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Abstract

The TDA8046H is a multi-mode QAM demodulator for Digital Video Broadcast applications on cable networks. It gener-
ates control voltages for external AGC, Carrier, and Clock recovery control loops. Demodulation to base band | and Q sig-
nals is done in the digital domain. A digital half Nyquist filter with a roll-off factor of 15% or 20% satisfies the U.S. and
European market requirements. An equaliser reduces the echoes from the channel and is able to convert without training
sequence (blind equalisation).

For a Hard Decision FEC (Forward Error Correction) interface, a digital output section delivers the symbols in four differ-
ent formats, two of them including differential decoding. For a Soft Decision FEC interface, the digital output section can be
switched to 8 bits wide alternating | and Q data. This mode can also be used to evaluate the behaviour of the constellation
before and after equalisation. The output formatter also features a semi-serial output format for FEC interfacing.

Due to the 4C control interface, a high flexibility is achieved in configuring this chip to adapt to specific application areas.
Also the internal status can be read, e.g. lock, S/N estimation, equaliser status.

Furthermore, this report contains worked-out examples for applications at a symbol rate of 5 and 6.875 Msymbols per sec-
ond and contains sufficient theory and simulations to design the TDA8046H in other applications.

[ | Purchase of Philipsztl: components conveys a license

under the PhilipsZC patent to use the components |in
the BC system, provided the system conforms to the

| | 12C specifications defined by Philips.
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All rights are reserved. Reproduction in whole or in part is prohibited without the prior written consent of the copy-right
owner.

The information presented in this document does not form part of any quotation or contract, is believed to be accurate and
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Application note

Introduction

The TDA8B046H is a widely used integrated multimode demodulator intended for demodulation of digital transmitted Quad-
rature Amplitude Modulated information.

This report is intended to provide application support for QAM receivers with the TDA8046H integrated circuit. The digital
blocks in the TDA8046H are discussed to give the engineer a better understanding how the chip operates. The application
note contains methods to optimize loop dimensioning and worked-out examples of commonly used application circuits.

Chapter 1 starts with a general introduction in QAM. Furthermore some important figures of merit, like the commonly used
BER v.s. S/N curve are explained. Also basic DVB QAM receiver architecture using the TDA8046H are discussed.

Chapter 2 describes the functional blocks of the TDA8046 and their use to the QAM demodulator. It contains information
about digital Half Nyquist filtering, Intersymbol Interference, equaliser, etc.

Chapter 3 methods how to implement the TDA8046H in a specific application are given with respect to the analogue and
digital loops in the front-end architecture.

Chapter 4 is an description of the OM5701 application board. All the functions of this board will be discussed. And detailed
application information is given by the board schematics.

Chapter 5 introduces the reader in methods to how measurements can be done on the OM5701 application board. It also cot
tains some actual measurements done on the application board.




Philips Semiconductors

1. General. . . . . e 7
1.1 Quadrature Amplitude Modulation . . . . . . . . ... e 7
1.2 BER versus SIN CUIVE. . . . . . . . e e e 8
1.3 DVB cable front-end architectures with the TDA8046H. . . . . . . . . . . . . . ... . ... .. 9

2. Functional description . . . . . . . . L e e e e e e 13
2.1 Input representation . . . . . . . . L L L e e e e e e e e e 14
2.2 Demodulator. . . . . . . e e 14
2.3 Half Nyquist Filters . . . . . . . . . o e e 14
2.4 Equaliser. . . . . . . e 16

24.1 Tap diverging. . . . . . . . e e e 17
2.4.2 Falselock . . . . . . . e 17
2.4.3 Equaliser operation modes . . . . . . . . .. e e 18
244 Maintap. . . . . . . o e 18
2.5 Offsetcontrol . . . . . . . . e 19
2.6 Output formatter. . . . . . . . . . e e e 19
2.6.1 Hard decision Error Correction. . . . . . . . . . . . . e 19
2.6.2 Lockdetect . . . . . . . . L e 19
2.6.3 Soft decision Error Correction . . . . . . . . . e 20
27 PCCONIOL . . o 21

3. SYSteMIOOPS . . . . . 23
3.1 Basic system loop structure . . . . . . . . . e e e e 23
3.2 CIOCK rECOVEIY. . . . . o e e e s e e e e e e e e 24

3.21 Calculation of the loop components . . . . . . . . . . . . . e 25
3.2.2 Dimensioning the loop for optimal in-lock behaviour . . . . . . . . . ... .. ... ... 26
3.2.3 Dimensioning the loop for optimal acquisition behaviour . . . . . . . . . ... ... ... ... 26
3.24 Relation of the clock recovery loop to the carrieroffset . . . . . . . ... ... ... ... ... 26
3.3 Carrier reCOVEIY . . . v v o o o e e e e e e e e e e e e e e e 27
3.3.1 Theinnercarrier loop. . . . . . . . . . o e e 28
Calculation of the loop components . . . . . . . . . . . . e 29
Dimensioning the loop for optimal in-lock behaviour . . . . . . . . . . . ... .. ... ... 29
3.3.2 The outer carrier Ioop. . . . . . . . . . e e e 31
Calculation of the loop components . . . . . . . . . . . .. 32
Dimensioning the loop for optimal in-lock behaviour . . . . . . . . .. ... ... ....... 33
Dimensioning the loop for optimal acquisition behaviour . . . . . . . . . . ... ... ..... 33
3.4 AGC . . e 34
34.1 Calculation of the loop components . . . . . . . . . . . . e 35
3.4.2 Dimensioningthe AGC loop . . . . . . . . . o e e 35

4. The applicationboard . . . . . . . . . e e e e e e 37
4.1 The IF processing part. . . . . . . . . e e 37
4.2 The base-band processing part . . . . . . . . . . L e 3¢
4.3 The demodulator. . . . . . . . . e e e e 39
4.4 The clock oscillator . . . . . . . . e e e 39
4.5 The measurementinterface . . . . . . . . . . . L e 3¢
4.6 Voltage levels in the IF and base-band processingparts . . . . . . . . . . . . . .. ... ... . . ..., 4C
4.7 Power supply of the board. . . . . . . . . . . e 40
4.8 Decoupling Measures . . . . . . . . . o o o e e e e e e e e 40
4.9 SchematiCs. . . . . . . L e 41




Philips Semiconductors

5. Measurements on the TDA 8046H applicationboard. . . . . . . . . . . . .. .. ... . . ... .. . . ..., 47
5.1 The measurement SEt-UP. . . . . . . . . . . o e e e vy
5.2 Connecting the application board to the measurementsetup . . . . . . . . . . . . . . . . oo 48
5.3 BER measurement with Differential (DVB) coding . . . . . . . . . . . . . . ... 50
5.4 BER measurement with Gray coding . . . . . . . . . . . e e 51
APPENDIX A Transmitter Half Nyquist Filter . . . . . . . . . . . . . . e e 53
APPENDIX B Theoretical BER/SER curve. . . . . . . . . . e 54
APPENDIX C Graycoding schemes. . . . . . . . . . . . e e e 58
APPENDIX D Relation between Eb/NOand S/N. . . . . . . . . . . e 60




Philips Semiconductors

1. General

The TDA8046H is a single chip QAM demodulator for Digital Video Broadcast applications via cable transmission. Symbol
rates up to 7 Msymbols per second can be received. For 256 QAM, the system is capable to achieve lock for low signal to
noise ratio’s (S/N > 27 dB). For 64, 32, 16 and 4 QAM the lowest S/N’s are 21, 18, 15, and 9 dB respectively.

To demonstrate the functionality, an application board called the OM5701 has been developed. This board and the measure
ment methods are also described in this note.

As the demodulation is done in the digital domain, The analogue signal is sampled at symbol frequency. An external 8 bits
AD converter (TDA8714) is sufficient for the 64, 32, 16 and 4 QAM mode. For 256 QAM, a 9 bits AD converter
(TDA8761) is required.

The TDA8046H performs digital demodulation to base band | and Q signals, Half Nyquist filtering, equalisation and de-
mapping.
Control signals are generated for the external crystal oscillator for the symbol clock, carrier oscillator and AGC.

