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Introduction

Test and measurement instruments have come a long way since the introduction of the HP 200A audio 
oscillator in 1938. One major change has been the implementation of digital technology to replace 
analog circuitry in instruments. Today’s instruments typically utilize high-performance analog-to-
digital converters (ADCs) or digital-to-analog converters (DACs). These allow you to analyze and 
generate waveforms with much better fidelity at higher frequencies and with much better dynamic 
range compared to instruments of just a few years ago. 

The wide variety and complexity of signals that today’s engineers must work with, pose a significant 
challenge for choosing the right test equipment. ADCs and DACs are at the heart of most test 
equipment, and they have a prominent effect on instrument performance. Without a good quality ADC 
or DAC in the test equipment, the user will not be able to achieve good test results.  

There is often a considerable amount of confusion around converter specifications versus the specifi-
cations of the instruments where the converters are used. It does not help that the same terminology 
is used across the characteristics of different instruments, but can have subtle differences in meaning. 
In this application note, we will look at some common converter characteristics and how they relate to 
instrument performance. Understanding these elemental concepts will enable you to choose the best 
instrument for the job and leverage its potential to the fullest.
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Converters and Their Characteristics

A waveform can be generated with an ADC which rapidly samples the input waveform 
and sequentially builds a data record containing evenly spaced amplitude values 
representing the waveform. This is accomplished using sample-and-hold technology to 
capture successive waveform values at a precise sample rate. Conversely, a DAC pro-
cesses discrete values using zero-order hold technology and a precision sample clock, 
and produces a continuous signal. The digital values in both cases are called samples1. 
ADC’s and DAC’s share many of the same characteristics including integral nonlinearity 
(INL) and differential nonlinearity (DNL), sample clock rate and bit resolution. 

INL and DNL are important indicators of a converter’s accuracy. INL is the maximum 
deviation of the actual output from the expected (ideal) output of the converter. DNL 
is a measure of the deviation of the output from the ideal step width, when stepping 
from one value to the next. The overall quality of the converter relies on these two 
parameters. 

INL and DNL are static parameters, but they contribute to the dynamic specifications 
ENOB and SFDR. Test instrument data sheets typically include dynamic specifications 
but not the actual INL and DNL specifications. Also, the underlying assumption is that 
the signal is at full-scale. But INL and DNL have a greater affect on accuracy when the 
signal isn’t at full-scale range of the converter. This is why the converters in instruments 
should be used at full scale wherever possible. 

A converter with high bit resolution uses a larger number of bits to represent each 
sample and thus provides better waveform fidelity. However, it cannot be clocked as fast 
as a converter with low bit resolution2, which means a lower sample rate. Using lower bit 
resolution makes it possible to use faster sample rates but results in reduced waveform 
fidelity. Sample rate and bit resolution are inversely dependent, and depending on the 
application, trade-offs between sample rate (bandwidth) and bit resolution (dynamic 
range) often need to be made.

Converters will also use different hardware architectures and some form of DSP to 
improve the bandwidth and dynamic range performance. Hardware techniques include 
interleaving of converters, dithering, undersampling and oversampling. DSP techniques 
include decimation, interpolation and the Hilbert Transform. Typically, an instrument is 
designed as a balanced system whereby the overall performance is matched with the 
converter’s performance, and depending on the desired outcome, multiple techniques 
may be used to achieve the desired overall system performance.

1.   They may also be called time-domain samples, time samples, sample points or time-domain points, 
depending on the interested party.

2.   Technological limitations in current converter architecture are one reason for this. Apart from this, 
higher bit resolution means more bits on the interface bus and there are limits to how fast the bits 
can be transferred on the bus.
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How is bit resolution related to dynamic range?
Dynamic range is typically defined as the ratio between the largest and smallest values 
of a given quantity that can be simultaneously measured to a reasonable degree of 
certainty. For an ADC, the dynamic range is the range of signal amplitudes that it can 
resolve, and for a DAC, it is the range of signal amplitudes that it can generate. 

In the case of converters, dynamic range is directly related to the bit resolution. Bit 
resolution determines the number of quantization levels for the waveform, and the more 
quantization levels you have, the better the representation of the waveform. For example, 
a 4-bit ADC will produce samples that are 4-bit binary words, thus 16 quantization levels 
are possible. If the full-scale voltage range of the ADC is 1 V, the level represented by the 
LSB or smallest amplitude step size will be 62.5 mV. This is also the voltage resolution of 
the converter. With an 8-bit ADC, there are 256 quantization levels and thus the voltage 
resolution is 3.9 mV. As we resolve to finer levels, the dynamic range available to us will 
increase. 

