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Signal generators play a vital role in electrical test and measurement. They generate the test signals that
are applied to components such as filters and amplifier, or even to entire modules, in order to ascertain and
test their behavior and characteristics. The first part of this educational note presents the applications for
and the most important types of signal generators. This is followed by a description of the construction and
functioning of analog and vector signal generators. To permit a better understanding of the specifications
found on data sheets, a closer look at the most important parameters for a signal generator is provided.

Beyond the output of spectrally pure signals, a key function of RF signal generators is the generation of
analog- and digitally modulated signals. The second part of this note therefore presents the fundamentals
for the most significant analog and digital modulation methods.

The third part of this educational note contains exercises on the topics of analog and digital modulation. All
described measurements were performed using the R&S®SMBV100A vector signal generator and the
R&S®FSV spectrum analyzer.

Note:

The most current version of this document is available on our homepage:
http://www.rohde-schwarz.com/appnote/1IMA225.
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1.1

What Is a Signal Generator?

A signal generator generates electrical signals with a specific time characteristic.
Depending on the type of signal generator, the generated signal waveforms can range
from simple sine-wave, sawtooth and square-wave to analog-modulated signals such
as AM, FM and PM and even complex digitally modulated signals such as those used
in mobile radio (GSM, UMTS, LTE, etc.). The frequency domain can extend from
several kHz into the two-digit GHz range. By adding external frequency multipliers, it is
even possible to obtain signal frequencies up to several hundred GHz. The frequency
of the output signal can typically be set in very small steps (< 1 Hz).

The RF generators used in the automated test setups for production can be remotely
controlled via a LAN connection, a USB port or a GPIB port, depending on the
available equipment.

RF signal generators are classified into two main types:
1 Analog signal generators and

1 Vector signal generators

Why Do We Need Signal Generators?

Signal generators are primarily used in the development and production of electronic
modules and components. The signal produced by the signal generator is fed to an RF
module (amplifier, filter, etc.) under test. The output signal from the module is then
analyzed using an appropriate test instrument such as a spectrum or signal analyzer,
oscilloscope, power meter, etc. (Fig. 1-1). Based on the results of this analysis, it is
possible to determine whether the module exhibits the expected behavior. In addition
to the typical settings for frequency, amplitude and modulation mode, state-of-the-art
signal generators also offer the ability to add noise to the test signal or to simulate
multipath propagation (fading) of the input signal. This makes it possible to study the
behavior of a receiver with very noisy receive signals that also reach the receiver via
multipath propagation.

Although signal generators are not a test instrument in the strictest sense, they are still
considered to be test transmitters because of the use case described above.

Output signal

@ 3 Input signal I

sos @

L

Signal generator Signal analysis using
spectrum/signal analyzer,

oscilloscope, power meter, etc.

Fig. 1-1: The signal generator supplies the test signal for the functional test of the connected DUT.
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1.2

121

What Types of Signal Generators Are Available?

The selection of the correct signal generator is always dependent on the application.
Important criteria include frequency domain, level range, spectral purity, available
modulations (analog, digital) and functionality for adding specific interference to signals
(noise, simulated multipath propagation).

Simple signal generators for the low-frequency range are called tone generators.
Typically, a tone generator produces a sine-wave, square-wave or sawtooth electrical
signal in the human-audible frequency range, i.e. 20 Hz to 20,000 Hz. The output
signal can be set manually both in frequency and in amplitude. Tone frequency
generators are most often used for acoustical test and measurement and for electro-
acoustics in combination with an appropriate audio level meter. This makes it possible
to determine whether the generated test tone passes through a tone transmitter
system at the desired level, for example. For sweep measurements, a suitable level
meter (e.g. oscilloscope, spectrum analyzer, power meter) can additionally be used to
acquire the full frequency response of a transmission system by continually shifting the
output frequency or by using a spectrum analyzer to supply the frequency.

Signal generators that produce only simple, periodic signals are called function
generators. This typically includes sine-wave, square-wave and triangle oscillations.
Today's function generators are overwhelmingly digital. These operate using direct
digital synthesis (DDS) (see also section 1.2.1.1 ) and can produce a variety of periodic
signal traces. Example function generators applications include the assessment of
electronic circuits such as amplifiers and filters.

HF-signal generators used to produce high-frequency sine-wave oscillations. These
often include a sweep function that permits repetitive sweeps through an adjustable
frequency domain. The frequency domain can extend from several kHz into the two-
digit GHz range. RF generators are categorized as either analog or vector signal
generators. Analog signal generators permit analog modulation of the output signal in
frequency and amplitude. They are also capable of producing pulsed signals. Vector
signal generators are additionally capable of producing digitally modulated signals for a
variety of standards from mobile radio, digital radio and TV and so on. Like analog
signal generators, vector signal generators also modulate a high-frequency carrier
signal.

Arbitrary waveform generators (ARBs) are vector signal generators for which the
modulation data is calculated in advance (rather than in realtime) and stored in the
instrument's RAM. The output signal is always a baseband signal. The advantage of
these generators is that they can produce and repeat almost any conceivable
waveform as often as necessary. ARBs are used as a universal signal source in
development, research, test and service.

The following section of this educational note provides a closer look at RF signal
generators (analog, vector-modulated) and at arbitrary waveform generators.

Analog Signal Generators

With analog signal generators, the focus is on producing a high-quality RF signal. They
provide support for the analog modulation modes AM / FM and oM. Many instruments
can also produce precise pulsed signals with varying characteristics.

Rohde & Schwarz Modulation and Signal Generation with R&S® Signal Generators 5
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Analog generators are available for frequencies extending up to the microwave range.
In addition to a frequency sweep over an adjustable frequency range, a few
instruments also can do a level sweep through the output levels within predefined
limits. This makes it possible to produce some of the same waveforms as a function
generator, such as sawtooth or triangle.

As mentioned, levels with a previously defined pulse/pause ratio can output a repetitive
sequence of square-wave amplitude characteristics. Analog generators typically exhibit
the following characteristics:

1 Very high spectral purity (nonharmonics), e.g. =100 dBc
1 Very low inherent broadband noise, e.g. —160 dBc

1 Very low SSB phase noise of typ. =140 dBc/Hz (at 10 kHz carrier spacing,
f=1 GHz, 1 Hz measurement bandwidth)

Analog signal generators are used:

1 As a stable reference signal for use as a local oscillator, i.e. as a source for phase
noise measurements or as a calibration reference.

1 As a universal instrument for measuring gain, linearity, bandwidth, etc.

1 In the development and testing of RF chips and other semiconductor chips, such
as those used for A/D converters

1 For receiver tests (two-tone tests, generation of interferer and blocking signals)
1 For electromagnetic compatibility (EMC) testing

1 As automatic test equipment (ATE) during production

1 For avionics applications (such as VOR, ILS)

1 For radar tests

1 For military applications

Fig. 1-2 shows an example of a special impulse sequence for radar applications:

©
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Fig. 1-2: Combination of impulses with different widths and interpulse periods for radar applications.

Analog signal generators are available with different specifications in all price classes.
The criteria listed in section 1.3 Key Signal Generator Characteristics can be used to
select an appropriate model. Some typical characteristics include a specific output
power level, rapid frequency and level settling, a defined degree of level and frequency
accuracy, a low VSWR or even the design and weight of the generator.

Rohde & Schwarz Modulation and Signal Generation with R&S® Signal Generators 6
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Fig. 1-3 shows the basic design of an analog RF signal generator.
A signal generator consists of three main functional blocks:

1 A synthesizer for producing the oscillation
1 An automatic level control for maintaining a constant output level

1 An output stage with amplifiers and step attenuators for controlling the output
power

Synthesizer Ext. Pulse _|Pulse
I Generator

[ \
REF Phase locked loop l(_‘omro| Output stage

Frac-N \‘

Mechanical or
electronic
step-attenuator

RF out

Level > .
Control Iz

Reference
Oscillator

Phase Detector Loop Filter output Amp
Low Pass FM/PM
( ) Level
External ALC Detector
Reference Function OFF R ON
Generator Uerne —*
control voltage
for level setting ALC Amp
ext.FM/PM .
/ Automatic
Level Control (ALC) Uper
ext. AM >——e Icontrol reference
:""-- AM voltage for level setting

Fig. 1-3: Schematic diagram of an analog RF signal generator.

Synthesizer:

The core of the generator is the synthesizer used to produce the oscillations. The term
synthesizer describes a functional principle in which oscillations are synthetically
derived by means of division and multiplication from the oscillations of a crystal with a
fixed reference frequency (reference oscillator). Usually a signal generator can also be
synchronized to an applied reference frequency via a reference frequency input. This
permits synchronization with other test instruments, such as a spectrum analyzer.
Because a frequency from a crystal provides long-term stability and low dependence
on temperature, crystal oscillators are used to generate the reference frequency. The
quality of an oscillator is typically assessed based on the stability of its amplitude,
frequency and phase. The stability can be increased further by using a temperature-
controlled crystal oscillator (TCXO). This consists of a voltage-controlled oscillator
(VCO) and a compensation circuit that compensates for the oscillator's temperature
dependency. The frequency accuracy of these oscillators is under 100 ppm (ppm:

Rohde & Schwarz Modulation and Signal Generation with R&S® Signal Generators 7
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parts per million, i.e.lO‘G), making them up to ten thousand times more accurate than
an LC resonant circuit built from discrete components. Nevertheless, a TCXO always
retains a small thermal frequency drift that is disruptive for precision applications. To
further improve the frequency accuracy, most signal generators also offer an oven-
controlled crystal oscillator (OCXQO) as an option. In an OCXO, the crystal oscillator is
located in a heated, temperature-controlled chamber. By regulating the temperature of
the oscillating crystal and the oscillator circuit to a value above room temperature, it is
possible to further stabilize the oscillation frequency, providing a higher degree of
accuracy than without heating. Depending on the type of oscillator used and the
application, the operating temperature lies in the range from +30 °C to +85 °C. This
provides a level of accuracy a thousand times better than that of a TCXO, in the range
of 0.001 ppm, or 10™°. The frequency drift caused by aging of the oscillator is also
improved. In this case, the improvement is a factor of 100, from 107°/ year to 107° /
year. Because aging of the reference oscillator is unavoidable, a regular adjustment of
the reference frequency might be necessary in order to ensure a high absolute
accuracy, depending on the application.

Frequency multiplication is typically managed by using a phase-locked loop (PLL).The
basic concept behind a PLL is illustrated in Fig. 1-4.

1/N

Frequency divider

Reference
oscillator

Control voltage

% / C | fu

Phase Lowpass filter VCo
detector

Fig. 1-4: PLL block diagram.

The circuit is structured as a locked loop. It consists of three functional groups, a phase
detector for the phase comparison, a loop filter with lowpass characteristics for filtering
high-frequency signal components out of the control voltage from the phase detector
and a voltage-controlled oscillator (VCO). The input and output values for a PLL
represent the frequency. In the locked loop, a phase detector compares the phase
angle of a voltage-controlled oscillator (VCO) against the reference phase angle of the
reference oscillator. The difference is used to obtain a control voltage, which in turn is
used to adjust the phase angle of the oscillator several times a second. The PLL
principle is used for the frequency multiplication in a signal generator. This is done by
dividing the VCO output frequency by the integer divider N using a digital
programmable frequency divider and then applying the frequency to the phase detector
via the feedback path (integer-N PLL). In a locked PLL, the output frequency f, is then
exactly N-times the input frequency f;, of the reference oscillator. The greatest
advantage to this method is that the generated frequency can be incrementally varied
over a large frequency range while still retaining the same stability and accuracy of the
reference crystal oscillator.

The disadvantage is that as a result of the integer frequency multiplication, the step
size for the frequency resolution is equal to the reference frequency. To implement the

Rohde & Schwarz Modulation and Signal Generation with R&S® Signal Generators 8
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smallest frequency resolution steps possible, the frequency of the reference oscillator
can be divided down accordingly before the PLL by using a frequency divider. In order
to produce high frequencies, the resulting small steps make it necessary to select an
appropriate lager dividing factor N (works as a multiplier at the output of the PLL). This
in turn negatively affects the phase noise (see also section 1.3.1) of the output signal,
which increases by 20 log (N) dB. In the case of a signal generator with a step size of
100 kHz and a maximum generator frequency of 1 GHz, the phase noise up to 1 GHz
increases by 20 log (10000) dB = 80 dB. Lower reference frequencies additionally
require a narrow control bandwidth. The lock time depends primarily on the control
bandwidth. The smaller this is, the slower the PLL becomes.

In order to counteract the above-mentioned disadvantages of lager dividing factors and
the associated worsening of the phase noise, synthesizers can be equipped with
multiple PLLs as shown in Fig. 1-5.

1/M

o=

Fig. 1-5: Multiloop synthesizer (multi-PLL).

To implement fine frequency steps, a frequency divider is placed in the upper signal
path at the output of the first PLL (PLL,). Larger frequency steps are generated in the
lower path by means of a second PLL (PLL,). At the output of yet another PLL (PLL3),
which contains a mixer in the feedback path instead of a frequency divider, the output
frequency with the dividing factors N;, N, and M is described by the following equation:

Equation 1-1:
i+ )
fout - fref M 2

For example, if N; = 100, M =100 and N, = 99, at a reference frequency f. = 10 MHz
the above equation generates an output frequency of 1 GHz (f,. =1 GHz ). The
minimum step size is 100 kHz. In comparison to the simple PLL shown in Fig. 1-4, the
significantly smaller divider values result in a lower phase noise for the output signal. In
addition, from Equation 1-1 it becomes clear that with a multi-PLL, the appropriate
selection of N; and M can also result in fractional factors for the frequency
multiplication, and therefore very small frequency steps. The disadvantage of a multi-

Rohde & Schwarz Modulation and Signal Generation with R&S® Signal Generators 9
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PLL is that a stable output signal requires that all PLLs be locked, which makes
extremely short frequency settling times impossible.

In summary, when dimensioning an integer-N PLL, a high frequency resolution stands
in opposition to the requirements for spectral purity and short lock times. A multi-PLL
delivers small step sizes with low phase noise. However, the frequency settling time is
not adequate for many applications, such as production environments.

In order to achieve a faster settling time, modern signal generators therefore add a
frequency divider to the feedback path of a PLL, which divides the VCO frequency
using fractional factors (see Fig. 1-3).

To do this, the dividing factors of various integer values are varied over time so that
they average value is equal to the desired fractional value. For example, to achieve an
divider of 100.5, one half of the time is divided by 100 and the remaining time by 101.
This averages out to the desired value of 100.5. Control loops that operate on this
principle are called fractional-N PLLs or fractional-N synthesizers. However, fractional
spurs are generated at the output of the phase detector that must be compensated for
or filtered out by using appropriate countermeasures (Delta-Sigma method). Fractional-
N synthesizers can provide infinitely fine frequency resolutions with simultaneously
short settling times and very high spectral purity. For further reduction of the phase
noise, fractional-N synthesizers are also implemented as multiloop fractional-N
synthesizers following the principle shown in Fig. 1-5.

Particularly low phase noise synthesizers are implemented based on the direct digital
synthesis (DDS) concept. This concept has its foundation in a method taken from
digital signal processing for the generation of periodic, band-limited signals with
infinitely fine frequency resolution. Next to PLL, DDS is the most important method
today for generating signals with finely adjustable frequencies into the mHz range, and
as such has found wide usage in the test and measurement field.

Because D/A converters are not yet available for generating high frequencies, the DDS
concept is limited to clock frequencies up to around 1 GHz. In signal generators
(function generators) for the frequency range up to several hundred MHz, DDS is often
the only signal generation method in use. To utilize the advantages offered by PLL
synthesizers and DSS, signal generators for higher frequencies often use a
combination of the two methods.

Fig. 1-6 shows the basic setup for DDS.

i Phase-to e.g. Analog
Phase ! -amplitude |16 Bit D/ output frequency f,,,
regi L " > R
gister i converter converter LP-Filter >
n-Bit ' (e.g. sine-wave
! table)
I

Frequency word, M

r )

il . /"” w Lo Ly

Digital domain

Reference clock f,

Fig. 1-6: DDS block diagram.
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DDS is based on a phase accumulator that consists of a digital accumulator combined
with a register, including a feedback path. The register functions as storage for the
current phase angle. For each clock step, this phase accumulator adds the applied
frequency word via the feedback path and the phase register, and thus functions as a
counter. The digital frequency word, at a length ranging from 24 bits to 48 bits, is
equivalent to the desired output frequency. The instantaneous count corresponds to a
specific phase angle. The phase accumulator can also be viewed as a digital phase
angle wheel as shown in Fig. 1-7, divided into n equal parts. The phase angle wheel
includes a vector that is rotated by a defined number of points or angle units with every
pulse of the reference clock. The output frequency is changed by the variation of
frequency word M, which can also be interpreted as step sizes. At a vector step size of
M =1 and a 32 bit wide phase accumulator, 2% clock pulses are necessary for the
phase vector to cover 360°. Once the phase accumulator overflows, a new cycle is
started at phase angle 0°. If M = 2, the vector skips every other phase point and
therefore rotates twice as fast, doubling the output frequency. The frequency resolution
relative to the clock frequency that can be achieved with DDS depends entirely on the
word width of the phase accumulator. A typical word width is 32 bits, which at 200 MHz
system clock is equal to a frequency resolution of about 0.046 Hz at a maximum output
frequency of theoretically one-half the clock frequency, so 100 MHz.

. n Number of points 21
/M = Jump size —
12 4096
16 65536
20 1048576
24 16777216
28 268435456
32 4294967296
48 281474976710656

Fig. 1-7: Digital phase angle wheel.

The digital output value of the phase accumulator is then sent to a phase-to-amplitude
converter, which converts the phase information based on the waveform saved there

into an amplitude (Fig. 1-8).

Rohde & Schwarz Modulation and Signal Generation with R&S® Signal Generators 11
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Fig. 1-8:

The frequency produced in this manner is calculated as follows:

Equation 1-2:

M- f.
fozz—nf

where:

M: Frequency word (step size)

f.: Clock frequency

2" Number of points in the saved waveform

The maximum possible frequency, taking the sampling theorem into account, is

fo= fz—c . As a result, the condition M < 2"/2 must be observed.

