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3. Digital Modulation

Most message transmission systems today use digital signals for the transmission. If the input-
signal of the modulator is digital (discrete value and time) one refers to it in simplified terms as
Digital Modulation.

Analog source signals are converted into digital signals using an analog-digital-converter. These
signals can then be further processed with the help of digital circuit technology and software
algorithms (digital signal processing DSV) [9]. Programmable Digital Signal Processors (DSP)
and Field-Programmable Gate Arrays (FPGA) allow comprehensive software implementation of
modulators and demodulators, whose function as needed can be very easily modified without
changing the hardware. For very high numbers of individual units, e.g. mobile telephones, all
digital signal processing can be realized in an ASIC, whereby it is mostly the later modification
of functions that are less comprehensive compared to solutions with DSP or FPGA.

Fig. 3-1 shows the block diagram for a transmission system with digital modulation. On the
transmitter side, signals from analog sources are converted to digital signals by an analog-
digital-converter and fed into the source coding. Signals from digital sources are directly fed to
the source coding.

The source coding increases the channel capacity through a data compression in which all
redundant and irrelevant data are removed from the source signal. Many compression
procedures are standardized, e.g. MP3, MPEG, LPC, Linear Predictive Coding in GSM.

In the channel coding, the redundancy is increased again through the addition of more bits
which leads to an increase of the bit rate. Several targets can be reached with channel coding:

- Long sequences of the same symbols (interfering DC-component) are avoided

- Missing symbol change is avoided in order to simplify timing recovery on the receiver’s
side (e.g. Manchester Line code)

- Error recognition and error correction on the receiver side

In digital modulation, the amplitude, frequency or phase of a sinusoidal carrier is influenced by
the digital modulation signal. The modulated signal can only have discrete values.

In the transmission channel, interferences and noise are added.

And on the receiver side, the data clock and the carrier have to be recovered and synchronized
for the demodulation. The demodulated signal gets into the channel-decoder so transmission
errors can be detected and corrected. The signal is uncompressed in the source-decoder and
fed into the digital sink or the digital-analog-converter.

Digital modulations have humerous advantages compared to analog transmission:
¢ Digital information processing
e Simple multiplex operation
e “Data encryption®, privacy communication
¢ High interference immunity
e Error correction is easily possible
e Low bandwidth requirements
e Smaller nonlinearities, practically constant S/N

e “simpler” circuit technology (digital building blocks)
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Y
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Channel

Dataclock Carrier

Synchronization

Fig. 3-1: Transmission system with digital modulation

Digital modulation of a sinusoidal carrier:

Sinusoidal carriers can basically be modulated using the same three options as with analog

modulation signals:

e Amplitude Shift Keying (ASK)

e Frequency Shift Keying (FSK)
e Phase Shift Keying (PSK)

Different variants are possible for all three basic types.

© 2010-2018 F. Dellsperger
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Digital signals in baseband (line code) and their properties

Digital data is typically in the form of binary numbers (e.g. “10110001110”). For the transmission
they must be implemented in chronological sequence of logical states or coded. A rectangular
clock signal controls this coding and the transmission.

Below the basic line codes:

Clock JEpEpSREREEEEE RSN SN EREE

Data 1 0 1 1 0 0 0 1 1 1 0
Ty

NRZ 1

unipolar 0

NRZ "

bipolar 0

Eripolar +01 r] r] mr]

Fig. 3-2: Simple line code

Biphase Codes have the advantage compared to the already considered NRZ- and RZ-codes
that they are free of DC and make it possible to facilitate easy clock recovery. They have at
least one slope in each data bit.

Clock JEjEpEpEREREREREEERE RN

Data 1 0 1 1 0 0 0 1 1 1 0

Biphase Level ’_ ] ] [ ] © g Low
(Manchester)  ° 0 = Low-High
1 [

" 1 = Transition at the beginning
Biphase Mark 0 and in the middle of a bit cell

0 = Transition only at the
— beginning of a bit cell

1 [ 1=Transition only at the
Biphase Space o beginning of a bit cell
0 = Transition at the beginning
-1

and in the middle of a bit cell

Fig. 3-3: Biphase line code

The baseband signals can be depicted by their Fourier series:
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1 2&1 .02 2&1 . i-2
bunip(t)=§+ngsm Tnt by, (t) == =sin Tnt

ST, ngi T, (3.1)
i=135,.....
When these baseband signals are multiplied by the carrier u, (t) =0, cos(ooct) , One gets:
cos(w,t © i i
s (8) = (1)-By (6) = 2Ot 28 (121 (27 (3.2)
. ’ 2 fio T, T,

Upnoanip (1) = Ug (1) by, (1) = %i%l:sin[i -T27r + cht + sin(i "I?n - mcjt:l (3.3)

With a unipolar baseband signal the result in the carrier with half amplitude and the upper and
lower sideband.

With a bipolar baseband signal the carrier is not present, but only both sidebands.

Spectral viewing of the signal is a very important aspect in digital modulation techniques.

The multiplication of the baseband signals by a sinusoidal carrier corresponds to convolution of
the signals in the frequency domain.

S(H)=5,(1)-5,() o—e  S(f)=S,(f) *S,(f) (3.4)

If sl(t) is a baseband signal and sz(t) is the carrier, the spectrum of the baseband signal will be
mapped in the spectral domain on both sides of the carrier.

s(t) 1S:(I
A

sa(t) 1S2(0)]

IS

Fig. 3-4: Time and spectral domain, top: bipolar baseband signal, center: sinusoidal carrier,
bottom: baseband signal multiplied by carrier signal

In practice, the baseband signals are used with a statistical distribution of the “zeros* and
“ones®, a pseudo-random bit sequence PRBS (see 3.1.4). This results in a line spectrum,
whose envelop has a |si(x)|-function.

_sin(x)

si(x)zsinc(x)_T (3.5)
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3.11

G(f) = |s(f)|’

Fig. 3-5: Spectrum of a pseudo random bit sequence (PRBS)

In practical measurements with the spectrum analyzer, only the envelope is displayed.
Additionally, not voltages but power in the form of power spectral density G(f) are displayed.
This representation is consistently used in the digital modulation techniques.

(3.6)

G()

|si(x)[?

/

f

Fig. 3-6: Power spectral density of a pseudo random bit sequence (PRBS)

Important properties of line codes

Clock recovery
The clock content of a code should be as independent as possible from the content of the

data being transmitted in order to facilitate clock recovery on the receiver side.

DC component
A DC-value cannot be transmitted without difficulty on transmission systems. For that

reason DC-free code is to be striven for. Mostly this can only be fulfilled by statistical
means.