A common rule of thumb is that you get an increase of 6 dB of dynamic range for every 
additional bit of resolution. This is because each bit added doubles the number of 
discrete voltage levels we can generate, which corresponds to an increase of 6.02 dB in 
the dynamic range:

To calculate the total dynamic range:

With a 16-bit converter then, you would expect to have 96.3 dB of dynamic range.
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How do sample rate and bandwidth influence each other?
The converter bandwidth needed to digitize or create a given signal is determined by 
the characteristics of the signal, including frequency, rise time, type of modulation and 
modulation rate. It is also affected by the rules of Nyquist’s sampling theorem1. 

Consider for example, how this applies to a digitizer. Nyquist’s theorem dictates that 
to achieve an alias-free result, you must sample at a rate at least twice the highest 
frequency component of the signal being measured. But this assumes a perfect brick-
wall response that falls off at exactly half the sampling rate used (called the Nyquist 
frequency2). Converters, like all hardware, are limited by physics – and do not offer a 
perfect brick-wall frequency response. Thus frequency components greater than the 
Nyquist frequency, though attenuated, get sampled and cause aliasing in the band of 
interest.

To work around the aliasing problem, we typically sample a little faster than twice the 
bandwidth. How much faster depends on the instrument and its architecture. For signal 
analyzers, this oversample rate is usually 18% to 28% more. When selecting a spectrum 
analyzer for a specific application, the analyzer’s bandwidth must be wide enough so 
that the signal of interest fits completely within it. For an oscilloscope, a general rule 
of thumb is to choose a scope with bandwidth at least 2.5 times the Nyquist frequency 
if the scope has a maximally flat response, or four to fives times if it has a Gaussian 
response. This works for purely analog waveforms – if the signal is a digital one, the 
bandwidth should be at least five times the highest symbol rate.

1.  The theorem is stated thus: For a limited bandwidth signal with a maximum frequency fMAX, the 
equally-spaced sampling frequency fS must be greater than twice the maximum frequency fMAX, in 
order to have the signal be uniquely reconstructed without aliasing. 

2.   Not to be confused with Nyquist rate. Given a signal with maximum bandwidth fMAX, the Nyquist 
rate is the minimum sampling rate required for perfect reconstruction, i.e., 2fMAX. It is an attribute 
of the signal being sampled. Given a specific sample rate, the Nyquist frequency is the maximum 
bandwidth for which perfect reconstruction is possible, i.e., fS/2. It is an attribute of the equipment 
used to perform the sampling.

Figure 1. Because of limitations of physics, real-world hardware does not have a brick wall 
response, which means when frequency components greater than the Nyquist frequency fN get 
sampled, they will violate Nyquist’s rules and cause aliasing.
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How does interleaving help with the sample rate/bit resolution 
trade-off?
The main idea behind interleaving converters is to obtain gains in sample rate without 
having to sacrifice bit resolution. This works well for ADCs, but there are some limitations 
specific to DACs due to hardware design limitations, as we shall see in this section.

As an example, let’s look at an interleaved system consisting of two ADCs which sample 
at the same clock rate, but are delayed relative to each other by half a sample clock 
period. The instrument’s CPU retrieves and interleaves the samples after each acquisi-
tion. This doubles the number of samples that we obtain in a single clock cycle (i.e., the 
sample rate). The result is a sampled signal that combines the advantage in dynamic 
range from the individual ADCs with the higher effective sample rate from the overall 
system.

Interleaving DACs is a much different process. When interleaving DAC outputs, we have 
to interleave discrete amplitude levels, and not digitized samples as we would in an ADC 
system. A switch has to be used to do this. In theory, this doubles the sample rate, but 
practically, a switch running at higher frequencies causes too much distortion to create a 
useful system.

Pseudo-interleaving is a more useful method at higher frequencies. The original sample 
data record is split into two records, one consisting of odd-numbered samples and the 
other of even-numbered samples. These two records are played out in separate DACs 
running at the same sample rate, but with a relative phase of half a sample clock period. 
The outputs of the DACs are summed instead of being interleaved with a switch. The 
two DACs will produce the same waveform, except that signal images at odd multiples of 
the DAC sampling frequency will be opposite in phase. When summed, these particular 
images will cancel out. The resulting signal will contain the original desired waveform 
and its images at twice the DAC sampling rate – effectively the same as using a single 
DAC at twice the sampling rate. Our Nyquist frequency has effectively doubled, granting 
us wider frequency coverage.1

Figure 2. Interleaved system with two ADCs. We retain the benefit of the higher dynamic range of a 
lower sample rate ADC, yet achieve a higher effective sample rate.

