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The purpose of this paper is as follows: 

•Examine the architectures of modern vector network analyzers (VNAs) 

•Provide insight into nonlinear characterizations of amplifiers, mixers, 

and converters using a vector network analyzer 

•Understand the associated calibrations for non-S-parameter tests, 

especially for mixers and converters 
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This module is not about computer networks! When the name "network 

analyzer" was coined many years ago, there were no such things as computer 

networks. Back then, networks always referred to electrical networks. Today, 

when we refer to the things that network analyzers measure, we speak mostly 

about devices and components. 
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A vector network analyzer (VNA) is a precision measuring tool that tests the 

electrical performance of high frequency components, in the radio frequency 

(RF), microwave, and millimeter-wave frequency bands (we will use the 

generic term RF to apply to all of these frequencies). A VNA is a stimulus-

response test system, composed of an RF source and multiple measurement 

receivers. It is specifically designed to measure the forward and reverse 

reflection and transmission responses, or S-parameters, of RF components. S-

parameters have both a magnitude and a phase component, and they 

characterize the linear performance of the DUT. While VNAs can also be used 

for characterizing some non-linear behavior like amplifier gain compression or 

intermodulation distortion, S-parameters are the primary measurement. The 

network analyzer hardware is optimized for speed, yielding swept 

measurements that are faster than those obtained from the use of an individual 

source and an individual receiver like a spectrum analyzer. Through 

calibration, VNAs provide the highest level of accuracy for measuring RF 

components.  
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Here are some examples of the types of devices that you can test with 

network analyzers. They include both passive and active devices (and some 

that have attributes of both). Many of these devices need to be characterized 

for both linear and nonlinear behavior. It is not possible to completely 

characterize all of these devices with just one piece of test equipment. 

The next slide shows a model covering the wide range of measurements 

necessary for complete linear and nonlinear characterization of devices. This 

model requires a variety of stimulus and response tools. It takes a large range 

of test equipment to accomplish all of the measurements shown on this chart. 

Some instruments are optimized for one test only (like bit-error rate), while 

others, like network analyzers, are much more general-purpose in nature. 

Network analyzers can measure both linear and nonlinear behavior of 

devices, although the measurement techniques are different (frequency 

versus power sweeps for example). This module focuses on swept-frequency 

and swept-power measurements made with network analyzers 
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Here is a key to many of the abbreviations used above: 

Response   

RFIC High-volume RFIC tester 
Ded. Testers Dedicated (usually one-box) testers   
VSA Vector signal analyzer   
  
SA Spectrum analyzer   
  
VNA Vector network analyzer   
  
TG/SA Tracking generator/spectrum analyzer   
SNA Scalar network analyzer   
  
NF Mtr. Noise-figure meter   
  
Imped. An. Impedance analyzer (LCR meter)   
Power Mtr. Power meter 
Det./Scope Diode detector/oscilloscope    
 
Measurement 

ACP Adjacent channel power  
AM-PM AM to PM conversion  
BER Bit-error rate   
Compr'n Gain compression  
Constell. Constellation diagram  
EVM Error-vector magnitude  
Eye Eye diagram   
GD Group delay   
Harm. Dist. Harmonic distortion  
NF Noise figure   
Regrowth Spectral regrowth   
      
Rtn Ls Return loss 
VSWR Voltage standing wave ratio 
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One of the most fundamental concepts of high-frequency network analysis 

involves incident, reflected and transmitted waves traveling along transmission 

lines. It is helpful to think of traveling waves along a transmission line in terms 

of a lightwave analogy. We can imagine incident light striking some optical 

component like a clear lens. Some of the light is reflected off the surface of the 

lens, but most of the light continues on through the lens. If the lens were made 

of some lossy material, then a portion of the light could be absorbed within the 

lens. If the lens had mirrored surfaces, then most of the light would be 

reflected and little or none would be transmitted through the lens. This concept 

is valid for RF signals as well, except the electromagnetic energy is in the RF 

range instead of the optical range, and our components and circuits are 

electrical devices and networks instead of lenses and mirrors. 

Network analysis is concerned with the accurate measurement of the ratios of 

the reflected signal to the incident signal, and the transmitted signal to the 

incident signal. 
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Components are tested for a variety of reasons. Many components are used 

as "building blocks" in more complicated RF systems. For example, in most 

transceivers there are amplifiers to boost LO power to mixers, and filters to 

remove signal harmonics. Often, R&D engineers need to measure these 

components to verify their simulation models and their actual hardware 

prototypes. For component production, a manufacturer must measure the 

performance of their products so they can provide accurate specifications. 

This is essential so prospective customers will know how a particular 

component will behave in their application. 

When used in communications systems to pass signals, designers want to 

ensure the component or circuit is not causing excessive signal distortion. 

This can be in the form of linear distortion where flat magnitude and linear 

phase shift versus frequency is not maintained over the bandwidth of interest, 

or in the form of nonlinear effects like intermodulation distortion. 

Often it is most important to measure how reflective a component is, to ensure 

that it absorbs energy efficiently. Measuring antenna match is a good 

example. 
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Measurements with both magnitude and phase are required for the best 

measurement accuracy and best calibration.  Complete characterization of 

devices and networks involves measurement of magnitude and phase. This is 

necessary for developing circuit models for simulation and to design matching 

circuits based on conjugate-matching techniques. Time-domain 

characterization requires magnitude and phase information to perform the 

inverse-Fourier transform. Finally, for best measurement accuracy, phase data 

is required to perform vector error correction. 
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The need for efficient transfer of RF power is one of the main reasons behind 

the use of transmission lines. At low frequencies where the wavelength of the 

signals are much larger than the length of the circuit conductors, a simple wire 

is very useful for carrying power. Current travels down the wire easily, and 

voltage and current are the same no matter where we measure along the wire. 

At high frequencies however, the wavelength of signals of interest are 

comparable to or much smaller than the length of conductors. In this case, 

power transmission can best be thought of in terms of traveling waves. 

Of critical importance is that a lossless transmission line takes on a 

characteristic impedance (Zo). In fact, an infinitely long transmission line 

appears to be a resistive load! When the transmission line is terminated in its 

characteristic impedance, maximum power is transferred to the load. When 

the termination is not Zo, the portion of the signal which is not absorbed by the 

load is reflected back toward the source. This creates a condition where the 

envelope voltage along the transmission line varies with position. We will 

examine the incident and reflected waves on transmission lines with different 

load conditions in following slides 
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RF transmission lines can be made in a variety of transmission media. 

