -2) = 4094 
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Answer 5.8: Effective Number of Bits. ENOB is a performance metric indicating how 
many of a converter's bits are "useful", e.g., above the noise floor. 

Answer 5.9: LSB = [V FsT - V zsTl/(2" - 2) 

Answer 5.10: Each codecenter is found by determining the center point between transi­

tions Codecenter"' [v'2 ; v,1
]-1- v,1 

NOTES: 
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Chapter 6 Quiz Answers 

Answer 6.1: According to the Nyquist Theorem, a frequency F, must be sampled at more 
than 2*F,. 

Answer 6.2: The FFT version of the DFT algorithm is much faster. By requiring that the 
number of samples be a power of two, it eliminates redundant calculations. 

The DFT is much slower than the FFT, but can be used to examine a sample 
set with any number of samples. 

Answer 6.3: A continuous time analog filter reduces or removes frequency components 

that are greater than 1/2 the sample frequency (F5/2). 

Answer 6.4: a) An incomplete sample set 

b) Jitter 
c) A non-coherent test setup 

Answer 6.5: By sampling coherently. 

Answer 6.6: Using Windowing functions on the time data prior to performing a Fourier 

transform. 

Answer 6.7: The size of the sample steps, where the samples do not exactly track the sig• 
nal being sampled. 

NOTES: 
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Answer 6.8: In most cases, a built-in sin(x)/x filter compensates for this error automati­

cally. If not, calculate the error by inserting either test and sample frequency 
values for F1 and F5 or by inserting cycle and sample numbers (Mand N) in 

place of th@ fr@qu@nci@s in th@ sin(x)/x multiplier formula. Note the following 
F M 

form of the coherency formula: _!. = N 
Fs 

Answer 6.9: 80.02 dB. 

Answer 6.10: An aliased harmonic will appear in a bin that is not a multiple of M. Therefore, 
it will be considered as a nois@ signal during th@ SNR t@st. ca.using potential 
failures. 

Answer 6.11: a) 6.4ms 

b) 156.25Hz 

c) 1093. 75Hz 

Answer 6.12: -160dB (160dB below 1V). 

An5wer 6, 13: It i5 the maximum frequency that can be :;;ampled within the Nyquist band. It 
is equal to 1 /2 the sample frequency. 

Answer 6.14: Sampling at a continuous, fixed rate over an integer number of signal cycles. 

NOTES: 
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Chapter 7 Quiz Answers 

Answer 7.1: 

Answer 7.2: 

Answer 7.3: 

Answer 7.4: 

NOTES: 

a) 20109 (1 / 2.Se-6) = 112.04 dB 

b) 20Iog(1 00e-6 / 1) = -60,0 d6 
c) 20109(1 / 149.62uV) = 76.5 dB 

Twentieth - attenuation begins just after 20·103
. Since the fundamental is 

1000 Hz, twenty harmonics are included in the filter bandwidth. 

a) Only one sample frequency 
b) Only one set of samples is required. One set of samples will contain 

some number of samples (N) such as 1024 samples. 

c) Time resolution or period resolution 

d) Leakage and invalid test results 

a) F11 /F12 = 140KHz/520KHz = 7/26 - For 140KHz, min= Seven (7) 

b) F11 /F12 = 140KHz/520KHz = 7/26 - For 520KHz, min= Twenty six (26) 

c) F. = (N*F/M) = (1024*140KHz/7) = 20.48MHz (48.828125ns) 

d) No 

e) 781 

f) F. = 1/(781 • 62.5ps) = 1/48.8125ns = (20.48655569Mhz) 

g) F11 = (Fg'M/N) = (20.48655569MHz*7/1024) = 140.0448142KHz 

h) F12 = (F11 *26/7) = (140.0448142KHz*26/7) = 520.1664527KHz 

i) The difference between the new F11 and the specified frequency is only 
0.032%. This is also true for F12• This small difference is of no conse­
quence; however, if the original frequency that was specified is used, 
the test will not be coherent, leakage will occur and test results will not 
be valid! 
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Answer 7.5: 

Answer 7.6: 

Answer 7.7: 

Answer7.8: 

Answer 7.9: 

NOTES: 

Ans-14 

a) Zero to five volts (0 - 5-volts). 

b) LSB"' FSR/(2bito) "' 5/(214) = 5/16384 = 305.1758µv. The reason we 
divide by 16384 and not 16382 is because we are using the full scale 
range specification of the waveform digiti:!Gr, not ths full scnls tmngition 
range used when we are testing an ADC. 

c) The input signal is a zero crossing sine wave with peaks of plus and 
minus 2.5V. The digitizer full scale range is from OV to 5V. Therefore, 
the input signal will have to be shifted by +2.5V. 

a) The RMS amplitude of bin M. 

b) The peak value of the sine wave being evaluated. 

c) To obtain the RMS value of the waveform. 

d) -77 dB= 20Iog(Vd;s,i(1.7677) 

•3.85 = (log VJ~,) - (log 1.7677) 

log V d;si = -3.60259 

V dist = 1 Q ·3.60259 

Vdist = 249.69µv or approximately 250µv 

N = 249·69µv = 78.96µv or 79µv 
Jio 

a) No 

b) Because the resolution provided by the digitizer is only 305µv and to 
properly test this device, a minimum resolution of 79µv is required. 

c) Attenuate the fundamental and amplify the entire spectrum an amount 
that is sufficient to achieve the reciuired rGsolution. 

-40 dB 
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Answer 7.10: 7.9mV 

Answer 7.11: a) 7.9mV/305µv = 25.9:1 

b) Yes 
c) This ratio is much better than the requirement for the measuring instru­

ment to be ten times better than the device being tested. 