Power Spectral Density G(f)
The power spectral density can be calculated using the Fourier transformation of the

auto-correlation function.
Important characteristics are the amplitude distribution and the location of the zeros.
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Error probability P,
The error probability in a transmission channel disturbed by Gaussian noise (AWGN,

Additive White Gaussian Noise) is represented as a function of the signal-to-noise ratio.
The terms used here mean:

E, S SB,,
— B ) T — Noise 37
N, N "™° N f @.7)

Eb/N0 = Value for S/N

2
Eb = Energy perBit=U T

N0/2 = Power spectral density for AWGN

AWGN = Additive White Gaussian Noise

20 »
erf(uy=—=|e"du (3.8)
|
erfc(u) =1—erf(u) =iTe*Uzdu (3.9
Jry
erf(0)=0 erf(0) =1 (3.10)
erf = Error Function
erfc = Complementary Error Function
Nyquist bandwidth
The question of the minimum necessary bandwidth can be answered with help of the
sampling theorem.
Itis:
By = 1 Baudrate T, = shortest pulsduration (3.11)
2T . 2
106
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3.1.1.1 Unipolar NRZ (Non Return to Zero)

Data 1 0 1 1 0 0 0 1 1 1 0
Th

NRZ =

unipolar o ‘ ‘ ‘ ‘

Fig. 3-7: Line code unipolar NRZ

Characteristics:

+ simple code
- DC-components
- Clock recovery in long sequences of “1” or “0“ not possible

Power spectral density:

urT, . ueT, [sin(afT,) T
GquRZ (f) = 2 b s5j? (TCfTb) = 2 b {%} (312)
b

U = Voltage of the logical 1 - state

Unipolar NRZ
0
m — 10|
he)
[
E3
N
2
% -20
B st
S Su(f)
E —
& -30
@
[
3
s
(2]
- 40
-50
0 0.5 1 15 2 25 3 35 4

f

1T

Fig. 3-8: Power spectral density of line code unipolar NRZ

Error probability:

P = %effCUZEWbJ (3.13)

Nyquist bandwidth:

1

i — T, = user data bit duration (3.14)
2T,
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3.1.1.2 Bipolar NRZ (Non Return to Zero)

Data 1 0 1 1 0 0 0 1 1 1
Tp
+1
NRZ
bipolar
-1

Fig. 3-9: Line code bipolar NRZ

Characteristics:

+ Simple code

+ No DC-components, to the extent that the distribution of “1* and “0“ are equal
- Clock recovery for long sequences “1“ or “0“ not possible

Power spectral density:

2
in(rfT,
Gg_nrz (f) = Usz si* (nfTb) = UZTb {M}
nfT,

U = Voltage of the logical 1 - state

Bipolar NRZ
0

m -10
o
[
X
g
2
£ -20
S
& Sadl
S —
2
@ - 30)
2
[
B
a8
(2]

— 40|

—-50

0 0.5 1 15 2 25 3 35
f
ur

Fig. 3-10: Power spectral density of line code bipolar NRZ

Error probability:

Nyquist bandwidth:

1

B, =—
Noo2T,

T, = user data bit duration
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3.1.1.3 Unipolar RZ (Return to Zero)

Data 1 0 1 1 0 0 0
-~
Th
RZ +1
unipolar o i i i

Fig. 3-11: Line code unipolar RZ

Characteristics:

+ Clock recovery more possible than with NRZ
DC-components

- Clock recovery in long sequences of “0“ not possible
Double bandwidth compared to NRZ

Power spectral density:

2
U, UT, | sin(xfT, / 2)
Gy gy () = ==Lsi (nfT, /2) = —=> > 3.18
e (1) =g F (7M1, 12) = =5 { T, 12 (3.19)
U = Voltage of the logical 1 - state
Unipolar RZ
0
a - 10
b
S
2 -20
g Sa(f)
'% -30
? —-40
- 50
0 0.5 1 15 2 25 3 35 4
f
T
Fig. 3-12: Power spectral density of line code unipolar RZ
Error probability:
E
P, = Eerfc —b (3.19)
vRz 2 8N,
Nyquist bandwidth:
B, = Ti T, = user data bit duration (3.20)
b
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3.1.1.4 Biphase Level (Manchester)

Data

Biphase Level
(Manchester)

Fig. 3-13: Line code Biphase Level (Manchester)

Characteristics:

+ Simple clock recovery
+ No DC-components
- Double bandwidth compared to NRZ

Power spectral density:

. 2
sin(nfT, /2)} Sin’ (T, /2)
nfT, /2

Gg (f) = UZT{

U = Voltage of the logical 1 - state

Manchester
0

m - 10
o
[
*
&
2
£ -20
S
B su(f)
S Sud
S —
R%3
T -30
@
[
B
4
(2]

- 40

- 50

0 0.5 1 15 2 25 3 35 4
f
uT

Fig. 3-14: Power spectral density of line code Biphase Level (Manchester)

Error probability:

1 E
= —erfc{ N_bj same as Bipolar NRZ

(o]

Nyquist bandwidth:

By =— T, = user data bit duration
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3.1.1.5 Comparison of different codes

Nyquist-
Code Bandwidth Advantages Disadvantages
NRZ 1 e Clock recovery not possible in long “0“-
unipolar By = oT e Simple Code or “1%- sequences
b e DC-component
NRZ : Elmgléz Code t e Clock recovery not possible for long “0“-
bipolar |B. =+ o U%-componentas. or “1“- sequences
N long as distribution of ,1
2T, and ,0“ are equal *  DC-component
e Clock recovery not possible for long “0“-
RZ g -1 e Clock recovery more sequences
unipolar |=v = possible than with NRZ | e DC-component
e Double bandwidth compared to NRZ
Biphase B, = 1 : il(;nglce g?;l;;i(;?]\;ery e Double bandwidth compared to NRZ
T, )

Fig. 3-15: Comparison of different line codes

G1(f): G2(f): G3(f): G4(f):
Unipolar NRZ Unipolar RZ Bipolar NRZ Biphase Level

0

-10

1
N
o

wn [%2]
N =
= =%
—~ —~
- —
= =

[
o
—~
—
=

Spectrale Leistungsdichte/lU”2*T dB
n
n

- -30
4d(f) L
- - A XY
AT
A}
=40 *
L)
[
i
[\
-50
25 3 35 4

Fig. 3-16: Comparison of power spectral density of different line codes
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3.1.2

Bit Error Rate (BER)
The BER is defined as

BER =

n, n, = Number of error bits
n

_ _ (3.24)
o« = Total number of transmitted bits

ntot

Example:
If one error bit is detected in a transmission of 10’000 bits, this yields in
BER = 10"

The length of a PRBS-sequence determines the minimum BER which can be measured:

BER,,, = 1 n= Length of PRBS in bits
n

Example:

At a PRBS of n = 2'® —1 the minimum BER that can be measured is:
1 =3.05-10°
1

BERmn = 55—
Error probability of various codes:

The stated bit error probability applies to interferences with “Additive White Gaussian Noise*®
(AWGN).

The other boundary conditions are ideal.

bipolar = unipolar

Bit-Fehlerwahrscheinlichkeit
o0
w
,§L
5
o

01 2 3 456 7 8 9 1011 12 13 14 15 16 17 18 19 20

)
10-log —
No

dB

Fig. 3-17: Bit error probability as a function of signal-to-noise ratio
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3.1.3

Inter Symbol Interference (ISI)

In the transmission of pulses through a band-limited system, the pulses are delayed and the
transient responses and transient overshoots of a symbol can fall in the time slot for the next

symbol.

This leads to inter-symbol interference (I1SI) and makes it more difficult to identify the symbol on
the receiver’s side.

Correction: larger bandwidth — many disadvantages

Objective: Smallest possible bandwidth with low ISI

Input pulse System response

Band-limited
transmission system

Fig. 3-18: System response of a band-limited transmission system

In a digital baseband transmission, pulses are transmitted (= symbols) continuously. If the
transient responses and transient decay of the one symbol affect the neighboring symbols in a
disadvantageous way, this makes it more difficult to identify the symbols on the receiver side.