Common examples are coaxial, waveguide, twisted pair, coplanar, stripline 

and microstrip. RF circuit design on printed-circuit boards (PCB) often use 

coplanar or microstrip transmission lines. The fundamental parameter of a 

transmission line is its characteristic impedance Zo. Zo describes the 

relationship between the voltage and current traveling waves, and is a function 

of the various dimensions of the transmission line and the dielectric constant 

(er) of the non-conducting material in the transmission line. For most RF 

systems, Zo is either 50 or 75 ohms.  

For low-power situations (cable TV, for example) coaxial transmission lines 

are optimized for low loss, which works out to about 75 ohms (for coaxial 

transmission lines with air dielectric). For RF and microwave communication 

and radar applications, where high power is often encountered, coaxial 

transmission lines are designed to have a characteristic impedance of 50 

ohms, a compromise between maximum power handling (occurring at 30 

ohms) and minimum loss. 
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Before we begin our discussion about transmission lines, let us look at the 

condition for maximum power transfer into a load, given a source impedance 

of Rs. The graph above shows that the matched condition      (RL = RS) 

results in the maximum power dissipated in the load resistor. This condition is 

true whether the stimulus is a DC voltage source or an RF sinusoid. 

For maximum transfer of energy into a transmission line from a source or from 

a transmission line to a load (the next stage of an amplifier, an antenna, etc.), 

the impedance of the source and load should match the characteristic 

impedance of the transmission line. In general, then, Zo is the target for input 

and output impedances of devices and networks. 

When the source impedance is not purely resistive, the maximum power 

transfer occurs when the load impedance is equal to the complex conjugate of 

the source impedance. This condition is met by reversing the sign of the 

imaginary part of the impedance. For example, if RS = 0.6 + j0.3, then the 

complex conjugate   RS* = 0.6 - j0.3. 

Sometimes the source impedance is adjusted to be the complex conjugate of 

the load impedance. For example, when matching to an antenna, the load 

impedance is determined by the characteristics of the antenna. A designer has 

to optimize the output match of the RF amplifier over the frequency range of 

the antenna so that maximum RF power is transmitted through the antenna 
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Let's review what happens when transmission lines are terminated in various 

impedances, starting with a Zo load. Since a transmission line terminated in its 

characteristic impedance results in maximum transfer of power to the load, 

there is no reflected signal. This result is the same as if the transmission line 

was infinitely long. If we were to look at the envelope of the RF signal versus 

distance along the transmission line, it would be constant (no standing-wave 

pattern). This is because there is energy flowing in one direction only. 
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Next, let's terminate our line in a short circuit. Since purely reactive elements 

cannot dissipate any power, and there is nowhere else for the energy to go, a 

reflected wave is launched back down the line toward the source. For Ohm's 

law to be satisfied (no voltage across the short), this reflected wave must be 

equal in voltage magnitude to the incident wave, and be 180o out of phase 

with it. This satisfies the condition that the total voltage must equal zero at the 

plane of the short circuit. Our reflected and incident voltage (and current) 

waves will be identical in magnitude but traveling in the opposite direction. 

Now let us leave our line open. This time, Ohm's law tells us that the open can 

support no current. Therefore, our reflected current wave must be 180o out of 

phase with respect to the incident wave (the voltage wave will be in phase 

with the incident wave). This guarantees that current at the open will be zero. 

Again, our reflected and incident current (and voltage) waves will be identical 

in magnitude, but traveling in the opposite direction. For both the short and 

open cases, a standing-wave pattern will be set up on the transmission line. 

The valleys will be at zero and the peaks at twice the incident voltage level. 

The peaks and valleys of the short and open will be shifted in position along 

the line with respect to each other, in order to satisfy Ohm's law as described 

above. 
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Finally, let's terminate our line with a 25 W resistor (an impedance between 

the full reflection of an open or short circuit and the perfect termination of a 50 

W load). Some (but not all) of our incident energy will be absorbed in the load, 

and some will be reflected back towards the source. We will find that our 

reflected voltage wave will have an amplitude 1/3 that of the incident wave, 

and that the two waves will be 180o out of phase at the load. The phase 

relationship between the incident and reflected waves will change as a 

function of distance along the transmission line from the load. The valleys of 

the standing-wave pattern will no longer be zero, and the peak will be less 

than that of the short/open case. 

The significance of standing waves should not go unnoticed. Ohm's law tells 

us the complex relationship between the incident and reflected signals at the 

load. Assuming a 50-ohm source, the voltage across a 25-ohm load resistor 

will be two thirds of the voltage across a 50-ohm load. Hence, the voltage of 

the reflected signal is one third the voltage of the incident signal and is 180o 

out of phase with it. However, as we move away from the load toward the 

source, we find that the phase between the incident and reflected signals 

changes! The vector sum of the two signals therefore also changes along the 

line, producing the standing wave pattern. The apparent impedance also 

changes along the line because the relative amplitude and phase of the 

incident and reflected waves at any given point uniquely determine the 

measured impedance. For example, if we made a measurement one quarter 

wavelength away from the 25-ohm load, the results would indicate a 100-ohm  



load. The standing wave pattern repeats every half wavelength, as does the apparent 

impedance. 
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Now that we fully understand the relationship of electromagnetic waves, we 

must also recognize the terms used to describe them. Common network 

analyzer terminology has the incident wave measured with the R (for 

reference) receiver. The reflected wave is measured with the A receiver and 

the transmitted wave is measured with the B receiver. With amplitude and 

phase information of these three waves, we can quantify the reflection and 

transmission characteristics of our device under test (DUT). Some of the 

common measured terms are scalar in nature (the phase part is ignored or not 

measured), while others are vector (both magnitude and phase are 

measured). For example, return loss is a scalar measurement of reflection, 

while impedance results from a vector reflection measurement. Some, like 

group delay, are purely phase-related measurements.  