After the phase/amplitude converter, a D/A converter converts the sequential digital

data values to an analog, step-shaped signal, which is then formed into a sine-wave
signal using a lowpass filter.

The spectral purity of the output signal is primarily dependent on the D/A converter.
The accuracy of the generated frequency depends on the quality of the clock signal
and the resolution (number of points in the quantized sine-wave oscillation). Because
DDS does not require a settling time for a loop control, this concept in combination with

the D/A converter offers clock frequencies with very fast frequency settling times into
the ns range.

Fig. 1-9 shows the phase noise characteristic for a signal generator with and without
DDS. In the lower frequency range to about 250 MHz (blue curve), the use of DDS

(here in comparison to the conventional synthesizer concept using PLL) provides
significantly lower phase noise.

1MA225-2¢e Rohde & Schwarz Modulation and Signal Generation with R&S® Signal Generators 12
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Fig. 1-9: Phase noise with and without DDS.

In addition to a sine-wave signal, DDS can also relatively easily be used to generate
frequently required signal waveforms. Because the phase within each period increases
linearly and then jumps back to zero, the phase value can be directly output as a signal
value in order to generate a sawtooth signal. A triangular signal can be generated just
as easily. In this case, the phase value is interpreted as a signed binary number, after
which the absolute value is calculated. DDS is therefore frequently used in digital
function generators.

DDS can very easily be implemented in a field programmable gate array (FPGA), in a
digital signal processor (DSP) or even in an application-specific integrated circuit
(ASIC). By adding appropriate functional enhancements to DDS, it is easy to
implement FM/PM modulation, or amplitude modulation, of the output signal. DDS
circuits with an integrated D/A converter are currently available with clock frequencies
of higher than 1 GHz.

Independent of the synthesizer types described above, it is also possible to use a
signal generator as a sweep generator by adding a generator control. In other words,
the output signal transverses a frequency band defined by a start and stop frequency
at the defined frequency resolution. Together with a spectrum analyzer, the signal
generator can be used as a tracking generator, for example for measuring the filter
transfer function. Many signal generators and analyzers offer corresponding
functionality for synchronization, frequency definition, etc. via a remote control
interface.

In addition to the frequency accuracy and the quality of the generated signal, the level
accuracy and the size of the adjustable level range are important characteristics of a
signal generator. As shown in Fig. 1-3, the signal generated by the synthesizer is
applied over the output stage to the output jack on the signal generator. The output
stage essentially functions as a level control. It therefore includes an automatic level
control (ALC) as well as step attenuators and, depending on the generator model, also
a power amplifier for generating high power levels.

ALC:

The automatic level control (ALC) is located in the output stage before the step
attenuator. Fig. 1-10 shows the setup and functioning. The ALC has three tasks:

1 Level setting at small step sizes (up to 0.01 dB)
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1 Constant maintenance of the level over temperature and time

1 Amplitude modulation (AM) through changes to the input variable

PIN-diode, Switchable
modulator LP-Filter Amplifier LP-filter

Z /X/ Coupler Step attenuator
b))
(A% D ) & —— 7

Level x

detector

Synthesizer V.. ALC, off

ALC amplifier
Control voltage for

level setting V,.
AM control voltage

Fig. 1-10: Automatic level control (ALC) setup.

For the level control the synthesizer signal is supplied to a pin-diode modulator. The
PIN diode represents a DC-controlled resistance for higher frequencies that is used to
control the signal amplitude. The subsequent switchable lowpass filters serve to
suppress harmonics. The following amplifier compensates the insertion loss of the
modulator. Harmonics that lie above the maximum output frequency of the synthesizer
are subsequently suppressed with a lowpass filter. In the case of an ALC, a control
loop constantly maintains the output signal at a defined value. The control is
implemented by using a directional coupler with a known coupling loss behavior to
uncouple a portion of the output signal, which is then applied to a detector diode. An
ALC amplifier in the feedback path compares the reference voltage V¢ that is equal to
the defined level against the actual voltage V.. From the difference between the two
voltages, the correction DC voltage is derived in order to control the PIN diode. An ALC
makes a very precise electronic level attenuation up to 40 dB possible, for example
from —15 dBm to +25 dBm, along with small step sizes down to 0.01 dB. With an ALC,
a change in the control voltage (V,e) based on the wanted signal can very easily
generate an amplitude-modulated oscillation.

For most applications, the ALC is typically switched on. In the case of pulse-modulated
signals, however, an ALC would lead to level variations in the output pulse sequence.
Therefore, signal generators with ALC include the option of switching it off. Another set
of applications in which ALC negatively affects the measurements are multitone
measurements with two signal generators. Fig. 1-11 shows a multitone measurement
for determining the third harmonic intercept point (IP3) of an amplifier. Two signals of
equal level are sent to the amplifier with different frequencies f; and f, via an RF
combiner. The output spectrum of the amplifier is determined using a spectrum
analyzer. From the third intermodulation ratio a;s (level offset between the first
harmonic and the third intermodulation product), it is possible to calculate the IP3.
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Many spectrum analyzers use a special measurement function that calculates and
displays the IP3.

Signal generator #1

0 8l ~ (& 'Y
18

IS0
Hi®) =
CCH SN
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RF combiner

leces HEe
Sob RS DUT
L] 4 f2
Signal generator #2 L L
ajus
T —>f T >
5 2fi—f, £, fy 2h—f

Fig. 1-11: Test setup for an IP3 measurement on an amplifier.

Fig. 1-12 shows the influence of the ALC on the measurement result during a multitone
measurement. Although no DUT is included in the test setup, the output of the RF
combiner shows not only the first harmonics with the frequencies f; and f, but also
intermodulation products. The reason for this lies in the limited isolation of the RF
combiner as well as the limited directivity of the directional coupler in the ALC. As long
as the spacing between the two generator signals lies within the control bandwidth of
the ALC, a portion of the output signal from generator 2 or from generator 1 will reach
the ALC control loop of the other generator as interference (Fig. 1-12 shows only the
influence of generator 2 on generator 1, not vice versa).
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Signal generator #1

Spectrum analyzer

=
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Signal generator #2 O 0
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2f,—f, fi T 2f,—f,

Limited coupler
directivity

- f

Leads to an AM-modulated
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Fig. 1-12: Influence of the ALC in a multitone measurement.

This interference causes AM modulation on both test signals, resulting in the following
lower and upper sidebands:

Sidebands around the carrier with frequency f;:
fy = (f—f1)

->LSB: 2f;—f,

2>USB: j,

Sidebands around the carrier with frequency f,:
fy + (f,—f1)

2>LSB:

2>USB: 2f,—f;

These make it clear that the sidebands fall precisely on the third harmonic intercept
point for the IP3 measurement, thereby falsifying the measurement. To prevent this,
the ALC must be switched off on both signal generators during this type of
measurement. If the frequency spacing of the two generator signals is greater than the
control bandwidth of the ALC, the interference component from generator 1 or 2 will
not affect the ALC, which can therefore remain active.
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Level attenuation using step attenuators:

Because the level attenuation available from the ALC is not sufficient for many
applications, a step attenuator is inserted between the ALC and the signal generator
output. Several highly accurate attenuators at varying attenuation values are combined
via RF switches (Fig. 1-13). A step attenuator is set up so that it ideally will have no
effect on the signal other than the signal attenuation.

RF switch, mechanical (relay) or electrical (GaAs, CMOS))

Generator
output

Fig. 1-13: Step attenuator with maximum 115 dB attenuation.

Both mechanical and electronic step attenuators are used in signal generators (Fig.
1-15). Relays function as the switches on mechanical step attenuators. The advantage
lies in the low insertion loss of the switches, the low temperature drift and the very
good voltage standing wave ratio (VSWR). In addition, only mechanical step
attenuators can be used for frequencies in the higher two-digit GHz range. Their
disadvantage lies in the relatively slow switching times and the limited lifespan of
several million switching cycles. They therefore have only limited suitability for
applications in production.

Electronic step attenuators use semiconductor switches with GaAs or CMOS
technology. They offer significantly better switching times and have no mechanical
wear. Their disadvantage is the greater temperature drift as compared to mechanical
step attenuators. An electronic step attenuator also has significantly greater insertion
loss than a mechanical one. To compensate, a power amplifier is connected before the
signal generator output in order to achieve higher output levels (Fig. 1-14). This
negatively affects the spectral purity of the output signal. Because the insertion loss
always increases with the frequency, electronic step attenuators can in practice be
used only up to about 6 GHz for GaAs technology and up to about 12 GHz for CMOS
technology.

Electronic switch (GaAs, CMOS)

S @

Power amplifier Generator

output

Fig. 1-14: Electronic step attenuator with downstream power amplifier.
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Fig. 1-15: Mechanical step attenuator (left), electronic step attenuator (right).

The traces in Fig. 1-16 show the level deviation of a signal generator for four different
frequencies. The comparison between the mechanical and the electronic step
attenuator shows that, on average, the total deviation from a defined reference level is
higher for the electronic step attenuator. However, in certain level ranges, the level
accuracy is fully comparable to that of a mechanically switched attenuator. The traces
for the electronic step attenuator at the bottom of Fig. 1-16 also show a consistent level
versus time over the entire dynamic range, making any compensation easier.
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Fig. 1-16: The measured relative level deviation from the defined level for a mechanical step

attenuator (top) and for an electronic step attenuator (bottom). Blue: 89 MHz; red: 900 MHz; green:
1.9 GHz; yellow: 3.3 GHz.
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1.2.2 Vector Signal Generators

Vector signal generators upconvert modulation signals (external or internal, analog or
digital) to the RF frequency and then output the signals. The modulation signal is
digitally generated and processed as a complex 1/Q data stream in the baseband. This
also includes computational filtering and (if necessary) limitation of the amplitude
(clipping); it can also include other capabilities, such as generating asymmetric
characteristics. Some generators can add Gaussian noise into the generated signal.
This is helpful for investigating the limit at which a noisy signal can still be correctly
demodulated by a receiver, for example. Moreover, some generators are able to
numerically simulate multipath propagation (fading, MIMO) that will later occur for the
RF signal. As when adding noise, this can also be used to determine how the input
signal characteristics affect the demodulation in the receiver. In general, the complete
generation of the baseband signal is accomplished through realtime computation. ARB
generators are an exception to this (see section 1.2.3).

The generated baseband I/Q data is then converted to an RF operating frequency
(some vector generators operate only in the baseband without converting to RF
signals). Vector signal generators often also include analog or digital I/Q inputs for
including externally generated baseband signals.

Using 1/Q technology (see also section 2.3 Principles of I/Q Modulation) makes it
possible to implement any modulation types — whether simple or complex, digital or
analog — as well as single-carrier and multicarrier signals. The signal demodulated by a
spectrum analyzer in

Fig. 1-17 was generated by a vector signal generator. Of course, there is no practical
application for this "four-quadrant beer mug", but it does illustrate how a modern vector
signal generator can be used to produce just about any conceivable waveform.

Fig. 1-17: I/Q diagram of a signal generated by a vector signal generator.

The requirements that the vector signal generators must meet are derived primarily

from the requirements established by wireless communications standards, but also

from digital broadband cable transmission and from A&D applications (generation of
modulated pulses).

The main areas of application for vector signal generators are:

1 Generating standards-compliant signals for wireless communications, digital radio
and TV, GPS, modulated radar, etc.

1 Testing digital receivers or modules in development and manufacturing
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1 Simulating signal impairments (noise, fading, clipping, insertion of bit errors)

1 Generating signals for multi-antenna systems (multiple in / multiple out, or MIMO),
with and without phase coherence for beamforming

1 Generating modulated sources of interference for blocking tests and for
measuring suppression of adjacent channels

Fig. 1-18 uses the example of a digital transmission system to show the typical area of
application for a vector signal generator. This includes transmitter-side generation of
digital baseband signals, coding and conversion to RF. The signal sampling and
displayed for the transmitter with a subsequent A/D conversion do not have to be
handled by a vector signal generator because it can generate digital signals on its own.
In addition to baseband signal generation, modern instruments can insert additive
white Gaussian noise (AWGN) on the signal and simulate multipath propagation
(fading). With these functions, it is possible to generate signals as they would appear
upon reception following transmission via a realistic radio channel, complete with
interference. This educational note does not go into any more detail regarding the
simulation of the transmission channel. A spectrum analyzer is typically used for the
signal analysis on the receiver end (see Educational Note 1MA201).

Application for a Vector Signal Generator

Transmitter
Source
Samolin Quantization and Baseband- I/IQ-
PINI ™ Digitalization ["| [Channel Coding ['| Modulation
\J Coding /.
analog  time discrete bits coded bits,  1/Q symbols
signal signal symbols RF
Interferers Analog
Noise Channel
Fading
4 RF
Signal DIA De- | De-
Recon- . . Detection .
. Conversion Coding modulation
struction
analog:
signal Receiver

Fig. 1-18: Digital data transmission (voice, data) with the range of applications for vector signal
generators.

Rohde & Schwarz Modulation and Signal Generation with R&S® Signal Generators 20



What Is a Signal Generator?

1MA225-2¢e

As an example, Fig. 1-19 shows a portion of the preprogrammed standards that a
vector signal generator supports:

— TDMA Standards — a |
GSMEDGE...
Bluetooth...
TETRA...
[— CDMA Standards —
3GPP FDD...
CDMA2000...
TD-SCDMA...
1xEV-DO...
—WLAN Standards —
IEEE 802.11 ahiy...
IEEE B02.11...
|- Beyond 3G Standards -
IEEE B02.16 WIMAX...
EUTRALTE...
|— Satellite Navigation —
GPS...
|-Broadcast Standards -
FM-STEREOQ...
SIRIUS...
XM-RADIO... —
DVB...
DAB/T-DMB...
Misc
Custom Digital Mod...
ARB...
Multicarrier CW...
—Frequency Offset — &

Fig. 1-19: Preprogrammed standards for a vector signal generator.

For most of the communciations standards shown in the upper figure, predefined test
signals are provided by test models coupled with a configuration specified in the
standard. The test models ensure that the measurements defined in the standard are
always performed using the appropriate signals. This also makes it easier to compare
measurements against one another. Vector signal generators can store the
preprogrammed test models for the various standards. Fig. 1-20 shows a selection of
these test models for the LTE standard.

"E=] EUTRA/LTE A: Import FODOL Testmodel 3l =)

Recent files |

E-TM3_2__10MHz -
E-TM3_2__15MHz

ETM3_2_ 1_4MHz

E-TM3_2__20MHz

E-TM3_2__ 3MHz

E-TM3_2_ 5MHz

E-TM3_3__10MHz

E-TM3_3__15MHz

E-TM3_3__1_4MHz

E-TM3 3 J0mMiz

E-TM3_3_ 3MHz

E-TM3_3__5MHz -

Select | AL |
Manager...

Fig. 1-20: Some of the preprogrammed test models for the LTE wireless communications standard.

Fig. 1-21 shows the spectrum for the selected E-TM3_3__ 20MHz test model.
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-15.36 MHz 3.07 MHz /div 15.36 MHz
Fig. 1-21: Multicarrier spectrum for the E-TM3_3__ 20MHz test model from the LTE standard.
The spectrum is approx. 18 MHz wide. A closer examination reveals that it consists of

1201 OFDM single carriers spaced 15 kHz apart, although they merge into each other
in this display due to the screen-resolution setting.

Fig. 1-22 shows the constellation diagram (I/Q display) for this test model.

B Constellation Diagram

Fig. 1-22: Overall constellation for the E-TM3_3__20MHz LTE test model.

The individual channels of this signal are modulated differently. All of the modulation
types being used are summarized in a single display:

BPSK (cyan), QPSK (red with blue crosses), 16 QAM (orange) and the constant
amplitude zero autocorrelation (CAZAC, blue) bits that are typical for LTE on the unit
circle.

In addition to the predefined test models and settings, today's vector signal generators
allow nearly all parameters of a digital standard to be modified. This makes it possible
to generate signals for almost any conceivable scenario that might be required for
specialized testing in development and production. For example, Fig. 1-23 shows the
input window for configuring an LTE frame.
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Fig. 1-23: Configuration of an LTE frame.

EUTRALTE |

Vector signal generators usually provide convenient triggering capabilities. This makes
it possible, for example, to fit generator bursts precisely into a prescribed time grid
(such as putting GSM bursts into the right time slots).

In parallel with the data stream, the generators generally also supply what are known
as marker signals at the device's jacks. These signals can be programmed for
activation at any position in the data stream (for example, at the beginning of a burst or
frame) in order to control a DUT or measuring instruments.

Unlike analog signals, digitally modulated signals sometimes have very high crest
factors. This means that the ratio between the average value and peak value can often
be more than 10 dB. Even small nonlinearities in the generator's amplifiers, mixers and
output stages can more readily cause harmonics and intermodulation products. In this
respect, there are considerable differences in the quality of individual generators.

Important characteristics for vector signal generators are the modulation bandwidth
and the achievable symbol rate, the modulation quality (error vector magnitude, EVM)
and the adjacent channel power (ACP) or adjacent channel leakage ratio (ACLR). For
more information, see section 1.3 Key Signal Generator Characteristics1.3. State-of-
the-art generators far exceed the requirements of the current mobile radio standards,
making them ready for the future. They also support a large number of international
standards.

As for analog generators, general criteria for selecting a vector signal generator include
the required output power, the settling time and accuracy for frequency and level, plus
a low reflection coefficient or VSWR. Additional considerations include low EVM
values, high dynamic range for ACP measurements and the number of supported
standards.

Design and functioning of a vector signal generator

The essential components of a vector signal generator are identical to that of an
analog generator. The synthesizer and output stage with ALC and step attenuator are
found here as well. As shown in Fig. 1-24, a baseband generator and an 1-Q modulator
are used to generate the modulation (analog and digital) or to generate standard-
compliant mobile radio signals.
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Fig. 1-24: Schematic of a vector signal generator.