Nyquist Criteria for I1Sl-extinction

Nyquist determined:

In an ISI-free channel (Transmitter-Receiver) all symbol responses must be zero at the
sampling time with the exception of the momentary symbol.

K n=0
h.(n-T, )= 3.25
e (0°T2) {0 n=0 (3.25)
h = Pulse response
n =0,1,..,n
T, = Symbol period

K =Constant (#0)

Transmission with intersymbol-interferences:

Ug Input pulse U, System response

—

Symbol 1 | Symbol 2 |Symbol 3 Symbol 1| Symbol 2| Symbol 3

Fig. 3-19: Pulstransmission with ISI
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Transmission without intersymbol-interferences:

FHH

Symboll Symbol2 Symbol3

Fig. 3-20: Pulstransmission without ISI

U,(t) System response

ue(t) Input pulse

Symboll Symbolz Symbol 3 | Symbol 4
A A A A

Sampling time

Fig. 3-21: Nyquist criteria for pulse transmission

ISI-free impulse response

mt
sin
[TSJ
nt
T.

S

Example: h,,(t)=

System response

N T\ TN T\
N\ NS N \

i

|

0.4
heg(t) f \

—6 —4 -2 0 2 4

Fig. 3-22: ISI-free pulse response
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This impulse response conforms to the Nyquist-Criterion.

The transmission function H(f) which an ISI-free channel must have can be gained from the
Fourier transformation of h(t).

He (F) = firectfi (3.27)

f, = Symbol frequency

This transmission function has a “brick“-characteristic:

H(f)
A

fs/2

Fig. 3-23: Transfer function for an ideal I1SI-free channel

Real low pass filter which evince their impulse response zero points at a distance of n-Ts, can,
according to the so-called 1st Nyquist condition be realized with filters with point-symmetrical
slopes (Nyquist slopes). The symmetry point lies at the Nyquist frequency f5/2.

The transitional range is determined by the roll-off-factor a.

oo Af (3.28)
BN
IHO)
A
1
N
I oa=05
By
0.5 = >

0.5 1 15 2
fs/2

Fig. 3-24: Transfer function of a Nyquist-Filter

To keep the ISI as low as possible in a real system, h(t) must

o Fall off rapidly

» Evince low or no amplitude in the proximity of n-T_(n=0).
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Filters which meet the Nyquist-Criteria will be referred to as Nyquist-filters.
An effective end-to-end transmission function H,, (f) can be easily realized in that the

transmitter and receiver each have a transmission function of ,/H,, (f) .

Filtering

To limit the bandwidth in a transmission system, the spectrum must be filtered in the
transmission path. Basically there are two options available:

Baseband filtering (impulse formation):

Mixer
Data source LP Multiplier
PLEEY
B\
Carrier

S

Band-pass filtering after modulation:

Fig. 3-25: Baseband filter

Mixer
Data source Multiplier BP
b(t) %
N
%
Carrier

S

Fig. 3-26: Band-pass filter after modulation

Filtering after modulation requires very high filtering effort due to the relatively small bandwidth
and therefore can only be realized with fixed intermediate frequencies at which high-grade
quartz- or SAW-filters can be used. In practice both options are used in tandem, mostly.

Typical ISI-free or low-ISI filter types used here are:
e Gauss-filter
e Raised-cosine-filter

Both filters are described in [11].
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Eye diagram

The quality of a digital transmission can easily be assessed with the eye diagram. In it, the
interference from noise as well as jitter (phase fluctuations) along with the intersymbol-
interferences are easily recognizable.

Scope
Kanal Y Trigger
LP (P ®
Source Data % ‘
(PRBS) N
Clock
Fig. 3-27: Measurement setup for measuring the eye diagram
= Graphics EyeDjagran [ =—————————————|
250
2.25-
2.00-]
1.75- ) Lo
150 Amplitude variation
1,25 e 3 : overshoot
el A e N ! i
1 e S A Y interferences, noise
0.75-]
050-| 3 i
= 5 / \ Vertical
# om- ¢ o eye opening
2 po| A
050
oty ' . -
?;Z o /4l N = }‘ Amplitude variation
bR~ S = overshoot,
150- S Y interferences, noise
1.75-]
-2.00-|
2.25-]
T e e e e FEE T ST ) ST
1.0 09 08 -D?(-DE 05 [-04 03 02 01 f 01 02 03 04 (05|06 07 08 D_ﬁ_ 10
Zoom Heoon | WTgym oot [ |
Sampling time
Horizontal X
Time variation eye opening  Time variation
Jitter Jitter

Fig. 3-28: Eye diagram of a real transmission channel

If the transmission quality is good, the eye diagram should have the biggest possible eye
opening in the middle of the symbol (= sampling time).

The eye diagram shown in Fig. 3-28 has strong intersymbol-interferences and noise.
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3.1.4 Pseudo Random Bit Sequence (PRBS)

A PRBS is used to investigate digital transmission systems in order to get a homogenous

spectrum. In an analog system the PRBS corresponds to a pink noise at which all frequency
components from 0 to a certain frequency are present.

In a PRBS, all bit sequences between ...00000... and ...010101... must be generated whereby
the probability of a “1“ is exactly the same as the probability of a “0“.

PRBS are realized with the help of a feedback shift register. The pseudo-random sequence
must have a length of n bits. Then the bit sequence repeats.

n=2"-1 m = number of shift registers (3.29)

Data 10111100011001101001110001110001011110001100110100111000111000

Bitstream

1 ty | t |

Fig. 3-29: Short Pseudo Random Bit Sequence (PRBS)

The circuit presented below generates a PRBS of 7 bits length. The bit sequence is
...0100111... and contains all combinations that are possible with 3 bits.

Shift register

A

31210

) '« PRBS

XOR
Fig. 3-30: Generation of a PRBS using a shift register

The spectral analysis shows individual discrete spectral lines at a distance of Af from

n= Length of PRBS in bits
1
Af ==1, . 1
n f, = Bit frequency :T— (3.30)
b
T, = Bit duration in s

This shows that for n to infinity the spectrum merges into a continuous spectrum.

In practical applications, PRBS with a length of 511 bits and more are used.
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PRBS-generator in PSPICE with unipolar and bipolar output:

C1
R o bipal
Ay ipolar
470
RE k

out 2
5 7436

=
&‘:‘i
=
[}
=
=}

unipolar

-
=~
o

DETHT
L

()

Q
clk 8 CLKQG

DSTH1 PartName: DigClock Ed v PartMame: YPULSE

Name Walue MName Yalue

FEy——-p C—r

ONTIME = 5ms

g;;y.ﬂf;jgs Delete | Delete
OPPYAL-1
10_MODEL=I0_STM TH=1n
I0_LEVEL=0 =] TF=1n =
Fi=100ns

™ Include Non-changeable Attibutes OK | T REESI changeable Attributes oK
™ Inchide System-defined Attributes el | ™ Include System-defined Atributes Cancel

Fig. 3-31: PRBS simulation in SPICE

s 18ms 20ms I0ns L4Bms Lons 68ns 7ons g0ms 20ms 1068ms
o U{unipolar)
Time
g I
B Bl = — o o 5
1 |
i i
i i
i i
i
i
i
i
'
I
au H
| i
i i
i i
i i
i i
i
I H
I I
| i
i i
—2. B0+ - m oo T e e I e it e e I et T 4
ds 18ms 28ms 38ns LBms 58ns 68ms 78ns 88ms 98ms 188ms
o Ui{bipolar)
Time