Answer 7.12; There are four ways to compensate for the attenuated fundamental. 

1. Add the amount of dB attenuation to the analyzed results. For example, 
if the fundamental was attenuated by 40 dB, then add 40 dB to all 
dynamic test results. 

2. Use the two pass test method. First, sample the desired spectrum with­
out a notch filter to obtain the value of the fundamental. Save the funda­
mental value. Then, use a notch filter to attenuate the fundamental and 
amplify the rest of the spectrum. Sample the desired spectrum once 
again to obtain all bin values except the fundamental. This method is 
not recommended as it consumes more test time than other methods. 

3. Calculate the value of the fundamental by using the full scale range 
(FSR) data that was obtained when performing static tests. Remember 
to compensate for peak vs. RMS values if necessary. 

4. Completely characterii::e the notch filler and compensate the value in 
every bin. 

Answer 7.13 a) No. 

NOTES: 

b) Because a high pass filter will remove noise bins that contain frequen­
cies that are higher than the fundamental. This will produce an invalid 

test result. 
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Chapter 8 Quiz Answers 

Answer 8.1: 

Answer 8.2: 

Answer 8.3: 

Answer8.4: 

NOTES: 

Ans-16 

Because each device has a different zero offset voltage. 

FSR 20 a) LSB = -b. = 
096 

= 4.8828125mV 
2 

l!S 4 

b) Maximum frequency is equal to the inverse of maximum conversion 
time: 1/(25us) = 40KHz 

1/(500ns+20ns+25µs) = 39.185KHz 

a) F = F,. N = 1000. 512 = 20.480KHz 
s M 25 

b) The UTP is equal to MIF, or NIFs 

25/1000 = 25ms or 512/20.480KHz = 25ms 

c) F5 is 20.48KHz. This means that F /2 (the Nyquist limit) is 10.24KHz. 
The fundamental is 1 KHz and its 10th harmonic, which occurs at 1 0KHz, 
is within the Nyquist band; its 11th harmonic, which occurs at 11 KHz is 
outside the Nyquist band. Therefore, the maximum harmonic is the 10th

-

d) The frequency resolution is the Fourier Frequency (FF), which is equal 
to 1/UTP. This equals 1/25ms, or 40Hz. 
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Answers to Lab Exercise 1.1- Creating and Examining a Fourier Series 

Answer 1.1.1 : 

Answer 1.1.2: 

Answer 1.1.3: 

Answer 1.1.4: 

Answer 1.1.5: 

Answer 1.1.6: 

Answer 1, 1,7; 

NOTES: 

a) No 
b) OV 

c) Sine wave 

d) At to, it begins at ov 

e) 1V 
f) 1ms 

0.5ms or 500us 

0.5V 

0.1V 

0.06V 

a) OV 

b) OV 

c) Sine wave 

d) 1V 

e) 2V 

f) 1ms 

ll) 1V 
b) Cosine wave 

c) Because, at to, the wave starts at 1V, the peak voltage 

d) 1V 

e) 1ms 
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Answer 1.1.8: 

Answer 1.1.9: 

Answer 1.1.10: 

Answer 1.1.11: 

Answer 1.1.12: 

Answer 1.1.13: 

Answer 1.1.14: 

Answer 1.1.15: 

Answer 1.1.16: 

NOTES: 

Ans-18 

a) 1V 
b) A sine wave with a phase shift of 90° was selected, Therefore, it 

could be called either a sine wave with a 90° phase shift or ii could 
be called a cosine wave. 

c) 1V 

d) 1ms 

a) No 

a) No 

a) 1.273239544735 

It's the same. 

b) True. 

b) It represents the scale factor. 

b) Yes. 

All odd harmonics have an amplitude value set. 

a) 0.33 (1/3). Notice that, for n = 3, the peak value of the 3,d harmonic 
term sin(nffi7tl)/n = Va at its peak. 

b) 0.2 (1/5) 

c) 0.1428 (1/7) 

Harmonic 3 = 0.4244, Harmonic 5 = 0.2546, Harmonic 7 = 0.1819. 
These are the answers in 1.1.14 multiplied by the overall scale factor of 
it/4. 

a) The fundamental waveform. 

b) Because the square wave is composed of the sum of harmonic 
terms, and some of those terms subtract from the peak value of the 
fundamental to make up the square wave. 

c) 1KHz. 
d) The same, 1 KHz. 
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Answers to Lab Exercise 2.1 - Examining Noise in the Time Domain 

Answer 2.1.1: a) It is impossible to accurately measure the noise amplitude using this 
method. It is approximately 1.5µv and the accuracy of any measure­
ment is questionable. 

b) 15µV/1.5µV,or10:1. 

c) It is impossible to obtain an accurate answer to this question using this 
methodology. Answers could range anywhere from 20: 1 to 5: 1, not a 
very accurate way to calculate an answer. 

d) There is no definite answer to this question. It is asked to demonstrate 
the inaccuracy of this method and will vary widely. Values that vary from 
1 :1 to 2:1 are within an acceptable range; however, the possibility of a 
ratio of 2:1 demonstrates the chance of having a very large error. 

e) Depending on your measurement, which might be partly a guess, the 
answer should fall somewhere between 0-100%. 

Answer 2.1.2: a) About soµv and a little easier to measure. Even so, the answer pro­
vided here is given as an approximate value. 

Answer 2.1.3: 

Answer 2.1.4: 

NOTES: 

b) Probably not; however, this is still not an accurate way to measure 
these signals and any answer between 40-60µv could be expected. 

e) 3:10 or 15:50 

a) 

b) 

c) 

a) 

b) 

500µv and a lot easier to measure. 