1.  This technique is especially useful in high performance arbitrary waveform generators where two 
channels may be interleaved into a single higher sample rate channel. For a detailed treatment, refer 
to the application note Fundamentals of Arbitrary Waveform Generation, A high performance AWG 
primer, lit. no. M8190-91050. 
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Figure 3. Pseudo-interleaving of two DACs. The signal bandwidth does not increase, but the usable 
bandwidth (frequency coverage) of the DAC increases.

For accurate interleaving, the converters should be closely matched in vertical gain, 
offset and frequency response, and the phase-delayed clocks must be aligned with high 
precision in order to satisfy Nyquist’s rule that dictates equally spaced samples1. Any 
jitter or misalignment in the clocks or the various path lengths will result in interleave 
distortion.

1.  The requirement for equally spaced samples is an often overlooked but equally important principle 
in Nyquist’s Sampling Theorem, especially to prevent interleave distortion.
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Why is dithering useful?
A repeating or periodic waveform presents a problem due to its periodicity. When 
recorded (in the case of an ADC) or generated (in the case of a DAC), the quantization 
noise also becomes periodic. In the frequency domain, this periodic quantization noise 
will manifest as a smaller number of discrete spectral components or harmonics with 
higher power, compared to a non-periodic signal. This has the effect of reducing the 
dynamic range (specifically the SFDR).  

Dithering is the process of adding a small amount of random noise (typically less than 
± 0.5 LSB value) to a signal before it goes into the converter. This has the effect of 
“randomizing” the quantization noise and making it non-periodic, resulting in a larger 
number of harmonics with lower amplitude levels, spread out over a wider spectrum. This 
technique can potentially raise the noise floor, but the overall benefit is to help us get 
better spurious-free dynamic range than we might otherwise have. 

Dithering is usually performed automatically in most instruments, although, depending 
on the architecture, the user may be given the choice to turn it off if they wish.

Figure 4. Non-subtractive dither as applied to a DAC. The dither is digitally applied to the sample 
data before feeding the data into the DAC.

Figure 5. Subtractive dithering as applied to an ADC. The analog form of the dither is added prior 
to the ADC and the digital form is subtracted afterwards; thus the overall noise power does not 
increase.
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How do oversampling, interpolation and decimation affect my 
signal?
Oversampling means sampling a signal at a rate significantly higher than the Nyquist 
rate. The samples thus obtained would track the signal more closely, hence this results 
in a more accurate representation of the signal. The accuracy is limited by the minimum 
step size available in the converter. 

Interpolation refers to increasing the number of samples in a data record by inserting 
new sample values between the existing ones. The new samples could just be zero-
valued, or they can be mathematically calculated from the existing sample values. 

Decimation is the process of reducing the sample rate of data, usually involving a two-
step process – first filtering with a low pass filter to remove high frequency components, 
then downsampling the filtered signal. (Simply downsampling without first filtering can 
result in aliasing with the lower sample rate.)

Oversampling and decimation are often used in combination to increase the dynamic 
range available from an ADC. Oversampling improves signal to quantization noise ratio, 
because signal energy stays the same, but noise energy is spread over a larger band-
width. Decimation can then be performed on the sampled data – the filtering gets rid of 
noise at higher frequencies (yielding the extra dynamic range), and downsampling brings 
it back to the original desired sample rate. Sinc filters1 are widely used, which have the 
effect of smoothing the data, and the decimation factor can be chosen to obtain any 
other desired sample rate (provided, of course, that Nyquist rules are still satisfied). 

For DACs, interpolation is combined with decimation with the main goal of bringing 
sampled data to a sample rate that can be handled by the DAC. Interpolation increases 
the sample rate while decimation reduces it, and again, using sinc algorithms in the 
filtering stage (or a sinc interpolator like the Whittaker-Shannon algorithm) helps to 
re-create a smooth signal.