Ratioed reflection is often shown as A/R and ratioed transmission is often 

shown as B/R, relating to the measurement receivers used in the network 

analyzer 
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Let's now examine reflection measurements. The first term for reflected waves 

is reflection coefficient gamma (G). Reflection coefficient is the ratio of the 

reflected signal voltage to the incident signal voltage. It can be calculated as 

shown above by knowing the impedances of the transmission line and the 

load. The magnitude portion of gamma is called rho (r). A transmission line 

terminated in Zo will have all energy transferred to the load; hence Vrefl = 0 

and r = 0. When ZL is not equal to Zo , some energy is reflected and r is 

greater than zero. When ZL is a short or open circuit, all energy is reflected 

and r = 1. The range of possible values for r is therefore zero to one. 

Since it is often very convenient to show reflection on a logarithmic display, 

the second way to convey reflection is return loss. Return loss is expressed in 

terms of dB, and is a scalar quantity. The definition for return loss includes a 

negative sign so that the return loss value is always a positive number (when 

measuring reflection on a network analyzer with a log magnitude format, 

ignoring the minus sign gives the results in terms of return loss). Return loss 

can be thought of as the number of dB that the reflected signal is below the 

incident signal. Return loss varies between infinity for a Zo impedance and 0 

dB for an open or short circuit. 

As we have already seen, two waves traveling in opposite directions on the 

same transmission line cause a "standing wave". This condition can be 

measured in terms of the voltage-standing-wave ratio (VSWR or SWR for 

short). VSWR is defined as the maximum value of the RF envelope over the  



minimum value of the envelope. This value can be computed as (1+r)/(1-r). VSWR 

can take on a value between 1 for a Zo impedance and ¥ for an open or short circuit.  
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Our network analyzer gives us complex reflection coefficient. However, we often want to 

know the impedance of the DUT. The previous slide shows the relationship between 

reflection coefficient and impedance, and we could manually perform the complex math to 

find the impedance. Although programmable calculators and computers take the drudgery 

out of doing the math, a single number does not always give us the complete picture. In 

addition, impedance almost certainly changes with frequency, so even if we did all the 

math, we would end up with a table of numbers that may be difficult to interpret. 

A simple, graphical method solves this problem. Let's first plot reflection coefficient using a 

polar display. For positive resistance, the absolute magnitude of  varies from zero 

(perfect load) to unity (full reflection) at some angle. So we have a unit circle, which marks 

the boundary of the polar plane shown on the slide. An open would plot at 1 0o; a short at 

1 180o; a perfect load at the center, and so on. How do we get from the polar data to 

impedance graphically? Since there is a one-to-one correspondence between complex 

reflection coefficient and impedance, we can map one plane onto the other. If we try to 

map the polar plane onto the rectilinear impedance plane, we find that we have problems. 

First of all, the rectilinear plane does not have values to infinity. Second, circles of constant 

reflection coefficient are concentric on the polar plane but not on the rectilinear plane, 

making it difficult to make judgments regarding two different impedances. Finally, phase 

angles plot as radii on the polar plane but plot as arcs on the rectilinear plane, making it 

difficult to pinpoint. 

The proper solution was first used in the 1930's, when Phillip H. Smith mapped the 

impedance plane onto the polar plane, creating the chart that bears his name (the 

venerable Smith chart). Since unity at zero degrees on the polar plane represents infinite 

impedance, both plus and minus infinite reactances, as well as infinite resistance can be 

plotted. On the Smith chart, the vertical lines on the rectilinear plane that indicate values of 

constant resistance map to circles, and the horizontal lines that indicate values of constant  



reactance map to arcs. Zo maps to the exact center of the chart. 

In general, Smith charts are normalized to Zo; that is, the impedance values are 

divided by Zo. The chart is then independent of the characteristic impedance of the 

system in question. Actual impedance values are derived by multiplying the indicated 

value by Zo. For example, in a 50-ohm system, a normalized value of 0.3 - j0.15 

becomes 15 - j7.5 ohms; in a 75-ohm system, 22.5 - j11.25 ohms. 

Fortunately, we no longer have to go through the exercise ourselves. Out network 

analyzer can display the Smith chart, plot measured data on it, and provide adjustable 

markers that show the calculated impedance at the marked point in a several marker 

formats. 
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Transmission coefficient T is defined as the transmitted voltage divided by the 

incident voltage. If |Vtrans| > |Vinc|, the DUT has gain, and if |Vtrans| < |Vinc|, the 

DUT exhibits attenuation or insertion loss. When insertion loss is expressed in 

dB, a negative sign is added in the definition so that the loss value is 

expressed as a positive number. The phase portion of the transmission 

coefficient is called insertion phase. 

There is more to transmission than simple gain or loss. In communications 

systems, signals are time varying -- they occupy a given bandwidth and are 

made up of multiple frequency components. It is important then to know to 

what extent the DUT alters the makeup of the signal, thereby causing signal 

distortion. While we often think of distortion as only the result of nonlinear 

networks, we will see shortly that linear networks can also cause signal 

distortion. 
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Before we explore linear signal distortion, lets review the differences between 

linear and nonlinear behavior. Devices that behave linearly only impose 

magnitude and phase changes on input signals. Any sinusoid appearing at the 

input will also appear at the output at the same frequency. No new signals are 

created. When a single sinusoid is passed through a linear network, we don't 

consider amplitude and phase changes as distortion. However, when a 

complex, time-varying signal is passed through a linear network, the amplitude 

and phase shifts can dramatically distort the time-domain waveform. 

Non-linear devices can shift input signals in frequency (a mixer for example) 

and/or create new signals in the form of harmonics or intermodulation 

products. Many components that behave linearly under most signal conditions 

can exhibit nonlinear behavior if driven with a large enough input signal. This 

is true for both passive devices like filters and even connectors, and active 

devices like amplifiers 
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Now lets examine how linear networks can cause signal distortion. There are 
three criteria that must be satisfied for linear distortionless transmission. First, 
the amplitude (magnitude) response of the device or system must be flat over 
the bandwidth of interest. This means all frequencies within the bandwidth will 
be attenuated identically. Second, the phase response must be linear over the 
bandwidth of interest. And last, the device must exhibit a "minimum-phase 
response", which means that at 0 Hz (DC), there is 0o phase shift        
(0o  n*180o is okay if we don't mind an inverted signal). 