On board DAC's convert the digital loop outputs to analogue currents which are applied to on board OPAMP’s with external
feedback loops containing integrating components. The dimensioning of these loop filters is done with resistors and capaci-
tors.

With 12C the system behaviour can be adapted by software if required to changing conditions.

1.1  Quadrature Amplitude Modulation

For QAM modulation two amplitude modulated carriers, an | and a Q carrier, are multiplied with a phase difference of 90
degrees. This is done with the help of a complex multiplier. A schematic diagram of a complex multiplier is given in Fig.1.

() ® ii(t)
cos(wit) si(t)
5 O

fY\sin(ooit)
) Q</ ai(t)

Fig.1 Complex multiplier

LO

The number of steps in which the | (in phase) and Q (quadrature) carriers can be amplitude modulated determine the numbel
of constellation points.

A constellation diagram consists of an array of constellation points. This is shown in figure Fig.2. A constellation point con-
sists of samples of; &) at fixed time intervals where the information is considered valid. This samples can be translated to
certain positions on an | axis and certain positions on Q axis. The phase difference is represented in the orthogonal relation
of the | and Q axis.
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When | and Q can be modulated in N=six discrete steps, the number of constellation points (M) that can oc&lmris:M=2
M=64 QAM.

O

Fig.2 64QAM constellation diagram
The general form of M-ary QAM is defined by the transmitted signal (NB: Nyquist filtering is disregarded here):

2E, 2E,
s (1) = —_I_—a1005(2nfct) + -_I_—bism(ZTrfCt) for 0 <=t< Ty (2)
S S

where E is the energy of the signal with the lowest amplitude, aaddb are a pair of independent integers chosen in
accordance with the location of the message points. They can be chosen in the range -7, -5, -3, -1, 1, 3, 5, 7.

The signal gt) consists of two carriers in phase quadrature, each of which is modulated by a set of discrete amplitudes;
hence the name quadrature amplitude modulation.

The constellation diagram can actually be measured when the | and Q information is available, using a vector analyser. The
information coming from such an constellation is very interesting for system design as the position and shape of the constel-
lation points can tell much about the condition of the | and Q signals. In this way system and channel impairments can be
made visible.

1.2 BER versus S/N curve

The BER (Bit Error Rate) is a number indicating the rate of bits which are erroneous. These errors can be caused by externa
factors like for example noise or EM pulses added to the signal containing information during transmission of information in
digital communication systems. In a constellation diagram these impairments can be observed as an increment of the surface
of the constellation points. As the chance of a possible partly overlap increases, the BER will increase.

The performance of a QAM demodulator is usually presented in the form of a BER vgh$gigraph, as can be seen in
figure Fig.3. In this figure, two lines can be seen:

1. A curve which represents the theoretical relation between the BER arygiNlgedfio in case an ideal QAM demodu-
lator is used.

Theoretically, the BER for a certain/B is depicted by:

a |
BER=—2 Dl—iEbD SIOQZMED )
log,MO™  /m (M-1)N,O

More information about this relation is given in “Theoretical BER/SER curve” on page 54. A relation between S§N and E
Ng is given in “Relation between Eb/NO and S/N” on page 60.
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2.  The actual relation betweep/By and BER when a practical QAM demodulator is used.

The difference between these two lines gives an indication of the performance of a practical QAM demodulator. As a figure
of merit, the difference between the theoretical and practical performance of a demodulator at a BER of 1E-4 is called “IL",
which stands for Implementation Loss. This Implementation Loss is widely used in channel demodulation theory and prac-
tice.

The BER at which the IL is measured is the point where the BER value just meets the DVB spec for quasi error-free opera-
tion. The IL is measuredeforeforward error correction is performed (see paragraph 1.3), which means: after QAM demod-
ulation, unless otherwise indicated.

U.1

Theoretical

easured—

0.01

0.001

0.0001

le-09)

le-0

4 5 6 7 8 9 10 I]E'%/I\:Il'g[dlg] 14 15 16 17 18 19 20

Fig.3 BER measurement for 64 QAM using DVB compliant symbol mapping
NOTE: All the measurements done in this document are on a indicative base. They can be used for comparison only.

1.3 DVB cable front-end architectures with the TDA 8046H
In Fig.4 an example is given for a typical fixed symbol rate DVB cable front-end.

The input signal is provided by the cable connected to the tuner. This tuner performs down conversion of a selected channel
to the IF frequency. The adjacent channels are removed from this spectrum with a SAW filter. The QAM signal on IF is then
down converted to the symbol frequency with the help of the IF processing part.

For this HF part of the design several solutions are available:
1. A tuner with a discrete SAW filter and IF processing part (for example the UV916M)
2. An integrated tuner which contains these elements (for example the TD916MK1).

After a channel has been selected and down converted, an LPF filters off the unwanted the mixing products. The remaining
baseband QAM spectrum is offered to an analog to digital converter.

The type of ADC depends on the used constellation
« 64 QAM or lower an eight bits ADC is sufficient, for instance the TDA 8790.
e 256 QAM: a nine bits ADC is preferred for example TDA 8761.

The QAM demodulation, AGC detection, carrier recovery and clock recovery as well as output formatting are all covered by
the TDA 8046H. This device has a two bits wide data interface to the SAA 7207 FEC decoder as well as an 8 bits data/test
interface featuring soft decision FEC output. The SAA 7207 FEC performs hard decision Reed-Solomon Forward Error
Correction. The output of this FEC consists of MPEG-2 packets which can be processed by a source decoding solution.
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| Tuner
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RF

Tuner: TD916MK1
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| TDA8761 QAM-demod
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Fig.4 fixed symbol rate cable front-end
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MPEG
packets
— —
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The flexibility of QAM demodulation with the TDA 8046H and its external loop structure also enables a variable symbol
rate DVB cable front-end solution. An example of this type of cable receiver is given in Fig.5.

Tuner
uvolem

RF

SAW-

Filter [

MPEG

IF

packets
—

ouT

IF processing ADC

TDA9819 or TDA8761 QAM-demod FEC

discrete TDAS714 TDA8046 SAA7207

LPF
L % A | ____
‘ _\ D N I/O B
AGC @ T expander
g/

clock recovery

carrier recovery

!

AGC

coarse carrier

12C

Fig.5 variable symbol rate cable front-end

In the clock loop a programmable synthesizer is added to expand the clock range. The local carrier oscillator range consists
of two areas; a coarse one to adapt to the different sample frequencies and a fine one to keep the carrier loop behaviour.

10
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On the OM5701 application board the discrete IF processing parts, the SAW filter, LPF, ADC and QAM demodulator are
available as well as an AGC amplifier to close the AGC loop.To be enable to do measurements on the board, a special meas
urement interface is provided on the board. With this board the TDA8046H QAM demodulator can be evaluated The board
is discussed in more detail in paragraph 4.

11
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2. Functional description

The block diagram of the TDA8046H is depicted in Fig.6. The QAM demodulator generates in a digital way the control val-
ues for AGC, Carrier Recovery, and Clock Recovery. The on-chip DA convertors translate these digital values to analog
control currents which are integrated afterwards by an active loop filter. To perform this loop filtering, after each DAC an
operational amplifier is implemented.

Digital Section TDA8046

SDA <D
SCL —_— 12C control
A0 —
Clock Generator
CLK = fsymbol == to DAC’s
internal
CLKapc | € 4fsymbol  2fsymbol = clock for
digital proc

c Square Root
2 _ . N Fine AGC _ Dout(7..0)
IS Raised Cosine S O [e—
c = £
3 5 5 5 5 g
Din8.0) | wms £ S > @ £ 5
@ 3 o g S Equalizer 5 e
5 £ Square Root £ 2 » ~SDV
o 3 . . 5
= Raised Cosine o > CLKour

Recovery

Analog Section
lref1 Iref3
. mal
Vet Vret Bias EiEl Vret
—p |
V Generator =
ref <= mailre
A
Vagc_t Vagc_out Vclock_t Vclock_out Ibias Vcar_l Vcar_out

Fig.6 block diagram of the TDA8046H

The carrier recovery consists of a two loop system. The outer loop is shown in the diagram of Fig.12 on page 13 and controls
both phase and frequency at a low speed. Due to short feed back path, the inner loop can be operated at a larger bandwidtt
This loop is mainly used to reduce the influence of disturbances on the incoming QAM modulated signal. Examples of dis-
turbances are: phase noise and microphonics of the tuner.