No 
Because the noise is 500µv and the fundamental is only 15µv 

No 
When the fundamental is at 1.5V, the full scale resolution had to be 
changed to two volts and there is not sufficient resolution to be able to 

measure a few µ V. 
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Answer 2.1.5: a) No 

b) The general rule when testing is that the measurement capability must 
be at least ten times more accurate than the device or signal being 
tested. The ability of the lab tool does not have the required accuracy. 

Answer 2.1.6: a) 1V 

b) 0.3183098 V 

c) About 0.3178 V 

d) Insufficient resolution when measuring with the oscilloscope 

NOTES: 
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Answers to Lab Exercise 3.1 - Sampling 

Answer 3.1.1 : 1 000Hz. 

Answer 3.1.2: 1 ms. 

Answer 3.1.3: a) 16. 

b) N. 

Answer 3.1.4: a) F1 now equals 3000Hz. 

b) In order to satisfy the coherence equation, since Mwas multiplied by 3. 

Answer 3.1.5: 3000Hz, the same as F,. 

Answer 3.1.6: Still 16 samples; N has not changed. 

Answer 3.1.7: Samples are taken from 3 signal periods (M = 3). 

Answer 3.1.8: Samples are taken over a 1 ms period. 

Answer 3.1.9: This is a Unit Test Period (UTP) of 1 ms. 

NOTES: 
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Answers to Lab Exercise 3.2 - Creating Frequencies from Digitized 
Samples 

An~wer 3,2.1: There are so many samples that the red triangles overlap on the 9raph. 

Answer 3.2.2: a) O.195µs is the time between samples. 

b) It corresponds to 1 / Fs-

Answer 3.2.3: a) 5KHz. 

b) Yes. 

1,) All of the coherency paramete~ are satisfied by the automatic calcula­
tion of the sampler. 

Answer 3.2.4: a) Bin = 1. 

b) Fra<'.luanoy = 5000. 
c) Amplitude = OdB. 

Answer 3.2.5: It is the same. 

Answer 3.2.6: Ten . 

Answer 3.2.7: Eleven. The black one is the triangle wave that is the sum of all the other 
waves. 

Answer 3.2.8: a) Ten frequency components. 

b) They are in bins 1, 3, 5, 7, 9, 11, 13, 15, 11, 19. 

Answer 3.2.9: a) Yes, calculation took much longer. 

b) Since N was not a power of two, DFT, which is much slower, was used 
for the calculation. 

Answer 3.2.10 About 1.9. 

NOTES: 
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Answer 3.2.11 a) Yes, a lot of additional frequencies have appeared. 

b) The harmonics are no longer visible because of leakage. Leakage was 
caused by the discontinuity in the sampled data, which causes frequen­
cies to be spread across all spectral bins. In other words, Jeakaee! 

Answer 3.2.12 a) All ten of them. 

b) The leakage amplitude was reduced by sampling more cycles, 

c) It varies from about -20dB to less than -60dB. 

Answer 3.2.13 All leakage amplitude values have been reduced by about 60dB from the 
values in Answer 3.2.12. 

Answer 3.2.14 They are leakage caused by the non-integer value of 6.99 u3ed for M in the 
sampler. 

Answer 3.2.15 a) 34.93 dB. 

b) 34,83 d6, 

c) -51.43 dB. 

Answer 3.2.16 a) Rectangle. 

b) Rectangle. 

c) Blackman-Harris. 

Answer a.2. 17 a) Hamming. 

b) Hamming. 

c) Blackman-Harris. 

Answer 3.2.18 a) Blackman-Harris. 

b) Blackman-Harris. 

c) Blackman-Harris. 

NOTES: 
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Answers to Lab Exercise 3.3 - The Effects of Aliasing in the Frequency 
Domain 

Answer 3.3.1: No. The fourth harmonic seems out of place; the spacing between the third 
and fourth harmonics is not the same as the spacing between harmonics 1, 2 and 3. 

Answer 3.3.2: 4 * 1031.25 = 4125 Hz. 

Answer 3.3.3: 4 • 33 = 132 (33 is the bin number of F,). 

Answer 3.3.4: There are N/2 = 128 bins. 

Answer 3.3.5: 3875 Hz. Your answer may vary slightly due to the resolution of your l'C dis­
play. 

Answer 3.3.6: Since 4125 Hz is above Fs/2 (4000 Hz), the fourth harmonic is aliased. is 
appears at a "mirror image" frequency. Instead of appearing al 4000 + 125 Hz, it appears al 
4000 - 125 Hz, or 3875 Hz. In terms of bins, bin 132 is 4 bins more than the maximum bin 
(128), so the harmonic appears 4 bins before the maximum bin (124). 

Answers to Lab Exercise 3.4 - Using IFFT to Generate Time Samples 

Answer 3.4.1 : 5000Hz. 

Answer 3.4.2: a) A sine wave. 

b) 200µs. 

C) 0.178V. 

Answer 3.4.3: a) 1024 points. 

b) N. 

NOTES: 

Ans-24 The Fundamentals of Mixed Signal Testing 



--

'-

'--

Answers to Chapter and Lab Questions Soft I'- 111111111 

TGJst.llL 

Answers to Lab Exercise 4.1- Creating DAC Inputs for a Sine Wave 

Answer 4.1.1: 1000Hz 

Answer 4.1.~: a} 5000 
b) No 

c) Fs 

Answer 4.1.3: a) 0 

b) 4095 
c) 2048 

d) The fact that it is a 12-bit DAC (2 12 
- 1 = 4095). 