1.  A sinc filter’s impulse response is a sinc function in the time domain and its frequency response is a 
rectangular function. The normalized sinc function is defined as: sinc(x) = sin(x) / x, for x ≠ 0.
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When is undersampling useful?
Undersampling means sampling a signal below the Nyquist sampling rate. Classic sam-
pling theory tells us that this will produce aliasing and is generally undesirable because it 
would lead to problems with uniquely reconstructing the signal. However, under certain 
conditions, this can be turned to our advantage – the most widely used example being 
in the technique of bandpass sampling. A detailed treatment is beyond the scope of this 
application note, but we will provide a short overview of the technique here. 

Consider a bandpass-filtered signal - a bandlimited signal with no baseband compo-
nents. Sampling this signal would ordinarily require a sample rate of at least twice the 
highest frequency component. Undersampling will result in aliased copies of the signal 
indistinguishable from the original. We can then choose a sample rate such that the 
lowest frequency alias satisfies Nyquist’s criterion (which happens if the aliases do not 
overlap and the chosen sample rate is more than twice the bandwidth of the original 
signal). This lowest frequency alias is effectively a frequency-shifted and possibly 
mirrored version of the original signal. We can proceed to use this alias to represent our 
signal, and perform further processing as desired (demodulation or reconstruction). 

What is the advantage of this? Used properly in ADC instrumentation, it can lead to more 
efficient use of memory, longer recording times and faster measurement times (due to 
the fact that fewer samples need to be processed). These benefits are typically seen 
when using digitizers or oscilloscopes to capture a signal.
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What does the Hilbert transform do?
The Hilbert transform1 is a signal processing tool which has the effect of changing the 
phase of a signal by 90 degrees. It is typically implemented in signal analyzers as part of 
a DSP block following the ADC. The result is that the carrier signal is stripped out, and 
the output of the ADC gets split into two baseband component signals, one being the 
inphase (I) component and the other being the quadrature (Q) component. The overall 
purpose is to obtain both magnitude and phase information in the form of complex IQ 
sample pairs. 

In applications involving wireless or cellular communications signals, being able to 
process complex IQ data is an important measure of performance (one primary metric 
being error vector magnitude, or EVM). The IQ data thus obtained can be processed in 
software for such measurements, but it can also be used to reconstruct the waveform 
for playback.

1.   The Hilbert transform was first developed by David Hilbert in 1905 in the course of other mathemati-
cal work. Simply put, a function undergoing the transform will experience a 90º shift in phase, 
without any change in amplitude. It is hence also called a quadrature mixer or quadrature filter. 

Figure 6. ADC followed by DSP implementing the Hilbert Transform (also called a quadrature mixer)
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How Do Converter Specifications Relate to Instrument 
Performance?

Converters, analog circuits and digital signal processing are integral components of 
measurement systems i.e. instruments. When these parts combine into a system, the 
traditional static specifications of standalone converters like integral nonlinearity, 
differential nonlinearity, and number of bits give way to dynamic specifications such as 
SINAD, ENOB, and SFDR. These dynamic specifications may refer to the converter itself 
or to the complete instrument. We must now expand on our understanding of these 
components with respect to the system.

Signal-to-Noise-and-Distortion (SINAD)
SINAD is the ratio of the RMS signal amplitude to the mean value of the root-sum-square 
(RSS) of all other spectral components, including harmonics. SINAD is a good indication 
of the dynamic performance of a system because it includes all noise and spurs which 
make up the distortion.

Effective Number of Bits (ENOB) 
ENOB is the primary characteristic used to compare system performance, in bits, to the 
actual number of bits of the converter. Consider the “6 dB per bit” rule of thumb that we 
referred to previously for estimating dynamic range. Based on this, a 16-bit converter 
would have a potential dynamic range of 96 dB. This is a good place to start, but in 
reality, quantization, linearity, accuracy, jitter errors and frequency response are always 
inherently present in a system and will reduce the useful dynamic range available to us. 
For instance, a system with a 16-bit converter may typically have ENOB between 12 and 
13 bits, yielding a useful dynamic range much less than that of the 16-bit converter1. 

Mathematically, ENOB is the SINAD specification expressed as an equivalent number of 
bits. For full-scale converter amplitude, the relationship between SINAD and ENOB is 
given as:

A related misconception is that a converter’s ability to extract signals is limited by its 
bit resolution. For systems, using converters along with dithering architectures followed 
by DSP, the ENOB of the system may be better than the converter bit resolution. In this 
case, the system specification ENOB is better than the actual number of bits of the 
converter.