Baseband generator

A vector signal generator produces modulated signals using I/Q modulation (see also
section 2.3). Often, an integrated baseband generator supplies in realtime the
modulation data that an I-Q modulator uses to modulate an RF carrier. Alternatively, a
vector signal generator can be supplied with the complex modulation signals and a
universal analog | and Q input via an external true baseband generator. Although
digital supply is also common, only proprietary inputs are available because no
industry-wide standard has been agreed upon for digital modulation using signal
generators.
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Fig. 1-25 shows how a baseband generator works. In the first step, a data generator
(realtime coder) calculates and generates the digital modulation data for the selected
signal standard from the applications of mobile radio, satellite navigation, avionics,
broadcast, etc. The raw data from the data generator can undergo error protection
coding (channel coding) as needed. Channel coding adds redundancy to the wanted
data. Special methods can then be used to correct transmission errors caused by
interference in the transmission channel. The coding method used depends on the
selected signal standard and is defined as a requirement in the specification for that
standard. The data stream generated in this manner is stored in memory. A certain
number of bits, which varies depending on the modulation mode, are then combined
into a symbol. In this example of a quadrature phase-shift keying (QPSK) modulation,
two bits make up one symbol. With QPSK, therefore, two bits can be transmitted with
each symbol. For higher data rates, higher-order modulation modes are used. In

256 QAM modulation, for example, 8 bits are transmitted per symbol. This provides
256 different possible 1/Q values (signal states) (28: 256). After the conversion to
symbols, the mapping takes place. This process uses a mapping table to reproduce
the symbols into points of the 1/Q plane. In this example, the symbols of a QPSK
modulation after mapping appear as points or vectors in all four quadrants of the 1/Q
plane, which is also known as a constellation diagram. Read counterclockwise, the four
points represent bit sequences 00, 01, 10 and 11.

Data
generator

Channel
coding

e E—

Pattern
RAM

Symbol mapping,
baseband coding,
baseband filtering

1% >

i(t)

DAC
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0011000001
0101110011
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Bit Bit 1 Q

1
0
0 -1 +
1

]
0 + +
-1 -1

1
0
1

Fig. 1-25: Baseband generator functioning.
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Fig. 1-26 shows the data streams i(t) and q(t) after the mapping of a QPSK-modulated
signal and the derived vector position.

> Time
datait) | O | 1 1 g1'els 0jojof1
1 1 +1 +1 1
i(t)
a® +1 -1 -1 +1 +1
Vector \ / N / N
Symbol
duration

Fig. 1-26: Time characteristic of i(t) and q(t) for QPSK.

To increase the data rates, each symbol must transmit a greater number of bits. This
can be done for example by a 32 amplitude and phase-shift keying (32-APSK)
modulation, used for digital video broadcasting - satellite (DVB-S2). Instead of the two
bits used for QPSK, each symbol in 32-ASPK transmits five bits. In order to display all
possible bit combinations, 2°=32 points are needed in the constellation diagram. As
seen in Fig. 1-27, ASPK also modulates the carrier in phase and amplitude. Because
the individual constellation points are more densely grouped than for example with
QPSK modulation, higher-order modulation methods are more susceptible to
interference. This is the case because an imprecisely placed constellation point, e.g.
due to noise effects, is easily confused with an adjacent constellation point. The
transmitter or vector signal generator should therefore be capable of producing high-
quality, digitally modulated signals. In an ideal modulation, there is no deviation of the
generated symbols from the ideal constellation. See also section 1.3.5 Error Vector
Magnitude (EVM).
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00101 00001

11100 00100 0000 01000
10100 10101 10001

10000 11000
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01010

11111
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Fig. 1-27: Constellation diagram for 32-ASPK modulation.
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In the case of a digital modulation, certain symbol sequences can result in extreme
jumps between two points in the constellation diagram. For example, a change in the
symbol from 11001 to 11111 (Fig. 1-27) will cause a transition from maximum
amplitude — zero crossing — maximum amplitude; amplification of these types of
signals requires a great deal of effort as a result of the high crest factor. To prevent
these zero crossings, special modulation modes such as 1/4-DQPSK are used (see
section 2.4.3). To prevent high crest factors (ratio of peak value to RMS value, see
section 2.4.6 ), a baseband coding also takes place in the baseband. With a suitable
coding, this should prevent small amplitude jumps without zero crossings at a symbol
transition (Fig. 1-28).

‘ \

17

T

\
!
S AL

Fig. 1-28: Preventing large amplitude jumps through the use of a m/4-DQPSK modulation.

In the time domain, the data streams from Fig. 1-26 represent square-wave pulse
sequences with pulse duration At and a pulse period duration T. In the frequency
domain, this corresponds to a spectrum whose spectral lines occur at intervals of 1/T.
The envelope of the spectral lines follows a sin(x)/x function with a theoretically infinite
bandwidth (Fig. 1-29) and zero crossings with periodic frequency spacing 1/At.

Alf) _ sin(x)
- X
A(t)
< r
— 4t f— > 3._1/7
R AN P R
. N \W 7 e
Af=1/4r
Time domain Frequency domain

Fig. 1-29: Pulse train in time and frequency domain.

A high-frequency carrier modulated with the pulse sequence from the baseband
likewise results in a spectrum with a progression of sin(x)/x. However, this spectrum is
shifted from zero by the value of the carrier frequency f. (Fig. 1-30).
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Fig. 1-30: Spectrum of a carrier modulated with square-wave pulses.

To better utilize the available frequency band and to ensure that adjacent frequency
bands are not disrupted during the data transmission, it is necessary to limit the
bandwidth by using a suitable filter. Because filters for the baseband range can be
implemented with less effort than digital filters, the filtering already takes place in the
baseband. This has several advantages over filtering the later RF signal:

1 The filtering does not require any components, it is done mathematically in the
signal generator.

A lowpass filter is sufficient in the baseband for filtering, and no bandpass filter is
required.

The filter parameters remain constant. An adjustable filter is not needed (such as
would be required for the various channel frequencies in the case of the RF
signal).

For the demodulation of a digitally modulated signal, it is sufficient to transmit the
fundamental of the sin(x)/x function (Fig. 1-31).

A(f)

Fig. 1-31: Limited bandwidth of the sin(x)/x function.
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In practice, however, the filtering is not performed using a square-wave filter as shown
in Fig. 1-31. Square-wave filters (also called ideal lowpass filters) lead to strong,
disruptive signal overshoots in the time domain (Fig. 1-30). This makes it impossible to
correctly distinguish the individual bits in a bit sequence. To prevent this, filters with
special filter characteristics or special edge shapes are used. Examples include raised
cosine filters and Gaussian filters. The impulse responses in the time domain for the
mentioned filter types are shown in Fig. 1-32.
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Fig. 1-32: Impulse response S,(t) for different filter types with transfer function H(f).

The raised cosine filter is a type of Nyquist filter and thus fulfills the first Nyquist
criterion. This means that the sum of successive signal impulses after filtering equals
zero in the time grid of the sample signals, and therefore they do not impair the
preceding or following impulses at their respective sampling times. As a result, a time-
discrete signal transmission is ensured without intersymbol interference (1Sl). In other
words, the individual impulses do not shift into one another, and thus remain
distinguishable. To further minimize the necessary bandwidth, there are some
instances where intersymbol interference is intentionally permitted in the transmission
channel. In this case, the baseband signal is formed with a root-raised cosine filter
(RRC filter). The RRC filter corresponds to the root of the raised cosine filter. It can be
used to divide the characteristics of the raised cosine filter between the transmitter and
the receiver. As such, it represents a matched filter, maximizing the signal-to-noise
ratio at the receiver. However, the RRC filter in and of itself does not exhibit any
intersymbol interference (ISl). It is only when the two RRC filters are combined at the
transmitter and the receiver that a raised cosine filter results, ideally making an I1SI-free
transmission possible, and hence also permitting the individual impulses to be clearly
distinguished over time. Next to the Gaussian filter, the RRC filter is one of the most
frequently used filters for impulse formation in digital signal transmission.
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The transfer function of the raised cosine filter and the RRC filter is dependent on both
the symbol rate (1/T) and the rolloff factor r. Fig. 1-33 shows the transfer function of the
above-mentioned filters and the derived rolloff factor. The rolloff factor can be a value
between 0 and 1 and influences the steepness of the transmission curve.

o H(f) .
Rolloff  — Af +— — A |r=4/By
tolon 4 A [y

|deal Low pass

4 — A
: 2B, »
Fig. 1-33: Rolloff factor definition.

Fig. 1-34 shows the transfer function H(f) and time function h(t) of a raised cosine filter
with four different rolloff factors. Where r = 0, the result is an ideal lowpass with a
square-wave transfer function, while r = 1 delivers the flattest possible cosine edge.
Where r is an intermediate value, the frequency response is close to constant over a
certain range, then falls into a somewhat steeper cosine edge as the values for r
decrease. The filter bandwidth increases as the rolloff factor increases. The maximum
value of r = 1 is equal to the maximum bandwidth of 1/T. A decreasing rolloff factor
produces a steeper filter edge and leads to greater undesirable overshoots in the time
domain. In practice, however, a smaller rolloff factor in the range from 0.2 to 0.5 will
save bandwidth. For example, the UMTS mobile cellular standard uses a rolloff factor
of r = 0.22 for its impulse filter.

Fig. 1-34: Transfer function H(f) and time function h(t) of a raised cosine filter with various rolloff
factors.
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Gaussian filters do not exhibit any overshoots in the impulse response. They are
used in the Gaussian minimum shift keying (GMSK) digital modulation method for
GSM, for example. The square-wave transmit symbols are converted into impulses in
the shape of a Gaussian bell-shaped curve with lower bandwidth requirements (Fig.
1-35).

Bit Response, Gaussian Filter,B + T= 0.3

VA

Data signal Gaussian Filter { \ \
JUL = A2 NN

-2 -1 0 1 2 3 4 5
Bit Periods —»

Fig. 1-35: Filtering of square-wave data symbols using a Gaussian filter.

The filter type and parameters (e.g. rolloff factor) being used depend on the mobile
cellular standard and are defined in the respective specification. A vector signal
generator must therefore be capable of performing a baseband filtering using a variety
of filter types. Most signal generators also permit the filter parameters to be set
manually for development tasks. The filtering is performed based on realtime
calculations of digital filters. The filtered and coded baseband signals are then
converted into analog | and Q signals, passed through a lowpass filter for signal
shaping and then sent to the I-Q modulator (see the next section).

Each filter pass will always cause smoothing of the transitions. Fig. 1-36 shows filtered
baseband signals i(t) and q(t) over time, based on the example of a 3aGPP UMTS
signal (dual BPSK signal).

Fig. 1-36: Filtered I/Q signals.

These signals no longer give any hint of the erratic data change.
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At the left of Fig. 1-37 is the position of an 1/Q constellation relative to the symbol times
and to the right is the 1/Q vector over time. As a result of filtering, this no longer follows
the shortest straight line between the symbols, but rather describes the filtering
characteristics of the symbol transitions.

r
F

Fig. 1-37: Constellation (left) and continuous vector display.

[-Q modulator

Fig. 1-38 shows how an I-Q modulator works. I-Q modulators consist primarily of two
mixers and a signal summer. The unmodulated output signal from the synthesizer
functions as the local oscillator for the mixer. The modulated RF signal A(t) is
generated by adding one carrier modulated with i(t) and one modulated with q(t) — but
phase-shifted by 90°.

i(t)

Unmodulated
carrier (LO)

A(t) = i(t) -cos (o, 1) - q(t) - sin(o,1)

cos (w,t)
A
> +>—p
@ < Modulated Q t

cos (o) 90° carrier A(t)
-sin (o, t) a0
at) >

Fig. 1-38: Functioning of an I-Q modulator.

A

I-Q modulators can thus generate just about any vector signal waveform by changing
the magnitude and phase of a vector (Fig. 1-39).
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1.2.3

—

Fig. 1-39: Using an I-Q modulator to generate a signal from the | and Q signal.

For even more flexibility during signal generation, some signal generators can
optionally also include an arbitrary waveform generator (ARB) as the baseband signal
source (see also section 1.2.3). This generates signals of almost unlimited complexity.
The disadvantage is that the signal generation cannot be performed in realtime and a
precalculated signal waveform must be available, for example created using PC
software or a mathematical software application.

Arbitrary Waveform Generators (ARBS)

Arbitrary waveform generators (ARBs) are specialized vector signal generators for the
baseband. The modulation data for ARBs is calculated in advance (rather than in
realtime) and stored in the instrument's RAM. The memory content is then output at the
realtime symbol rate. Many vector signal generators have an ARB option; see selection
in Fig. 1-19. ARBs differ from realtime vector generators in use and application as
listed here:

1 ARBs have zero restrictions for configuring the content of an I/Q data stream
(hence the name "arbitrary").

1 Only time-limited or cyclic signals are allowed (the memory depth is finite).

The memory depth and word width for the I/Q data sets are additional characteristics
for ARBs. Some ARB generators allow sequential playback of different memory
segments containing multiple precalculated waveforms, without any further preliminary
calculation.

As with realtime generators, ARBs offer different triggering options as well as the ability
to output marker signals for controlling connected hardware and measurement
instruments in parallel to the waveform playback. Users can combine a variety of
waveforms of varying durations into a single sequence for production tests (see Fig.
1-40). The sequence and duration is defined either in the ARB by means of a remote
control program or by using an external trigger signal. For example, the output
sequence can consist of data streams with varying bit rates that must be verified during
production.
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Fig. 1-40: Stringing together different waveforms into a sequence.

Many ARB generators can calculate additive Gaussian noise as a baseband source;
some are also able to simulate multipath propagation (fading) or multi-antenna
systems (MIMO) of the subsequent RF signal. In many cases, vendors that offer ARB
generators also offer software for creating standard modulation sequences (I/Q data

sets). As an example, Fig. 1-41 shows several screens from the R&S®WinlQSIM2

simulation software.

4» Rohde&Schwarz WinIQsIM2 o =]
File  Transmission Graphics  Help
Trons
2 2 | w|e e e
Samples [ 117964 800 [Samp v| SampleRate| 11520000 [MHz ~| Marker Mode
i % 3PP FoD : 8] =101 x| Marker 1|Radio Frame |
Ca— [ e
] 3
Set To Default | SaveRecall... | Filter
; : Filter |Root Cosine |
Data List Management... | Generate Waveform File... | —
Roll Off Fact 0.22
3GPP Version Release 9 actor |
Chip Rate 3.84 Mcps Chip Rate Variation | 3.840 000 000 | Mcps  ~|
Link Direction |DownlinkIForward j Impulse Length | Auto | 40
Filter/Clipping/ARB Settings... | Root Cosine | Clip Off Oversampling v Auto | 3
Marker... | Clipping
State [~ On
Configure B tati
OCNS [~ On OCNS Mode [standara =] | | Clipping Level | 100 % #
Clipping Mode Vector i+ o
Reset All Basestations | Copy Basestation... | (BT I il J
Predefined Settings... | Test SetupsModels... |
Adjust Total Power To 0 dB | Total Power 0.00dB
calart B gt ARB Settings
aSeieLl D
))-) Er BS2 BS3 BSa Sequence Length | 4| Frames j
) I3
I -& v/ [ On [ on [ On
e I I I |

| bl | |

Fig. 1-41: PC program for calculating the I/Q data for standard signals.
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This example uses the 3GPP FDD (UMTS) mobile cellular standard. It illustrates the
creation of a downlink, i.e. the signal from a base station (BS) to a mobile phone. The
program can generate the signals from up to four base stations; in Fig. 1-41, only BS1
is active. The filtering complies with the UMTS standard. No clipping is performed. The
Markerl device jack will subsequently deliver a signal with each new radio frame.

Once all the required entries have been made, the user initiates calculation of the I/Q
data by clicking the Generate Waveform File button. The data is then transferred from
the program to the ARB, and the output can be started immediately.

Fig. 1-42 shows the basic functioning of an ARB. The sequencer takes the waveforms
saved in memory and combines them into a predefined sequence, then forwards them
to the sample rate converter (resampler).

The resampler is used to adjust a variable memory symbol clock to a fixed clock rate
from the D/A converter. This has two major advantages. First, the D/A converter
always uses the optimal clock rate for the best possible resolution, and second, the
variable memory clock ensures that the memory is optimally utilized. In other words,
changing the clock ensures that the longest possible sequence can be generated.

This is illustrated in the following example:

An ARB with a memory depth of 1 Gsample can generate a GSM signal with
270 ksamples/s and triple oversampling with a duration of 1234 s.

( _ 1 Gsample

T 3270 ksample
example 300 MHz, the possible duration for the signal output would be reduced to
33s (t — 1 Gsample )

300 Msample/s

). If the memory clock rate is equal to that of the D/A converter, for

Because the clock rate of the D/A converter is always within the optimal range, the
output signal has a high, spurious-free dynamic range (SFDR) that is independent of
the memory clock rate.

Memory o LP- > |
Controller Sample rate " Filter v
Sample | L siconverter | D/A-
Memory converter
Sequencer (Resampler) .| LP- > Q
Trigger Enging| | Filter "
I ITrigger I
Symbol Clock f.e. 300 MHz
(e.g. 1kHz ... 300 MHz)

Fig. 1-42: ARB block diagram.
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1.3

13.1

Key Signal Generator Characteristics

An ideal assumed signal generator delivers an undistorted sine-wave signal that
exactly matches the defined frequency and the defined level at its output. Fig. 1-43
shows an ideal sine-wave signal in the time and frequency domains.

A\ 4

Time domain Frequency domain

Fig. 1-43: Output signal of an ideal signal generator in the time and frequency domains.

Because a signal generator is constructed from real components with non-ideal
characteristics, the wanted carrier signal with frequency f. (c: carrier) arrives at the
output along with other, unwanted signals. In reality, even the carrier signal will include
a level error and a frequency error. In fact, as a result of the phase noise, the real
carrier signal is not consistently displayed in the spectrum as a thin line, or Dirac pulse
(see Fig. 1-44).

7 -
. é Level error Subharmonics
Frequency error TR -74dBc 7K w H .
| | T S : : Harmonics
80 dBc : ! -30dBc

0.5f, fe 1.5f 2f, 2.5, 3f, f

Fig. 1-44: Real spectrum for a non-ideal signal generator.