Fig. 3-32: Output signal unipolar and bipolar
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Unfiltered baseband signal Filtered baseband signal

Fig. 3-33: Baseband signal in the time domain, unfiltered (left) and filtered (right)

1000 e mmmmmmmnnmnme e eceeenn

iz 2
= U(unipelar) o Ufunifile)

Fig. 3-34: Baseband signal in the frequency domain, unfiltered (left) and filtered (right)
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3.2 Modulation possibilities of a sinusoidal carrier

We describe a sinusoidal high-frequency signal with

u, (t) = A-cos(w.t+9)

A = U, = Amplitude (Peak value)

o, = Angular frequency of the carrier
6 = Phase shift (constant)

t = Time

Here we have three options for modulation: A, o, 6

Representation of the sinusoidal signal in different domains:

o
-
I3}

Fig. 3-35: Sinusoidal signal in the time domain

f

Cc
Fig. 3-36: Sinusoidal signal in the frequency domain

In the phase state diagram, this signal is displayed as a pointer (phasor).

P

Uc

ot | = In-Phase-component

Q = Quadrature-Phase-component

\J

Fig. 3-37: Sinusoidal signal in the phase domain
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3.2.1 Amplitude modulation with analog modulation signal

The amplitude A is influenced by the modulation content.

A(t)=f(u, (1)) =0, +u, (t) =0, +0, cos(w,t)

Uny () = A(t)cos(m.t+6)

o
o
s

o >
3

T 7 —

m

\

Fig. 3-40: Amplitude modulated signal in the phase domain
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3.2.2 Angle modulation (Frequency and phase mod.) with analog modulation signal

Frequency modulation:

The carrier frequency @, is influenced by the modulation content:

w, (t)=f(u, (1)) (3.34)
Phase modulation:

The carrier phase GC is influenced by the modulation content:

0, (t) =f(u, (1)) (3.35)
The instantaneous phase angle of the carrier is
O, () = (1)-t+6_(t) (3.36)
The instantaneous frequency of the carrier is described by

do, (t
o, (t) = d)d°—t() (3.37)

With that we can describe the angular modulation as follows
U, (t) = A-cos(wt+n-sin(o,t)) (3.38)
n = Peak value of G(t) = Modulation index

From this we get the instantaneous frequency

®, Mo
f(t)=—= T Ccos( ot 3.39
( ) 27c+ 2n (O)m ) ( )
. Af
and with Af =nf n= m (3.40)
Af
u, (t)= A~cos(oact+f—sm(mmt)j (3.41)

For spectral analysis, the Fourier coefficients have to be determined.

Fig. 3-41: Analog modulation signal in the time domain
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>t

Fig. 3-42: Angular modulated signal: instantaneous frequency in the time domain

uC TN

Fig. 3-43: Angular modulated signal in the time domain

o
|

A
 J

Af

Fig. 3-44: Angular modulated signal in the frequency domain
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Fig. 3-45: Angular modulated signal in the frequency domain
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Fig. 3-46: Angular modulated signal in the phase domain
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3.3 Digital modulation of a sinusoidal carrier

Sinusoidal carriers can be modulated with digital modulation signals basically with the same
three options as with analog modulation signals:

e Amplitude Shift Keying (ASK)
e Frequency Shift Keying (FSK)
e Phase Shift Keying (PSK)

Different variants are possible for all three basic types.

3.3.1  Amplitude Shift Keying ASK

With the binary modulation signal b(t), the amplitude of the carriers must be keyed between two
discrete amplitude values. In so-called “On-Off-Keying“(OOK) the carrier is turned on and off.

Amplitude Shift Keying is only used in very simple systems, e.g. Keyless-Entry-Systems, and is
of little significance for the transmission of digital baseband signals in more complex systems.

3.3.1.1 On-0Off-Keying OOK

We can describe the binary signal consisting of a serial bit stream of “0” and “1“as follows:

+1 "1"
b(t)= 3.42
®= o (342)
The amplitude of b(t) is normalized to the maximum voltage (e.g. +5V).
Uk
0oV —‘ » 1
b
Ts
Fig. 3-47: Modulation signal for amplitude shift keying

. . - 1bit

The bitrate is stated in bit/s and equals r, = T
b

The bitrate is in numerical value identical to the bit sequence frequency or the bit clock
frequency

1
f,=— (3.43)

T,
The Nyquist bandwidth (minimum necessary bandwidth to transmit a 0101 bit sequence) is

1 1
B, =—==1 3.44
NToT T 2b (3.44)
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The carrier is described with

S¢ (t) = . cos(w,t) (3.45)

The modulated signal results from multiplication of carrier and modulation signal

Unask (t) =b(t)sc (t) =b(t)d, cos(w,t) (3.46)
Multiplier

Sasc (1) =b(t)s, (1)
b(t)
s (1)

Fig. 3-48: ASK-Modulation with multiplier

W12

l

1 unipalar " » ask
1 I
R7 k R3 k
a a

FREQ=5k
TD=0

DF=0 ;I

[T Include Non-changeable Attibutes
[ Include Spstem-defined Attibutes

YAMPL=T Delete |
o |

Fig. 3-49: ASK-Modulation with multiplier (PSPICE-Schematic)
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ims 25ms 3ins 35ns LAms 45ms Sins
o U{ask)
Time

Fig. 3-50: ASK- (OOK) modulated signal in the time domain (T, =1ms)

One gets the spectrum of the modulated signal by convolution (multiplication of the Fourier-
series with binary signal in time domain).

s(t) =0, cos(wct){% + %{cos[z_r—?] - %cos(?"_r—im] Foe }} (3.47)

s(t)-b(t) o—e  S(f)*B(f)

For simplicity’s sake the modulation signal here was assumed as a 1-0 sequence with a period
duration of

o U{unipolar)
Frequency

Fig. 3-51: Spectrum of a binary modulation signal (PRBS T, =1ms)

The spectrum of the modulated signal is symmetrical to the carrier:

o U{ask)

Frequency

Fig. 3-52: Spectrum of a 5kHz carrier modulated with a PRBS (T, =1ms)
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3.3.1.2 Multi-level amplitude shift keying (mASK)

Amplitude Key Shifting can also be done with multiple levels with m-signal states (m-ary ASK,
mMASK) (m=24,8,...... 2", n=123,...... ). In this the carrier will be modulated through an m-step

. . 1
baseband signal with the symbol rate r, = —.

Bits are combined into m symbols. In the modulation interval kT, <t <(k+1)T, each symbol of
the baseband will be assigned a discrete amplitude step of the carrier.

Example:

With n=2 we get m=2" =4 symbols.

Ty
Clock (LT L L L L
Data 0 0 0 1 1 0 1 1 0 0
- TS -
Serial bitstream +1
NRZ unipolar b(t)
Symbols ‘Symbol 1“Symbol Z‘ASymbol S‘ASymboI 4
Amplitude steps
bs(t)
>t

Fig. 3-53: Symbol generation

Bit Symbol

00 Symbol 1
01 Symbol 2
10 Symbol 3
11 Symbol 4

Fig. 3-54: Symbols

In the German literature, the term “Dibit” is also used in place of a symbol if a symbol combines
two bits.