Answer 4.1.4: a) No. 

b) The number of horizontal points (5000) and the number of vertical 
points (4096) are much greater than the horizontal and vertical resolu­
tion of the graph on the screen (approximately 500 x 300). 

Answer 4.1.5: 4999 

Answer 4.1.6: 200ns 

Answer 4.1.7: a) Zero (0 ) 

b) It is the center of a ±1V sine wave; 2048 is the center of a Oto 4095 
range for a DAC input. 

Answer 4.1.8: a) 4095 

NOTES: 

b) Yes 
c) Yes 

d) Changes in the Y sine value are smaller than a 12-bit LSB, so the bit 

value :ilay:i the :iame 
e) It is not exact; it has step distortion. 
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Answer 4.1.9: a) 2048 

b) No 
c) No 

d} The signal is moving faster at zero (0); i.e. the rate of change of ampli­
tude with respect to time is fast enough to cross an LSB boundary for 
each sample point. 

Answer 4.1.10: a) It changed to 1 00KHz 

b) Slightly different (if any) 

Answer4.1.11: a) Yes 

b) With only 50 steps, the amplitude changes a lot with each sample 

c) Stepped 

Answer 4.1.12: a) Fifty (50) 

b) Yes, but only near 0 and full scale input (Index= 12, 13 and 37,38). 

c) 4091 and 4 

d) No 

Answer 4.1.13: a) F1 increased by a factor of three (3 ). 

Answer 4.1.14 a) Three (3) cycles 

b) No. 

c) The vertical step size depends on the rate of change of the sine wave at 
a given point in time. 

Answer4.1.15: a) 2.9MHz 

b) No 

c) No 

NOTES: 
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Answer 4.1.16 a) 29KHz - b) Yes 
c) Yes -

- Answer 4.1.17: a) It has no effect. 

,.., b) 31 

- c) The waveform looks OK. 

Answer 4.1.18 A 5-bit DAC has very low vertical resolution. 

NOTES: 
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Answers to Lab Exercise 4.2 - Digitizing a Sine Wave 

Answer 4.2.1: F8 = 341.333e3 Hz. 

Answer 4.2.2: a) No. 

b) The sample rate is not divisible by ten. 

c) 10 Hz. 

d) 341,330 Hz. 

Answer 4.2.3: a) 999.990234375. 

b) Yes. 
c) No. 
d) There will be leakage. The expected F1 is 999.990234375Hz and the 

actual fre9uency being sampled is 1 000Hz exactly. The WD sample set 
will contain a slight amount of data from the first part of the next test sig­
nal period, causing the leakage. 

Answer 4.2.4: 1,024,000 

Answer 4.2.5: 

Answer 4.2.6: 

NOTES: 

Ans-28 

No, it is greater than the maximum WD sampling frequency of 1 MHz. 

F1 F., J 
M = N = UTP = FF = F,,, 

Four possible choices are: 
N = 4096, M = 5, F8 = 819200, UTP = 5ms, FF= 200Hz 

N = 1024, M = 5, F5 = 204800, UTP = 5ms, FF = 200Hz 

N; 512, M; 1, F5 = 512000, UTP = 1ms, FF= 1000Hz 

N; 1024, M; 25, F5 ; 40960, UTP ; 25ms, FF = 40Hz 

There are several other valid solutions. 
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Answers to Lab Exercise 4.3 - Coherently sampling a sine wave 

Answer 4.3.1 : Frequency = 1 000Hz. 

Answer 4.3.2: It is a sine wave which starts at 0V when t = 0. 

Answer 4.3.3: No phase shift (0° or 0 radians). 

Answer 4.3.4: Amplitude is 1 V peak (2V 0 •. 0 ,). 

(Note that this wav@ could also b@ considered a cosine wave with -90° 
phase shift. Verify this by changing the Term Type and Phase Shift in the 

Fourier Waveform tab if you wish.) 

Answer 4.3.5: F1 = 1000 just as we calculated earlier. 

Answer 4.3.6: One frequency peak occurs because there is only one sine component in 
the waveform, with no noise and no distortion. 

Answer 4.3.7: Frequency value at the peak is 1000. 

Answer 4.3.8: There should be 512 total sample points. 

Answer 4.3.9: 25 ms. 

Answer 4.3.1 O: This is the UTP. 

Answer 4.3.11: 40Hz. 

NOTES: 
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Answers to Lab Exercise 4.4 - Undersampling with the Beat Frequency 
Method 

Answer4.4.1: a) With the cursor, 1~1.955µsec so J~512KHz ,a 

b) It matches Fs - F,, or the desired test frequency of 1 KHz. 

Answer 4.4.2: Two samples. 

Answer 4.4.3: A sin@ wave. 

Answ@r 4.4.4: F1 changed from 511 KHz to 1 KHz and th@ number of samples remained 
the same. Also, 512 samples, instead of being distributed over 511 cycles, 
all occur in one cycle. 

Answer 4.4.5: 261.632 MHZ. 

Answers to Lab Exercise 4,5 - Undersampling with the Envelope Method 

Answer 4.5.1: The spectrum appears in reverse order. 

NOTES: 
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Acquisition Time 

Alias 

Analog to Digital Converter (ADC) 

Angular Velocity 

Anti-aliasing Filter 

Aperture Time 

Glossary 

The time required by a track and hold circuit to 
acquire an input signal being ~am~lec;f (circuit 
switches from "hold" to ''track" mode) 

A false signal that is created as a function of sam­
pling and DSP computations 

A device that transforms analog signals into digital 
binary values. 