The following sections take a closer look at the key signal generator characteristics
used to assess signal quality.

Phase Noise
Phase noise is a measure of the short-term stability of oscillators as used in a signal

generator for producing signals of varying frequency and shape. Phase noise is
caused by fluctuations in phase, frequency and amplitudes of an oscillator output
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signal, although the latter are usually not a consideration. These fluctuations have a
modulating effect. Phase noise typically occurs symmetrically around the carrier, which
is why it is sufficient to consider only the phase noise on one side of the carrier. Its
amplitude is therefore specified as single sideband phase noise (SSB) at a defined
carrier offset referenced to the carrier amplitude. The specified values are usually
relative, i.e. they are defined as a noise power level within a bandwidth of 1 Hz.
Accordingly, the unit is noted as dBc (1 Hz) or as dBc/Hz, where "c" references the
carrier. Because the phase noise power is lower than the carrier power, negative
values are to be expected in the specifications for a signal generator. The effects of
phase noise are shown in Fig. 1-45.

L Phase noise of
reference oscillator
referred to output
frequency f,
(OCX0)

Free-running
oscillator (VCO)

VCO locked to OCXO:
narrow PLL bandwidth

medium PLL bandwidth

Fig. 1-45: Phase noise of an OCXO, a VCO and a VCO connected to the OCXO at varying PLL
bandwidths.

Ideally, a pure sine-wave signal would result in a single spectral line in the frequency
domain. In practice, however, the spectrum of a signal generated by a real oscillator is
significantly broader. Signals from all oscillators exhibit phase noise to some degree.
By making appropriate changes to the circuitry, this can be minimized to a certain
extent, but never completely eliminated. In modern signal generators, oscillators are
implemented as synthesizers, i.e. the actual oscillators are locked to a highly precise
reference frequency, e.g. 10 MHz, by phase-locked loops as described in 1.2.1.1. The
phase noise characteristics are affected by the PLL bandwidth of the frequency locking
circuitry. The following subranges can therefore be identified (see also ranges 1, 2 and
3in Fig. 1-45):

1 Close to the carrier (frequency offset up to about 1 kHz)

In this range, the phase noise caused by the multiplication in the locked loop is
higher than that from the reference oscillator.

1 Range extending to the upper boundary of the PLL bandwidth (starting at about
1 kHz)

Rohde & Schwarz Modulation and Signal Generation with R&S® Signal Generators 37



What Is a Signal Generator?

1MA225-2¢e

Within the PLL bandwidth, the phase noise corresponds to the total noise from
multiple components in the locked loop, including the attenuator, the phase
detector and the multiplexed reference signal. The upper boundary of this range is
dependent on the signal generator, or more accurately, on the type of oscillator
used.

1 Range outside of the control bandwidth

Outside of the control bandwidth, the phase noise is determined almost entirely by
the phase noise of the oscillator during unsynchronized operation. In this range, it
falls 20 dB per decade.

Fig. 1-45 shows the phase noise for the various PLL bandwidths. Of interest is the
comparison of the phase noise from the unsynchronized oscillator against the phase
noise using the various PLL bandwidths as reference. The following different situations
can occur:

1 Large PLL bandwidth

The loop gain in the locked loop is so high that the noise from the oscillator
connected to the reference is reduced to the level of the noise from the reference.
Far away from the carrier, however, the phase noise increases as a result of the
phase shift caused by the filtering.

1 Medium PLL bandwidth

The loop gain is not sufficient to reach the reference noise close to the carrier.
However, the increase in phase noise far away from the carrier is less than with a
large control bandwidth.

1 Narrow PLL bandwidth

The phase noise far away from the carrier is not any worse than that from the
unsynchronized oscillator. Close to the carrier however, it is significantly greater
compared to the medium and large control bandwidths.

Mathematical description of phase noise:

The output signal v(t) of an ideal oscillator can be described by

Equation 1-3:

V(t) = Vo - sin(2 = fot) where

Vo Signal amplitude
Fo Signal frequency and
2nfot  Signal phase

With real signals, both the signal's amplitude and its phase are subject to fluctuations:

Equation 1-4:

v(t) = (Vo+ &(t)) sin@ nfo+ Ap(t)) where
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£(t) The signal's amplitude variation and

A@(t) The signal's (phase variation or) phase noise

When working with the term Ag(t), it is necessary to differentiate between two types:

1 Deterministic phase fluctuation due to e.g. AC hum or to insufficient suppression
of other frequencies during signal processing. These fluctuations appear as
discrete lines of interference.

[ Random phase fluctuations caused by thermal, shot or flicker noise in the active
elements of oscillators.

One measure of phase noise is the noise power density referenced to 1 Hertz of

bandwidth:
Equation 1-5:
A¢’ms rad’
SA¢(f) = ¢/
1Hz Hz

In practice, single sideband (SSB) phase noise L is usually used to describe an
oscillator's phase-noise characteristics. It is defined as the ratio of the noise power

measured in a single sideband Py, at 1 Hz of bandwidth) to the signal power P, .,

at a frequency offset f g, from the carrier (see also Fig. 1-46).

Equation 1-6:
L(f ) _ PSSB(lHZ)
offset/ — P
Carrier
P A P A
Pcarrier
R
Psss
f, f fy Hz f

fOﬂSEt

Fig. 1-46: Ideal signal and signal with phase noise.
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If the modulation sidebands are very small due to noise, i.e. if the phase deviation is
much smaller than 1 rad, the SSB phase noise can be derived from the noise power
density:

Equation 1-7:

L(1) =3 8.(1)

The SSB phase noise is commonly specified on a logarithmic scale:

Equation 1-8:

Lc( foffset) =10 Ig (L( foffset)) dBC

The SSB phase noise from a signal generator based on the frequency offset to the
carrier is shown in Fig. 1-47. Because the components used for signal generation
possess frequency-dependent characteristics, and because the higher frequencies
require additional signal paths for the signal generation, the phase noise is also

dependent on the frequency currently defined for the signal generator. Fig. 1-47 shows

this dependency for several carrier frequencies ranging from 10 MHz to 6 GHz. This

illustrates that phase noise increases almost continuously in relationship to the
frequency.
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Fig. 1-47: SSB phase noise based on the frequency offset at various carrier frequencies.

Low phase noise values as seen in Fig. 1-47 are particularly significant when a signal

generator will be used as a stable reference signal, for example for phase noise
measurements, or as a calibration reference during servicing. Low-jitter microwave
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13.2

signals, i.e. signals with low SSB phase noise — in particular close to the carrier — are
essential for characterizing ever-faster A/D converters.

Spurious Emissions

The spurious emissions shown in Fig. 1-44 (harmonics and subharmonics) are the
result of non-linearities in the components (amplifiers, mixers, etc.) in the signal path of
the signal generator. This is described in more detail below.

An ideal linear two-port device transfers signals from the input to the output without
distorting them. The voltage transfer function of this type of two-port device is:

Equation 1-9:
Vout(t) = GV . Vln(t)

where V., (1): Voltage at the output of the two-port device
Vin(1): Voltage at the input of the two-port device
Gv: Voltage gain in the two-port device

In practice, these types of ideal two-port devices can be achieved only by using
passive components.

For example, resistive attenuators can be assumed to be ideal. On the other hand,
two-port devices containing semiconductor components, e.g. amplifiers or mixers, do
exhibit non-linearities. In this case, the transfer function can be approximated by using
a power series. The following applies:

Equation 1-10:

[oe]

Voue® = D VIO =y vin(8) + @ VE©) + a5 VEO+..

n=1
where  vou(t): Voltage at the output of the two-port device
Vin(t): Voltage at the input of the two-port device
an: Coefficient of the respective non-linear element for the voltage

gain

In most cases, it is sufficient to consider the square and cubic members, so that the
power series need only be developed up to n = 3 as shown in Equation 1-10. Signal
generators should deliver the most distortion-free signals possible. Linearity is
therefore a key criterion for assessing a signal generator. The effects of a two-port
device's non-linearities on its output spectrum are dependent on the input signal:

Single-tone modulation
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If a single sine-wave signal ue(t) is present at the input of the two-port device
where

Equation 1-11:

Vin(t) = Vm ' Sin(znfin,l " 1)

where 1, Peak value of vin(t)

fin,1 Frequency of vin(t),

this is considered to be single-tone modulation. By using Equation 1-11 in Equation
1-10, it can be seen that the non-linearities cause the presence of harmonics of the
input signal at the frequencies f,y=n - f; (see Fig. 1-48).

Non-linear
Ain

A
amplifier out

— O— [>—o—>

| >
>

fin,l 2f:in,l 3f:in,l f

v

fin.l

Input signal OQutput signal

Fig. 1-48: Spectrum before and after a non-linear two-port device.

The level of these harmonics depends on the coefficients a,, in Equation 1-10 .
However, there also exists other dependencies on the order n of the respective
harmonics and on the input level. When the input level increases, the harmonics levels
increase out of proportion with their order, i.e. an input level change of A dB leads to a
change in the harmonics level of n « A dB along with a change in the input level.

Data sheets list the harmonics relative to the carrier signal in dBc (c: carrier). Fig. 1-49
provides an example of the data sheet specifications. The harmonics are specified by
the frequency as well as the output power up to which the specifications for the
harmonics will apply. If the level offset of the harmonics to the carrier signal is not
adequate for the application, optional filters can be used to further reduce the
harmonics, as shown in this example. Fig. 1-50 provides a graphical representation of
the measurement results of the second and third harmonics over the frequency.
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Harmonics
R&S°SMB-B1 )1/-8102/-B103/-8106 1 MHz < f < 6 GHz; level < 13 dBm ° <-30dBc
-B112/-B112L ”f>GGHz: level =10 dBrp(‘
R&S”SMB-B120/-B120L/-B140/-8140L" | standard; level < 8 dBm °
f>1MHz <-30dBc
with R&SSMB-B25, R&S”SMB-B26 option low harmonic,
low harmonic filter on, level < 10 dBm °

1 MHz < f = 150 MHz <-30dBc
150 MHz <f=< 3 GHz <-58 dBc
3 GHz <f =20 GHz <-50dBc
f>20 GHz < —60 dBc (meas)

“l ohne / mit elektronischer Eichleitung; *!ohne / mit mechanischer Eichleitung

Fig. 1-49: Example specifications for harmonics.
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Fig. 1-50: Graphical display of the second and third harmonics up to 6 GHz, output power +15 dBm
(measured).

Two-tone modulation

In addition to the harmonics described above, the signal generation also results in non-
harmonic signal components. Because the isolation of the signal paths is limited, these
components can be caused by crosstalk from internal power supplies or from other
clock frequencies present in the signal generator, for example. This includes
intermodulation products such as those that occur during two-tone modulation of non-
linear components. In the case of two-tone modulation, a signal Vi,(t) consisting of two
sine-wave signals of the same amplitude is applied at the input of the two-port device.

The following applies for the input signal:

Equation 1-12:

Vin(©) = Vi - sin(2nfip 1 - t) + Vi * sin2ufinz - )

where v Peak value of the two sine-wave signals
fin1, finz  Signal frequencies

By using Equation 1-12 in the non-linear transfer function per Equation 1-10, the
intermodulation products listed in Table 1-1 are present at the output of the two-port
device. The angular frequency o is always specified with v,=2 = - finaand

®,=2 7 - fin2.
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DC component

a, - O'S(Ui%,l + Uxﬁ,z)

Fundamentals

ay- U, - sin(eo,t)

a, - Uy, - sin(wyt)
2nd harmonics a,-05-UZ;- Los(z-wlf)
a,-0.5- U2, cos(2- myt)
Intermodulation products a, - U,y - Uy - cos (- )t
of 2nd order a, - U,y - Uy - cos( + @)t

3rd harmonics

03, - sin(3 - a,f)

d; -

SFw

0.2
a;-025- 02, cos(3-w,t)

Intermodulation products
of 3rd order

a;-U2,- U, 075 sin(2a+ ,)
a;- U2, U, - 075 - sin(2a,+ @)
a;- U2, U,,- 075 sin(2w, - w,)t
az - U2, - Uy, - 075 - sin(2ay, - o))t

t
t

Table 1-1: Intermodulation products from two-tone modulation.
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Fig. 1-51: Output spectrum of a non-linear, two-port device during two-tone modulation.

In addition to the harmonics, intermodulation products are also generated (Fig. 1-51).
The order of the intermodulation products corresponds to the sum of the orders of the
involved components. For the product 2 - fi, 1+ 1 - i, 5, for example, the result order is
2 + 1 =3. Table 1-1 lists only products up to the third order. While even intermodulation
products (e.g. second order) in the frequency domain always lie far away from the two
input signals, odd intermodulation products of a lower order (e.g., third or fifth order)

are always in the immediate vicinity of the input signals.

Depending on the application, products of both even and odd orders can cause
interference. Just as for the higher-order harmonics, a level change of A dB on both
sine-wave carriers at the input leads to a level change of n « A dB in the
intermodulation products. For example, if the modulation of an amplifier is increased by
3 dB, the third-order intermodulation product increases by 9 dB. Fig. 1-52 shows this
interrelationship based on the example of second- and third-order intermodulation

products:
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Fig. 1-52: Characteristic curves for the fundamental (blue) and for the second-order (green) and third-
order (red) intermodulation products.

To ensure that the specification of non-harmonics for different signal generators can be
compared, the level and the frequency offset to the carrier must be included in the
specifications (Fig. 1-53).

Nonharmonics CW, level = —10 dBm (level = 0 dBm for instruments without step attenuator),
offset > 10 kHz from carrier

f<23.4375 MHz <-70 dBc

23.4375 MHz < f < 1500 MHz <70 dBc, < -84 dBc (typ.)
1500 MHz <f< 3 GHz <—64 dBc, < —78 dBc (typ.)
3 GHz <f<6.375 GHz <58 dBc, < —72 dBc (typ.)
6.375 GHz < f= 1275 GHz < 52 dBc, < -66 dBc (typ.)
12.75 GHz < f < 25.5 GHz < —46 dBc, < -60 dBc (typ.)
255 GHz <f<40 GHz <—40 dBc, < -54 dBc (typ.)

Fig. 1-53: Example data sheet specifications for non-harmonics.

To assess the spectral purity of a generator signal, not only the phase noise,
harmonics and non-harmonics must be specified, but also the subharmonics. The
frequencies of the subharmonics have an integer attenuation factor with respect to the
carrier frequency:

1 First subharmonic 1/2- f,
I Second subharmonic 1/3- f,
1 Nth subharmonic f./(n+1)

Subharmonic frequency components arise in the signal generator exclusively through
the use of frequency multipliers. The figure below shows an example of the data sheet
specifications for subharmonics. The carrier output power reference is required as well
as the comparison value in dBc. The signal generator in the example below does not
use a frequency multiplier below 6.375 GHz, and no subharmonics occur in this range.

Subharmonics level > =10 dBm (level > 0 dBm for instruments without step attenuator)
f<6.375 GHz none
6.375 GHz < < 20 GHz <-55 dBc
20 GHz <f= 40 GHz L =-50dBc

Fig. 1-54: Example data sheet with subharmonics specifications.
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1.3.3 Frequency Stability

When characterizing frequency stability, a distinction must be made between long-term
stability and short-term stability.

Short-term stability is defined by statistical or deterministic fluctuations in frequency
around an average value. The spectral line of a single frequency signal is expanded
under its influence. A distinction must be made here between two types of frequency
fluctuations, random and deterministic fluctuations. Deterministic (or systematic,
periodic) fluctuations can be traced back to discrete modulation frequencies. In other
words, they appear as discrete but adjacent lines close to the average frequency and
can be tracked back to known causes, such as AC hum or intermodulation products.
Random (or statistical) frequency or phase fluctuations are known as phase noise (see
1.3.1 Phase Noise).

Long-term stability refers to a change in the average frequency, caused by slow
changes in the components that determine the frequency (oscillators). For example,
the expansion of a resonant structure due to temperature can cause a change in
frequency. Long-term stability is often described by a relative frequency change per
time unit. The specification of long-term stability is composed of several individual
parameters (see Fig. 1-55).

Reference frequency

Frequency error at time of calibration in production <1x107
with R&S“SMB-B1/R&S"SMB-B1H option | < 1 = 10°°
Aging standard <1 x 10 /year
(after 10 days of uninterrupted operation) | with R&S“SMB-B1 option <1 = 10 /day, < 1 x 10 /year
with R&S"SMB-B1H option <5 x 10""/day, <3 x 10"/year
Temperature effect (0 °C to +50 °C) standard <2x10"
with R&S"SMB-B1 option <1x107
with R&S“SMB-B1H option <1x10"
Warm-up time to nominal thermostat temperature with =10 min

R&S®SMB-B1/R&S®SMB-B1H option

Fig. 1-55: Frequency stability specification.

1 The term "frequency error" defines the accuracy of the reference oscillator at the
time of production or after calibration.

1 Because the reference oscillator is subject to aging, specifications list the resulting
frequency drift per day or per year. From this specification, it can be calculated
when the oscillator must be recalibrated from a service-department. The time
interval for the recalibration is determined based on the permissible frequency drift
for a given application.

1 In addition to the deviations discussed above, the total frequency inaccuracy
calculation must also must include the deviation due to temperature.

As described in section 1.2.1.1 under "Synthesizer", the frequency accuracy of a signal
generator is dependent on the frequency oscillator being used. A TCXO is typically
used as the reference oscillator for most signal generators. For applications
demanding greater frequency accuracy, signal generators can usually also be
equipped with an optional OCXO. This is why the specification for the frequency
stability also includes the values for the OCXO (Fig. 1-55, SMB®-B1: OCXO reference
oscillator; SMB®-B1H: high-performance reference oscillator). Beyond the advantage of
higher frequency accuracy, an OCXO also provides a shorter warm-up time. The
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specifications provided in the data sheet apply only after this time period. In this
example, the warm-up time with the standard frequency oscillator is 30 min. With the
OCXO, the warm-up time is reduced to 10 min. (Fig. 1-55).