The serial bit-stream is converted into the desired amplitude steps through serial-parallel
conversion and D/A-conversion. The assigning of amplitude steps to the symbols is arbitrary
and matches the desired system specifications and is not standardized. The following
assignment is just one example:

1.00V "11"
0.66V "10"
s (t) = (3.48)
0.33v "01"
ov "00"

© 2010-2018 F. Dellsperger 129



The symbol rate r, is n-times smaller than the bitrate and thus the Nyquist bandwidth is also n-
times smaller than the binary ASK (OOK).

T, n nT, log,m
1 1 1 f (3.50)

NT 2T 2nT, 2log,m

The required RF-bandwidth is twice as large as the bandwidth of the baseband signal due to the
formation of two sidebands:

1
Brask = T (3.51)

S

When using a Raised Cosine Filter, the necessary RF-bandwidth is:

1 .
B sk = T—(1+ a) a = Roll-off-Faktor des Filters (3.52)

S

The modulation results from multiplying u_ (t) by b_(t)

Smasi (1) = U (1) b, (t) (3.53)

The envelope curve of the mASK-modulated signal is determined by the impulse form of the
baseband signal. When filtered with a Nyquist filter the signal transfers are “soft“, which is why
one refers to “soft keying®, in contrast to “hard keying“ with rectangular impulses.

b(t)

shard“ keying

i ,Soft* keying
e ]
2ms ans ams 5ms 6ms 7ns ans oms 18ms 11ns 12ms

Fig. 3-55: Baseband filtering

Serial- Amplitude-
Parallel coder
Data source 1, F(s) Multiplier
b(t) S 2 It X bs(t)
3 . 54,®_, Soae (1) = b (1)s, (t
@—> i m/\/&/ nsk (1) (t)s. (t)
P 1
Carrier

Se(t)

Fig. 3-56: mASK-Modulator
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3.3.1.3 Considerations for the Multiplier:

In nearly all systems of digital modulation, multipliers (mixers) are used for modulation and
demodulation. In the modulator, the baseband signal to be transferred is multiplied by a
sinusoidal carrier after pulse shaping. Since the multiplication cannot be ideally realized, a
bandpass filter follows at the multiplier output in order to suppress unwanted mixing products. If
the baseband signal has a DC component (unipolar), then a spectral line at the carrier
frequency will be generated in the spectrum of the modulated signal. If the baseband signal
does not have any DC component (Manchester), the carrier will be suppressed.

When one observes the multiplication of two baseband signals, one unipolar with DC
component and one bipolar without a DC component, by the carrier, the following description is

possible:
U
A
+1V
bunip(t)
ov »
Ty
-
Ts
A
+1V
bbip(t) o t
-1V e
Ty
|
Ts

Fig. 3-57: Unipolar and bipolar modulation signal

F(s) Multiplier

BP

T

Carrier
0, cos(w,t)

bunip(t)
Biip(t)

I —

&

Fig. 3-58: Filtering and multiplication with a sinusoidal carrier

Both baseband signals can be described by their Fourier series:

1 2&1 . i-2n

b, (t)==+—=) =sin——t
“”"’( ) 2 niFi T,
(3.54)
2&1 . i-2n
b, (t)=—) =sin—t
b'p( ) n;i T,
If these baseband signhals are multiplied by the carrier
U, (t) =0, cos(a,t) (3.55)

the result is:
Unnogunp (£) = Ug (1) - by (1) = — %i{sm[l_rﬁ + o, jt + sin(i'_l_ﬁ -, ]t} (3.56)
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and

Uy (£) = Ug (£) by (1) = %i%l:sin[i'_rﬁ+cocJt+sin(i'Tﬁ—mcjt:| (3.57)

S S

With an unipolar baseband signal the carrier with half amplitude appears plus the upper and
lower sideband.

With a bipolar baseband signal, the carrier is not present, but only both sidebands.
Circuits for Mixer, Multiplier

As already mentioned, double balanced modulators (DBM) are mostly what is used in digital
modulation systems. A very common type is the diode ring modulator. Its simple circuit is
weighted against the disadvantage of high LO-power requirement, which is typically +7 dBm.

S
Ju
o e
S Lo dRY (y
| T ~
AC %. +—
Lo 42
U
U

Fig. 3-59: Double-Balanced Diode Modulator

The more elaborate Gilbert-Cell (hamed after its inventor Barry Gilbert) has various
advantages:

e Simple integration in an IC
e Only one transformer is necessary (if any)

e Low LO-power requirement of approx. —10dBm
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Fig. 3-60: Gilbert-Cell Modulator

3.3.1.4 Demodulation of ASK

Demodulation can be coherent or incoherent. Demodulation is understood as coherent, in
which the demodulation carrier is phase locked to the transmitter carrier (synchronous
demodulator). Incoherent demodulation is e.g. the envelope detector.

For coherent demodulation, the carrier has to be recovered from the received signal.

Amplitude Parallel-
discriminator Serial
BP Multiplier F(s) l‘ »
> P
o i~ bs(t)
a0 A (O A M S ee
T "

Carrier T T
se(t)

Symbol clock Bit clock
Fig. 3-61: Coherent mASK-Demodulator
Amplitude Parallel-
disciminator Serial
BP Multiplier F(s) 1,
2
» P
bs(t)
Simask (t) — % =®—>— m%&/ s\ /\ :3 > —» b(t)
i S
] .
Symbol clock Bit clock

Fig. 3-62: Coherent mASK-Demodulator with squaring
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The principle of demodulation with squaring will be analyzed in later discussion of PSK.

Smask (t) ™

Amplitude
discriminator

Parallel-
Serial

\ 4

A

Envelope
BP detector F(s)
= N T R P X}
- mmaiaimala -

Fig. 3-63: Incoherent mMASK-Demodulator

A

A

S =T |w N =

A

= b(})

!

Symbol clock

!

Bit clock

The discrete signal states are visually represented in the state diagram. Each point
characterizes a mASK symbol in the modulation interval. The highest amplitude in the state
diagram is usually normalized to 1. This representation allows to visually estimate the immunity
to interference and noise. As the distance of the signal points decreases, the susceptibility to
interference decreases because the distance to the decision limit decreases (Fig. 3-64 e).

With coherent demodulation it is more advantageous to use mASK-systems with state
diagrams, in which the signal state “zero“(no carrier, Fig. 3-64 a and c) is also used.

With incoherent demodulation however it is recommended not to use the signal point “zero® (no
carrier) (Fig. 3-64 b and d).

Ue

5 3 |o
I

=N

a)

QO QO

118
1 1 1
0.75
0.66
0.5
0.33 0.33
0.25
0 0 0
m=2 m=4 m=4
n=1 n=2 n=2
b) c) d)

Fig. 3-64: State diagram of some ASK-systems
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3.3.2 Phase Shift Keying PSK
3.3.2.1 Binary Phase Shift Keying, BPSK

With the binary modulation signal b(t), the phase of the carrier is keyed between discrete phase
values. If the phase is keyed only between two discrete values (0°, 180°) the procedure is called

Binary Phase Shift Keying (BPSK). Multi-value Phase Shift Keying is also possible (m-PSK).
Systems with 4 phase states (Quadrature Phase Shift Keying QPSK) are very common.
Similarly common is Differential Phase Shift Keying Modulation (DPSK).