How can magnitude and phase distortion occur? The following two examples 
will illustrate how both magnitude and phase responses can introduce linear 
signal distortion. 
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Here is an example of a square wave (consisting of three sinusoids) applied to 
a bandpass filter. The filter imposes a non-uniform amplitude change to each 
frequency component. Even though no phase changes are introduced, the 
frequency components no longer sum to a square wave at the output. The 
square wave is now severely distorted, having become more sinusoidal in 
nature. 
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Let's apply the same square wave to another filter. Here, the third harmonic 
undergoes a 180o phase shift, but the other components are not phase 
shifted. All the amplitudes of the three spectral components remain the same 
(filters which only affect the phase of signals are called allpass filters). The 
output is again distorted, appearing very impulsive this time. 
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Now that we know insertion phase versus frequency is a very important 
characteristic of a component, let's see how we would measure it. Looking at 
insertion phase directly is usually not very useful. This is because the phase 
has a negative slope with respect to frequency due to the electrical length of 
the device (the longer the device, the greater the slope). Since it is only the 
deviation from linear phase which causes distortion, it is desirable to remove 
the linear portion of the phase response. This can be accomplished by using 
the electrical delay feature of the network analyzer to cancel the electrical 
length of the DUT. This results in a high-resolution display of phase distortion 
(deviation from linear phase). 
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Another useful measure of phase distortion is group delay. Group delay is a 
measure of the transit time of a signal through the device under test, versus 
frequency. Group delay is calculated by differentiating the insertion-phase 
response of the DUT versus frequency. Another way to say this is that group 
delay is a measure of the slope of the transmission phase response. The 
linear portion of the phase response is converted to a constant value 
(representing the average signal-transit time) and deviations from linear phase 
are transformed into deviations from constant group delay. The variations in 
group delay cause signal distortion, just as deviations from linear phase cause 
distortion. Group delay is just another way to look at linear phase distortion. 

When specifying or measuring group delay, it is important to quantify the 
aperture in which the measurement is made. The aperture is defined as the 
frequency delta used in the differentiation process (the denominator in the 
group-delay formula). As we widen the aperture, trace noise is reduced but 
less group-delay resolution is available (we are essentially averaging the 
phase response over a wider window). As we make the aperture more narrow, 
trace noise increases but we have more measurement resolution. 
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Why are both deviation from linear phase and group delay commonly 
measured? Depending on the device, both may be important. Specifying a 
maximum peak-to-peak value of phase ripple is not sufficient to completely 
characterize a device since the slope of the phase ripple is dependent on the 
number of ripples which occur over a frequency range of interest. Group delay 
takes this into account since it is the differentiated phase response. Group 
delay is often a more easily interpreted indication of phase distortion.  

The plot above shows that the same value of peak-to-peak phase ripple can 
result in substantially different group delay responses. The response on the 
right with the larger group-delay variation would cause more signal distortion. 
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In order to completely characterize an unknown linear two-port device, we 
must make measurements under various conditions and compute a set of 
parameters. These parameters can be used to completely describe the 
electrical behavior of our device (or network), even under source and load 
conditions other than when we made our measurements. For low-frequency 
characterization of devices, the three most commonly measured parameters 
are the H, Y and Z-parameters. All of these parameters require measuring the 
total voltage or current as a function of frequency at the input or output nodes 
(ports) of the device. Furthermore, we have to apply either open or short 
circuits as part of the measurement. Extending measurements of these 
parameters to high frequencies is not very practical. 
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At high frequencies, it is very hard to measure total voltage and current at the 

device ports. One cannot simply connect a voltmeter or current probe and get 

accurate measurements due to the impedance of the probes themselves and 

the difficulty of placing the probes at the desired positions. In addition, active 

devices may oscillate or self-destruct with the connection of shorts and opens. 

Clearly, some other way of characterizing high-frequency networks is needed 
that doesn't have these drawbacks. That is why scattering or S-parameters 
were developed. S-parameters have many advantages over the previously 
mentioned H, Y or Z-parameters. They relate to familiar measurements such 
as gain, loss, and reflection coefficient. They are defined in terms of voltage 
traveling waves, which are relatively easy to measure. S-parameters don't 
require connection of undesirable loads to the device under test. The 
measured S-parameters of multiple devices can be cascaded to predict 
overall system performance. If desired, H, Y, or Z-parameters can be derived 
from S-parameters. And very important for RF design, S-parameters are easily 
imported and used for circuit simulations in electronic-design automation 
(EDA) tools like Agilent's Advanced Design System (ADS). S-parameters are 
the shared language between simulation and measurement. 

An N-port device has N2 S-parameters. So, a two-port device has four S-
parameters. The numbering convention for S-parameters is that the first 
number following the "S" is the port where the signal emerges, and the second 
number is the port where the signal is applied. So, S21 is a measure of the 
signal coming out port 2 relative to the RF stimulus entering port 1. When the  



numbers are the same (e.g., S11), it indicates a reflection measurement, as the input 
and output ports are the same. The incident terms (a1, a2) and output terms (b1, b2) 
represent voltage traveling waves. 

 

29 



30 

S11 and S21 are determined by measuring the magnitude and phase of the 
incident, reflected and transmitted voltage signals when the output is 
terminated in a perfect Zo (a load that equals the characteristic impedance of 
the test system). This condition guarantees that a2 is zero, since there is no 
reflection from an ideal load. S11 is equivalent to the input complex reflection 
coefficient or impedance of the DUT, and S21 is the forward complex 
transmission coefficient. Likewise, by placing the source at port 2 and 
terminating port 1 in a perfect load (making a1 zero), S22 and S12 
measurements can be made. S22 is equivalent to the output complex 
reflection coefficient or output impedance of the DUT, and S12 is the reverse 
complex transmission coefficient. 