1.3.4 Level Accuracy and Level Setting Time

As described in section 1.2.1.1, level accuracy and level setting time depend on the
synthesizer model being used, the type of step attenuator and whether ALC is used.
Fig. 1-1 provides example level error specifications from a data sheet for various
frequency domains. Due to the high degree of precision for a mechanical step
attenuator and the similarly improved matching of the RF output jack, the level error is
less than that for a signal generator without a step attenuator.

Level error ALC state on, temperature range +18 °C to +33 °C

R&S¥SMB-B101/-B102/-B103/ 9kHz <f=200 kHz* <1.0dB

-B106/-B112 200 kHz << 3 GHz <0.5dB

- f>3GHz <0.9dB

—_— R&S"SMB-B112L 200 kHz < f<3 GHz <0.7dB

No step attenuator >3 GHz <11dB

h—\—’ R&S*SMB-B120L/-B140L 200 kHz <=3 GHz <0.7dB

3 GHz <f< 20 GHz <1.1dB

- 20 GHz < =40 GHz <1.2dB

; ; R&S®SMB-B120/-B140 level > —90 dBm level < -80 dBm

With mechanical —_— 200kHz <=3 GHz <0.5dB <0.5dB
step attenuator 3 GHz < <20 GHz <0.9dB <12dB
20 GHz <f =40 GHz <1.0dB <15dB

Fig. 1-56: Specification of level error with mechanical step attenuator and without step attenuator.

As described in section 1.2.1.1 under "Level attenuation using step attenuators", when
an electronic step attenuator is used, a power amplifier is connected downstream in
order to compensate the attenuation. This leads to a drop in the spectral purity and to
an increase in the level error. The diagrams in Fig. 1-57 and Fig. 1-58 show the level
error for various frequencies based on the output level. Fig. 1-58 shows the negative
effect on the level accuracy when a power amplifier is switched on.

§ 05

Level error indB

0.1 - : i ! 4 4

=01
0.2 ~+
03 ! . | | | —— {=2,1GHz
— f=5,7GHz
04 | f=12,75GHz
0.5
=120 -100 =80 =60 =40 =20 0 0
Level in dBm -

Level lineanty with R&S®SMB-B112 option, ALC on (meas.)

Fig. 1-57: Level error with electronic step attenuator at different frequencies.
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Level ervor in dB

02
— f=10GHz
-03 — [=20GHz
o4 | | | | | f=30GHz
—— f=40GHz
05 -+ T ] : |
-120 =100 -0 -60 40 -0 ] 15
Level in dBm -

Level linearty with R&S®SMB-B140 opfion and R&S®SMB-B32, ALC on (meas.)

Fig. 1-58: Level error with electronic step attenuator and power amplifier at different frequencies.

Fig. 1-59 shows an example specification for level setting time. If it becomes necessary
to add a mechanical step attenuator, the setting time increases considerably.

Level setting times

Setting time level deviation < 0.1 dB® from final value, with GUI update stopped, temperature range
+18 °C to +33 °C, without switching of the mechanical step attenuator
after IEC/IEEE bus delimiter

ALC state on [<25ms
with switching of the mechanical step attenuator
ALC state on <25ms

Fig. 1-59: Specification of the level setting time.

Error Vector Magnitude (EVM)

An important characteristic for the modulation quality of a vector signal generator is the
error vector magnitude (EVM). The EVM is a measure of how much the generated
symbols deviate from the ideal constellation (see Fig. 1-60) and corresponds to the
relationship between the error vector Vo, and the ideal reference vector V.

Generated constellation point
Error vector V.,

/

-—

Resulting vector

\.

Ideal constellation point

Reference Vector Vi

I
Fig. 1-60: Modulation errors due to deviation of the symbols from the ideal constellation.
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The error vector Ve, in the complex 1/Q plane extends from the ideal constellation
point to the (real) constellation point generated by the signal generator. The reference
vector V¢ extends from zero to the ideal constellation point.

Typically, the EVM value is stated in decibels (dB) or as a percentage (Equation 1-13
and Equation 1-14).

Equation 1-13:

EVM(dB) = 101log ("V—f)

Equation 1-14:
EVM (%) = 100 % - /VV—
ref

Higher-order modulation modes such as 16QAM (see section 2.4.4 ) with narrower
symbol spacing react with more sensitivity to vector errors than simpler modulation
modes with wider symbol spacing. At the left of Fig. 1-61 is the constellation diagram of
a QPSK signal shifted by 45° in a signal-to-noise radio (carrier / noise, or C / N) of

20 dB. In this example, the EVM value is 26 %. In spite of the high EVM, the large
symbol spacing makes symbol recognition possible without problem. In contrast, even
with the same C / N, only a partially correct symbol allocation is possible for the
16QAM signal at the right of Fig. 1-61, leading to a higher bit error probability.

Fig. 1-61: Constellation diagram for QPSK and 16QAM with equivalent C/N.

Although the signal-to-noise ratio is the same for the two signals in the left and right
figures, the 47.9 % EVM for 16QAM is significantly higher than that for QPSK. This is
because the average vector length of the reference vector referenced by the error
vector during the calculation is significantly smaller for 16QAM than for QPSK.

In practice, the receiver is assessed by measuring the demodulation quality, and thus
also the EVM. In order to keep the influence of the generated signal on the
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1.3.6

measurement result to a minimum, it is therefore important that the signal generator
produce a signal with a high modulation quality, i.e. a low EVM. The EVM of a vector
signal generator depends on the baseband filtering, modulation mode, symbol rate
and, for mobile radio signals, also on the selected mobile cellular standard (see also
excerpt from a data sheet in Fig. 1-62).

Modulation performance for main digital standards

Measured values except otherwise stated.

Standard | GSM EDGE WCDMA 3GPP CDMA2000° IEEE IEEE WIMAX™ | LTE
802.11a/g 802.11ac
1DPCH TM1-64 BW =
10 MHz
Frequency | 400 MHz 400 MHz 1800 MHz | 1800 MHz | 800 MHz 2400 MHz 2400 MHz | 5000 MHz | 1800 MHz
to to to to to to to
2000 MHz 2000 MHz | 2200 MHz | 2200 MHz 2485 MHz; 2485 MHz; 2200 MHz
5150 MHz 5150 MHz
to to

5825 MHz 5825 MHz
@ - 0.25% 04 % 0.4 % 04% 0.6 % 044 % 0.4 % 0.4 9%
(typ.) (typ.)

Modulation performance for custom digital modulation

Deviation error with 2FSK, 4FSK deviation 0.2 to 0.7 x symbol rate
Gaussian filter with B x T=0.2t0 0.7
symbol rate up to 2 MHz [0.4 % (meas.)
symbol rate up to 10 MHz \ 1.2 % (meas.)

Phase error with MSK Gaussian filter with B x T=0.2t0 0.7

|

|

| bit rate up to 10 MHz | 0.3° (meas.)
@th QPSK, OQPSK, m/4-DQPSK, | cosine, root cosine filter with @ = 0.2 10 0.7

|

|

. 16QAM, 32QAM, B4QAM symbol rate up to 5 MHz | 0.5 % (meas.)
symbol rate up to 20 MHz | 2.0 % (meas.)

Fig. 1-62: Example of an EVM specification.

Adjacent Channel Power (ACP)

In order to ensure that transmitted information is received without interference by as
many subscribers as possible, the adjacent channels in the frequency domain must
always remain free of interference. One measure for this interference is the adjacent
channel power, which should remain as low as possible and which is stated either as
an absolute value (in dBm) or as a relative value referenced to the channel power in
the transmission channel. The adjacent channel power (ACP) is also known as
adjacent channel leakage power ratio (ACLR) or the adjacent channel power ratio
(ACPR). The unwanted spurious emissions are primarily caused by amplifiers and their
third-order intermodulation products in the first adjacent channel as well as by fifth-
order intermodulation products in the second adjacent channel (the alternate channel).
In order to test the amplifiers for generated disturbance power in the adjacent channel,
it is important that the test signal produced by the vector signal generator itself have a
very high adjacent channel power suppression. The ACPR value is therefore another
important quality characteristic for a vector signal generator. As seen in the data sheet
excerpt in the figure below, this value is also dependent on the generated signal and
on the selected standard.
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Modulation performance for main digital standards

Measured values except otherwise stated

Standard | GSM EDGE WCDMA 3GPP CDMA2000° | IEEE IEEE
|t 802.11alg | 802.11ac
1DPCH TM1-64
Frequency | 400 MHz 400 MHz 1800 MHz | 1800 MHz | 800 MHz 2400 MHz | 2400 MHz
to to to to to to
2000 MHz | 2000 MHz | 2200 MHz | 2200 MHz 2485 MHz; | 2485 MHz;
5150 MHz | 5150 MHz
to to
5825 MHz | 5825 MHz
Adjacent channel power ratio (ACPR) in dB i
Channel 200 kHz 200 kHz 5 MHz 5 MHz 30 kHz 20 MHz 160 MHz
spacing
In adjacent | -38 -38 -69 -67 (typ.) | -79 -42 -50
channel | ) | o (at075MHz | )
In alternate | =70 -70 -74 =71 (typ.) | -91 -55 -56
channel | | at 1.98 MHz
In 2nd -78 -78 - - - -56 -56
alternate
channel

Fig. 1-63: ACPR specification based on the standard.

MultivView

%f% i 1]

GZ16GH: 1001 pis —TaTm Span 25.7 Wi
2 Result Summary W-CDMA 3G Fwd
Ghanne] Bandwidth I offser. L power I I
Tl (Re 0 1 131 dBm
» Total 131 dBm | }
Channe Bandwidih Qifsex. Lower:
= Yt S0 ~70.54 d8c g9 88
aitt 350 M 10000 Mz -71.96 dBc -71.89 dBc

[T i

Digital standard 3GPP FDD test model 1, 64 DPCHs ACLR (meas )

Fig. 1-64: ACPR specification based on the standard.

Impedance Matching (VSWR)

Signal generators for the most part are designed for 50 Q systems. To ensure that as
much of the generated power can be used by the connected load or by the DUT as
possible, the signal generator output and the load input must be as close to 50 ohms
as possible. A good impedance matching is ensured only if no signal reflection occurs
and if the mismatch uncertainty is kept to a minimum.

The mismatch uncertainty ¢ is calculated as follows:

Equation 1-15:
e=+420Ilg(1+rg-r,)dB

where
ry - Generator reflection coefficient

r.: Load reflection coefficient
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Definition of the reflection coefficient:

Any kind of RF power transmission takes place between a source and a
load. The source and load are connected via a standard transmission line, for example
a section of coaxial cable with the characteristic impedance Z, (Fig. 1-65).

l P4=P,- P,

Ol e 8

>,
Source Line Load

(Signal generator)

Fig. 1-65: Power flow between source and load.

The source supplies a sine-wave signal with a constant amplitude. The line is assumed
to be lossless. Once all transients have dropped off, two stationary waves remain. One
flows from the source to the load (forward direction) and the other flows in the opposite
direction (reverse direction). The two waves carry the incident power P; and the
typically smaller reflected power P,. The ratio of P,/P; depends solely on how well the
load is matched to the line.

The measure for the load matching is the reflection coefficient r, :

Equation 1-16:

P
= |=
LTP

i

In an ideal impedance matching, no power is reflected from the load (P, = 0). It follows
that r_ = 0. If all of the power is reflected (P, = P;), then r_ = 1. In other words, the
values for the reflection coefficient always lie between 0 and 1. For most calculations, it
is sufficient to use only the magnitude of the reflection coefficient. At other times, the
phase angle ®.must additionally be specified. The magnitude r_ and phase ®.can
then be combined into a complex reflection coefficient I'c.

The reflection coefficient can also be specified as return loss a, (Equation 1-17, Fig.
1-66). This indicates, stated in dB, by how much the reflected power is attenuated as
compared to the forward power.

Equation 1-17:

1
a, = 20 lgr—dB
L
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As seen in Fig. Fig. 1-65, the load receives only the net difference between the forward
power and the reflected power. It is therefore also known as the net power or the
absorbed power Py:

Equation 1-18:

Py =P +P,

The specifications for a signal generator output typically include the impedance
matching but not the reflection coefficient. Another typical measure for the impedance
matching is the voltage standing wave ratio (VSWR).

Definition of VSWR:

The interference pattern resulting from the superposition of forward and reflected
waves is called a standing wave. It is periodic with one half a line wavelength. At the
positions where the voltage and current of both waves are either in phase or out of
phase, maxima and minima values are produced. The ratio of maximum to minimum
values is a measure of the magnitude of the load-side reflection coefficient. This ripple
s and the extreme values can be very precisely determined on transmission lines.
More commonly used than the term "ripple"” is the term voltage standing wave ratio
(VSWR), or simply SWR. Unlike the reflection coefficient, the VSWR is calculated not
from the power ratio, but rather from the maximum and minimum voltage values of the
standing wave. The following definition applies for s, or VSWR:

Equation 1-19:

Vmax

s =VSWR =SWR =

Vmin

The VSWR and the reflection coefficient have the following relationship:

Equation 1-20:
1+

-1

VSWR =

For impedance matching where r_ = 0, the result is VSWR = 1. For total reflection
where r_ = 1, the result is VSWR = «. The value range for VSWR therefore lies
between 0 and « (see also Fig. 1-66).
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dB o, r VSWR

0 1,0 7 @
5 .
0,5 3
10 4 0,3 2 1
0,2 4 1.5
20 0,10 12
0,05 1,1

30 0,03 1

1,05

0,02
40 0,01 4 1,02
0,005 1,01

50 |
0,003 1,005

0,002
60 | 0,001 - 1,002 -

Fig. 1-66: Conversion table for reflection coefficient r, return loss a, and standing wave ratio VSWR.

The abbreviation VSWR is so widely used that it has also come to describe the source-
side impedance matching. However, that is not to say that the concept of replacing r.
with rg in Equation 1-20 is merely semantics, with no foundation in physical science.
The following equation can also be used for the VSWR of a signal generator:

Equation 1-21:

1+7g
1-7;

VSWR =

Because the type of step attenuators used in the signal generator can have an effect
on the generator matching, the VSWR value is typically specified for several different
instrument configurations. Fig. 1-67 provides an example from a data sheet for a signal
generator.

VSWR
With electronic step attenuator Output impedance VSWR in 50 Q system, ALC state on
— R&S®SMB-B101/-B102/-B103/ f>200 kHz <18
-B106/-B112
No step attenuator —> R&S®SMB-B112L/-630 1> 200 kHz <20
) . R&S®SMB-B120/-B140 1 MHz <f<20 GHz < 1.6 (meas.)
With mechanical step attenuator—> 20 GHz < f <40 GHz <1.8 (meas.)

Fig. 1-67: Excerpt from the R&S® SMB100A signal generator data sheet.

In the following example, the mismatch uncertainty of a signal generator is calculated
with a connected load, or DUT.

Impedance matching for the generator : VSWRg= 1.6 (R&S® SMB100A up to 20 GHz)

Impedance matching for the load: VSWR, = 1.7

To make it possible to calculate the mismatch uncertainty using Equation 1-15, the
reflection coefficients rg and r, are calculated from the known VSWR as follows after
solving Equation 1-20 and
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Equation 1-21 using r_ and rg:

_ VSWRs;-1 _ 16-1
T VSWR;+1 1.6+1

_ VSWR,-1  17-1
T VSWR,+1 17+1

= 0.23

T

e

The mismatch uncertainty is calculated as follows:
€=+20lg(1+rg-r,)dB=+201g(1+0.23-0.26) dB = +0.5dB

For example, for a generator power of +10 dBm (10 mW), the power at the load lies in
the range of 9.5 dBm (8.91 mW) and 10.5 dBm (11.22 mW) as a result of the mismatch
uncertainty. If the mismatch uncertainty for a certain application is still too high, it can

be reduced by inserting an attenuator (Fig. 1-68). Of course, this makes sense only if
sufficient power remains to meet the requirements at the load.

Attenuator

Cow |

Ko

Fig. 1-68: Improving the generator matching with an attenuator.

In the example above, a 6 dB attenuator is inserted for the mismatch uncertainty:
£=20lg(1+rg-r, r2)dB=20lg(1+0.23-0.26-0.52)dB = 0.13 dB
where

_ap -6 dB
rp = 1020daB = 10 20d8 = 0.5 (from Equation 1-17)

The power at the load lies in the range of 9.87 dBm (9.71 mW) and 10.13 dBm
(10.30 mW) as a result of the mismatch uncertainty.

The diagram below (Fig. 1-69) can be used to quickly determine the expected
mismatch uncertainty as a %.
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Fig. 1-69: Mismatch uncertainty for the forward power and for the power available at Z,.
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2.1

Modulation Methods

In order to transmit electrical information signals efficiently and with as little distortion
as possible, the signals must be adapted to the physical characteristics of the
transmission channel. To do this, the amplitude, frequency or phase angle of a carrier
signal is modified by the wanted signal (voice, music, data) to permit efficient utilization
of the transmission channel. This process is known as modulation. Within the carrier
frequency range, the transmit signal occupies a bandwidth that is dependent on the
wanted signal. The carrier signal itself has no significance with respect to the
transmitted message and can be suppressed for certain modulation modes. Because
only high-frequency signals can be radiated as electromagnetic waves over an
antenna, the wireless transmission of signals requires a modulated, high-frequency
carrier. On the receiver end, the wanted signal is restored by means of a demodulator
(Fig. 2-1). The transmission channel can involve a conducted transmission over
electrical or fiber-optic cables, or it can involve a radio link via antennas.

Transmitter Modulator Transmission channel Demodulator Receiver

Fig. 2-1: Signal path during the transmission of information using modulated signals.

Continuous-time modulation methods use a continuous signal, such as a sine-wave
oscillation, as the carrier. The two varieties of continuous-time methods are continuous
value modulation and discrete value modulation. The continuous-value influence of a
time-continuous carrier is better known as analog modulation, while a discrete-value
influence of the carrier is known as digital modulation.

To better utilize the transmission channel, wanted signals are transmitted in parallel
over a common channel by means of multiplexing. The practical implementation of the
various multiplexing methods, including time-division multiplexing, frequency-division
multiplexing and code-division multiplexing, is likewise achieved through the use of the
appropriate modulation methods.