Spurious-Free Dynamic Range (SFDR) 
SFDR is the ratio of the RMS value of the fundamental signal to the RMS value of the 
worst spurious signal, in units of dBc. It refers to the usable dynamic range in a system. 
SFDR can also be specified relative to the full-scale (FS) level of the converter, in which 
case the unit would be dBFS.

1.   For a detailed treatment of ENOB, see the application note Understanding the Right Metrics to Use 
when Evaluating Oscilloscope Quality, lit. no. 5990-8093EN. 
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The SFDR specification in the data sheet of an instrument may or may not include 
harmonics. If not, an independent total harmonic distortion (THD) specification should 
be provided to account for harmonic performance. 

The SFDR value may be quite sensitive to signal parameters like absolute amplitude, 
percentage of the converter range being used by the signal, carrier frequency, sampling 
rate, and even sampling clock source. Instrument data sheets will often provide SFDR 
values at different frequencies and sometimes, several sampling rates. 

SFDR is important when using converters in instruments. With ADCs, spurs can be 
interpreted as adjacent channel information or they can mask and interfere with the 
measurement of low level signals. Spurs generated in DACs can interfere when testing 
receivers.

Bandwidth 
Bandwidth as a term is used in the specifications of almost every instrument, but means 
different things depending on the instrument. 

Bandwidth and sample rate have a direct relationship in converters, but this is not true 
when speaking of the system. System bandwidth is influenced by not only the bandwidth 
of the converter, but also that of the analog circuits used in the system on the front end.

Figure 7. SDFR tells us the usable dynamic range in a system and may be specified relative to the 
fundamental signal or the full-scale amplitude.
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An Overview of ADC and DAC Implementations in 
Specific Instruments

Signal analyzers
A signal or spectrum analyzer is a frequency domain instrument that translates the signal 
down to an intermediate frequency (IF) which can be easily digitized and processed 
by DSP. The IF is at a much lower frequency (typically between 200 and 300 MHz) 
compared to the input, thus the ADCs used in spectrum analyzers have relatively lower 
sample rates (from 100 to 400 MHz) and higher bit resolutions (from 14-bits to 16-bits). 
The advantage of this architecture is it provides us with better dynamic range than an 
oscilloscope or digitizer. 

Essentially, the signal flow proceeds with the input waveform being first conditioned for 
optimum performance, then down-converted and afterwards sampled by the ADC. The 
samples are then processed by the analyzer’s DSP chip. Apart from detection algorithms 
to display the signal on the screen, the DSP will also include the Hilbert transform to 
produce complex IQ sample pairs that can be used for vector signal analysis and digital 
demodulation1. 

Since the ADC is used in the IF section of the analyzer, its operation is often transparent 
to the user. Signal analyzer datasheets may provide the bit resolution of the ADC, but 
typically not the ENOB. The more important parameters to consider are the analysis 
bandwidth and dynamic performance characteristics. 

Dynamic performance of a spectrum analyzer includes several characteristics, such 
as the displayed average noise level, second and third order distortion performance, 
and the 1 dB compression level. The analysis bandwidth represents the bandwidth of a 
waveform that can be instantaneously digitized by the analyzer. These parameters are 
influenced by the ADC but not exclusively – they also depend on the overall architecture 
of the digital IF section and other system components.

Figure 8. Signal analyzers use attenuators and amplifiers to condition the input signal then 
down-convert the signal to an IF. The ADC is implemented in the IF section. Digitizing the signal 
at the IF, we can use ADC’s with high bit resolution (better dynamic range) and lower sample rate. 
Interleaved ADC architectures are used for a higher combined sample rate.

1. See also Vector Signal Analysis Basics, lit. no. 5990-7451EN
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Oscilloscopes
An oscilloscope1 is a time-domain instrument and as such does not down-convert the 
waveform to an IF, although attenuators, amplifiers and other components are used to 
condition the input signal. Scopes are designed to support wide bandwidths starting 
at DC, and hence need to use much faster ADC designs and clock rates (compared to 
spectrum analyzers) to get the desired bandwidth. To achieve these speeds, higher 
sample rates must be accommodated leading to lower bit resolution and less dynamic 
range. Scope ADCs typically have bit resolutions from 8 to 10-bits and sample rates from 
1 to 160 GHz. 