The time rate at which an object rotates about an 
axis; frequency 

A circuit element filter used to remove alias fre­
quencies 

The time required by a track-and-hold circuit to 

latch an analog voltage value (circuit switches from 
''track" to "hold" mode) 

Arbitrary Waveform Generator (AWG) Low distortion signal generator 

Bandwidth The width of a frequency range 

Bin (frequency Bin or Spectral Bin) Spectral resolution in the frequency domain 

Center Frequency The frequency at the center of a bandwidth 

Characteristic Impedance A measure of the incremental, distributed imped­
ance of a transmission line 

Coherent Sampling Sampling an integer number of samples from an 
integer number of cycles 

NOTES: 
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Common Mode Rejection Ratio (CMRR) The ability of a differential amplifier circuit to 
reject a signal common to both its inverting and 
non-inverting inputs 

Conversion Time 

Decibel 

Decimation 

Delta Modulation 

Differential Nonlinearity (DNL) 

Digital to Analog Converter (DAC) 

Digital Signal Processing (DSP) 

Digital Signal Processor (DSP) 

Discrete Fourier Transform (DFT) 

NOTES: 

The time required for an At>C to convert an 
analog input voltage sample to its correspond­
ing digital value. 

A unit which is the log to the base 10 of a volt­
age or power ratio 

The discarding of data at one sampling fre­
quency to achieve a new, reduced sampling fre­
quency. 

A one-bit serial encoding scheme that repre­
sents the slope of the input, using a very high 
sampling frequency. 

Small signal nonlinearity; the difference 
between measured and ideal output steps 

A device that converts digital information into 

analog signals 

The process of analyzing sampled analog sig­
nal information after it has been converted into 
binary data in hexadecimal format 

A specialized CPU designed to rapidly process 
arrays that are composed of digital representa­
tions of analog signals 

A mathematical algorithm that converts time 
domain signals to frequency domain 
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Distributed Impedance Model 

Dithering 

OUT 

Dynamic Range 

Effective Number Of Bits (ENOB) 

Fast Fourier Transform (FFT) 

Filter "Q" 

Fourier Frequency 

Frequency Bin 

Frequency Domain 

Frequency Spectrum 

NOTES: 

Glossary Softl Ill.. -
Test -"'L 

A model for circuit analysis where the reactive ele­
ments are assumed to be very small values incre­
mentally placed along a signal path 

Th@ addition of a small amount of nois@ to a signal 
to randomize either its quantization noise or 
unwanted self tones. 

Acronym for Device Under Test 

The ratio between the largest possible signal and 
the smallest possible signal in a particular data set. 
In this context, it is used to mean a reduction in the 
noise floor that makes observation of the :'.Mall :',ig­
nals possible. 

The number of usable bits of an ADC, based on its 
Mea:e,ured noi:',e ~erformanee 

A mathematical algorithm that is substantially 
faster than OFT 

The ratio of the center frequency of a bandpass fil­
ter to its ~de bandwidth points 

Spectral resolution; also called a bin (see Fre-

9uency Bin) 

Spectral resolution in the frequency domain; also 
known as the Fourier Frequency 

A frequency plot with frequency on one axis and 

RMS voltage amplitude on the oth@r axis 

A specific range of frequencies 
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Full Scale Range (FSR) 

Fundamental Frequency 

Gain Error 

Harmonic Distortion 

Harmonic:. 

Heterodyne 

Histogram 

Integral Nonlinearity (INL) 

Intermodulation Distortion (IM) 

Inverse Fast Fourier Transform (IFFT) 

NOTES: 

1. Ideal DAC output or ADC input voltage 
extremes; 
2. Measured DAC output and ADC input volt­

age extremes 

An analog signal being tested, usually a sine 

wave (see Bin) 

The difference between measured and ideal 

gain 

Distortion of a pure analog signal caused by its 
harmonics 

Integer multiples of a fundamental tre9uency 

The mixing of two frequencies in a nonlinear 
device that will produce the sum and difference 
of the original two frequencies 

1. A statistical distribution plot 
2. A statistical method used to test ADC 
devices for linearity and test for spurious codes 

The absolute error at any given point; the 
cumulative sum of all sources of linearity errors 

Error signals equal to the sum and difference of 

two pure sine wave signals that are applied to a 

nonlinear device 

An algorithm that converts frequency domain 

signals to the time domain 
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Distributed Impedance Model 

Dith@ring 

OUT 

Dynamic Range 

Effective Number Of Bits (ENOB) 

Fast Fourier Transform (FFT) 

Filter "Q" 

Fourier Frequency 

Frequency Bin 

Frequency Domain 

Frequency Spectrum 

NOTES: 

Glossary Softl '-. -
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A model for circuit analysis where the reactive ele­
ments are assumed to be very small values incre­
mentally placed along a signal path 

The addition of a small amount of noise to a signal 
to randomize either its quantization noise or 
unwanted self tones. 

Acronym for Device Under Test 

The ratio between the largest possible signal and 
the smallest possible signal in a parlitular data set. 
In this context, it is used to mean a reduction in the 
noise floor Iha! makes observation of the small sig­
nals possible. 