The accuracy of S-parameter measurements depends greatly on how good a 
termination we apply to the load port (the port not being stimulated). Anything 
other than a perfect load will result in a1 or a2 not being zero (which violates 
the definition for S-parameters). When the DUT is connected to the test ports 
of a network analyzer and we don't account for imperfect test-port match, we 
have not done a very good job satisfying the condition of a perfect termination. 
For this reason, two-port error correction, which corrects for source and load 
match, is very important for accurate S-parameter measurements (two-port 
correction is covered in the calibration section). 
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S-parameters are essentially the same parameters as some of the terms we 
have mentioned before, such as input match and insertion loss. It is important 
to separate the fundamental definition of S-parameters and the format in 
which they are often displayed. S-parameters are inherently complex, linear 
quantities. They are expressed as real-and-imaginary or magnitude-and-
phase pairs. However, it isn't always very useful to view them as linear pairs. 
Often we want to look only at the magnitude of the S-parameter (for example, 
when looking at insertion loss or input match), and often, a logarithmic display 
is most useful. A log-magnitude format lets us see far more dynamic range 
than a linear format. 
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Here is a generalized block diagram of a network analyzer, showing the major 

signal-processing sections. In order to measure the incident, reflected and 

transmitted signal, four sections are required: 

• Source for stimulus 

• Signal-separation devices 

• Receivers that downconvert and detect the signals 

• Processor/display for calculating and reviewing the results 

We will briefly examine each of these sections. More detailed information 
about the signal separation devices and receiver section are in the appendix. 
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The signal source supplies the stimulus for our stimulus-response test system. 
We can either sweep the frequency of the source or sweep its power level. 
Traditionally, network analyzers used a separate source. These sources were 
either based on open-loop voltage-controlled oscillators (VCOs) which were 
cheaper, or more expensive synthesized sweepers which provided higher 
performance, especially for measuring narrowband devices. Excessive phase 
noise on open-loop VCOs degrades measurement accuracy considerably 
when measuring narrowband components over small frequency spans. Most 
network analyzers that Agilent sells today have integrated, synthesized 
sources, providing excellent frequency resolution and stability. 
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The next major area we will cover is the signal separation block. The 
hardware used for this function is generally called the "test set". The test set 
can be a separate box or integrated within the network analyzer. There are 
two functions that our signal-separation hardware must provide. The first is to 
measure a portion of the incident signal to provide a reference for ratioing. 
This can be done with splitters or directional couplers. Splitters are usually 
resistive. They are non-directional devices (more on directionality later) and 
can be very broadband. The trade-off is that they usually have 6 dB or more of 
loss in each arm. Directional couplers have very low insertion loss (through 
the main arm) and good isolation and directivity. They are generally used in 
microwave network analyzers, but their inherent high-pass response makes 
them unusable below 40 MHz or so. 

The second function of the signal-splitting hardware is to separate the incident 
(forward) and reflected (reverse) traveling waves at the input of our DUT. 
Again, couplers are ideal in that they are directional, have low loss, and high 
reverse isolation. However, due to the difficulty of making truly broadband 
couplers, bridges are often used instead. Bridges work down to DC, but have 
more loss, resulting in less signal power delivered to the DUT. See the 
appendix for a more complete description of how a directional bridge works. 
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Unfortunately, real signal-separation devices are never perfect. For example, 
let's take a closer look at the actual performance of a 3-port directional 
coupler.  

Ideally, a signal traveling in the coupler's reverse direction will not appear at 
all at the coupled port. In reality, however, some energy does leak through to 
the coupled arm, as a result of finite isolation.  

One of the most important parameter for couplers is their directivity. Directivity 
is a measure of a coupler's ability to separate signals flowing in opposite 
directions within the coupler. It can be thought of as the dynamic range 
available for reflection measurements. Directivity can be defined as: 

Directivity (dB) = Isolation (dB) - Forward Coupling Factor (dB) - Loss 
(through-arm) (dB) 

The appendix contains a slide showing how adding attenuation to the ports of 
a coupler can affect the effective directivity of a system (such as a network 
analyzer) that uses a directional coupler. 

As we will see in the next slide, finite directivity adds error to our measured 
results.  
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Another device used for measuring reflected signals is the directional bridge. 

Its operation is similar to the simple Wheatstone bridge. If all four arms are 

equal in resistance (50 W connected to the test port) a voltage null is 

measured (the bridge is balanced). If the test-port load is not 50 W, then the 

voltage across the bridge is proportional to the mismatch presented by the 

DUT's input. The bridge is unbalanced in this case. If we measure both 

magnitude and phase across the bridge, we can measure the complex 

impedance at the test port. 

A bridge's equivalent directivity is the ratio (or difference in dB) between 

maximum balance (measuring a perfect Zo load) and minimum balance 

(measuring a short or open). The effect of bridge directivity on measurement 

uncertainty is exactly the same as we discussed for couplers. 
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Directivity error is the main reason we see a large ripple pattern in many 

measurements of return loss. At the peaks of the ripple, directivity is adding in 

phase with the reflection from the DUT. In some cases, directivity will cancel 

the DUT's reflection, resulting in a sharp dip in the response. 
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Tuned receivers provide the best sensitivity and dynamic range, and also 
provide harmonic and spurious-signal rejection. The narrow IF filter produces 
a considerably lower noise floor, resulting in a significant sensitivity 
improvement. For example, a microwave vector network analyzer (using a 
tuned receiver) might have a 3 kHz IF bandwidth, where a scalar analyzer's 
diode detector noise bandwidth might be 26.5 GHz. Measurement dynamic 
range is improved with tuned receivers by increasing input power, by 
decreasing IF bandwidth, or by averaging. The latter two techniques provide a 
trade off between noise floor and measurement speed. Averaging reduces the 
noise floor of the network analyzer (as opposed to just reducing the noise 
excursions as happens when averaging spectrum analyzer data) because we 
are averaging complex data. Without phase information, averaging does not 
improve analyzer sensitivity. 

The same narrowband nature of tuned receivers that produces increased 
dynamic range also eliminates harmonic and spurious responses. As was 
mentioned earlier, the RF signal is downconverted and filtered before it is 
measured. The harmonics associated with the source are also 
downconverted, but they appear at frequencies outside the IF bandwidth and 
are therefore removed by filtering. 
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Tuned receivers can be implemented with mixer- or sampler-based front ends. 

It is often cheaper and easier to make wideband front ends using samplers 

instead of mixers, especially for microwave frequency coverage. Samplers are 

used with many of Agilent's network analyzers, such as the 8753 series of RF 

analyzers, and the 8720 series of microwave network analyzers. The PNA 

Series uses mixers. 

The sampler uses diodes to sample very short time slices of the incoming RF 

signal. Conceptually, the sampler can be thought of as a mixer with an internal 

pulse generator driven by the LO signal. The pulse generator creates a 

broadband frequency spectrum (often referred to as a "comb") composed of 

harmonics of the LO. The RF signal mixes with one of the spectral lines (or 

"comb tooth") to produce the desired IF. Compared to a mixer-based network 

analyzer, the LO in a sampler-based front end covers a much smaller 

frequency range, and a broadband mixer is no longer needed. The tradeoff is 

that the phase-lock algorithms for locking to the various comb teeth are more 

complex and time consuming. 