Oscilloscope datasheets will usually provide specifications for bit resolution and ENOB, 
as well as sample rate and bandwidth. The bit resolution number typically refers to the 
ADC, while the ENOB refers to the performance of the scope as a whole. The bandwidth 
specification refers to the 3 dB compression point of the frequency response of the 
scope. ADC architectures can get quite complex, and as a result the sample rate may not 
have a direct relationship with the bandwidth. A data sheet may mention the maximum 
sample rate supported based on the number of input channels.

Figure 9. Oscilloscopes use attenuators and amplifiers to condition the input signal, similar to 
signal analyzers, but do not down-convert the signal to IF. Since the ADC is used in the main 
RF signal path, ADC’s with lower bit resolution are needed to achieve faster sample rates. To 
help maintain overall system dynamic performance, with lower ADC bit resolution, special ADC 
interleaving architecture is used along with digital signal processing.

1.  The discussion here pertains to digitizing oscilloscopes. Purely analog oscilloscopes do not contain 
an ADC and cannot store or record a signal.
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Digitizers
While many instruments have an internal ADC or DAC, a digitizer is fundamentally an 
ADC with memory, DSP capability, input connectors for the waveform, output con-
nectors for timing and triggering, and an interface bus. Digitizers are most frequently 
implemented in modular form factor (such as the PXIe and AXIe standards1), resulting in 
a smaller footprint making it easy to scale existing setups. They can be combined with 
input waveform conditioning modules, such as attenuators, amplifiers and downconvert-
ers. They can have multiple inputs, and multiple digitizers can be synchronized together 
to expand the number of input channels. This simplicity and flexibility makes them ideal 
for custom setups. 

The characteristics of the digitizer are closely tied to that of the ADC inside it, given that 
it is a direct implementation of the ADC. Digitizer datasheets will typically mention the 
ENOB and SFDR directly, as well as the sample rate and bandwidth. The ENOB and SFDR 
may be provided at specific frequencies. The bandwidth is usually provided as the 3 dB 
compression point of the frequency response of the front end. The sample rate is vari-
able, and hence the bandwidth would be provided for specific values of the sample rate 
(usually the maximum supported sample rate under specific setup conditions). Digitizers 
come in a wide range of bit resolutions (8 to 16-bit) and sample rates (2 MHz to 8 GHz). 

A capability that may be available in higher performance digitizers is digital down 
conversion (DDC). This implements real-time digital decimation and filtering on the 
digitized data, which effectively downconverts the data. This allows us to bring a specific 
signal of interest to baseband, and leads to other advantages like improved dynamic 
range and faster measurement speed.

1.  PXIe stands for PCI eXtensions for Instrumentation Express. AXIe stands for AdvancedTCA 
eXtensions for Instrumentation and Test. Both are modular instrumentation standards developed 
and promoted by industry consortia.

Figure 10. Digitizers use ADC’s directly at the input often without input signal conditioning. Not a 
lot of onboard DSP is provided, but tools for programming the custom FPGAs may be provided. The 
purpose is to capture the signal and post-process the samples for custom applications.
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Arbitrary waveform generators
An arbitrary waveform generator, or arb, essentially implements a DAC with on board 
DSP, large memory, and multiple outputs. The DAC sample clock may be used directly or 
indirectly to regulate address counter logic, depending on the specific architecture being 
used. 

Arbs are some of the most versatile instruments on the market today for generating 
signals. High speed and high performance arbs can provide a lot of flexibility in regard to 
output configurations, sample rate settings, and DAC configurations including changes 
to the DAC bit resolution and interleaving of the DAC outputs. Because of this, they have 
the capability to generate a wide variety of signals used across many applications from 
wireless communications to advanced physics research. 

Similar to digitizers and scopes, the main characteristics used to describe arbs are 
the bit resolution, dynamic range, ENOB and SFDR. Recall that the SFDR number may 
or may not include harmonics, depending on prevailing industry practice. The analog 
bandwidth and sample rate are also provided in arb data sheets. Arbs can have sample 
rates as high as 92 GHz, and bit resolutions from 8 to 14-bits. 

An important consideration for the SFDR parameter is the band covered by the speci-
fication. For arbs, the band is usually the first Nyquist region or the analog bandwidth, 
whichever is lower. Depending on the application, this may not be the band of interest 
either. If oversampling is being used, any spur beyond the base signal bandwidth will not 
be relevant as it can be eliminated through filtering.

Arbs may also provide a feature called digital upconversion (DUC)1. This uses interpola-
tion and filtering to upconvert the signal to a higher frequency and is typically imple-
mented in DSP prior to the DAC. The advantage is being able to produce a wideband 
signal at an RF frequency without the need for RF hardware.