Also the AGC consists of two loops; one outer loop called the coarse AGC and one inner loop called the fine AGC. The
AGC (see figure Fig.12 on page 23) avoids overloading of the ADC while the fine AGC ensures that the received symbols
fit into the constellation template.

The recovered symbols are converted into bits according to a demapping scheme and represented at the output in an 8 bits
parallel or 2 bits semi-serial output format. The demodulator can be initialised and monitored by the 12C-bus interface.

13
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21 Input representation

This function selects between 2’s complement and straight binary inpufdsevitch INP (address="00", D3) selects 2's
complement mode when INP=0 and straight binary mode when INP=1.

Under normal conditions, an 8-bits ADC has enough resolution for a 64 QAM or lower transmission schemes. A 9 bits ADC
achieves an improvement in implementation loss of 0.1 dB at maximum, especially when adjacent channels are present. Due
to the additional power of the adjacent signals, the coarse AGC adjusts the total signal power to the 8 bits window, which
results in a reduction of the effective bits for the desired QAM signal. For 256 QAM an 9 bits ADC will give a higher
improvement, especially in the case of adjacent channels.

The 8 ADC output bits (7..0) should be connected to the 8 MSB’s of the TDA8046H input Din(8..1). To achieve symmetri-
cal input, the LSB input must be connected to the positive supply voltage (Din(0)=1). On the application board the 9 bits
TDA8761 is used. On the QAM application board, the ADC runs at 4 times the symbol rate, which is 4*7 = 28 MHz at max-
imum.

2.2  Demodulator
The demodulation of the input signal to baseband | and Q signals takes place in the digital domain.

As the sampling rate is exactly 4 timgsthe cosine and minus sine multiplications are performed by the sequences “+1,0,-
1,0” and “0,-1,0,+1" respectively.

This is the default mode and is represented byXBewitch DEM="0’ (address="01"; D3). In case DEM='1", these multi-
plication sequences are “+1,0,-1,0" and “0,+1,0,-1". In this way a high flexibility is achieved for the board design. Suppose
there is no frequency spectrum inversion in the channel, the DEM switch should be used as follows

DEM=0

fear="fir - fs (3)
DEM=1
fear=fip + s 4)

Note that there is a relation between the DEM switch and the sign of the Phase (Frequency) Detector output current. Chang
ing the sign of the DEM switch implies changing the sign of the PD output of the carrier loop (address “00”; D5) to achieve

a stable loop. It may show that when this CARI is not inverted the system stays in lock, but it in a false lock. In this wrong
configuration the internal digital phase rotator will try to compensate this ‘instable’ outer carrier recovery loop, but after
some time the whole system will fall out of lock.

2.3  Half Nyquist Filters

The filters perform the receiver part of the Nyquist pulse shaping (“half Nyquist filters”). There is one filter in the | and one
in the Q branch. Both filters are square root raised cosine, with a Roll @1&P6 or 20%. The frequency characteristic is
shown in Fig.7.

14
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Normal operation is achieved when tR€ NYQ switch (address:”00"; D2) stays in the default mode NYQ=1. When
NYQ=0 the filters are by passed. This mode is only meant for testing!

Frequency response of FIR filters

. |
: AR

WAL N
Ll VI

0 0.5 1 15 2 25 3 35 4
Sampling frequency = 8.00000E+00

Fig.7 Frequency characteristic of Half Nyquist filter

Due to pulse shaping the Inter Symbol Interference is minimized. It can be expressed in peak ampjjtyde|(igdwer
(ISlpowed Inter Symbol Interference. As pulse shaping is partly done in the transmitter and partly in the receiver, the impulse

response of the cascaded filters should be analysed. When the coefficients h(k) represent the impulse response of the
cascaded filters (full Nyquist), the peak Inter Symbol Interference is defined as (5)

0 K12
2 h(4K |O
2y Ik

10 =
- k=1
lSIpeak 10 IogB h (O]

O

= -35dB

o

The power Inter Symbol Interference is defined as (6)
(K-1)/2
7] h(4
2 Y In(4l)]

10 k=1
ISI = 10" logHl
power 2
5 1]
g

2

= -46dB

I

In words, due to Inter Symbol Interference, each symbol is spread out in time and will disturb neighbouring symbols. Due to
the factor 4 oversampling, every 4 sampling moments such a disturbance takes place. So the ratio between the (square of)
coefficients |h(4k)[ with k=-(K-1)/2,..,-1,+1,..,(K-1)/2 and (the square of) the midcoefficient h(0) denotes he(IlSi},.

ower)-

15
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The impulse response of the nyquist filters is given in Fig.8

Ts=symbol duration

h(k) Ts T:sampling
! s T

12
—>

time (t/Tsam p”na

Fig.8 Impulse response h(k)gk*h(k)

2.4  Equaliser

The equaliser performs echo cancellation fromy (8T -3Tg) up to 8T, where T is the symbol duration. The equaliser type
is DFE. The adaptation algorithm is LMS (Least Mean Square). Echoes up to 8xTsymbol and pre-echoes up to 5xTsymbol
can be cancelled.

N o FFE DFE |~
TAPS CALCULATION TAPS CALCULATION
A A

Vout

Fig.9 Block diagram of the equaliser

Fig.9 shows the a simplified block diagram of the DFE equaliser in the TDA8046H.

16
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2.4.1Tap diverging

In the application there is a possibility that during acquisition the equaliser is not able to converge, because at that time there
may be no QAM signal at all. The taps are controlled in such a way that finally they will diverge to extremes (the tap values
rise or fall to a value which is not realistic). When at that time a QAM signal is applied to the QAM demodulator, the signal

is too disturbed by the equaliser. Therefore no lock will follow. This can be solved with a preset to the equaliser. There are
three possibilities to reset the equalizer:

e Automatic preset of the equaliser

A tap diverging algorithm is implemented generating an ALEQ (Alarm Equaliser) bit. When diverging occurs,
the ALEQ bit will be set high. When EAR (Equalizer Alarm Reset) is set high, this ALEQ bit is internally fed
back to the reset of the equalizer, resulting in a recovery of the equalizer.

when there is a non-QAM signal (or no signal) applied to the demodulator this process of diverging and reset-
ting will be repeating constantly until a QAM signal is applied. Now the equalizer will converge and the sys-
tem will be in lock.

This state is default in the OM5701 software. Note that the default value of EAR = 0 so it has to be set after
every reset.

« Hardware preset of the complete chip.

PRESET pin 52 to ‘1’ during at least one clock period. As a consequence the whole chip will start from
default mode. In case the system is operating NOT in default mode, all settings are restored to default values
and have to be set again B¢I

e Software preset of equaliser only

A software PRESET %C: address 09, DO) only affects the taps of the equaliser. This preset can also be given
conditionally. With the help ofC, the lock flag (4C address 03, D0O) can be checked. When there is no lock

it may be decided to preset the equaliser, or another check can be done which is: check if one of the taps
(TDM3, TCM3), (TDM2, TCM2), (TDP7, TDC7), (TDP8, TDCB8) are above 87.5% of the maximum. In this
case it is sure that it was the equaliser that was diverged and a preset could be applied.

2.4.2False lock

When no signal is applied to the TDA8046H the equalizer may converge to a state where the constellation dots, normally for
no input signal all positioned exactly in the centre of the constellation diagram, fall into one or more “count windows” (see
paragraph 2.6.2). In this case the lock detector counts a value larger than LDT (lock detector treshold) and the LK (lock)
indicator will be high. This is called “false lock”.This is a stable condition. It however recovers from this condition when a
signal is applied to the TDA8046H

This “false lock” condition can be a problem in a scan/search-application (using a low-noise tuner) where the demodulator
searches a certain low-noise band for QAM signals. It can easily be avoided by looking with the software at the LK signal
and the DAC AGC 4-bit value. Now a lock signal can be generated only when there is sufficient input power so false lock
cannot occur.