Sampler-based front ends also have somewhat less dynamic range than 

those based on mixers and fundamental LOs. This is due to the fact that 

additional noise is converted into the IF from all of the comb teeth. Network 

analyzers with narrowband detection based on samplers still have far greater 

dynamic range than analyzers that use diode detection. 

 



45 

This plot shows the effect that interfering signals (sinusoids or noise) have on 
measurement accuracy. The magnitude error is calculated as 20*log [1 ± 
interfering-signal] and the phase error is calculated as  arc-tangent [interfering-
signal], where the interfering signal is expressed in linear terms. Note that a 0 
dB interfering signal results in (plus) 6 dB error when it adds in phase with the 
desired signal, and (negative) infinite error when it cancels the desired signal. 

To get low measurement uncertainty, more dynamic range is needed than the 
device exhibits. For example, to get less than 0.1 dB magnitude error and less 
than 0.6 degree phase error, our noise floor needs to be more than 39 dB 
below our measured power levels (note that there are other sources of error 
besides noise that may limit measurement accuracy). To achieve that level of 
accuracy while measuring 80 dB of rejection would require 119 dB of dynamic 
range. One way to achieve this level is to average test data using a tuned-
receiver based network analyzer. 
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Slide 40 

There are two basic types of test sets that are used with network analyzers. 
For transmission/reflection (T/R) test sets, the RF power always comes out of 
test port one and test port two is always connected to a receiver in the 
analyzer. To measure reverse transmission or output reflection of the DUT, we 
must disconnect it, turn it around, and re-connect it to the analyzer. T/R-based 
network analyzers offer only response and one-port calibrations, so 
measurement accuracy is not as good as that which can be achieved with S-
parameter test sets. However, T/R-based analyzers are more economical.  

S-parameter test sets allow both forward and reverse measurements on the 
DUT, which are needed to characterize all four S-parameters. RF power can 
come out of either test port one or two, and either test port can be connected 
to a receiver. S-parameter test sets also allow full two-port (12-term) error 
correction, which is the most accurate form available. S-parameter network 
analyzers provide more performance than T/R-based analyzers, but cost more 
due to extra RF components in the test set. 

There are two different types of transfer switches that can be used in an S-
parameter test set: solid-state and mechanical. Solid-state switches have the 
advantage of infinite lifetimes (assuming they are not damaged by too much 
power from the DUT). However, they are more lossy so they reduce the 
maximum output power of the network analyzer. Mechanical switches have 
very low loss and therefore allow higher output powers. Their main 
disadvantage is that eventually they wear out (after 5 million cycles or so). 
When using a network analyzer with mechanical switches, measurements are  



generally done in single-sweep mode, so the transfer switch is not continuously 
switching. 
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The last major block of hardware in the network analyzer is the 

display/processor section. This is where the reflection and transmission data 

is formatted in ways that make it easy to interpret the measurement results. 

Most network analyzers have similar features such as linear and logarithmic 

sweeps, linear and log formats, polar plots, Smith charts, etc. Other common 

features are trace markers, limit lines, and pass/fail testing. Many of Agilent's 

network analyzers have specialized measurement features tailored to a 

particular market or application. One example is the E5100A/B, which has 

features specific to crystal-resonator manufacturers. 
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• The PNA Series have a more flexible and powerful measurement 

architecture than any other network analyzer. First of all, the analyzers allow 

setup of four completely independent measurement channels. Each 

measurement channel has its own stimulus/response parameters such as 

sweep type, frequency or power range, number of points, IF bandwidth, trigger 

mode, and calibration. If more than one channel is defined, they are swept in 

succession. 

• Within a channel, from one to sixteen traces can be defined (note: a 

maximum of 16 active traces can be defined across all the measurement 

channels). Each trace has a unique set of attributes such as a specific S-

parameter, format, scale and so on. Up to ten markers can also be defined for 

every trace. 

• To display the various traces, one to four windows can be shown on the 

screen. Each window can display up to four active and four memory traces 

(four windows times four active traces sets the maximum number of active 

traces to sixteen). The windows can display traces from any of the 

measurement channels. Traces from different measurement channels can be 

displayed in a given window. Windows can be moved and sized using the 

mouse. 

• An important point is that only a SINGLE channel is needed in the PNA 

Series to display all four S-parameters. This is a bit different than the 8753, 

where four channels are used for a four-parameter display. This is because 

the 8753 uses the term "channel" to mean both display channels and  



measurement channels. So, although four display channels are used for a four-

parameter display, the 8753 only has two independent measurement channels. 
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VNAs provide high measurement accuracy by calibrating the test system using a mathematical technique 

called vector error correction (this type of calibration is different than the yearly calibration done in a cal lab 

to ensure the instrument is functioning properly and meeting its published specifications for things like 

output power and receiver noise floor). Vector error correction accounts for measurement errors in the 

network analyzer itself, plus all of the test cables, adapters, fixtures, and/or probes that are between the 

analyzer and the DUT. 

Why is calibration so important to network analysis? The reason is that it is impossible to make perfect test 

hardware, and too difficult and/or too expensive to make the network analyzer hardware so good that the 

need for error correction is entirely eliminated. Vector error correction is a cost effective way to improve the 

performance of test systems comprised of good but not perfect hardware. The right balance between 

hardware performance, cost, and system performance (including error correction) must be achieved. If the 

RF performance of the hardware is poor, then vector error correction will not be able to overcome all the 

deficiencies, and the overall system performance will suffer compared to that obtained from a system using 

better hardware. 

Calibrating a VNA-based test system removes the largest contributor to measurement uncertainty, which are 

systematic errors. Systematic errors are repeatable, non-random errors that can be measured and removed 

mathematically. A vector-error-corrected VNA system provides the best picture of the true performance of 

the device under test (DUT). A network analyzer is really only as good as its calibration, so Agilent spends a 

great deal of effort to provide the most complete and highest-quality choices for calibration. 

 

Calibration does not remove random or drift errors. 

 

Random errors are unpredictable since they vary with time in a random fashion. Therefore, they cannot be 
removed by calibration. The main contributors to random error are instrument noise (source phase noise, 
sampler noise, IF noise). 