Figure 11. Arbitrary waveform generators come in many different architectures. This is a simplified 
block diagram of what you would find in a high-speed arb. It includes an adjustable sample clock, 
onboard memory, and DSP to process the samples prior to the DAC. Arbs may have multiple output 
channels, which may be configurable as differential or single-ended.

1. This is the complement of the DDC technology in digitizers.
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Vector signal generators
A vector signal generator (VSG) uses an IQ modulator inserted into the RF path to modu-
late inphase (I) and quadrature (Q) signals onto an RF carrier. The I and Q signals can be 
provided by an external arb, but most modern VSGs will include an internal baseband 
generator, which contains two DACs to supply the I and Q signals. A high performance 
VSG incorporating high resolution DACs provides excellent signal fidelity and serves as 
an ideal solution for component and receiver test applications.

Since the higher frequency carrier signal is provided by the generator, the DACs only 
need to provide the lower frequency baseband components of the signal. This allows us 
to use lower DAC sample rates, thus enabling the use of high bit resolution DAC’s. DACs 
used in VSGs can have bit resolutions 2 to 4 bits higher than what might be found in 
converters used in other types of instruments. The higher bit resolution helps maintain 
the overall signal fidelity by providing DAC signals with high SFDR and ENOB perfor-
mance. Additionally, the carrier frequency of the signal is only limited by the frequency 
range of the VSG.

The VSG will automatically set the sample clock rate, but the user may be given some 
control over this. A setting for runtime scaling is also often provided. Runtime scaling will 
optimize the samples so that the DACs are used at or near full scale as much as possible. 

Typically, datasheets for VSG’s will provide the DAC sample rate and bit resolution of 
the baseband generator, however, as in the case of spectrum analyzers, the system 
performance specifications are more useful for evaluating and selecting a VSG. The more 
vital specifications include RF modulation bandwidth1, error vector magnitude (EVM) 
performance and adjacent channel power ratio (ACPR) performance. 

The RF modulation bandwidth indicates the maximum bandwidth of a signal that can be 
generated by the instrument. EVM performance is an indicator of modulation quality and 
indicates how much distortion is introduced by the overall system. ACPR performance 
measures the ACPR for specific kinds of signals and relates to the dynamic range 
performance of the instrument.

Figure 12. Vector signal generators use DAC’s to generate analog I and Q components at baseband, 
which are then modulated onto the RF carrier. This lets us use DAC’s with lower sample rates to 
maintain high bit resolution for best dynamic range of the baseband signals.

1.   The RF modulation bandwidth is the bandwidth of the combined (I+Q) signal. The occupied spectrum 
would be the modulation bandwidth and the excess bandwidth required for filtering. 
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Conclusion

This application note has discussed the fundamentals of ADCs and DACs and how their 
characteristics affect test instruments, as well as various techniques like interleaving, 
dithering, oversampling, decimation, interpolation and undersampling for improving per-
formance. We have also seen how the converter in different instruments like spectrum 
analyzers, oscilloscopes, digitizers and ARBs affects the overall system performance. 
Understanding these elemental concepts allows us to choose the best instrument for the 
job and leverage its potential to the fullest.

Appendix – DSP Sampling Terms

1. Oversampling: Sampling above the Nyquist rate.
2. Undersampling: Sampling below the Nyquist rate. 
3. Upsampling: Increasing the sample rate by inserting zero-valued samples in between  
 original samples. 
  Y Adds (undesired) spectral images to the signal. 
4. Downsampling: Decreasing the sample rate by throwing away samples. 
  Y Causes aliasing if the lower sample rate thus obtained violates Nyquist criteria. 
5. Interpolation: Upsampling followed by filtering to remove the spectral images. 
  Y  Instead of using zero-valued samples, new samples may be calculated using  
   a suitable algorithm (piecewise constant, linear, polynomial, spline, sinc   
   interpolators like Whittaker-Shannon etc)
  Y  Mainly done to increase the output sampling rate to match the input sampling  
   rate for another system. 
6. Decimation: Downsampling after first filtering to remove high frequency components  
 (to reduce aliasing). 
  Y  Helps to reduce the cost of implementing a DSP system. 
7. Resampling: Changing the sample rate by combining interpolation and decimation.  
 The change will be a rational number. 
  Y  Usually done to interface two systems with different sample rates.
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