The number of usable bits of an ADC, based on its 
measured noise r,erformanee 

A mathematical algorithm Iha! is substantially 
faster than OFT 

The ratio of the center frequency of a bandpass fil­
ter to its ~de bandwidth points 

Spectral resolution; also called a bin (see Fre­
quency Bin) 

Spectral resolution in the frequency domain; also 
known as the Fourier Frequency 

A frequency plot with frequency on one axis and 

RMS voltag@ amplitud@ on th@ oth@r axis 

A specific range of frequencies 
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Full Scale Range (FSR) 

Fundamental Frequency 

Gain Error 

Harmonic Distortion 

Harmonic$ 

Heterodyne 

Histogram 

Integral Nonlinearity (INL) 

Intermodulation Distortion (IM) 

Inverse Fast Fourier Transform (IFFT) 

NOTES: 

1. Ideal DAC output or ADC input voltage 
extremes; 
2. Measured DAC output and ADC input volt­

age extreme:i 

An analog signal being tested, usually a sine 

wave (see Bin) 

The difference between measured and ideal 

gain 

Distortion of a pure analog signal caused by its 
harmonics 

Integer multiples of a fundamental fre9uency 

The mixing of two frequencie$ in a nonlinear 
device that will produce the sum and difference 
of the original two frequencies 

1. A statistical distribution plot 
2. A statistical method used to test ADC 
devices for linearity and test for spurious codes 

The absolute error at any given point; the 
cumulative sum of all sources of linearity errors 

Error signals equal lo the sum and difference of 

two pure sine wave signals that are applied to a 

nonlinear device 

An algorithm that converts frequency domain 

signals to the time domain 
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Least Significant Bit (LSB) 

Lumped Impedance Model 

Monotonic 

Noise Shaping 

Non-periodic Functions 

Notch Filter 

Nyquist Frequency 

Nyquist Limit 

Offset Error 

Oversampling 

NOTES: 

Glossary Softl 111,. -
Test di. 

The smallest possible DAC output or ADC input 
that can be quantified 

A model for circuit analysis where the reactive ele-
ments are assumed to be a lump sum value placed 
at the end of a signal path 

With the input moving in a single direction, the out-
put either remains constant or moves in a single 
direction 

A modulation of the quantization noise to a fre-
quency range outside the frequency bandwidth of 
interest using a delta modulator. 

Functions that are not continuous; functions that 
contain a discontinuity 

A band-reject filter used to attenuate a specific Ire-
quency 

The minimum frequency required to sample a sig-
nal containing a various frequencies of interest. 
Th9 Nyquist Frequency must be greater than 2x 
the highest frequency of interest 

The highest frequency of interest that can be repre-
sented when sampling at a particular Nyquist Fre-
quency. The Nyquist Limit is ½ the Nyquist 
Frequency 

The difference between measured and ideal device 
output with a zero input 

Sampling at much higher than the required Nyquist 
rate in order to extend the dynamic range of a mea-
surement. 
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Oversampling Ratio 

Power Supply Rejection Ratio (PSRR) 

Propagation Delay 

Quantization Error 

Rectangular Coordinates 

Resampling 

Resolution 

Root Mean Squared (RMS) 

Root Sum Squared (RSS) 

Sample Frequency 

NOTES: 

A multiplier value by which the input sampling 
rate exceeds the Nyquist requirement of F. = 
2*F;. 

The ability of a circuit to reject variations in 
power supply voltage 

The amount of time a signal takes to travel 
along a signal path or connection 

Analog signal amplitude error determined by 

LSB size 

Magnitude and phase values of a signal repre­
sented in rectangular format 

Converting samples taken at one sampling fre­
quency into new samples at a different sam­
pling frequency by using interpolation, 
averaging or decimation. 

The total number of device bits 

The analog voltage that is equal to a DC volt­
age containing the same amount of energy 

A mathematical value equal to the square root 
of the sum of the squares of a sequence of val­
ues. It differs from the Root Mean Square 
because the mean of the values is not taken 

The rate at which an analog signal is sampled 

and digitized 
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Signal to Noise and Distortion 

Signal to Noise Ratio (SNR) 

Sin(x)/x Distortion 

Sine Histogram 

Sinusoid 

Spectral Leakage 

Spectral Replication (Aliasing) 

Spectrum 

Spurious Free Dynamic Range 
(SFDR) 

NOTES: 

Glossary Softl "I., 111111 

T@st,J/Jla 

An unwanted side effect of delta-sigma converters 
whereby DC inputs near mid-scale create audible 
AC signals. 

The ratio of tha anargy eontained in the fundamen­
tal frequency to the sum of all energy contained in 
all other frequencies 

The ratio of the energy contained in the fundamen­
tal fre9uency to the sum of all noise ener9y within a 
given frequency spectrum; the energy contained in 

harmonic frequencies is not included 

Amplitude error caused by sampling 

A statistical method used to test ADC devices for 
linearity and test for spurious codes 

Sine wave 

Frequency energy leakage into adjacent spectral 

bins 

Generation of false signals that occurs as a 
function of sampling, and DSP computations (See 
Alias) 

A frequency range 

The noise free area between the RMS voltage 
value of a fundamental frequency and the highast 
peak of any other frequency 
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Superposition Error 

Termination 

Time Domain 

Total Harmonic Distortion (THD) 

Track and Hold 

Transmission Line 

Undersampling 

Unit Test Period (UTP) 

Velocity 

Waveform Digitizer (WD) 

Wavelength 

NOTES: 

Glossary Soft! '-. illlllll 
Tsst . .JIL 

The measured difference in a signal that should be 

the exact sum of two other signals and is not 

A circuit de5ign method that u5e5 component5 to 
compensate for the effect of transmission lines on 
electrical signals 

Time plotted on one axis and signal amplitude on 
the other axis 

The ratio of the energy contained in the fundamen­
tal frequency to the sum of all harmonic energy 
within a given frequency spectrum; the energy con­
tained in noise frequencies is not included 