17
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2.4.3Equaliser operation modes
The Equaliser is controlled by th& parameters PRESET, EDFE, EFFE, EFC, EAR, FFEL:
TABLE 1 Equaliser 12C settings

parameter bit value| description
Equalizer PRESET 0 normal operation
1 coeff. to zero (main tap to 1)
EDFE 0 normal operation
1 freeze coefficients of DFE part
EFFE 0 normal operation
1 freeze coefficients of FFE part
EFC 0 normal operation
(Fine AGC (Eqg. Fr. Centre tap)) 1 | freeze centre tap, no fine agc
EAR 0 Automatic Reset switched OFF
1 Automatic Reset switched ON
FFEL 0 3 taps in FFE part
1 5 taps in FFE part

TABLE 2 shows the useful combinations of these parameters.
e For combination A, normal operation, all parameters must be ‘0'.

« For combination B, the coefficients of all taps are set in default mode (main tap ‘1’, rest ‘0’3CTperameter PRESET
is automatically put to ‘0’ one clock later. This means that NO additiéBahttion is required to make PRESET='0'.

« For combination C, at a certain moment in time, the taps are frozen. When after acquisition the equaliser taps are
‘learned’ by the equaliser, they can be frozen. An advantage is that the inherent noise is switched off and that will
increase the performance. On the other hand, when the echo profile is changing, it is not adapted by the equaliser.

« For combination D, the equaliser is preset and frozen (in this order). In this way there will be no equalisation action, the
equaliser is transparent.

* For combination E the fine AGC is switched off. This is no normal mode and can best never be used. It has been imple-
mented as a test mode to verify the equaliser functionality supposing the gain is correct. But in normal operating condi-
tions, the half Nyquist filter and the equaliser will reduce power which has to be corrected by the fine AGC.

TABLE 2 Equaliser useful operation modes

I°C parameters Fine
EFC EDFE EFFE PRESET Equaliser AGC Comment
A O 0 0 0 on on Normal operation
B 0 0 0 1 on on Restart normal operation after preset
cC o0 1 1 0 off on Freeze current tap settings, Echo profile is frozen
D O 1 1 1 off on Freeze default tap settings, Transparent mode
E 1 X X X X off Main tap frozen, NO normal operation mode
2.4.4Main tap

The main tap TDC, which is the centre tap of the direct filter, can be s%ﬁlayidress 0A, D(7..0). In fact there is no reason

to set a new value because the fine AGC is a fast loop and is able to correct the TDC value to the desired value within a few
hundred symbol periods. This is always faster than forcing the TDC value, beiseslow’ with respect to the acquisi-

tion time required for fine AGC.

18



Philips Semiconductors

2.5  Offset control
When an interference is exactly at the symbol frequency, the constellation diagram will NOT be centred around the origin of
the I,Q-plane. Such an offset in the | or Q direction is compensated by the offset control.

In default mode, offset control is switched on (OFFZS; address 00, D3) when OFFS="1". When no interference is
expected at the symbol rate the offset control may be switched off (OFFS="0"). However, in case of absence of an interfer-
ing signal, there is no difference in Implementation Loss when the offset control is switched either on or off. So, best is to

switch the offset function on.

2.6  Output formatter
This block represents the recovered data in several output formats as given in table TABLE 3. This enables a flexible inter-
face to a FEC unit.

TABLE 3 Output modes
1°C parameters

OUTB OUTA OUTF TSEL2 TSEL1 TSELO output mode comment
0 0 0 0 0 0 scheme 1 Differential decoding
0 1 0 0 0 0 scheme 2 Direct translation
Differential dec. Draft prETS 300
1 0 0 0 0 0 scheme 3 4291994
1 1 0 0 0 0 scheme 4 Direct translation HP8782B/K03
. 1,Q 2's complement output after equal-
X X 0 1 1 1 ,Q alternating isation: for soft dec. FEC
X X 0 0 1 1 1,Q alternating 1,Q 2_s cqmplement output before
equalisation:
X X 1 X X X semi-serial for hard dec. FEC (SAA7207)
rest test data Not meant for normal operation

2.6.1Hard decision Error Correction
The schemes 1 to 4 map the | and Q data to symbols. The representation on the outpif bdsisl described in the data
sheet of the TDA8046 [PHI]. This is a hard representation of the symbols, which only allows hard decision like Reed Solo-
mon decoding.

In the case of OUTF="1’, The data stream is converted from an 8 bits parallel to a 2 bits wide semi-serial stream. This format
can be used to connect a FEC with 2 bits input (like the SAA 7207) to the TDA8046H.

2.6.2Lock detect
In the output formatter the symbol (built up of | and Q information) is projected on a certain map to translate the symbols in
the correct data words. When these symbols are observed over a certain period of time, a constellation diagram is formed
consisting of constellation dots.

Around every position where a constellation dot is expected, a certain window is defined. When a symbol falls into one of
these windows, a counter is incremented. After a certain number of received samples the counter value is compared to the
value of the lock detector treshold LDT. When the counter value is larger or equal to LDT, the lock (LK) bit is set. The inter-

val is determined by the lock detector window size WS.

When for example the dot sizes of the constellation points are too big (due to noise, ISI etc.), many symbols will not fall in
the specified window and the counter will have a low value when it is compared to the LDT, resulting in a no-lock indica-

tion.
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From the counter value also the SER estimation is generated with help of the estimation algorithm. This SER estimation can
be read out by théC bus interface by the Lock detect Estimation byte (LE).

From the SER estimation the S/N ratio of the input signal can be estimated*)

Table 4: Lock detector characteristics

SYMBOL PARAMETER min. typ. max. unit window size  Threshold
(LDT)

SNR ek SNR for lock at given
constellation format:
4-QAM 9 dB 2048 1024
16-QAM 15 dB 256 98
32-QAM 18 dB 256 98
64-QAM 21 dB 256 98

In Table 4: an example is given for window sizes and LDT values for several QAM constellation formats.

*) In the OM5701 software an S/N estimation is done on the basis of a lookup table getting information from the estimation algorithm.
The lookup table for the S/N ratio estimation was based on a theoretical relation in which only ideal white gaussian noise was consid-
ered. The number for lock estimation after the demodulator is translated to a number of S/N at the input of the demodulator. When
other impairments are responsible for signal degradation (like phase noise, non gaussian noise etc.), this lookup table will no longer
be correct. Therefore the reliability of this estimated S/N ratio number is very low. The lookup table used by the OM5701 software is
given in “user’s guide for the 12C control program for the TDA8046 demoboard”.

2.6.3Soft decision Error Correction

In case of soft decision error correction interface, the | and Q representation can directly be outpyy{@.tbglsls when
EQU_NYQN="1", TSEL="1’, TSEL="1" and connected to the FEC. In this output format the | and Q can also be applied to
a constellation analyser to investigate the behaviour of the system by means of a constellation diagram. When
EQU_NYQN='0", the | and Q represent the data before equalisation.

symbols -7 -5 -3 -1 +1 +3 +5 +7

dout(7..0) }128 -113]-112 -8]|—80 -491-48 -17|-16 15[16 471 48 79 80 111 112 1%7

Fig.10 Soft decision interface for | and Q.
Fig.10 shows the | and Q 2's complement location for the symbols.
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2.7 1%C Control

To achieve a high flexible usage of the TDA8046H,%hdontrol is implemented. For demonstration purposes and investi-
gation of the TDA8046H, an application board is available. It contains the TDA8046H with an oscillator and a mixer for car-
rier recovery, a crystal oscillator for clock recovery, a gain amplifier. A measurement interface is based on an Altera EPLD
EPM7160 with a serial data output with corresponding clock and analog | and Q outputs for a constellation analyser.Also
this EPLD is fC controlled.