Analog Modulation Methods

Analog modulations continuously process analog wanted signals such as voice, music
or video signals without digitizing the transmission signal values. There are two main
types of analog modulation, amplitude modulation and angle modulation. All other
analog modulation methods are derived from these two modulation techniques. Table
2-1 shows the most important types of analog modulation.

Type of modulation Abbreviation

Amplitude modulation AM
Single-sideband modulation SSB-AM
Vestigial-sideband modulation VSB-AM
Double-sideband suppressed carrier DSBSC-AM

Frequency modulation FM

Phase modulation PM

Table 2-1: Summary of the most important types of analog modulation
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2.1.1 Amplitude Modulation

2.1.2

Amplitude modulation (AM) continuously applies the information from the wanted
signal to the amplitude oscillations of the transmit signal. In the process, the low-
frequency wanted signal from the baseband is converted into a high frequency range,
which causes the appearance of new frequency components. These result from the
product of the modulated wanted signal and the carrier oscillation. In the case of a
linear amplitude modulation, the amplitude of the carrier oscillation changes linearly
with the value of the wanted signal, so only first-order components appear.

Important applications for amplitude modulation include:

1 Radio broadcasting across various frequency bands (long-wave, medium-wave,
short-wave)

1 Television broadcasting, depending on the broadcast standard
1 Amateur radio (mostly in a modified format as single-sideband modulation)
1 Flight navigation (ADF and VOR)

1 Flight communications

Time Function and Frequency Spectrum of Amplitude Modulation

Fig. 2-2 shows the concept behind AM modulation. The wanted signal vg(t) with
superimposed direct voltage V, as well as the carrier signal v+(t) are applied to an
amplitude modulator. The modulation product vay(t) appears at the output of the AM
modulator. After modulation, the DC component (V,) then represents the carrier
signal component in the modulated signal.

Wanted signal Modulator
AM Y, (t)
vs(t)+Vvo AM
2V > B{ —»
LF

A
Carrier signal

ve(t)

R

Fig. 2-2: Amplitude modulator.

The modulator uses the following transfer function:

Equation 2-1:

ve(t)
Ve (1)

vM(D) = vam(®) = (vs(D) + Vo) -
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The influence of the carrier amplitude changes the constant amplitude ¥ of the carrier
oscillation into a time-dependent amplitude ¥, (t). The zero reference value V. is
defined by the DC component V,. The maximum amplitude deviation AV is

proportionate to the amplitude ¥ of the modulating signal. The influence exerted by
the amplitude of the carrier oscillation can be stated as follows:

Equation 2-2:

Vam(t) =V, + AV, - coswgt
where:

Angular frequency: wg = 2mf;

The modulation depth m specifies how strongly the modulating wanted signal affects
the amplitude of the modulated carrier signal and is defined as a relative change in the
carrier amplitude (Equation 2-3).

Equation 2-3:

Equation 2-2 can also be written as:

Equation 2-4:

Vam(®) =V, + (1 + m- coswgt)

The following equation states the time function of the amplitude-modulated oscillation:

Equation 2-5:
Vam(t) = Vam(t) - cosw .t =V, - (1 + m - coswgt) * coswgt

Equation 2-5 results in the time characteristic of a carrier signal that is modulated by a
wanted sine-wave signal with a modulation depth of 60 % as shown in Fig. 2-3.

Wanted signal

| _L thir,l_\
N

Modulated carrier

Fig. 2-3: Time characteristic of an amplitude-modulated signal.
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The modulation depth typically lies between 0 and 1. At m = 0, the carrier oscillation is
unmodulated and only the carrier is transmitted. At m = 1, there is a 100 % amplitude
modulation. The limiting envelopes of the wanted signals are based on their trough
values. An overmodulation is indicated if m > 1. This happens if a higher signal
amplitude is present at the modulator than required for m = 1. In this case, phase shifts
occur that produce a distorted wanted signal. To prevent this, the amplitude of the
modulating signal is limited before the modulation.

i 1 1 . .
By accepting cos a - cos § = > cos(a + B) + > cos(a — B), it becomes possible to
mathematically transform the above equation as follows:

Equation 2-6:

m m
Vam (@) =V, - cosw t+ \’}c? ~cos(w, + wg) t + ¥, > cos(w, — wg) t

Carrier oscillation Upper sideband oscillation Lower sideband oscillation

From Equation 2-6, it is clear that the modulation product includes not only the carrier
oscillation with frequency f., but also other oscillations at the frequencies f.+fs and f—fs.
The amplitude of the two sideband modulations is dependent on the modulation depth
m; at 100 % AM modulation (m = 1), it is one-half the value of the carrier amplitude V.
For an amplitude-modulated oscillation, this results in the following figure in the
frequency domain:

<
<
o

\ 4

|
f
ff, f, £+,
Fig. 2-4: Frequency spectrum of an amplitude modulation.

As seen in Fig. 2-4, the lower and upper sideband oscillations lie in symmetry to the
carrier frequency. Because in practice the wanted signal — e.g. music or voice —
consists of a frequency band (fs min t0 fs max) iNstead of a single frequency, the carrier
signal has an upper sideband (USB) and a lower sideband (LSB) placed symmetrically
to either side of it (see Fig. 2-5). The bandwidth required to transmit the AM signal is:

Equation 2-7:

Bay =2 'fsmax
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<

Fig. 2-5: Sidebands of an amplitude-modulated signal.

In practice, the modulation depth can be determined from the time characteristic or the
frequency spectrum. To do this, an oscilloscope is used to determine the peak and
trough values of the envelope in the time domain (Fig. 2-6), and from these the
modulation depth is calculated using the following equation:

Equation 2-8:

m = Amax = Amin

Amax + Amin

Fig. 2-6: Maximum and minimum values for an amplitude-modulated signal.

In the frequency domain, the modulation depth can be calculated as follows using a
spectrum analyzer and the ratio of sideband oscillations to carrier amplitude (see also
Fig. 2-4):

Equation 2-9:

AVSB

Ve

m=2-
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Usually a spectrum analyzer displays the signal amplitudes on a logarithmic scale (Fig.
2-7). From the delta AL between the carrier level L. and the sideband oscillation level
Lsg, the modulation depth can be calculated using Equation 2-10 without converting to
linear values.

Equation 2-10:

dB—AL
m= 10(620 dB )
A
L/dB Lc
1
Lsg oL Lsg
| : >
f-f, f. f+f,

Fig. 2-7: Logarithmic frequency spectrum of an amplitude-modulated signal.

Another way to determine the modulation depth is to use the trapezoid method. This is
done by operating the oscilloscope in XY mode. The horizontal deflection (X-deflection)
of the modulating signal vs(t) and the vertical deflection (Y-deflection) of the amplitude-
modulated signal vau(t) are applied. Displayed as an oscillogram, for m < 1 a trapezoid
results with sides 2 - Anax and 2 - Anin. (Modulation depth calculated using Equation
2-8). For m = 1, the trapezoid changes to a triangle (Amin = 0). With overmodulation

(m > 1), an extension of the triangle can be seen (Fig. 2-8).

Fig. 2-8: Modulation trapezoid at various modulation depths.

If a phase shift lies between the modulating signal and the envelope, the upper and
lower boundaries of the trapezoid are represented by an ellipse (Fig. 2-9).
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Fig. 2-9: Modulation trapezoid resulting from a phase shift between the envelope and the modulating
wanted signal.

A modulation trapezoid can also provide qualitative information about the linearity of
the amplitude modulation. To do this, the modulating signal of a second y-deflection is
fed to the oscilloscope. When the amplitude is set appropriately, a sloping line results
that in the case of a linear amplitude modulation coincides with the upper boundary of
the modulation trapezoid. In the case of non-linear amplitude modulation, the deviation
of the line from the upper boundary is clearly visible, especially with a large modulation
depth (Fig. 2-10).

Vg
Vam _ _~
VS I.ll"' T
—_
Vg

Fig. 2-10: Assessing linearity using a modulation trapezoid.

Complex display and vector diagram

The modulation product of an amplitude-modulated oscillation can also be displayed
using a vector diagram. In complex notation, a modulation product can be described as
follows:

Equation 2-11:

m m
vam (@) = V. cosw t+ \’}c? ‘cos(w, + wg) t + ¥, ER cos(w, — wg)t

T T T
Carrier oscillation Upper sideband oscillation Lower sideband oscillation

As seen in Equation 2-11, the modulation product is the result of three vectors added
together. If the three vectors are transferred to a diagram (Fig. 2-11), the vectors for
the upper and lower sideband oscillations will lie in symmetry to the carrier vector. Like
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2.1.3

for a parallelogram of forces, the resulting vector is composed of the two vectors from
the sideband oscillation.

If the carrier vector is assumed to be fixed, then the two vectors for the upper and
lower sideband oscillation will rotate in opposing directions at a frequency wg (Fig.
2-12). The resulting instantaneous amplitude of the modulated signal always lies in the
same direction as the carrier vector, and is therefore in phase with the carrier signal.
This means that the length of the resulting vector is identical to the instantaneous value
of the envelope vg(t). The vector diagram also shows how the amplitude of the high-
frequency sum signal, consisting of the carrier frequency and sidebands, changes with
the rhythm of the modulation. The amplitude of the carrier ¥, remains constant. This
can be proven either with a spectrum analyzer in which the resolution bandwidth is set
to be narrower than the modulation bandwidth of the AM signal, or with a narrow
bandpass that blocks the modulation.

Ve
“T~
a)i
Fig. 2-11: Vector diagram of an amplitude- Fig. 2-12: Vector diagram of an amplitude-
modulated oscillation with rotating carrier modulated oscillation with fixed carrier vector.

vector.

Types of Amplitude Modulation

As described in section 2.1.2, an amplitude-modulated oscillation is made up of the
carrier oscillation and two sidebands for the wanted signal. The disadvantage of this
arrangement is that the carrier itself does not contain any information; instead, the
information, or wanted signal, is divided equally onto two sidebands. This has clear
disadvantages, in that the AM modulation requires a high output power (carrier + two
sidebands) as well as a large bandwidth for a redundant sideband. The division of the
power to the two sidebands alone reduces the power of each sideband by about 50 %.
These disadvantages are compensated by special variations in the amplitude
modulation, such as amplitude modulation with suppressed carrier, single sideband
modulation (SSB) or vestigial sideband modulation. Applications for amplitude
modulation include analog radio broadcasting via medium wave and analog TV
broadcasting. Single sideband modulation requires more technical effort, but it uses
the frequency band more efficiently; example uses include short-wave applications
(maritime communications, flight communciations, amateur radio).
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The power for an amplitude-modulated oscillation is derived from the frequency
spectrum (Fig. 2-5) and is equal to:

Equation 2-12:

2
m
Pam = Pc + Pugg + Pysg = P (1 +7)

In the case of an unmodulated signal (m = 0), the power of the amplitude-modulated
oscillation P,y is equal to the power of the carrier P.. At 100 % AM-modulation (m = 1),
it follows that the carrier power is at least 66 % of the total power. A reduction in the
transmitter power by up to two-thirds would therefore require a complete or partial
suppression of the carrier signal. The carrier signal must be applied again as a
reference value for demodulation in the receiver.

To suppress the carrier, the modulator transfer function (Equation 2-1) uses a value of
zero for the DC component V,. In the modulation product, this causes the carrier
components to disappear, leaving a dual sideband amplitude modulation without
carrier, also known as dual sideband modulation (DSB-AM).

The following equation therefore results for the time function of a dual sideband
modulation:

Equation 2-13:

vpsg(t) = Vg (t) - cos(w. + ws)t + cos(w, — wg)t

or, in complex notation:

Equation 2-14:

Vpsg(t) = Vs - @@t @)t 9gp - el @)t

By suppressing the constant carrier component V., the envelope ug(t) experiences a

phase shift of 180° at the zero crossing. The envelope now consists of half-sine waves
with a repetition frequency that is double the signal frequency.

A

o .
Upss 180° phase shift

uE(t) ~

A
VY |

Fig. 2-13: Time characteristic of a dual sideband modulation with carrier suppression.

The occupied bandwidth of a DSBSC amplitude modulation is equal to that of an
amplitude modulation without carrier suppression, and therefore is of little practical
value. The modulation product of the DSB amplitude modulation is however used as
an output quantity for single sideband modulation.
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Single Sideband Modulation

In order to reduce the required bandwidth, only one sideband is used for single
sideband amplitude modulation (SSB-AM). This is done by suppressing the second
sideband. This is possible because both sidebands contain the same information. In
addition to the bandwidth advantage, a SSB modulation can apply all of the transmit
energy to the information contained in the signal. The result is an increased coverage
and a greater signal-to-noise ratio at the same transmit power. In many cases, the
transmission includes not only the sidebands, but also a residual carrier as a reference
guantity for the demodulation. The highly accurate transmit and receive oscillators
available today make this type of modulation of little significance, however.

Vestigial Sideband Modulation

When vestigial sideband modulation is used to transmit information signals with very
small frequency components, a filter with a very steep edge slope must be used to
suppress the unwanted sidebands. Apart from the high technical effort to implement,
steep-edged filters have the disadvantage that they exhibit a strong group delay at the
boundary to the passband. Pulsed signals in particular are strongly distorted during
transmission. A vestigial sideband modulation (VSB-AM) can help. This is
accomplished by using filters whose transfer function has a relatively flat falling edge.
The ensures that a portion of the sideband that is to be suppressed (vestigial
sideband) is included in the transmission (Fig. 2-14).

A

\

i
1

fc fc+fs,max f
Vestigial sideband

[
>

Fig. 2-14: Partial suppression of the lower sideband during vestigial sideband modulation.

Because VSB-AM causes the entire upper sideband and a portion of the lower
sideband to be transmitted, the signal amplitudes of the low and high frequencies are
significantly different after demodulation. To compensate, a filter with a Nyquist edge is
used before the demodulation. The carrier frequency lies about halfway on the sloping
filter edge (Fig. 2-15). At high signal frequencies, this filter provides less amplification
within the lower frequency range on the upper sideband than it does at the upper
frequencies. This dissipation is eliminated by the portion of the lower sideband that lies
below the Nyquist edge. As a result, a signal with a compensated amplitude frequency
response can be supplied to the demodulator. The restored information is for the most
part free of linear distortion. One use for VSB-AM is transmitting vision carriers. The
edge width of the Nyquist filter in a television receiver is 1.5 MHz.
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<D

Nyquist edge Jy

~ .;

1 c fc+fs,max f

Fig. 2-15: Frequency response compensation using a filter with a Nyquist edge on the receive end.

Angle Modulation

Unlike amplitude modulation where the amplitude is modified, angle modulation
modifies the phase angle of a carrier oscillation dependent on the wanted signal.
Because this causes a simultaneous change in the carrier frequency, the angle
modulation can be considered a type of phase modulation (PM) or frequency
modulation. The distinctions are described in more detail in section 2.1.6. With both
modulations, the amplitude of the carrier signal remains constant.

Angle modulations, of which the primary types are frequency modulation (FM) and
phase modulation (PM), apply the wanted signal to the phase angle of the carrier
signal. This causes a change in the carrier frequency or the phase angle of the carrier
signal. Examples of applications for these technologies are found in analog VHF FM
radio broadcasting.

Time Function and Frequency Spectrum

Fig. 2-16 shows the principles behind angle modulation. The wanted signal v(t) with
superimposed DC voltage V, and the carrier signal v(t) are fed to an angle modulator.

Wanted signal Modulator
Vs(t)+Vo VangleMod(t)
N > B{ —
NF

A
Carrier signal

ve(t)

L

Fig. 2-16: Angle modulator.
The starting point for angle modulation is a sine-wave carrier oscillation:

Equation 2-15:

ve(t) =V, cosw.t =V, - cose.(t)
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where @.(t) = w - t=2m-f. -t

At constant carrier frequency f;, the phase angle @, (t) increases proportionately over
time (Fig. 2-17a). An angle modulator influences the carrier phase angle using the

wanted signal. In modulation product vangemod(t), the phase angle ¢ (t) is converted to
phase angle q)AngleMod(t)’ which is dependent on the wanted signal. This consists of
a time-dependent component ¢ _(t) and the alternate component that is dependent on

the wanted signal ¢ (t) (Fig. 2-17h).

Equation 2-16:

PangleMod () = @c(D) + @, (1) = ¢ - t + A, * coswgt

Ag, is the phase deviation. It is proportionate to the amplitude ¥4 of the wanted signal

and represents the maximum change in the phase angle @ anglemod (t) referenced to

the carrier phase angle @.(t) .

The time function of an angle-modulated oscillation can be stated as follows:

Equation 2-17:
UangleMod(t) = V¢ cos(we - t+ A@. - cos wg* t) (see also Fig. 2-17d).

d® angleMod

Given the generally accepted statement w = o

the instantaneous frequency fangemod(t) Of an angle-modulated oscillation calculates out
to:

Equation 2-18:

1 do . .
fanglemoa (t) = 5= thVM = f.— A, f; * sinwg * t = f. — Af, - sinwg - t

(see also Fig. 2-17c).

From Equation 2-18 it can be seen that the instantaneous frequency fangiemod(t) is made
up of the constant frequency component f. and the alternate component

fes =- Af.. - sinwgt. The frequency deviation is calculated out to:

Equation 2-19:

Af. = A, -
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Fig. 2-17: The phase angle and frequency of an angle-modulated signal based on the wanted signal.
a) Wanted signal, b) Phase angle, c) Frequency, d) Time function of the angle-modulated oscillation.