A circuit used to ''trap" voltages from an AG signal 
for more accurate conversion by an ADC 

A signal path or circuit connection that exhibits 
reactive effects due to its characteristic impedance 

A methodology used to capture signals with fre­
QUencie5 higher th,m that the Nyqui~t limit of the 
sampling instrument 

The time required to sample a specified number 

set of cycles 

The speed, in distance per unit time, with which a 
signal travels along a transmission line 

Instrument that samples analog signals and con­
verts them into digital values 

The signal velocity divided by its frequency 
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A 
AC Measurements 1-14 
Accuracy, DAC 4-11 
Acquisition Time 8-23 
ADC 5-1, C-1 
ADC Architectures 5-27 
ADC Input, Filtering 8-16 
ADC Segment Testing 5-15 
ADC Transitions 5-5 
ADC, Codes to Test 5-27 
ADC. Statistical Distribution 5-25 
Alias G-1 
Aliasing 6-11, G-6 
Amplifier Noise 9-4 
Analog ATE 1-20 
Analog Circuits J-16 
Analog to Digital Converter 5-1. G-1 
Angular Velocit)' 2-14, G-1 
Anti-aliasing 8-17 
Anti-aliasing Filter G-1 
Aperture Jitter 5-13 
Aperture liner. AOC 5-15 
Aperture Time 5-13, 8-20, G-1 
Aperture Time, ADC 5-15 
Arbitrary Waveform Generator 1-27. G-1 
Averaging 9-11 
AWGG-1 

B 
Bandwidth, Filter 3• IO 
Beat Frequency Sampling 8-27 
Bin Number, Fundamental 6-26 
Bin, Frequency 6-29. G-1 
Bipolar4-5 
Bit 1-3 
Boolean Logic 1-5 

C 
Capture Memory 1-30 
Capture RAM 1-30 
Center Frequency 3-11. G-1 
Center of Code 5-11 
Center of Code, Finding 5-9 
Clipping. ADC 8-15 
CMRR G-1 
Code Width 5-9 
Codes to Test, ADC S-27 
Coherent Sampling 6-24, G-1 
Common Mode Rejection Ratio 3-5, G-1 
Complex Numbers 2-26 
Complex Plane 2-27 
Conversion Time 5-12 
Cosine 2-16 
Creating a Sine Wave 8-14 
Cross Point Matrix 1-21 
Current Paths 9-7 

Index 

D 
DAC 7-3, G-2 
DAC Gain Error4-7 
DAC Maximum Conversion Rate 4-11 
DAC Output Samphng 7-16 
DAC Settling Time 7-11 
DAC Summing Junction 4-3 
DAC Test System Configuration 4-13 
DAC, Output Filtering 7-21 
dB Ratio Table 2-8 
Debugging 9-11 
Decibel 2-7, G-2 
Decoupling, Power Supply 9-8 
DFf 6-6. G-2 
Differential Nonlinearity G-2 
Differentiill Nonlin,arity, ADC 5-8 
Differential Nonlinearity, DAC 4-8 
Digital Device Parameters 3-3 
Digital Signal Processing G-2 
Digital Test Systems 1-7 
Digital to Analog Converter G-2 

Dirac 2·22 
Dirac delta function 2-22 
Discrete Fourier Transform 6-6, G-2 
Di~tortion, Harmonic 3-6 
Distortion. Sin( x )Ix 6-19 
DNLG-2 
DNL,ADC 5-9 
DNL, DAC 4-8 
DSP 1-30, G-2 
[)ynomit ltt1jlMMlt~ g_ 1 R 
Dynamic Range 8-9 
Dynamic Specifications, DAC 7-3 

E 
Effective Number O(Bits 5-27, 8-~l, G-2 
ENOB 8-31, G-2 
Envelope Sampling 8-27 
Equntion (7.7) 7-28 
Equation 2.9 2-11 
Equation 4.1 Lab JV-4 
Equation 5.12 5-9 
Equation 5.6 5-8 
Equation IY,I Lab IY-5 

Index 

F 
Fruttily Boru,d 1-22 

Soft!'- -
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Fast Fourier Transform 6-7, G-2 
Filter "Q" G-2 
Fil Mr B1111dwidth 3- IO 
Filter Settling Time 3-11 
Floating Point 1-5 
Fourier Frequency 6-26, G-2 
Frequency Bin 6-29, G-1, G-2 
Frequency Domain 2-20. G-3 
Frequency Spectrum 2-20, G-1, G-3 
Fres 6-26 
FSR G-3 
Full Scale Range G-3 
Full Scale Range, ADC 5-4, 5-7 
Full Scale Ran8e, DAC 4-5, 7-11 
Functional testing 1-9 
Fundamental Frequency G-3 
Fundamental, Attenuation 7-25 
Fundamental, Bin Number 6-26 

G 
Gain Bandwidth 3-5 
Gain Error G-3 
Gain Error Voltage 4-7. 5-8 
Gain Error, ADC 5-8 
Gain Error, DAC 4-7 
Gates. Logic 1-5 
GBW3-5 
~n,r~ling 5illllpl,, ◊-Jl 
Glossary G-1 
Go-No-Go Testing 1-9 
Grournl 9-5 