Drift errors are due to the instrument or test-system performance changing after a calibration has been 
done. Drift is primarily caused by temperature variation and it can be removed by further calibration(s). The 
timeframe over which a calibration remains accurate is dependent on the rate of drift that the test system 
undergoes in the user's test environment. Providing a stable ambient temperature usually goes a long way  



towards minimizing drift. 
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Slide 47 

Let's look at the three basic sources of measurement error: systematic, 
random and drift. 

Systematic errors are due to imperfections in the analyzer and test setup. 

They are repeatable (and therefore predictable), and are assumed to be time 

invariant. Systematic errors are characterized during the calibration process 

and mathematically removed during measurements. 

Random errors are unpredictable since they vary with time in a random 
fashion. Therefore, they cannot be removed by calibration. The main 
contributors to random error are instrument noise (source phase noise, 
sampler noise, IF noise). 

Drift errors are due to the instrument or test-system performance changing 
after a calibration has been done. Drift is primarily caused by temperature 
variation and it can be removed by further calibration(s). The timeframe over 
which a calibration remains accurate is dependent on the rate of drift that the 
test system undergoes in the user's test environment. Providing a stable 
ambient temperature usually goes a long way towards minimizing drift. 
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Shown here are the major systematic errors associated with network 

measurements. The errors relating to signal leakage are directivity and 

crosstalk. Errors related to signal reflections are source and load match. The 

final class of errors are related to frequency response of the receivers, and are 

called reflection and transmission tracking. The full two-port error model 

includes all six of these terms for the forward direction and the same six (with 

different data) in the reverse direction, for a total of twelve error terms. This is 

why we often refer to two-port calibration as twelve-term error correction 
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Vector-error correction is the process of characterizing systematic error terms 

by measuring known electrical calibration standards. Any deviation from the 

expected results is primarily due to systematic errors in the test system. Once 

these errors are quantified, their effects can be mathematically removed from 

subsequent measurements. The error terms can be expressed as vectors 

since they have a magnitude and phase component. Since any test system is 

affected by more than one cause of measurement error, the calibration 

process has to measure enough standards to sort out the magnitude and 

phase of the various errors. 

The electrical standards used during the calibration process can be passive, 

mechanical devices, like the well-known short, open, load, and thru  (SOLT) 

standards found in Agilent (and other) commercial calibration kits, or they can 

be arbitrary known impedances that are electronically switched, as is done 

with Agilent’s ECal electronic calibration modules. 
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Vector-error correction is the process of characterizing systematic error terms 
by measuring known calibration standards, and then removing the effects of 
these errors from subsequent measurements. 

One-port calibration is used for reflection measurements and can measure 
and remove three systematic error terms (directivity, source match, and 
reflection tracking). Full two-port calibration can be used for both reflection and 
transmission measurements, and all twelve systematic error terms are 
measured and removed. Two-port calibration usually requires twelve 
measurements on four known standards (short-open-load-through or SOLT). 
Some standards are measured multiple times (e.g., the through standard is 
usually measured four times). The standards themselves are defined in a cal-
kit definition file, which is stored in the network analyzer. Agilent network 
analyzers contain all of the cal-kit definitions for our standard calibration kits. 
In order to make accurate measurements, the cal-kit definition MUST MATCH 
THE ACTUAL CALIBRATION KIT USED! If user-built calibration standards 
are used (during fixtured measurements for example), then the user must 
characterize the calibration standards and enter the information into a user 
cal-kit file. Sources of more information about this topic can be found in the 
appendix. 
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Taking the simplest case of a one-port reflection measurement, we have three 

systematic errors and one equation to solve in order to calculate the actual 

reflection coefficient from the measured value. In order to do this, we must first 

calculate the individual error terms contained in this equation. We do this by 

creating three more equations with three unknowns each, and solving them 

simultaneously. The three equations come from measuring three known 

calibration standards, for example, a short, an open, and a Zo load. Solving 

the equations will yield the systematic error terms and allow us to derive the 

actual reflection S-parameter of the device from our measurements.  

When measuring reflection two-port devices, a one-port calibration assumes a 
good termination at port two of the device. If this condition is met (by 
connecting a load calibration standard for example), the one-port calibration is 
quite accurate. If port two of the device is connected to the network analyzer 
and the reverse isolation of the DUT is low (for example, filter passbands or 
cables), the assumption of a good load termination is not valid. In these cases, 
two-port error correction provides more accurate measurements. An example 
of a two-port device where load match is not important is an amplifier. The 
reverse isolation of the amplifier allows one-port calibration to be used 
effectively. An example of the measurement error that can occur when 
measuring a two-port filter using a one-port calibration will be shown shortly. 
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Shown here is a plot of reflection with and without one-port calibration. 
Without error correction, we see the classic ripple pattern caused by the 
systematic errors interfering with the measured signal. The error-corrected 
trace is much smoother and better represents the device's actual reflection 
performance. 
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Two-port error correction is the most accurate form of error correction since it accounts for all of the major 
sources of systematic error. The error model for a two-port device is shown above. Shown below are the 
equations to derive the actual device S-parameters from the measured S-parameters, once the systematic 
error terms have been characterized. Notice that each actual S-parameter is a function of all four measured 
S-parameters. The network analyzer must make a forward and reverse sweep to update any one S-
parameter. Luckily, you don't need to know these equations to use network analyzers!!! 
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When performing a two-port calibration, the user has the option of omitting the 

part of the calibration that characterizes crosstalk or isolation. The definition of 

crosstalk is the signal leakage between test ports when no device is present. 

Crosstalk can be a problem with high-isolation devices (e.g., switch in open 

position) and high-dynamic range devices (some filter stopbands). The 

isolation calibration adds noise to the error model since we usually are 

measuring near the noise floor of the system. For this reason, one should only 

perform the isolation calibration if it is really needed. If the isolation portion of 

the calibration is done, trace averaging should be used to ensure that the 

system crosstalk is not obscured by noise. In some network analyzers, 

crosstalk can be minimized by using the alternate sweep mode instead of the 

chop mode (the chop mode makes measurements on both the reflection (A) 

and transmission (B) receivers at each frequency point, whereas the alternate 

mode turns off the reflection receiver during the transmission measurement). 