12C Write Protocol

T T T T 11 T T T T 11 1T 1T T T T1
S|0 00 1 1 1A00]|A] startwrite addressn |A| datato address n Alp
I A T I I I A T I | I A T I |
slave address T < >
RWN
between 1 and 12 “bytes + A”
I2C Read Protocol
T T T T 11 T T T T 11 T T T T 1771 | _
S|0 00 1 1 1A00|A]| startread addressm|A]S[0 0 0 1 1 1A0 1|A]| data from address m|A|P
I A T I I I A T I | I A I I | I A I B
slave address slave address 4 |« >
between 1 and 35"bytes + A”
RWN RWN

Fig.11 12C protocol to TDA8046H

The control of this board can easily be done with the help of a MENU driven PC program described in the “User’s Guide of
the PC Control Program for the QAM demodulator TDA8046”. Fig.11 describes the TDA8046H 12C protocol.

EXAMPLE:

Before Data can be read from the TDA 8046H/C1a, a pointer must be set to the register you want to read from. This must be
done with a write action.The correct order should be:

e Start the 12C transfer

« Address the chip in question (namely the TDA8046H) with the RWN=0
« Address the register in the chip you want to read

« Start the 12C transfer

¢ Address the chip in question (namely the TDA8046H) with the RWN=1
* Read the data back from the register

e Stop the 12C transfer

Start - Adr(0xC0) - Adr(0x10) - Start - Adr(0xC1) - Data(0xXX) - stop
also auto increment reads can be done, similar to the write function:

Start - Adr(0xCO) - Adr(0x10) - Start - Adr(0xC1) - Data(0xXX) - Data(0xXX) - Data(0xXX)......etc. - stop
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3. System loops

TDA 8046H
AGC AMP MIXER - O

| PD
o >—{BPR—())—|LPH— AD L Pj o
—O

LPF

AGC loop Outer carrier et Tt

recovery loop D @)
\ Inner carrier
VCO recovery loop

Clock
recovery loop

Fig.12 Loops in the QAM demodulation system
For the application of the TDA 8046H loops are required for:
« Carrier recovery (inner and outer loop)
e Clock recovery
¢ AGC (inner and outer loop)

3.1 Basic system loop structure

For the type of loop used in the TDA8046H basic application, the following relation between the Bandwidth and the natural
frequency exists during acquisition of a loop:

2MAw, = A‘*’(—SdB) =B for ¢ =07 @)

The lock-in range is determined by:

Aw, =20 [, (8)

To be able to achieve fast acquisition, the lock-in range must be larger than or equal to the VCO range seen at fs:

Af
VCXO
— 9)

ZEKIZtonzAfS or 200 o, 2 7

When the VCO range is larger than the lock-in range, the loop may require relative more time to acquire lock as the VCO
sometimes has to be “pulled in” the lock-in range. This depends on the frequency of the VCO at the begin of acquisition.

23



Philips Semiconductors

This can also be seen in Fig.13 where the start frequency of fV¥CO1 will almost immediately cause lock, and the start fre-
quency fVCO2 must be pulled into lock resulting in a longer acquisition time.

fvCO1 fVCO2

— :¢J:

lock-in range (fast acquisition)

4 H “ til 111 »
pull-in range (“slow” acquisition)

fclock

Fig.13 The VCO frequency at the start of the acquisition will cause different acquisition times
In general it can therefore be said that to require a fast lock:
¢ The natural frequency of a loop should be high enough.
* The frequency range of a VCO should not be too large.

3.2 Clock recovery

This function synchronizes the system clock to the rate of the incoming symbols. The clock recovery algorithm maximizes

the energy with respect to the sampling moment.
R C

lcLkmax —HH

— Half [7| Phase [
—| ADC |—{demod . Detector DAC
|| Nyquist]__ K |
d
4 LPF
VCXO \
Ko /

Fig.14 Block diagram of Clock Recovery Loop

The Clock Recovery loop is depicted in Fig.14. The ADC is running gaddf controlled by an external crystal oscillator

with constant K.The Half Nyquist filter is part of the loop, because the clock can best be recovered when the I1SI has been
reduced. Therefore, the phase detector, with constaris i§laced after this filter. The loop filter is of type Low Pass (LPF,
working as an integrator) and is implemented with the help of an OPAMP. The dimensioning of this second order loop is
determined by an external resistor R and an external capacitor C connected between the OPAMP output and inverting input.

With the help of the?C controlled switches CLKI, CLKB, and CLKAg] xuax can be changed and thug téee TABLE
5). CLKIl inverts the sign, while CLKB and CLKA controg{lkmax |-
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Kd is determined for the worst case S/N conditions for 256, 64, 32, 16, and 4 QAM which are 27, 21, 18, 15, and 9 dB

respectively, and is independent of the QAM mode.For higher S{Mjlkbe slightly higher (up te- 20%).

TABLE 5 Clock Recovery Phase Detector K

d

Phase Detector

I2C Control
parameters | CLKMAX Kg [MA/rad]
NR CLKI CLKB CLKA  [pA)

1 0 0 0 50 12.0
2 (Default)y 0 0 1 100 24.0
3 0 1 0 150 36.0
4 0 1 1 200 48.0
5 1 0 0 -50 -12.0
6 1 0 1 -100 -24.0
7 1 1 0 -150 -36.0
8 1 1 1 -200 -48.0
3.2.1 Calculation of the loop components

The current ¢  is filtered by an LPF, implemented with an OPAMP with the external components R and C. The R and C
values can be described as:

4mf, N

KoKd

(10)

(11)

Where Ko denotes the oscillator constant in rad/Vs and N denotes the oversampling factor. The clock oscillator is running at
4 f,, which gives N = 4. On the application board,lés a negative sign (varicap connected jg ¥ compensate for the
inverting LPF. Another possibility is to connect the varicap $g Bt this requires arfC setting (NR4, 5, 6, or 7) other

than the default one (see TABLE 5).
The equation for the natural frequency=(h,/2m) and the damping equals

fn = 2 NE

(¢ =

1 [ KoKy

(9]

nf, RC

(12)

(13)
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3.2.2 Dimensioning the loop for optimal in-lock behaviour

The maximum frequency for stable operation is fn < 0.008 fs which implies a maximum natural frequency for stable clock
loop behaviour of 40 kHz for the USA and 55 kHz for the EUR application.

A rule of thumb for clock recovery is that the natural frequency must be afgu:ndm%—o[fs From simulation it was
found that the optimum is aroung=#00 Hz which is always stable.

For a damping ot =08 and equations (10) to (13), TABLE 6 gives the values for R,C afwdind for this optimum:

TABLE 6 Clock recovery loop parameters

Fs fn R C
USA (5 MHz) 410.7 Hz 180 kQ 3.9nF
EUR (6.875 MHz) 403.2 Hz 120 kQ 4.7 nF

1) Note that for 5 Msymbols/sec the damping is chosen at 0.9. This is and arbitrary choice. A damping of 0.7 may have an advantage when
the propagation delay in the loop becomes critical with respect to the natural frequency. But for fn=400 Hz it makes no difference
(see carrier recovery).

3.2.3 Dimensioning the loop for optimal acquisition behaviour

For fast acquisition at ¢ bf 400 Hz and & of 0.9 the lock-in range becomes:

Aw =2 r [to, = 4.5 kr_Sad' The VCXO runs at 4 x50 theA(A)VCXO becomes ﬁ'gj 'Mvcxo =2.87 kHz
for the lock-in range.

The pull-in range is limited by the VCXO tuning range which for the OM5701 board is 3.1 kHz for the US standard and 3.6
kHz for the EUR standard.

As the lock-in range is covering most of the pull-in range, the acquisition time of this loop is relatively short. Therefore opti-
mization will be most profitable in the in-lock behaviour.

3.24 Relation of the clock recovery loop to the carrier offset

First, the clock has to lock onto a QAM signal before the carrier recovery loop can lock. Therefore, the carrier oscillator fre-
quency, which before lock has a certain offset, must lie within a certain range from the actual carrier frequency to enable
clock lock. This maximal range is around +/- 600 kHz (measured at fs=6.875 MHz).