We can describe the binary signal consisting of a serial bit stream of “0” and “1“ as follows:

A
+1

0 > t
1 I
ST
b(t)= | g (3.58)

Fig. 3-65: Bipolar modulation signal

The BPSK-signal is again generated with multiplying the baseband signals by the carrier signal:

Ugpsi (1) =b(t)-ug (t) =b(t)- 0, cos(wm,t) (3.59)
This yields:
ST i
cos (.t + 1) = —cos(w,t) (3.61)
Mixer
Multiplier

b(t) 4,®—> Sepsx (1) =b()0, cos(o,t)

0ccos(mct)
Fig. 3-66: BPSK-modulator without filter

Mixer
Multiplier

4>1bf(t) % > Sepsk (t) =b; (t)l:lc COS(COC'[)

0ccos(mct)

ik

b(t) —

Fig. 3-67: BPSK-modulator with filter
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i Ugpgyc (1)

Fig. 3-69: BPSK-signal (filtered) in the time domain

/

Fig. 3-70: Eye diagram of b, (t)
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A - - - = - o o o o o oo
!
|

BPSK unfiltered

|
1.0mu-
|

1.8mu- BPSK filtered

1auu 448 mL e 1
-5 kHz 1 +5 kHz

Frequency

Fig. 3-71: BPSK-signal (unfiltered and filtered) in the frequency domain

»0O

| = In-Phase-Component

I Q = Quadrature-Phase-Component

Fig. 3-72: Phase state diagram of a BPSK-signal
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3.3.2.2 Quadrature-PSK (QPSK)

A multi-level PSK can be used exactly like multi-level amplitude keying. 4-PSK (Quadrature
Phase Shift Keying QPSK) is particularly common. QPSK is generated through over-layering
two BPSK-systems, whereby the carrier of the one system has a phase shift of 90 degree

compared to the carrier of the second system.

00
01
10
11

Fig. 3-73: Symbols

Data source

C b(t)

Symbol 1
Symbol 2
Symbol 3
Symbol 4

Serial-
Parallel

S

unipolar-

bipolar

JL

F|,_|,

F(s)

&

unipolar-

bipolar

JL

F|,_|,

F(s)

&

Fig. 3-74: QPSK-modulator

A serial-parallel-conversion and data filtering is used generate |- and Q-signals (I = In phase,
Q = Quadrature phase).

© 2010-2018 F. Dellsperger

Carrier

0c cos(m t)

bs1(t)
Adder BP

Multiplier > %

bsz(t)
Q|
Carrier
0 sin(o t)

>

Ugpsk(t)
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| [ba(t)]

Q [be (1))

Ugpsi (1)

Vector diagram

+1 1 1 +cos(w.t)+sin(w,t) Q
Z .
-1 *1 1 —cos(a,t)+sin(w.t) Q
1 1 | —cos(at)-sin(emt) -l ‘Z
Q
+1 -1 R |
Q

+cos(a,t) —sin(am,t)

Fig. 3-75: Vector diagram for 4 symbols

Error vector
(Noise,
Interferences)

Gray-coded

Fig. 3-76: IQ-diagram

The symbol assignment as shown here is called Gray-Coding. The advantage of this type of

A
”10"\\

| = In-Phase-Component

Q = Quadrature-Phase-Component

coding lies in that only one bit is incorrected identified if a symbol error appears in an adjacent

guadrant.
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3.3.2.3 Circuits for carrier quadrature and generation of symbols
Carrier quadrature

For low carrier frequencies up to a few 100 kHz, an Allpass-Phase Shifter can be used in active
filtering technology with OpAmp’s. With two 2nd order filters as shown in the illustration below, it
is possible to achieve a phase precision of a few degrees over a frequency range of a decade.

Rz
I—
Allpass |
phase shifter
Ri
I— h
-45°
c ————p |
1 Rs
| n
\
] Cz R4
Rs
(I
In—»—1 Allpass
phase shifter
Rs
I— h
(I o
+45
74>
Cg Q
Rz
} v

Cs Rs

Fig. 3-77: All-pass phase shifter

In a frequency range of up to a few 100 MHz, a high-pass low-pass circuit with lumped L and C
is an easily realizable solution. The bandwidth is however highly restricted.

Lowpass

Ly Ly -45°

In

Highpass
Fig. 3-78: Low-pass-high-pass phase shifter

In the GHz-range, solutions with directional couplers can be easily realized (here is an example
of a branch line-coupler with micro-strip line). When using substrates with a high €, small
dimensions result. The bandwidths lie in the magnitude of an octave.
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90°

|n—>| 50 O |—> I

Ma

M4 M4

35.350
35350

Ma 180°

50 0 ®

50 Q

Fig. 3-79: Branchline-coupler using mikrostrip lines

Digital solutions with flip-flops are only limited in their bandwidth by the maximum clock
frequency of the logic technology in use (up to a few GHz). The main disadvantage is that there
must be double or quadruple carrier input frequencies.

XLO; ; ; ; ; ;
LDQ D Q {>—>Q !

e I N S
Q

- el 14T 1

2 xfo

(50% DC) 4,—\—’—
Q

Fig. 3-80: Phase shifter using Flip-Flops
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Generation of Symbols

A simple circuit to generate symbols with Gray-Coding is shown in the following figure:

b o »Q LI
* 2 bl bl
o .
Data —»— § § § §
g T R
b; b, bs by bs bg ] 1 3 3
D Q D oF—» | L |
] ‘b by bs
Qj— Ql_
A
Clk/2 Clk

Fig. 3-81: Generation of symbols using Gray-Coding

3.3.2.4 Spectrum Efficiency

When two bits are combined into a symbol, the symbol frequency is only half as great as the bit
frequency. This means that the bandwidth required for QPSK is only half as large as for BPSK,

or that twice the bit rate can be transmitted in the same bandwidth. The spectrum efficiency is
sometimes stated as Bit/s/Hz for an ideal Nyquist-System. The practically available spectrum
efficiency is about 70% of the theoretical spectrum efficiency.

Modulation Spectrum Efficiency | Applications
Bit/s/Hz

MSK 1 GSM

BPSK 1 Telemetry, cable modems

OQPSK 1 Satellite communications

QPSK 2 Satellite communications, TETRA, CDMA,
NADC, PHS, DVB-S, Modems

DQPSK, n/4- 3 NDAC, TACS

QPSK

8PSK 3 Satellite communications, Telemetry,
aeronautical radios

16QAM 4 Microwave radios, Modems, DVB-C, DVB-T

320QAM 5 Microwave radios, DVB-T

64QAM 6 DVB-C, Modems, Microwave radios

256QAM 8 DVB-C, Modems, Microwave radios

Fig. 3-82: Spectrum efficiency and applications of digital modulations
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fae = 80 MHZ, foara = 10 MHz

7/
N - )
. \/\ o _~ BPSK

TTRAA AT
30k ! | ﬂ/\\/\ \

80 85 90 95 100 105 110 115 120

frequency (MHz)
Fig. 3-83: Spectrum comparison BPSK-QPSK

The required RF-bandwidths with baseband filtering are calculated according to:

1 1
Bepsk = T—(1+ a)==—(1+a)

s Tb
1 1
BOQPSK = T_(1+ a) = T_(1+ a)
s b T, = Symbol length
Bopsk = Ti(1+ a)= %(h ) T, =Bit length (3.62)
s b a = Roll-off-factor of the filter
1 1
BSPSK = T—S(1+ G,) = ﬁ(l_'_ G,)
1 1
BlBQAM = T—(1+ Q,) = E(l'f‘ (X,)

7]

b

The spectrum of the modulated signal results in multiplication of the baseband signal (symbols
with multi-value modulation) by the carrier and is a two-sided spectrum around the carrier.