Like for amplitude modulation (see Equation 2-11), the equation for angle modulation
Vanglemod(t) Can be used to derive a representation of the frequency spectrum. Because
a simple trigonometric transformation of the expression

cos(w¢ *t+ A@, - cos w. *t) from Equation 2-17: is not possible, the derivation
requires the use of complex notation, followed by an application of the power series

expansion of the e-function. The full derivation will not be explained in more detalil
here. The result of this method is:
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Equation 2-20:

VAngleMod(t) = V- Uo(A(Pc) " COS Wt — ]1(A(Pc) ) [Sin(wc + (*)s) t+
+ sin(w. — wg) t] — ], (A@.) * [cos(w, + 2wg) t + cos(w, — 2wg) t] +
+]5(A@.) - [sin(w. + 3wg) t + sin(w, — 3wg) t] + -+ ]

From the above equation, it can be seen that the spectrum of an angle-modulated
oscillation contains not only the carrier signal with frequency f., but theoretically also an
infinite number of discrete sideband oscillations at the frequencies f. + n - f; in
symmetry to the carrier frequency. The amplitudes of the individual frequency
components are calculated from the Bessel function values of the first kind J,, (Ag.)
and the nth kind (Fig. 2-18). Even where the Bessel functions have negative values,
the amplitude values of the two side lines are displayed as positive humbers in the
spectrum. In the phase diagram, this is indicated by a phase shift of 180°.
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Fig. 2-18: Bessel function J,(A¢.) for n=0to 7 over arange from A@. = 0 to A, = 10

The example values in Fig. 2-18 for A@, (Ap. = 1, blue; Ap, = 2.4 red) result in the
spectra shown in Fig. 2-19 for a sine-wave, angle-modulated oscillation.
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Fig. 2-19: Frequency spectra for an angle-modulated oscillation at various phase deviations. A@r

As seen from the Bessel functions, the carrier oscillation or individual sideband
oscillations can range from Ag, to zero at certain values. For example, at Ap. = 2.4,
the carrier component disappears completely from the spectrum. It can also be seen
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that the carrier amplitude depends on the phase deviation and therefore takes on the
larger value when unmodulated (A¢. = 0).

Per Equation 2-20, the bandwidth of an angle-modulated signal can be very large. In
particular, an increase in the phase deviation will cause ever more sideband
oscillations to appear. In practice, therefore, the bandwidth is considered to be finite.
This includes all spectral lines up to around 10 % or 1 % of the carrier amplitude. As a
result, 90 % or 99 % of the spectral lines lie within the bandwidths calculated with
Equation 2-21 or Equation 2-22.

Equation 2-21:

BangleModygy, = 2 " fsmax * (A + 1) for average transmission quality
Equation 2-22:

BangleModyo, = 2 " fspay * (A + 2) for high transmission quality

This means that the bandwidth of an angle-modulated signal (Ag. > 0) is always
greater than the bandwidth of an amplitude-modulated signal.

2.1.6 Differentiation of Frequency versus Phase Modulation in Angle
Modulation

In angle modulation, frequency modulation (FM) and phase modulation (PM) occur
simultaneously. The instantaneous phase angle Qangiemod(t) is calculated as shown in
Equation 2-16 and the instantaneous frequency fangemod(t) is calculated as shown in
Equation 2-18. There is a fundamental link between the frequency deviation and the
phase deviation

as described in Equation 2-19: Af, = A, - fs

In practice, however, a distinction is made between FM and PM during angle
modulation. The difference lies in how the modulation product for an angle-modulated
oscillation is generated. It is not possible to tell from the modulation product or the
representation as a time function Vangiemod(t) Wwhether an FM or a PM is involved.
However, it is possible to distinguish between the two by studying the spectrum at
different frequencies of a wanted sine-wave signal. As seen in Fig. 2-20, a change in
the wanted signal frequency causes a change in the spectral line spacing for both FM
and for PM. In phase modulation, the amplitudes of the frequency components are not
influenced by the wanted signal frequency. In contrast, the amplitude of the carrier and
the sideband oscillations undergo a change in frequency modulation.
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FM PM

f.=1kHz

A f.=2kHz Y Y
vV

Fig. 2-20: Frequency spectra for FM and PM at different frequencies and constant amplitude i, of the
wanted signal.

The following applies for frequency modulation: After a change in the frequency of the
wanted signal with constant amplitude, the frequency deviation remains constant and
the phase deviation changes proportionately with the wanted signal frequency.

The following applies for phase modulation: After a change in the frequency of the
wanted signal with constant amplitude, the phase deviation remains constant and the
frequency deviation changes directly proportionately with the wanted signal frequency.

In practice, a true phase modulation makes little sense for analog applications. It is
very important however for digital applications and is quite frequently used (2.4.3).

Frequency Modulation with Predistortion

For FM at high frequencies for the wanted signal, the amplitudes of the two sideband
oscillations are smaller, which results in a reduction of the signal-to-noise ratio during
radio transmission. The reason is that the phase deviation behaves in directly

proportionate opposition to the wanted signal frequency (A@.~ fi).
S

In FM radio broadcasting, this disadvantage of a decreasing phase deviation at higher
frequencies can be compensated by a transmitter-side predistortion of the signal using
an RC highpass before the modulator, called preemphasis. This ensures that the
amplitudes of high frequencies are boosted nonlinearly. Caused by the predistortion
the FM transmitter signal contains both frequency-modulated and phase-modulated
characteristics. To restore a linear amplitude frequency response on the receiver end,
the boost in amplitude for the high frequency signal components after the FM
demodulator must be reversed by means of a counteracting deemphasis using a
lowpass filter.
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The corresponding standards define the appropriate time constants for the
precorrection and the distortion. These can be used to calculate the associated limit
frequencies for the highpass and lowpass filters.

Pros and Cons of Frequency Modulation versus Amplitude
Modulation

Because almost all spurious signals affect the signal amplitude during radio
transmission, but do not change the frequency, a significant advantage of FM is a
greater resistance to interference. In FM demodulation, the wanted signal is recovered
from the sequence of signal zero crossings, which means that amplitude changes of
the FM signal will have no effect as long as the receiver is not overdriven or operated
at its sensitivity limit. In addition, the dynamic range for FM is greater than that for AM
and is limited only by the distance to an adjacent transmitter. The relatively large
spacing in transmitter carrier frequencies for VHF FM permits a good quality low
frequency transmission, since almost the entire bandwidth can be used. The bandwidth
for FM is 15 kHz while it is 4.5 kHz for AM. The maximum wanted signal frequency for
AM is dependent on the offset to the adjacent carrier. At 4.5 kHz offset, the upper limit
frequency is therefore similar to that for telephony.

The disadvantage of FM is that the technical effort to implement the required signal
predistortion (see section 2.1.7 ) is greater than for AM.
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2.2 Digital Modulation Methods

It is possible to reduce the influence of interference signals on transmitted information
signals by expanding the information signal spectrum for the selected modulation
method. Examples are the analog frequency modulation and phase modulation
described in section 2.1.4.

Another, more efficient option of transmitting a signal as free of interference as
possible is to use digital modulation methods. Only digital modulation provides
methods such as coding that make it possible to regenerate a faulty information signal
by means of an error correction during decoding at the receiver. The interference from
some digital modulation methods can be analyzed using an eye diagram or by a
constellation diagram, which displays transmit symbols in the complex plane
(constellation diagram).

The digital information signal is transmitted either in its original frequency domain via
wire (baseband transmission) or via radio link. The radio link transmission is
accomplished by means of modulation (keying) of a high-frequency carrier.

Methods for baseband transmission are for example pulse code modulation and delta
modulation. These types of modulation are not discussed in this educational note.
Radio transmission involving the keying of a high-frequency sine-wave carrier, as used
in wireless communications, is described in more detail in section 2.4.

Digital modulation methods transmit symbols that are uniquely defined for the
transmitter and receiver. A symbol represents the smallest information element.
Symbols combine — depending on modulation mode — n individual bits, where n is
taken from the set of natural numbers. These symbols form the set of numbers used by
a modulation mode. The throughput of the air interface is constrained by the symbol
rate and the number of bits per symbol. The shape of the symbols must be changed
through filtering (baseband filtering) so that the spectrum required for transmission
remains within the prescribed bandwidth for the transmission channel. Analog signals
(voice, music) must be digitized for transmission by means of a digital modulation
method. The digital data is then mapped to the symbols to be transmitted. The digital
modulation delivers valid values only at defined sample times and is therefore time
discrete. The spacing in time between the sampling points is called the symbol rate.
Digital modulation transmits only a finite number of different values, and is therefore
value discrete. The transmission can hold 2" numbers with n bits. Referenced to the
transmitted information signal, a digital modulation therefore is considered to be a
discrete-time and discrete-value modulation method. The time characteristic of the
high-frequency modulation signal on the other hand is continuous time and continuous
value.

Some of the digital modulation methods are derived directly from the analog
modulation methods. By studying a digitally modulated signal in the vector diagram, it
becomes clear that digital modulation is nothing more than analog modulation with a
finite number of discrete states.

Phase modulation plays an important role here, in particular for wireless
communications (see 2.4.3). However, there are also a number of digital modulations
that
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do not originate directly from analog methods; these are not discussed in any detail
here. For example, pulse width modulation represents a special digital angle
modulation that can also be used for discrete time sampling of an analog signal.

Digital modulation methods can also be used to divide the wanted data stream over
multiple carriers (multi-carrier modulation). This leads to an additional option of
optimally matching the characteristics of a transmission channel. If narrowband
interference occurs within the wanted signal spectrum, this method can be used to
exclude the carriers affected by the interference from the data transmission. Although
this reduces the overall data throughput somewhat, the data transmission remains
possible in spite of the interference. Because destructive interference as a result of
multipath reception (fading) affects only individual carriers, multi-carrier transmission
offers a clear advantage over a single-carrier method.

A typical multi-carrier method is orthogonal frequency division multiplex (OFDM), which
is used for the long-term evolution (LTE) mobile cellular standard. This also includes
the coded orthogonal frequency division multiplex (COFDM) method, which is used for
terrestrial digital television DVB-T, for example.

2.3 Principles of I/Q Modulation

Conventional analog modulation methods vary an RF carrier signal in only one
dimension. Amplitude modulation changes only the amplitude A(t), while frequency and
phase modulation affect only the frequency or the phase ¢(t) of the carrier,
respectively. Amplitude modulation takes place primarily during the RF output stage,
and the frequency and phase modulation take place during the oscillator stages. The
modulation signal has the same waveform as the wanted signal.

State-of-the-art I-Q modulators vary the RF carrier signal in two dimensions. They
synthesize the modulation signal from the sum of two baseband signals, i(t) and q(t),
where i(t) represents the inphase component and q(t) the quadrature component.
Orthogonally applied in the I/Q plane, both extend over a vector with length A(t) and
phase @(t); see Fig. 2-21. i(t) and q(t) are normalized at a constant < 1.

A alt)

Alt)
o(t)

[
»

i

Fig. 2-21: Baseband vector in the I/Q plane.

The modulated RF signal is generated by adding one carrier modulated with i(t) and
one modulated with q(t) — but phase-shifted by 90°; see Fig. 2-22.
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Fig. 2-22: Upconversion of the baseband signals.

By using two baseband signals, it is possible to determine the magnitude as well as the
phase of the modulated signal at any given point in time. This also makes it fairly easy
to implement analog modulation.

Amplitude modulation is performed by varying the length of the vector ¢(t) versus time
without changing the phase. Frequency modulation and phase modulation involve
varying the phase @(t) of the sum vector without changing the amplitude (see also I-Q
Modulator, section 1.2.2.1).

Constellation diagram

The constellation diagram provides a graphical representation of the in-phase and
guadrature-phase components of the digitally modulated signal. This displays a vector
in a Cartesian system of coordinates, along with the amplitude and phase of a given
carrier at the sampling point in time. Because the symbols to be transmitted represent
complex numbers, they can be displayed as points in the constellation diagram, which
corresponds to the complex plane. These points in turn correspond to the terminals of
the respective 1/Q vectors.

Fig. 2-23 shows the constellation diagram for binary phase shift keying (BPSK) and for
4-PSK (see section 2.4.3). As can also be seen here, the included I/Q states are in a
steady state only at the symbol points in time. Of course, transitions occur between
those points in time.

10 g 0 g

Fig. 2-23: Constellation diagram for BPSK (left) and 4-PSK (right).
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2.4 Digital Modulation of a Sine-Wave Carrier

Like for analog modulation, the wireless transmission of a digital baseband signal also
requires transition to a higher frequency range by modulating a sine-wave carrier. One
or more parameters of the carrier oscillation, i.e. amplitude, frequency or phase, can
still be influenced by the digital baseband signal. Because the digital signal oscillates
only between two fixed signal values, this is not considered modulation but rather a
keying of the carrier oscillation. As such, there are three keying options:

1 Amplitude shift keying (ASK)
1 Frequency shift keying (FSK)
1 Phase shift keying (PSK)

With a carrier that can assume M = 2" states for amplitude, frequency or phase, a
group of n bits can be transmitted simultaneously in one clock step. This is included in
the method names, e.g. 2-ASK, 4-PSK or 8-FSK.

2.4.1 Amplitude Shift Keying (ASK)

If a digital bit sequence changes only the carrier amplitude, this is considered to be
amplitude shift keying. For a digital high bit "1", the maximum carrier amplitude is
transmitted. For a low bit "0", the carrier switches off (Fig. 2-24). ASK can be
performed with multiple increments of the carrier amplitude. For example, with four
amplitude increments, it is possible to transmit 2 bits (00, 01, 10, 11) simultaneously at
double the rate. Because interference in the transmission channel is almost always
exhibited as amplitude interference, the multi-value ASK is more prone to interference.

T _

Fig. 2-24: Amplitude shift keying (ASK) in the time and frequency domain for a periodic 1-0 bit
sequence.
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The amplitude shift keying of the binary code signal in Fig. 2-24 with step duration Tg;
and period duration Tg is performed using the values 2 - V. and 0 for the carrier
amplitudes. As such, a 2-ASK signal can be stated as follows:

Equation 2-23:

v(t) = {0 for logical "0

Vg - cosw,t forlogical "1"
The spectrum of the modulation product is obtained by convolution of the code signal
spectrum with carrier frequency f, or through multiplication of the Fourier series
Equation 2-24:

(t)—1+2( 5 t 1 23t+ )
Cc = 2 - cos T[TS 3COS T[TS
with the carrier oscillation
Equation 2-25:
v.(t) =V cosw, .t
The resulting spectrum of the keyed carrier oscillation then contains the information for
the code signal in the upper and lower sideband, in symmetry to the carrier (Fig. 2-24,
bottom right). The ASK bandwidth is greater than that for analog AM. As a result, fewer
transmitters can transmit next to one another within a transmit frequency domain
without interference. To detect the signal state, it is sufficient to use appropriate filters

to ensure that the transmission includes only the spectrum for the first sideband
oscillations.

The minimum required transmission bandwidth is:

Equation 2-26:
B 2 !
HF = Ts = fit

To ensure that the step frequency f,;; is transmitted correctly and the receiver can still
unambiguously decode the signal, in practice a bandwidth around a factor of 1.4 wider
is selected, i.e.

Equation 2-27:

BHF.pr = 14" fpi

Frequency Shift Keying (FSK)

Frequency shift keying takes place when a digital bit sequence changes only the
carrier frequency. In this case, the frequency of a carrier oscillation changes erratically
during digital data transmission. For example, with a 2-FSK method, the binary states
"0" and "1" are transmitted with frequencies f; and f, (see Fig. 2-26). These two
identification frequencies are placed in symmetry to the carrier frequency f.. In the case
of 4-FSK, each symbol frequency transmits two bits simultaneously, whereby the each
of the symbols 00, 01, 10 or 11 is assigned one frequency.

The switchover between the individual frequencies can be done in any of several
different ways. The simplest method is to switch the digital information directly between
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two separate oscillators with frequency f; and f,. This method is known as "hard FSK
keying". Because the individual oscillators can have a random phase angle to one
another, typically a discontinuous transition takes place at the individual switching
times, resulting in a discontinuous phase characteristic (Fig. 2-25). The Fourier
analysis of this type of FSK signal shows an undesirably high bandwidth requirement.
A 2-FSK transmit signal with a square-wave, "hard" keying can be described as
follows:

Equation 2-28:

V.- cos(2nfit + ¢4) for logical "0"

v(t) = {@C - cos(2nfyt + ¢,) for logical "1"

Discontinuous

ng" phase characteristic
Oscillator 1 ®—l_. K W\

< . A NN/

e (R IANERAIE

0
Fig. 2-25: "Hard" FSK keying.
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Due to the high bandwidth requirement, an FSK signal with continuous phase
characteristic as shown in Fig. 2-26 is typically used. This is also known as continuous
phase FSK (CPFSK). The signal can be generated through the use of a VCO or using
an 1-Q modulator, for example. The bandwidth requirement is less because the
individual oscillators are synchronous unto themselves and do not cause any phase
discontinuity. The "hard" keying is thus replaced with a continuous characteristic. The
result is a smaller bandwidth requirement, and is known as a "soft FSK keying".
However, because the switchover between transmit frequencies is not abrupt,
intersymbol interference arises, which can make the demodulation more difficult.
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Continuous phase characteristic for CPFSK

Fig. 2-26: 2-FSK frequency shift keying in the time and frequency domain for a periodic 1-0 bit
sequence.
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A 2-FSK signal can also be seen as the superposition of two amplitude-keyed
oscillations with the frequencies f; and f,. This translates into the spectrum based on a
superposition of the spectra of the two ASK signals. The required bandwidth for a
2-FSK signal depends on the frequency deviation Af or on the frequency difference
Ify-fol = 2-Af . For 2 - Af >> TL with a periodic 1-0 bit sequence, the result is a

Bit
symmetrical spectrum as shown in Fig. 2-26, bottom right. If the distribution is unequal,
the spectrum will be asymmetrical. For 2 - Af > TL the following bandwidth can be

Bit

approximated:

Equation 2-29:
Byr =2 (Af +B)
where: B = Bandwidth of the baseband signal

The modulation index m for FSK is the product of the overall frequency deviation
(2 - Af) and the duration Tg;; of a symbol:

Equation 2-30:
m=2-Af - Ty

Like for analog FM, the frequency deviation Af is defined as the maximum deviation of
the instantaneous frequency from the carrier frequency f.. As seen in Equation 2-30,
the modulation index decreases as the offset for the two frequencies f, and f, is
reduced at a constant symbol rate. The smallest possible value of m that still permits
an orthogonal FSK is 0.5. It is only with an orthogonal FSK and an integer multiplier of
m = 0.5 that the intersymbol interference between two individual symbols remains at a
minimum, with the result that the mutual influence is also minimal. The method that
uses m = 0.5 is known as minimum shift keying (MSK), or fast frequency shift keying
(FFSK). For MSK, Af between binary "1" and "0" is exactly one half the data rate.
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Fig. 2-27: Relationship between data signal, frequency, and phase for MSK.
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Fig. 2-27 shows the frequency and phase characteristics of an MSK. Like CPFSK,
MSK exhibits a constant phase characteristic. A phase shift of +90 or —90 occurs for
logical "1" or "0" at the respective bit boundaries, resulting in breakpoints in the phase
at every bit change. Around the carrier frequency f, the frequency hops +Af or - Af
occur at the breakpoints. To save bandwidth, the digital data stream is filtered using a
Gaussian filter before the modulation, and the MSK is transformed into a Gaussian-
filtered minimum shift keying (GMSK). This filter flattens the steep edges of the square-
wave digital signals and eliminates high frequency signal components. Like 2-FSK,
GMSK transmits only one bit per symbol. Because the modulation is performed by
means of a phase shift of £ 11/2, exactly four possible states result. This causes a
frequency shift in the spectrum corresponding to one quarter of the symbol frequency.
The level of the modulated signal, i.e. the length of the I/Q vector, remains constant.
Dependent on the previous history, the actual phase shift might be somewhat more or
less than 11/2 as a result of the GMSK filtering. Three possible signal states arise in
each quadrant as shown in Fig. 2-28.