The range in which the clock can lock onto the QAM signal must be larger than the range of the carrier recovery oscillator to
guarantee successful acquisition.
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3.3 Carrier recovery

The carrier recovery loop basically performs two tasks:
1. Acquisition of the signal carrier frequency and tracking it
2. Minimizing the effect of phase noise and microphonics

The combination of a good phase noise cancelling behaviour and a good recovery from microphonics on one hand, and loop
stability requirements limited by the propagation delay on the other, requires a double loop structure as can be seen in
Fig.15.

R C
IF - H > > >
' alf PD |
.. LPF | ADC |-»{demod . >< equaliser| HDACHT -
‘ || Nyquist] | L | PFD |
inner loop LPF
LPF
@ for digital
phase rotator
K K
dea "dcb TDA8046H
outer loop

Fig.15 Block diagram of Carrier Recovery Loops

The outer loop controls phase and frequency. Frequency errors are adjusted by an automatic frequency control (AFC) unit
implemented in the phase / frequency detector (PD/PFD). As long as the TDAB046H is unlocked, the detector will function
as a PFD. When lock is reached, the detector automatically switches to normal PD.

As a result of the outer loop carrier recovery, the incoming QAM signal at the IF frequency is positioned optimal for the
demodulation to baseband and for pulse shaping (Half Nyquist Filtering).

Due to the propagation delay, the loop bandwidth of the outer carrier loop can not be higher than approximately 10 kHz.
This bandwidth can be influenced by changing the loop components consisting of an external R and C.

The inner loop controls phase only. Because the propagation delay in this loop is smaller than the outer loop, the loop band-
width can be larger. Therefore phase noise and microphonics can best be controlled with the inner carrier loop i.s.0. the outer
carrier loop. The bandwidth of the inner carrier loop can be influenced by changing the digital loop copgiamisd<

Kpcg by means ofiC.
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3.3.1 The inner carrier loop

When a good behaviour on phase noise and microphonics is required, the natural frequency should be chosen high in order
to follow the fast change of the constellation phase. This can be seen in Fig.16.

N S RN
P X AL R
0000 (as s> \ \

dooe|[eov

RIS AR) \\ .

“‘..... L ‘\
YXXILXXX I

Qasse|oee! |
Y Y Y 4 +> 1N

Typical 64 QAM constellation Resulting optimum for natural
with phase noise frequency in case of phase noise

Fig.16 Phase noise behaviour optimization

In order to prevent extra IL due to the loop trying to follow AWGN however, the natural frequency of the inner carrier
recovery loop should be chosen low. This is shown in Fig.17.

RN ILXX)
ooooooCo)/:/i ||_
o0 o0o0|oeoe
(NN IEERX]
eo0o0o0|/oooeoe
(NN IEE KX 2; I
ecoeolocee - fn
(NN IEE KX
Resulting optimum for natural

Typical 64 QAM constellation frequency in case of AWGN
with additive AWGN

Fig.17 AWGN behaviour optimization
Therefore an optimum must be found between phase noise and AWGN behaviour as can be seen in Fig.18.

2
n
o
= phase noise white noise
=

'4

opti'mum —
froc(kHZ)

Fig.18 Resulting optimum for the natural frequency in case of AWGN and phase noise
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Calculation of the loop components

The inner loop is a second order loop and consists of a Phase Detector with copstsee Kig.20), loop filter (propor-
tional and integral) and a numerical controlled oscillator (NCO). The loop filter contains two congjtaraskqp,

The parameters ;and Ky, are obtained by substituting the desired symbol frequeged/Tt), the damping factat;.
and the natural frequency,din equations (14) and (15).

Zic
dca T[fnTs
_ o OKgic O
KdCb = IOgZDTZD_ 16 (15)
U T_O

n's

The damping can best be chosen equéj.te 0.707 at the worst case S/N = 21dB for 64 QAM.

A damping factoi;. << 0.707 will cause instable response by definition, while a dandpirg 0.707 will cause instability
because of the propagation delay in the loop. The natural frequgnisytiie remaining parameter which depends on the
disturbances in the system. For low frequency disturbances a low loop bandwidth is sufficient, while for high frequency dis-
turbances a high loop bandwidth is required to be able to eliminate the disturbances.

Table TABLE 7 shows for 6 different combinations of the loop parametgrsald Kyopat S/N = 21dB. For lf,= 38 and

Kacb= 0 a high loop bandwidth is achievegy@= 58.4 kHz). High frequency disturbances up to 58.4 kHz are within the
bandwidth of the PLL and will be corrected. In addition, the system is more sensitive to white Gaussian noise which is dete-
riorating the overall system behaviour. FQi.k= 216 and I§., = 5 the loop bandwidth is much smalleyy = 10.4kHz), so

the system is not much sensitive for white Gaussian noise any more, but will have a poor response on disturbances with high
frequency components. A trade off has to be made between the Implementation Loss IL and the ability to correct distur-
bances like phase noise and microphonics.

TABLE 7 Parameters for Inner Carrier Recovery loop 5 Msymbols/sec(64 QAM at 21 dB)

Combination Kgea  Kyep Cic fhic f3aB Comment
(kHz) (kHz)
1 216 0 0.707 5.2 104 Low IL, bad perf. ph. noise.
2 154 1 0.707 7.3 14.6
3 109 2 0.707 10.3 20.6
4 78 3 0.707 14.6 29.2
5 54 4 0.707 20.6 41.2
6 38 5 0.707 29.2 58.4 High IL, good perf. ph. noise
NOTES:

« The maximum natural frequency for stable operation is approximately 30 kHz at a S/N of 21dB for Fs=5MHz.

< For correct loop dimensioning, one should be aware of a phenomenon which is called “threshold extension”; for increas-
ing S/N ratio thefic and thus §4g will increase.

Dimensioning the loop for optimal in-lock behaviour

In Fig.18 it could be seen that a certain optimum exists for the dimensioning of the inner carrier loop. The following proce-
dure can be followed to find the correct dimensioning for this loop:
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1. As the phase noise is introduced mostly in the applied tuner, first the expected phase noise must be known from this
device.

2. Inject the expected tuner phase noise into the system and vary the natural frequency by varying the DCB value with
12C. For the correct damping, the value for DCA has to be corrected for each DCB value with the help of formulas (14)
and (15).

3. Forevery DCA and DCB setting, a new BER measurement can be done to determine the maximal g#NgyviedsE
BER of 1E-4. From this information, a graphic can be made like the one in Fig.19.

17
17.5¢

18}
18.5//_\
10}
19.5}
20}
20.5}
21}
21.5}
22}
225}
23}
23.5}
24

BER = 1E-4 —

Eb/NO [dB]

DCB 0 1 2 3 4 5
DCA (£=0.7) 160 113 80 57 40 26
Fn [kHz] 7.3 9.9 14 20 28 44

Fig.19 Eb/NO as a function of DCB values for tuner with -96dBc/Hz@100kHz phase noise

4.  From this graphic, the optimum setting can be found. In this optimum the tolerated additional noise is maximum. In
Fig.19 the optimum is found for DCB=2. The natural frequency(Fn) for these values of DCA and DCB is 14kHz.

NOTE:

During this optimizing, the outer carrier loop should not compensate any phase noise so the natural frequency of this loop
should stay low.
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in TABLE 8 the optimum bandwidth of for different amounts of phase noise is measured for the OM5701 board

TABLE 8 Optimal DCB and DCA values for USA

Phase noise

dBc/Hz DCB DCA B (kHz)
-92 3 50 42

-94 3 55 42

-96 2 80 28

-98 2 83 27
-100 1 118 19
-103 1 118 19
<-103 1 123 18.2

For the application board almost no phase noise has to be compensated as it does not contain a tuner. Therefore the inner c:
rier recovery loop is switched off by defaul%(@l: DPHR=0ff).

3.3.2 The outer carrier loop

The outer carrier loop switches between PD and PFD, PD when there is lock, and PFD when there is no lock. The
TDA8046H checks itself whether there is lock. In a certain count window (length=256 for 64 QAM) a counter counts the
number of symbols inside a small area around the constellations points. If this number is larger than the threshold value LDT

the system is in lock, otherwise the system is not in lock. The LDT value can be controﬁ@d'ﬂyel block diagram can be
seen in figure Fig.20.