Example: Power spectral density of the BPSK modulation
A bipolar NRZ-baseband signal has the power spectral density of

sin(nfT, )T
Gy ey (f) =UT, | ——22 (3.63)
(1) U7 L

For BPSK-modulation, the baseband b(t) is multiplied by the carrier O, cos(wt)

m} U cos(m,t) (3.64)

nfT,

GBPSK (f) = UZTb |:

After a trigonometric transformation, the two-sided power spectral density is:

Gune, (f) T, [Sin(nTb [f —f, ]):lz . [sin(nTb [f + fc])}z 555

T, [f—fc] T, [f+fc]
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3.3.25 Offset QPSK (OQPSK)

In QPSK the amplitude has the value of zero for a short time when there is a phase shift of
180°. This means that large amplitude variation has to be processed in the system and the
entire system chain must have linear behavior (no amplitude limiting). In order to avoid a phase
shift of 180°, and thus reduce the amplitude variation, the Q-data are delayed by a bit period
(1/2-symbol period).

Serial-
Parallel |
Data source > bsl(t)
S
i:) b(t)
P
> t=T, ——» bsz(t)

Fig. 3-84: Offset QPSK

This means, as shown in the impulse diagram below, that only phase jumps of +90° occur and
that the amplitude of the carrier reduce to the minimal value of 0.707 of the maximum value.

The advantage of spectrum efficiency of QPSK however is lost again in OQPSK and is equal to

BPSK.
| | | | | | | | | | |
| | | | | | | | | | |
CLK
| | | | | | | | | | |
| | | | | | | | | | |
Data i 0 1 0 ¢ 0 ¢+ 12 ¢ 2 ¢ 0 11 ¢ 2 ¢+ 0 1 0
| | | | | | | | | | |
| | | ‘ ‘ ‘ ‘ ‘ ‘ | |
| —
paad) -—dtor—t—r | ] |
| | | | | |
| | | | | |
Symbol } 1 } 2 } 3 } 4 } 1 }
| | | | | |
"Symbol-Data” | 00 | 01 | 10 | 11 | 00 | Q
| | | | | | - -
- 1 | ; I 3 1
N e B ‘
ﬁ | | I | I ; I
g | e I ass | +135 | 45 | +45 I ass | v v
| | | | | | - -
Ao ! 90 180 90 180 |
l l l l l l _ Q-
| | | | - -
| ‘ ‘ f ‘ ——— A A
%—, Q \ \ \ \ \ \ I
o | e ! -135 | -135 +135 | +45 -45 | -45  +45 | +135 -135 | v v
| | | | | | - »
Ao } } 90 ?0 90 (? 90 QP 90 } - =

Fig. 3-85: QPSK and OQPSK

b of— > Q —l_l_

— iby §bg i bsi

QL_
Data —»— @
I

b1 b bs by bs bs

OQPSK

A
Clk/2

Fig. 3-86: Simple circuit to generate OQPSK-Symbols

© 2010-2018 F. Dellsperger 144



3.3.2.6 Differential QPSK (DQPSK), Tt/4-QPSK

Another modulation procedure consists in only permitting phase jumps of =7t/4 and £3n/4.
The information is differential encoded: Symbols are transmitted as phase changes and not as
absolute phase positions.

Symbol Phase Change
00 /4
01 3n/4
10 -4
11 -3n/4

Fig. 3-87: Phase change for DQPSK

This yields 8 possible phase states with a spectrum efficiency of 3 Bit/s/Hz. The amplitude
variation is greater than with OQPSK but smaller than with QPSK.

Fig. 3-88: Phase transitions for 71/4-QPSK
Since there is a phase change for every symbol, the clock recovery on the receiver side is

especially easy. Likewise the demodulation can be incoherent (not synchronous), which means
that circuit can be simplified.
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3.3.2.7 Quadrature Amplitude Modulation QAM

If two QPSK-systems are combined as shown below, one gets a 16-QAM-system, i.e. there are
16 states of phase and amplitude. The generation of these 16 states can easily be derived from
vector addition of the individual modulation components. 16-QAM is used as a standard in
microwave radio systems with bitrates of 140 Mbit/s.

Carrier
Qe sin(o t)

F(s)

bsl(t)

B
v

Adder

Multiplier P

Serial-
Parallel

bsz (t)

i

Data source s

C b(t)

Adder

Carrier
¢ cos(o t)
> > Uzsam(t)

Carrier

Qe sin(w t)
I
P Fs) l
T bss(t)

i

Adder

A ba(), () A bis(t), buu() Multpler 2

A A F(s) [
1 % bs4(t)

- A
-0.5 J Q I
-1 Carrier
0 cos(o t)
Q
(]
b, (t)0, sin(w,t)+b,, (t)0, cos(w,t)
(]
b, (t)0, sin(o,t)+bg, (t)G, cos(w,t)
> |
() (]
(] () (] (]

Fig. 3-89: Circuit and 1Q-Diagram for 16-QAM
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Q Q
4 A
: I L] L] L] L] L] L] L] L]
16 QAM 64 QAM

Fig. 3-90: IQ-Diagramm fur 16QAM, 64QAM

3.3.2.8 Demodulation of PSK

Basically the demodulation is the reversal of the modulation circuit. For synchronous

demodulation (coherent), the carrier must be derived and phase-locked from the received signal
on the receiver side. Likewise, the data- or symbol clock must be recovered.

Synchronous demodulation of BPSK

b(t)A, cos(wt+6)

Carrier Recovery

a) BP b) c)
Brelipal
Joe = B A, cos(o.t+6)
N\
Integrator
|
A d)

Synchronous- ' S2
Demod. . e
(Multiplier) ‘ |

S1

Bit-
Synchronisation

Clock Recovery

Fig. 3-91: Block diagram for BPSK-Demodulation

The squaring of the input signal yields (point a in the block diagram):
[b(t)A, cos(w.t+0)] = A2 {

After the bandpass the following remains (DC removed) (point b):

%Aez cos(2mt +260)

b)

1

After dividing by 2, the carrier is recovered (point c):

A, cos(wt+6)

c)

© 2010-2018 F. Dellsperger
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>+ Ecosz(mct + e)} = EAeZ [1+cos(2m,t+20)]

(3.66)

(3.67)

(3.68)
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On multiplying the input signal by the recovered carrier, one gets:

b(t)A, cos(w,t+6)d, cos(w.t+6)
1 d) (3.69)
=b(t)Acos’ (ot +6)= b(t)AE[lJr cos (2o, +20) |

The values of the amplitudes are not important in these discussions.
The bit-synchronization has the following function:
e The end of a bit is recognized

At the end of a bit switch S1 is briefly closed in order to discharge the integrator-C. Shortly
before S1 is closed, S2 is briefly closed in order to get a sample of the output of the integrator.
This sample is the desired output signal.