H 
Half Sine Wave Formula 2-25 
Harmonic Distortion 3-6, 0-3 
Harmonics G-3 
Hetrodyne 7-2, G-3 
Hetrodyning 7-9 
Highest Frequency of Interest 6-4 
Histogram G-3 
Histogram Test 5-24 
Histogram, ADC 5-25 
Histogram, Sine 8-28 
Humidity Problems 9-13 
HysMresis. ADC 5-20 
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IFFT 6-33, G-4 
IMG-3 
INLG-3 
!NL, ADC 5-10 
INL, ADC Calculation 5-10 
!NL, DAC4-9 
Input Bias Current 3-4 
Input Offset Current 3-4 
Input Offset Voltage 3-4 
Integral Nonlinearity G-3 
Integral Nonlinearity, ADC 5-10, 5-12 
Integral Nonlinearity, DAC 4-9 
Intennodulation Dist'n, ADC 8-8 
Intermodulation Dist'n, DAC 7-8 
lntennodulation Distonion 7-9. G-3 
Internal Reference 9-10 
Inverse Fast Fourier Transform G-4 
Inverse FFf 6-33 
Inverse Fourier Transform 6-33 

J 
Jitter Error 6-23 

L 
LabQuestion4, l.Z Lab IY-9 
Leakage 6-14 
Least Significant Bit G-4 
Level Shifting, DAC Output 7-24 
Light Problems 9-13 
Logarithms 2-3 
Logic Gates l • 5 
Low Pass Filter, DAC 7-21 
LSB G-4 
LSB Size. ADC 5-6 

M 
Maximum Conversion Rate, DAC 4-11, 

7-11 
Mea1uting 5-19 
Missing Codes 5-12 
Mixed Signal Test System 1-25 
Monotonic 4-11. G-4 
Mutually Prime 6-26 

N 
Narrow Codes, ADC 5-25 
No Missing Codes, ADC 5-9 
Noise 9-4 
Noise, ADC 9-4 
Noise, RF 9-13 
Non-periodic Functions G-4 
Notch Filter 7-25, 0-4 
Nyquist Limit 6-2, 0-4 

0 
Offset Error 5-7, G-4 
Offset Error, A.IX 5-7 
Offset error. DAC 4-5 
Operational Amplifier Specifications 3-4 

p 
Parallel Data 1-4 
Parametric Testing 1-12 
PE Card 1-11 
Pendulum 2-11 
Phase 2-16 
Pin Electronics 1-11 
PMU 1-12 
Polar Conversion 2-30 
Power Ratio 2-7 
Power Supply Decoupling 9-8 
Power Supply Rejection Ratio 3-5, G-4 
PSRR G-4 

Q 
Quality Factor, Filter 3-11 
Quantization Error 6-22, G-4 

R 
Rack and Stilck l -20 
Ramp Test for DNL and INL 5-21 
Rectangular Conversion 2-30 
Rectangular Coordinates 7-28, G-4 
Reference Signal 9-10 
Reference Source 4-24 
Repeatability 9-11 
Replication 6-9 
Resolution, DAC 4-5 
Response Time 3-10 
RF Noise 9-13 
RMS 2-18. G-5 
Root Mean Squared 2-18, G-5 
Rotating Vector 2-12 

Index 

s 
Sample Frequency G-5 
Sample Set 6-4 
Samples. Generating 6-31 
Sampling with an ADC 8-24 
Sampling, Beat Frequency 8-27 
Sampling, Coherent 6-24 

Sampling, Envelope 8-27 
Scaling. DAC Output 7-24 
Serial Data 1-4 
Settling Time Errors 9-9 
Settling Time, DAC 7-l l 
Settling time, Filter 3-11 
SFDR G-6 
SFDR, ADC 8-9 
5hannon · s Theorem 6-4 
Signal Clipping, ADC 8-15 

Test i)i: 

Signal to Noise & Dist'n, ADC 8-7 
Signal 10 Noise & Dist'n. DAC 7.5 
Signal to Noise and Distortion 3-7, G-5 
Signal to Noise Ratio G-5 
Signal to Noise Ratio, ADC 8-5 
Sin(xJ/x Distortion 6-19, G-5 
SINAD 3-7. G-5 
SINAD. DAC 7-5. g_ 7 
Sine Histogram 8-28 
Sine Wave Algorithm 7-18 
Sinusoid 2-IO, C-5 
Slew Rate Error 6-23 
SNDR, DAC 7-5, 8-7 
SNR 3-7. G-5 
SNR, ADC 8-5 
SNR. DAC 7-6. 7-8, 8-8 
Spectral Bln Li- t 
Spectral Leakage 6-14. G-5 
Spectral Replication G-6 
Spectrum Analyzer 6-5 
Spurious Free Dynamic Range 8-9, G-6 
Square Wave Fonnula Z-25 
Start Convert. ADC 5-15 
Summing Junction, DAC 4-3 
Superposition Error G-6 
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T 
Table 2 6-33 
Temperature Effects 9-9 
Test System Confi~uration, DAC 4-13 
Test System, Digital 1-7 
Test System, Mixed Signal 1-25 
THD 3-6, G-6 
THD, ADC 8-6 
THD, DAC 7-7 
Time Domain G-6 
Time Window Functions 6-15 
Total Hannonic Distortion 3-6, G-6 
Total Harmonic Distortion, ADC 8-6 
Total Harmonic Distortion. DAC 7-7 
Track and Hold 8-22 
Trnn~ition Noi~e. AOC 'i-1 'i 
Transition noise, ADC 5-20 
Transitions, ADC 5-11, 5-19 
Trinngle Wuve Pommlu 1-1~ 
Truncation Error 6-21 

u 
Unipolar 4-5 
Unit Test Period 6-26, G-6 
UTPG-6 

V 
Vector Memory 1-9 
Vector Sequencing 1-14 

w 
Waveform Digitizer G-6 
WDG-6 
Wide Codes. ADC 5-25 
Window Functions 6-15 

z 
ZeM Scrue. DAC 4-6 
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