— N I unit » to inner loop
PD Kpg in unit/rad
_Tq)o
»| Kot " MUX K m» to outer loop
PFD | L | Lock:

K=K pd-Kdacin HA/rad

|12C control: No Lock:
LDT K=Kpfd.KdaCin uA/rad
lcARMAX

Fig.20 Phase Detector for Carrier Recovery

When the system is unlocked, the phase detector K is a phase / frequency detector. When lock is reached, it is automatically
switched to a phase detector. The lock level LBT (@ddress 07) can be controlled by meand@f |
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The DAC translates the units to a current. Thg.is dependent on the currephkmax and can be controlled with th#&Q
parameters CARI, CARB, and CARA (see TABLE 9). CARI inverts the current direction, while CARB and CARA deter-
mine |karmax| @nd thus the gain of K. For cable systems the nominal S/N value equals 30 dB.

TABLE 9 PD of the carrier loop

Input control Phase Detector
1°C
| cARMAX S/N [dB} PD
CARI CARB CARA  [pA] 9 14 15 18 21 24 27 30 40  >60 Constant
X X X X 45 32 33 -5 -7 10 -4 20 -39  -46 . ‘pd
[unit/rad]

50 -113 -80 -82 -125 -175 -250 -350 -500 -975 -1150

100 -225 -160 -165 -250 -350 -500 -700 -1000 -1950 -2300

150 -338 -240 -248 -375 -525 -750 -1050 -1500 -2925 -3450

200 -450 -320 -330 -500 -700 -1000 -1400 -2000 -3900 -4600 K
-50 113 80 82 125 175 250 350 500 975 1150 [HA/rad]
-100 225 160 165 250 350 500 700 1000 1950 2300

-150 338 240 248 375 525 750 1050 1500 2925 3450

200 450 320 330 500 700 1000 1400 2000 3900 4600

P P PP OOO
P PO ORrR PR OO
P OFP OFr O FrR O

Calculation of the loop components

The outer loop is controlled by external R and C values, {hgdfid K.The R and C values can be described as:

c = Sve® (16)
4 2f2
n n
4 2

= —— (17)

Where K,.,denotes the outer carrier oscillator constant. The equations for the natural freqygray,{f/2r) and the
damping,. equal

1 _choK
-1 18
= 2 (18)
{ = mnf RC (19)

From TABLE 9, we learned that |K| is small for low S/N,.fand{,. are decreasing when |K| decreases. For normal operat-
ing conditions, the damping may not become too srgall@.7). This means, that the dimensioning must be done at the
worst case conditions. If the S/N improves, the |K| and thaisd( increase which influences the loop behaviour positively.
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Indeed, when S/N ratio increases, thesfautomatically higher and will compensate microphonic distortions better. This is
called threshold extension.

Dimensioning the loop for optimal in-lock behaviour

The in-lock phase disturbances are mainly compensated by the inner carrier loop. The main task of the outer carrier loop is
therefore restricted to correct frequency offsets which are expected to alternate relatively slow.

To prevent interference with the inner carrier loop behaviour, a safety upper margin of the outer loop natural frequency
being 5 times lower than the inner loop natural frequency is advised. This is an approximation.

The maximum frequency for stable operation is 10 kHz at a S/N of 21 dB for the USA standard.

Dimensioning the loop for optimal acquisition behaviour

The acquisition time of this loop is dependent on the several factors:
¢ The VCO range. A larger VCO range will lead to a larger lock-in range and thus to a longer acquisition time

« Natural frequency of the loop (which is also related to the natural frequency of the inner loop). A higher natural frequency
of the outer carrier loop will lead to a larger pull-in range of the loop resulting in a short acquisition time. The restrictions
are:

-The relative long loop delay implies low natural frequencies.
-The outer loop frequency cannot be too high to prevent interaction with the inner loop.

For the OM5701 application board the outer loop frequency is chosen high enough to give good acquisition behaviour while
enabling the inner carrier recovery loop to be switched on. Also a good in-lock behaviour is guaranteed by design the board
to remain locked at low S/N ratio’s.

For a S/N ratio of 21 dB at 64 QAM and equations (16) to (19) the following values for R, Gcamdde found:

TABLE 10 Carrier recovery loop parameters

Fs R C fnoc (oc
USA (5 MHz) 330 kQ 220 nF 4.2 kHz 1.0
EUR (6.875 MHz) 120 kQ 4.7 nF 6.0 kHz 0.7

The acquisition and in-lock behaviour must however be optimized depending on the application.
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3.4 AGC

Fig.21 shows the coarse AGC loop. This loop avoids overloading of the external ADC.

Integrator 1

Gain Amplifier Gain Detector
i I
input K . AGC
g R unit —_—
—_ [dBIV] »| Detector » DAC —
I2C:ATH 1C: Incemax
LDT

11 sC
1

Vagc

Fig.21 Phase model of AGC Loop

A controllable gain amplifier with constantKin dB/Volt) amplifies the input signal. A gain detector indicates whether the
gain is too high or too low. At 4 times the symbol rate, an average power is calculated and filtered. The coarse AGC adjust
the mean power to the AGC Threshold Level (ATH) level, which can be controllé€bldr each QAM mode, a unique
number as indicated in TABLE 11 must be installedd If the system is not in lock, the gain detector generates the code
‘14’ units, while in lock the code ‘1’ unit is generated. The lock status can be adjusted by the LDT threshold

TABLE 11 Coarse AGC threshold levels

Mode ATH (units) 1°C data for address 08
4 QAM 496 1F
16 QAM 992 3E
32 QAM 1408 58
64 QAM 1984 7C
256 QAM

The DAC translates the gain detector output to a curggyet The maximum current and the current direction are controlla-
ble with the fC parameters AGCI, AGCB, AGCA, as indicated in TABLE 12. For the TDA8046H application board, the

default setting equals CARI=0, CARB=0, CARA=1.

TABLE 12 Coarse AGCI2C control

I°C Control | AGCMAX lacc [HA]

AGCI AGCB AGCA [LA] lock no lock
0 0 0 50 3.6 50

0 0 1 100 (default) 7.1 100
0 1 0 150 10.7 150
0 1 1 200 14.3 200
1 0 0 -50 -3.6 -50

1 0 1 -100 -7.1 -100
1 1 0 -150 -10.7 -150
1 1 1 -200 -14.3 -200
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3.4.1 Calculation of the loop components

The current Ag¢ is integrated by a capacitor across the OPAMP. In the default mode when there is no lock, the capacitor is
loaded by a currenhbcmax=10QUA. The delta output voltaghV pcc in the time intervalit is described by

AV I
AGC _ AGCMAX (20)

At C

The gain constant of the whole systegr&Gpg /At equals

AG AV K|
_ TPAGC _ AGC _ g AGCMAX
Ks At Ko™t C (21)
3.4.2 Dimensioning the AGC loop

On the application board, the gain amplifier is the BF904, with a gain congfab®#B/V. The dynamic range is 30 dB.

Now the dimensioning can be done easily. Suppose the dynamic rahi@g&fyax =30 dB must be covered fir=1
msec, then with g=10dB/V and Agcmax=10QUA the capacitor C=32.2 nF:

_ KT acemax

e = 32.2nF 22)

AGCMAX

On the application board 30 nF has been selected.

I Gacc

AGAGCMAX =3 Volt

At=1 ms

A
v

— time

Fig.22 Coarse AGC

The AGC must be a low speed control, so we can fix a low limit at the time constant at 1 ms as depicted in Fig.22. An inter-
nal fine AGC in the TDA8046H follows gain offsets in a range of +/- 6dB on a high speed, i.e. 6 dB per 256 symbols at max-
imum.
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4. The application board

Schematic 1 shows the different functions on the application board.

The application board can be changed for using a variety of different symbol frequencies and IF-frequencies. At this
moment two commonly used IF/symbol frequency sets are supported: A set called USA and a set called EUR. For these sets
the difference in component values are shown under the relevant schematics.