A Q

Fig. 2-28: Constellation diagram for GMSK.

GMSK significantly reduces the sidelobes in the spectrum, which can interfere with
adjacent channels. An example application for GMSK is the global system for mobile
communications (GSM) mobile cellular standard for data transmission. The filtering of
the binary signal transforms the 3.7 us square-wave into 18.5 pus Gaussian impulses.
Fig. 2-29 shows a comparison of the MSK and GMSK spectrums, which in addition to
GSM are also used for digital enhanced cordless telecommunications (DECT). The
term B T where T=Tg;; describes the efficiency of the filtering. This term normalizes the

filter bandwidth B to the bit duration Tgj. B - Tgi= » refers to MSK, i.e. without filtering.

The sidelobes become less pronounced as the value of the bandwidth time product
decreases, and the intersymbol interference increases as the required bandwidth
decreases. These superpositions and the resulting misinterpretation of adjacent bits in
the receiver can be compensated by means of an error correction after the
demodulation.
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Fig. 2-29: GMSK spectra at different values for B-T.

One reason that GMSK is used for GSM is that the amplitude does not fluctuate. In the
vector diagram, the constellation points lie in a circle around zero. The advantage of
this is that a GMSK signal without distortion can be processed with a simple, class C
amplifier in switched mode. Switching amplifiers have a very high efficiency, typically
over 80 %, and thus permit a long battery runtime for cell phones. However, the net
data rate for GSM in a timeslot is only 33.85 kbit/s, which is adequate for voice
transmission but not for the demands placed on mobile data transmission today. High
data rates require higher-order modulations (that also modulate the amplitude). Signals
with a higher crest factor place greater demands on the amplifier, which then no longer
functions in switched operation and the power consumption is therefore greater.

Phase Shift Keying (PSK)

In phase shift keying, the phase of a carrier oscillation is shifted in accordance with the
digital bit sequence. Each symbol to be transmitted is assigned an absolute phase
angle. For better differentiation, the phase states are typically equally divided over
360°. All phase shift keying is based on binary phase shift keying (2-PSK), which is
also known as binary shift keying (BSK). Two phase states are available in 2-PSK for
displaying the binary "0" or "1". BPSK thus transmits only one bit per symbol. There are
therefore 2! = 2 different symbols or states (see Fig. 2-30). The symbol rate is equal to
the bit rate.

AQ

L ]
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A

Fig. 2-30: Constellation diagram for BPSK.
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As a result, 2-PSK is represented as follows for square-wave keying:
Equation 2-31:

(t) = { V. - cosw,t for logical "1"
VI =1 =9, - cosw,t for logical "0"
r 3
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”0" t =
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Fig. 2-31: 2-PSK phase shift keying in the time and frequency domain for a periodic 1-0 bit sequence.

Fig. 2-31 shows the data signal and the modulation product in the time domain along
with its spectrum. If the signal state of the digital signal changes, the carrier oscillation
changes it's phase by 180°. The spectrum of the digital modulation signal appears at
both sides of the suppressed carrier. The spacing for the first two sideband oscillations
is fgi. The phase shifts occur at the envelope zero crossings. A bandwidth of Byr = fgi:
is theoretically adequate for the signal transmission or for the phase selection in the
receiver. Like for 2-ASK, in practice 2-PSK is calculated with a value from Equation
2-32.

Equation 2-32:
Burpr = 1.4 fpir

Binary keying methods such as 2-FSK have a high immunity to interference (see also
the section "Bit error probability" below); however, because only one bit per symbol
can be transmitted, the bandwidth utilization is low. Higher transmission rates can be
achieved with 4-PSK, for example. 4-PSK is more commonly called quadrature phase
shift keying (QPSK). QPSK transmits two bits per symbol. This translates into 2° = 4
different symbol states (Fig. 2-32).
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Fig. 2-32: Constellation diagram of possible phase states and shift paths (blue) for QPSK.

As seen here, it is possible to "hop" to any state from any other state. In contrast to
GMSK, the entered positions correspond to defined symbols. The symbols used in the
example to the left of Fig. 2-32 can be defined in the following mapping table.

Symbol A
(Dibit)
11 +45°
01 +135°
00 —135°
10 —45°

Table 2-2: OPSK mapping table

Fig. 2-33 shows the QPSK signal for a symbol sequence 10 11 01 10 00. The following
is assumed for the carrier: v (t) = V.- cos(w.t + %T” + A) . The keying is
performed in accordance with the mapping table from Table 2-2.

F 3
n 1 n
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Fig. 2-33: Time characteristic of a binary signal and the QPSK carrier oscillation.

1MA225-2¢e Rohde & Schwarz Modulation and Signal Generation with R&S® Signal Generators 84



Modulation Methods

1MA225-2¢e

For QPSK, the duration of a signal step Tgis: Ts= 2Ty The width of the QPSK
spectrum is reduced by one-half compared to 2-PSK (see Fig. 2-31). In other words, in
the 2-PSK spectrum from Fig. 2-31 ,fy is replaced by f,/2, resulting in the following
spectrum for QPSK:
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Fig. 2-34: QPSK spectrum.

With the restriction to the first two sideband oscillations, the minimum required
transmission bandwidth for QPSK is:

Equation 2-33:

1
Byp = EfBit

In practice, the bandwidth for QPSK is also selected at a factor of 1.4 higher to ensure
that the step frequency fy; is transmitted correctly and the receiver can correctly
decode the signal:

Equation 2-34:
Byp = 0.7 fpit

As a result, QPSK theoretically has twice the bandwidth efficiency (bitrate per Hz of
bandwidth) than 2-PSK. The explanation behind this statement is that QPSK can be
understood as a quadrature method made up of two 2-PSK methods with carriers
shifted by 90°. This orthogonality means that there is no mutual influence or
interference of the two 2-PSK signals. As a result, the data rate can be doubled without
increasing the transmission bandwidth. However, to achieve the same bit error rates,
the required signal-to-noise ratio for QPSK is 3 dB higher than for 2-PSK. More on this
topic in the section "Bit error probability".

Important QPSK variants:

As seen in Fig. 2-32, the transition between two diagonally placed transmit symbol
points (10 to 01 and 11 to 00) in the complex plane passes through the zero crossing.
This means that the carrier power fluctuates strongly and returns to zero at the zero
crossing. The result is an undesirably strong AM modulation of the carrier. It is
undesirable because modulation methods without a constant envelope, such as
GMSK, cannot use non-linear class C amplifiers with a high degree of efficiency and
low energy consumption. One of the following would have to be used instead in order
to prevent strong signal distortion:

1 Linear A amplifier with poor efficiency, or
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1 CPU-intensive signal predistortion of the amplifier characteristics

As seen in Fig. 2-34, the spectral line for carrier frequency f. is missing from the
spectrum in QPSK modulation, or in any phase-modulated RF carrier for that matter.
As a result, the current phase angle is not referenced to the phase of the unmodulated
carrier. The zero crossings in QPSK make it more difficult to restore the carrier for a
coherent demodulation, by which is meant the exact reconstruction of the carrier
frequency with the associated phase angle.

This problem can be alleviated with 1/4-DQPSK modulation. Independent of the user
data, an additional phase shift of 11/4 (45°) is performed after each transmit symbol.
This ensures that the transition between two symbols never transverses the origin and
always only one carrier amplitude is transmitted (see Fig. 2-35).

AQ

I J

Fig. 2-35: E DQPSK for preventing zero crossings.

In addition, information is not transmitted regarding the current phase angle, but rather
regarding the difference to the previous phase angle. Hence the name differential
quadrature phase shift keying (11/4-DQPSK). The biggest advantage of this method is
that no coherent demodulation is nheeded, eliminating the complex reconstruction of the
carrier. In addition, the clock synchronization on the receiver end is made easier
because regular phase shifts are present in the receive signal, independent of the user
data and its coding. Table 2-3 lists the permissible phase states for m/4-DQPSK. This
shows that T/4-DQPSK allows only 45° and 135° phase rotations.

Symbol Phase transition A@
(Dibit)
00 0 - 1/2 + /4 = 45°
01 1-1/2 + /4 = 31/4 = 135°
11 2 - /2 + /4 = 51/4 = 225° = —135°
10 3-m/2 + /4 = 7m/4 = 315° = —45°

Table 2-3: Allowed phase states for m/4-DQPSK

Another option for preventing zero crossings and the associated reduction in amplitude
is offered by offset QPSK (OQPSK). To achieve this, the maximum phase change for
OQPSK is only 90° instead of the 180° for conventional QPSK. With QPSK, the two bit
streams used to generate the | and Q signals are synchronous, i.e. their sign changes
occur simultaneously. If both binary signals change state at the same time in QPSK, a
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phase shift of 180° occurs. In the case of OQPSK, the two data streams are shifted
toward one another at half a step length of Ts or at a bit time of Tg;; and then applied to
the modulators for | and Q (Fig. 2-36), ensuring that they no longer change
simultaneously.

Binary baseband
data —>

S/P

converter A(t)

Modulated
carrier

Fig. 2-36: Generating an offset QPSK.

As a result, only one of the two modulators will undergo a phase change at the same
time as a bit change. 180° phase shifts are therefore eliminated, and instead are split
into two shifts of 90° each. An example is provided in Fig. 2-37.

QPsK 180° phase shift

A 4
135° —

45°
0° ™
_450_

-135°9

0QPsK Time offset of Tg;;

L o
1T

-135°

Fig. 2-37: Phase characteristic of QPSK and OQPSK over time.

In contrast to true QPSK, state transitions for OQPSK form a square defined by the
four states. This prevents diagonal paths with a zero crossing (Fig. 2-38).
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Fig. 2-38: Possible phase states for an OQPSK without zero crossing.

Bit error probability:

At a constant signal-to-noise ratio, the 2-PSK method provides the lowest bit error
probability. The susceptibility to noise increases steadily as the PSK order increases.
However, because more bits are transmitted per symbol, the data rate also increases.
For example, with an 8-PSK with eight possible carrier states, 3 bits are transmitted
per step or symbol. Fig. 2-39 shows the phase states of a 2-PSK and 8-PSK in a
vector diagram. The decision limit and/or the decision space required for unambiguous
detection of the signal state are shown. It is clear that for an error-free demodulation of
signal state "1", the amplitude of a spurious signal can come close to the value of the
wanted carrier. In the case of 8-PSK, the decision space is significantly smaller, which
means that a considerably smaller amplitude of the spurious signal can lead to a
transmission error.

2-PSK 8-PSK

Decision space for "1"

JHITITINM

| 010" |

Wanted signa\u’('\Qea\) '//'.

AN

Decision limit 119

Decision space for "101"

Fig. 2-39: Signal states and decision space for a 2-PSK and a 4-PSK signal in a vector diagram.

Quadrature Amplitude Modulation (QAM)

The preceding sections introduced digital modulation methods for data transmission in
which only one parameter (amplitude, frequency or phase) of a carrier oscillation was
changed by a modulating binary signal. An increase in the transmission rate is
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achieved by modulating the amplitude and phase of a high-frequency carrier. The
method that combines amplitude and phase modulation is known as quadrature
amplitude modulation (QAM). While the signal states lie in a circle for PSK, this is no
longer the case when the amplitude is changed. The only exception is 4-QAM, which is
identical to 4-PSK/QPSK (see Fig. 2-40, left). Fig. 2-40 (right) shows the signal states
for 16-QAM as an example. Four bits are transmitted per symbol. The result is 2* = 16
symbols. The symbol rate is ¥4 the bit rate. This symbol placement in the constellation
diagram includes three different amplitudes, one with eight different phase values and
two with four phase values.

Q Q
0000 0100 1100 1000
1 01
. . . . .
0001 0101 101 1001
. . . .
I 0011 o1 1011
. . .
0010 0110 1110 1010
10 g 00 o . . .

Fig. 2-40: Constellation diagram for 4-QAM or 4-PSK (QPSK) on the left and for 16-QAM on the right.

Fig. 2-41 shows another example of the symbol placement for 16-QAM. This diagram
includes four different values for amplitude, each with four values for phase.
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Fig. 2-41: 16-QAM with four amplitudes, each with four different phases.

A QAM requires less power than PSK at the same weighting M and the same bit error
probability. The following general statement applies for a QAM signal:

Equation 2-35:

v(t) = I(t) - cosw.t — Q(t) - sin w,t

where w, = 2nf,

The following applies for the complex envelope of the QAM signal:

Equation 2-36:

v(t) = I(t) +jQ(t) = 9.(t) - e/*®
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Equation 2-36 shows that both the amplitude Gi; and the phase ¢(t) of the modulated
carrier are dependent on time.

Fig. 2-40 to the right illustrates in the I/Q plane how the unit circle and enclosed area
for a high-order QAM, e.g. 16-QAM, can be used for efficient distribution of the
symbols. However, as the number of symbols increases, the spacing of adjacent states
is of necessity reduced (Fig. 2-42). As a result, the symbols are more difficult to isolate
on the receiver end, especially when they are accompanied by noise from a poor radio
link.
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Fig. 2-42: 16-QAM with areas in which an unambiguous symbol detection is possible.

This is why the 256-quadrature amplitude modulation (256-QAM) as shown in Fig. 1-43
is not used for wireless communications standards. However, 256-QAM and other
high-order modulations are used in low-noise broadband cable networks with reliable
levels, such as DVB-C. The symbol rate is equal to the bit rate / 8; hence 256-QAM
transmits eight bits per symbol, or 2% =256 symbols.

Fig. 2-43: Constellation diagram for 256-QAM.

The higher the modulation order — i.e. the narrower the symbol spacing — the closer the
discrete modulation comes to a continuous modulation with respect to the use of
amplitude and phase. However, it must be noted that the number of I/Q vector changes
per unit of time is relatively low in analog modulation, while it is typically fairly high for
digital modulation. The 1/Q vector must "hop" back and forth between random symbols.

The following table provides an overview of the types of modulation for important
standards from wireless communications as well as from audio and video
broadcasting:
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Standard Transmission Method Modulation

GSM Single carrier GMSK

EGPRS Single carrier 8-PSK (3Pi/8 rotation)

TETRA Single carrier Pi/4-DQPSK, 16-QAM, 64-QAM
UMTS, HSPA, HSPA+ CDMA QPSK, 16-QAM, 32-QAM

LTE COFDM QPSK - 64-QAM

DVB-S Single carrier QPSK

DVB-S2 Single carrier QPSK, 8-PSK, 16-APSK, 32-APSK
DVB-T COFDM QPSK, 16-QAM, 64-QAM
DVB-C Single carrier 64-QAM, 256-QAM

WLAN COFDM DBPSK - 64-QAM

DAB COFDM DQPSK

Table 2-4: Applications for digital modulation methods

Comparing Different Phase Shift Keying Methods

The selection of the correct digital modulation method depends on the requirements for
bandwidth utilization and on the required immunity to noise.

The RF bandwidth required for all phase shift keying methods from the 1st Nyquist
criterion up to the first harmonic of the fastest possible switch is:
Equation 2-37:

1 1

Byr =2- =—
HE 2:Tg T

where Ts = n * Ty, it follows:
Equation 2-38:

1 1 1 7

HF 2 n-Tey 1 fit

n Bit

As seen in Equation 2-37 and Equation 2-38, the bandwidth depends on the step size
Ts or the symbol rate 1/Ts. The symbol rate in turn can be referenced to the weighting
2", i.e. to the number of symbols, the bit rate rg;; or bit sequence frequency fg; of the
binary signal. From 2" weighted signal elements can be derived a theoretical maximum
bandwidth utilization (Equation2-39:).

Equation2-39:

Tgie _ Dbit/s
Bit "' Hz

The bandwidth utilization that can be achieved in practice lies under that number, as a
larger bandwidth must be assumed per Equation 2-32. Practically speaking, the
bandwidth utilization is reduced by a factor of 0.7 (Equation 2-40).
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Equation 2-40:

Tpit bit/s
Bit ' "Hz

The comparison of the variously weighted PSK and QAM methods in Table 2-5 shows
that the bandwidth utilization increases with the weighting of the method, and the
bandwidth can be reduced at the specified bit rate. The table also shows that with an
increasing bandwidth utilization, the signal-to-noise ratio (C/N) must steadily increase
in order not to stay below a defined bit error rate (BER).

Modulation 2-PSK 4-PSK 8-PSK 16-PSK 16-QAM | 32-QAM | 64-QAM
Amplitude states 1 1 1 1 3 5 9
Phase states 2 4 8 16 12 28 52
Carrier states 2 4 8 16 16 32 64
Theoretical maximum 1 2 3 4 4 5 6
bandwidth utilization in
(bit/s)/Hz
Practical bandwidth 0.7 1.4 2.1 2.8 2.8 3.6 4.2
utilization in (bit/s)/Hz
C/Nin dB for BER=10"°, 10.7 13.7 18.8 24 20.5 24 27
in practice

Table 2-5: Comparison of different phase shift k