The best way to perform an isolation calibration is by placing the devices that 

will be measured on each test port of the network analyzer, with terminations 

on the other two device ports. Using this technique, the network analyzer sees 

the same impedance versus frequency during the isolation calibration as it will 

during subsequent measurements of the DUT. If this method is impractical (in 

test fixtures, or if only one DUT is available, for example), than placing a 

terminated DUT on the source port and a termination on the load port of the 

network analyzer is the next best alternative (the DUT and termination must 

be swapped for the reverse measurement). If no DUT is available or if the  



DUT will be tuned (which will change its port matches), then terminations should be 

placed on each network analyzer test port for the isolation calibration. 
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A network analyzer can be used for uncorrected measurements, or with any 

one of a number of calibration choices, including response calibrations and 

one- or two-port vector calibrations. A summary of these calibrations is shown 

above. We will explore the measurement uncertainties associated with the 

various calibration types in this section. 
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This summary shows which error terms are accounted for when using 

analyzers with T/R test sets and S-parameter test sets. Notice that load match 

is the key error term than cannot be removed with a T/R-based network 

analyzer. 

The following examples show how measurement uncertainty can be estimated 
when measuring two-port devices with a T/R-based network analyzer. We will 
also show how 2-port error correction provides the least measurement 
uncertainty. 
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Let's look at some actual measurements done on a bandpass filter with 
different levels of error correction. The uncorrected trace shows considerable 
loss and ripple. In fact, the passband response varies about ± 1 dB around the 
filter's center frequency. Is the filter really this bad? No. What we are actually 
measuring is the sum of the filter's response and that of our test system. 

Performing a normalization prior to the measurement of the filter removes the 
frequency response of the system (transmission tracking error) from the 
measurement. The loss that was removed was most likely caused by the test 
cables. After normalization, the frequency response of the filter still contains 
ripple caused by an interaction between the system's source and load match. 
This ripple even goes above the 0 dB reference line, indicating gain! However, 
we know that a passive device cannot amplify signals. This apparent anomaly 
is due to mismatch error. 

The measurement shown after a two-port calibration is the most accurate of 
the three measurements shown. Using vector-error correction, the filter's 
passband response shows variation of about ± 0.1 dB around its center 
frequency. This increased level of measurement flatness will ensure minimum 
amplitude distortion, increase confidence in the filter's design, and ultimately 
increase manufacturing yields due to lower test-failure rates. 
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Although the previous slides have all shown mechanical calibration standards, 
Agilent offers a solid-state calibration solution which makes two-port 
calibration fast, easy, and less prone to operator errors. A variety of calibration 
modules are available with different connector types and frequency ranges. 
The calibration modules are solid-state devices with programmable, 
repeatable impedance states. These states are characterized at the Agilent 
factory using a network analyzer calibrated with coaxial, airline-TRL standards 
(the best calibration available), making the ECal modules transfer standards 
(rather than direct standards). 

For the microwave calibration modules, the various impedance states are 
achieved by PIN-diode switches which shunt the transmission line to ground. 
The number of diodes and their location vary depending upon the module's 
frequency range. A multitude of reflection coefficients can be generated by 
applying various combinations of the shunts. With no shunts, the network acts 
as a low loss transmission line. High isolation between the ports is obtained by 
driving several of the PIN shunts simultaneously. Four different states are 
used to compute the error terms at each frequency point. Four states are used 
because this gives the best trade-off between high accuracy and the time 
required for the calibration. With four reflection states, we have four equations 
but only three unknowns. To achieve the best accuracy from this over-
determined set of equations, a least-squares-fit algorithm is used. Adding 
more impedance states at each frequency point would further improve 
accuracy but at the expense of more calibration time. 



The RF module uses the more traditional short, open, and load terminations, and a 
through transmission line. 

For more information about these products, please order Agilent literature number 
5963-3743E. 
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Slide 68 

A user characterized ECal allows you to add adapters to the ECal module, re-

measure the ECal standards INCLUDING the adapters, then add that data to ECal 

memory. This extends the reference plane from the module's test ports to the 

adapters.  

There are several reasons you might want to perform a user characterization: 

If you need to use adapters with your ECAL module, you could characterize 
your ECAL module with the adapters attached and perform subsequent 
ECALs with a single step. 

If you have a 4-port ECAL module, you could configure the module with 
adapters of different connector types. Then perform a user characterization 
of the module. When you need to test a DUT with a pair of the connector 
types on your module, calibrate the VNA with a 1-step ECAL using the two 
connectors of the User characterized module. 

If you test devices in a fixture, you could embed the characterization of the 
fixture in the characterization of the module. To do this, during the 
mechanical calibration portion of the user characterization, calibrate at the 
reference plane of the device as you would normally calibrate. Then remove 
the fixturing to be embedded and insert the ECAL module to be 
characterized.  When measuring the ECAL module, the PNA removes the 
effects of the fixturing and stores the measurement results in the user  



characterized ECAL module. Subsequent calibrations with that user 
characterized module will also remove the fixture effects.  
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When performing a two-port calibration, we have some choices based on the 

type of calibration standards we want to use. So far, we have only discussed 

coaxial calibration techniques. Let's briefly look at TRL (through-reflect-line), a 

calibration technique that is especially useful for microwave, noncoaxial 

environments such as fixture, wafer probing, or waveguide. It is the second-

most common type of two-port calibration, after SOLT. TRL solves for the 

same 12 error terms as the more common SOLT calibration, but uses a 

slightly different error model. 

The main advantage of TRL is that the calibration standards are relatively 
easy to make and define at microwave frequencies. This is a big benefit since 
is difficult to build good, noncoaxial, open and load standards at microwave 
frequencies. TRL uses a transmission line of known length and impedance as 
one standard. The only restriction is that the line needs to be significantly 
longer in electrical length than the through line, which typically is of zero 
length. TRL also requires a high-reflection standard (usually, a short or open) 
whose impedance does not have to be well characterized, but it must be 
electrically the same for both test ports. 

For RF applications, the lengths of the transmission lines needed to cover 
down to low frequencies become impractical (too long). It is also difficult to 
make good TRL standards on printed-circuit boards, due to dielectric, line-
dimension, and board-thickness variations. And, the typical TRL fixture tends 
to be more complicated and expensive, due do the need to accommodate 
throughs of two different physical lengths.  



There are two variations of TRL. True TRL calibration requires a 4-receiver network 
analyzer. Other variations of this type of calibration (that share a common error 
model) are Line-Reflect-Line (LRL), Line-Reflect-Match (LRM), Thru-Reflect-Match 
(TRM), plus many others. 

 

67 



68 

  

 

 



69 



70 



71 



72 72 



M6-73 