For the analysis, we will, for simplicity’s sake, assume that the bit length Ty, is equal to an even
number n cycles of the carrier frequency f:

T, =nf,

In this case the output voltage from the integrators at the end of a bit-intervals of
(k-1)Ty to kTy, according the equation (3.69) is:

KT,
u, (kT,) = | b(ka)A5[1+cos(2mct+ze)}dt

(k-D)T, 2

KT, 1 KT, 1
=b(kT,)A [ —dt+ b(kT,)A [ >cos2(w,t+0)dt

(k-D)T, 2 (k-D)T, 2 (3.70)

=0, Integral over a whole cycle

A
= b(ka)Tb >

This proves that this demodulator provides an image of the transmitted bit sequence b(t).

Synchronous demodulation of QPSK

Mixer LP
N I(t)
<X> =
cos(wct)
™ Parallel
Ugpsk(t) » Carrier Recovery »| Clock Recovery » grea:i;' —» Db(t)
>
90°
sin(wct) LP
X
& =1

Mixer

Fig. 3-92: Block diagram for QPSK-Demodulation
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More Circuit Details
Costas-Loop:

A Costas-Loop consists of a PLL-control loop for recovery of the carrier frequency. When
frequency or phase deviations arise between the input signal and the VCO a control voltage is
generated u3(t), which readjusts the VCO.

Mixer LP

cos(mct) i_ ___________ _i
LP .

| VCO Mixer |
UQPSK(t) —— : @ % U3(t) :
90" | PLL |
. - _ _ _ - _ _ —

sin(wct) LP

% -
== u20) > Q0
Mixer

Fig. 3-93: Block diagram of Costas-Loop

Clock Recovery:

The bit- or symbol clock can either be derived directly from the input signal (clock information
must be included in the amplitude) or derived from the demodulated signal.

Envelope- .
demodulator  BP Mixer
Input signal ——» —>— N Comparator | f,,
N\,
PLL
LP
VCO
TR
-
s

Fig. 3-94: Block diagram of clock recovery
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Data Recovery and Sampler:

from Demod. ———»—{-

Threshold foit, fsymb

Fig. 3-95: Threshold detector and sampler

BP
mae

Input signal —» X

ac

mae

r‘O\

m +—» ¢

«

Input signal —» X PD |

f(s)

D QF —» Data

PLL

\J

VCO

/m

Fig. 3-96: Carrier recovery for m-ary-PSK

3.3.3 Frequency Shift Keying FSK

In Frequency Shift Keying one distinguishes between FSK with discontinuous phase change

and FSK with continuous phase change.
f1

S
b(t) % o

f2

Fig. 3-97: Discontinuously frequency shift keying
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b(t)

Fig. 3-98: Continuously frequency shift keying

Phase modulation can also be regarded as frequency modulation. The relationships between
phase and frequency are known:

do(t
oft) = % o(t) = [o(t)dt (3.71)
As in Phase Shift Keying there are also various types of Frequency Shift Keying.

*  Tamed Frequency Modulation, TFM: similar to MSK, but with an even steeper spectrum
amplitude drop

*  Four Frequency Keying, 4-FSK: This is used in ERMES.
*  MSK (Minimum Shift Keying)
*  GMSK (Gauss-filtered Minimum Shift Keying)

GMSK (GSM, DECT) has by far the largest group of users. For that reason we will devote most
of our attention here to this variant.

3.3.3.1 Minimum Shift Keying MSK and Gauss-filtered Minimum Shift Keying GMSK
MSK has the following characteristics:
e MSK can be regarded as a phase- or frequency modulation
e The phase rotates during the time of a bit length by +90°

e MSK is a frequency modulation with the modulation index of 0.5

BzA_f=E=0.5 (3.72)
fm fm
f H = Deviation

H=-"" , . (3.73)
2 f, = Modulation frequency = Bit frequency

MSK = FFSK (Fast Frequency Shift Keying)

Advantages:

Constant amplitude (non-linear amplifiers can be used)
Sideband amplitudes drop off more rapidly than in BPSK, QPSK
Lower ISI

Disadvantages:

Main lobe of the spectrum is 1.5 times broader than in QPSK
Higher BER then QPSK at same S/N
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t = to+Ty bei b(t) = +1

t=t,+T, bei b(t) =-1
Fig. 3-99: I-Q-Diagram for MSK
1\11010:1:1:11011:

+1

b() o | S >t

270° -

180° -

Phase
o o Trellis

-90°

-180° -

-270° -

tg t]_ t2 t3 t4 t5 te t7 tg
Fig. 3-100: Trellis-Diagram for MSK
The modulated voltage is calculated from:
t
Uysk (1) = A~cos{mct + _|' d(t)gdt} = A-cos{mct +g-(ﬂ)-t+ (po} (3.74)
+1 "1"
d(t)= 3.75
O=; o (375)
To determine the deviation, we assume that the phase changes during a bit length T, is
b(t)=+1 by +90° :g and for b(t)=-1 by -90° :_—27t :
Aop(t
st he_20() mi2 1§ (3.76)
2n At-2n T, -2rn 4T, 4
Aop(t - - f

A Ao _Ae(t) /2 1, (3.77)

2n  At-2n T,-2n 4T, 4
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The frequency deviation H is then:

f

H=Af" — Af” =—b—[—
4

The designation Minimum Shift Keying stands for:

Minimum frequency difference between ,1“ and +0+ for synchronous demodulation.
A multiple of A =90° results in ,1“- and ,0“-frequencies that are always equal.

fy

bl b
2=

2

(3.78)

If an 1-Q-modulator is used for MSK, then the voltages u,(t) and u, (t) can be determined from

the I-Q-diagram:

b(t)

o(t)

I uy(t)

Q uq®)

Fig. 3-101: Generation of I1-Q-Voltages for MSK

+1

180° -

-180° -4

+1

0

+1

0

to
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Power spectral density of MSK:

2 2
. cos ZTE(];—fo) cos 2n(1;+f0)
s .(f="ql— > L) b (3.79)
MSK() TCZ . 4(f—f0) 2 . 4(f+f0) 2
fb fb
. 2mt 2mt | .
Uysi (1) = A~ {be (t)sm—}cos(ooct) +A- {bo (t)cos —} sin(o,t) (3.80)
4T, AT,

b, (t) = even data bits (2,4,6,...), (1)
b, (t) = odd data bits (1,3,5,...), (Q)

In contrast to BPSK and QPSK the carrier is not abruptly switched with b(t), but “softly* with
b, (t)sin(xt), b, (t)cos(xt).

Although the spectrum beside the carrier drops off very quickly, the side lobes in an adjacent
channel still interfere. The side lobes can be further limited if the hard peaks of the phase
change are “rounded off’. Sudden phase changes can be prevented by impulse shaping in the
baseband. If a Gauss-Filter is used for impulse shaping, one gets “Gaussian Minimum Shift
Keying“ GMSK. This procedure is used in GSM (Groupe Spécial Mobile, Global System
Mobile).

Depending on the bandwidth-time-product BT of the Gauss filter, the side lobes are further
reduced though admittedly with the problem of a larger BER.

Gauss-LP

MSK-

b(®) Modulator

— GMSK

&

Fig. 3-102: Baseband Filter for GMSK

,1,0 0,1, 1 1 0, 1,

+1

180°

90°

(=]
°

o(t)

-90°

-180° -

Fig. 3-103: Trellis-Diagram for MSK and GMSK
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