This application board has a QAM demodulation section and a measurement interface. The QAM demodulation section con-
tains:

¢ An IF processing part (schematic 2)

« A base-band processing part (schematic 3)

¢ The demodulator TDA 8046H (schematic 4)

< An oscillator for generating the clock signal (schematic 5)

4.1 The IF processing part

The signal coming from a signal generator must be in the range from -5 dBm to -20 dBmGMta BB signal is led
through an AGC stage of which the main function is to close the AGC loop of the QAM demodulator. In a receiver applica-
tion, the AGC loop will be closed in the tuner or IF processing part.

The AGC can handle input variations on the IF_input. For correct operation the level can be varied betweém8ddB
102dBuv (SOQ). Fig.23 shows the transfer characteristic of the AGC measured at a constant output leveletf IhiB
level corresponds with the output level needed on the board.

-10 | _

A [dB]

-15 | _

-20 + -

Vage [V]

Fig.23 AGC Gain=f(Vagc)

The output 1dB compression point of the AGC circuit is 107.804B'he AGC amplifier output impedance, which must be
low to drive the SAW filter, is 58.

The SAW filter performs the channel selectivity. The SAW filter is coupled symmetrically to the input of the Mixer/oscilla-
tor (NE602). The 1.5@ load resistor is intended for correct termination of the SAW filter.
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The NE602 mixes the IF signal to a new centre frequency which is equal to the symbol fregigieyhe carrier-oscil-
lator frequency used by the mixer js + fsympo(Upper mixing). Consequently, the input spectrum will be mirrored around
the centre frequency.

The carrier oscillator has a VCO constaggkof:

SA EUR
KOSC [rad/vs) 278800 332000
range AU = 4.5 V) in [KHZ] [307 239

The main function of the low pass filter is removing the unwanted mixing products of the mixer. The nearest unwanted
mixer components in its output spectrum are the oscillator frequency and sum component. The LPF is designed to suppress
these components to 40dB under the wanted component. The measured characteristic of the LPF is shown in Fig.24.

40 dB

10dB/DIV

0  1e+07 2e+07 3e+07 4e+07 5e+07 6e+07 7e+07 8e+07 9e+07 1e+08
f [He]

Fig.24 LPF characteristic

4.2 The base-band processing part

The amplifier after the low pass filter consists of two stages. The first stage, NE592, takes care of a differential amplification
of 19dB. This will result in a differential output level of 1110B Because the ADC input is asymmetrical, one output pin

from the NE592 is used, which is referenced to ground. The asymmetrical level at this point js\L@&d&h is not

enough according to the ADC requirements. Because the NE592 is already working at its maximum output level, a second
amplifier stage is used to deliver 6.7dB extra gain. This function is performed by a single transistor (BF550).

The ADC digitizes the incoming QAM signal to 9 bits parallel words with a sample ratespf,45f The analog input win-
dow is 1.1Vpp so the nominal input level is 111.jA8B

NOTE:

The TDA8761 is slightly used outside spec. With input voltage g, &dd Vog=250mV and \yt=250mV the Vdiff=1.5
Volt which is smaller than the minimum required 1.8 Volt (see TDA8761 spec, CHARACTERISTICS).
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4.3 The demodulator

After power up a reset should be given to the TDA8046H in order to set the internal flip-flops to a predefined position. This
reset is provided on the Om5701 board with an RC combination of R32 and C30. After a high signal at the PRESET pin
(which can be applied with S1) is applied, this pin is kept high long enough to reset the TDA8046H.

The measurement interface is reset with the same signal.

4.4 The clock oscillator

The clock oscillator runs at four times the symbol frequency used by the TDA8046. The phase is controlled by the clock
recovery loop to optimize the sample moments with respect to the incoming QAM modulated signal.

The VCXO constant, J¢, of the oscillator is equal to:

SA EUR
RoOSC [rad/vs] 2330 5075
range (U = 4.5 v) in [KAZ] [3.1 36

The clock oscillator in the OM5701 application is designed for use with a certain crystal. the crystal specifications for the
VCXO are::

SA EUR
Fi [KAZ] Z0000.000 | 27500.000
C-load [pF] 135 15
[I\/Iode of vibration Fund Fund

The same type of crystals have to be used in the VCXO to guarantee a stable operation.

4.5 The measurement interface
The measurement interface contains two programmable devices: a 84 pins 160 cell device and a 44 pins 32 cell device.

This solution combines high speed, provided by the 32 cell device, necessary for serial output, with a large number of logic
cells available with the 160 cell device. This is necessary for implementing the control and data path processing.

The 32 cell device performs the following tasks:

< Bit clock frequency selection. This frequency is dependent on the modulation used (4, 16, 32, 64 or 256 QAM). The
EPLD takes care of the divider in the PLL loop, used to regenerate the bit-clock from the symbol clock. The appropriate
frequency is selected by changing the number of division.

« Parallel to serial conversion in the case the output of the TDA 8046H is in the 8-bits parallel output mode. This serial sig-
nal can be used for BER measurements with a transmission analyser.

The 160 cell device is used to take care of a number of functions:
¢ |2C control of all the functions implemented in the EPLDs.

e Putting the | and Q information (when the TDA 8046H is in the 1/Q alternating output mode) on the two DAC's to enable
monitoring these signals with a constellation analyser.

< Processing the digital information to enable functions like using GRAY coding for measurements. For this coding method
the data is remapped and can be rotated.

To regenerate the bit clock from the symbol clock, a PLL is used with a minimum number of external components. Only an
external divider is needed. The divider, which defines the multiplication factor, is implemented in the 32 cell EPLD. With
the frequency select input (FS, 3) three VCO ranges can be selected in the PLL:
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e Low: 15-30MHz
* Mid: 25-50MHz
¢ High: 40-80MHz

4.6 Voltage levels in the IF and base-band processing parts

An overview of the peak voltage levels in the QAM demodulation section, when a QAM signal is applied to the input, is
given in Fig.25.

87-102dBuV 95dBUV  81dBuV 92dBuv 92dBuV _ 111.7dBuV
Diff. Diff. Diff. A
— AGC —p» SAW | LPF—® D —
[F-input
43.75MHz

Fig.25 Power levels in the analog path

4.7 Power supply of the board

The power supply can be provided by means of SMA connectors on the board, and can be divided into three parts:
- 5 Volt for the A/D converter, MECO and the peripheral parts of the TDA 8046.

- 5 Volt for the analog part of the TDA 8046, front-end and D/A converters.

- 3.3 Volt for the digital core of the TDA 8046.

4.8 Decoupling measures

The TDA8B046H consists of analogue blocks as well as digital blocks. To prevent distortion (especially due to switching
behaviour of the digital blocks) on the sensitive parts of the TDA8046H, certain decoupling measures on the OM5701 board
have been added that will reduce BER.

The clock of the TDA8046H is on of those sensitive parts. Any jitter on the rising ADC clock edges will cause phase distur-
bances (for example a quadrature error) in the constellation. This will translate to a higher BER. To prevent this several
measures have been taken:

« The clock circuit in the TDA8046H has been decoupled. The clock circuit in the TDA uses separate supply and ground
pins.

e The 3.3V core of the TDA8046H has been decoupled. The core uses two pins for power supply. The higher harmonics of
the ripple on this core can cause ADC clock phase jitter. Therefore the 3.3V core pins should be decoupled.. The optimal
placing of the decoupling capacitors is as close as possible to pins 13 and 45. The value of the decoupling capacitors is &
small value (10-22 nF) but can best be found empirically as it depends on the layout.

Another important part of the OM5701 board is the analogue part. The analogue components should be decoupled suffi-
ciently to prevent any distortion coming from the digital supply voltage. A good method is to also split the 5V supply in an
analogue and digital part as has been done on the OM5701 board.
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5. Measurements on the TDA 8046H application board

51 The measurement set-up

The application board consists of a QAM demodulator and MEasurement COntroller (MECO). The MECO enables an easy
test interface between the QAM demodulator and measurement equipment. The board implementation is described in chap-
ter 4. A test setup is depicted in Fig.26.

*
HP8657A N'Fs HP3764A

SIGNAL-GEN. BERMETER

PRBS TTL

CLKﬁ ECL|

HP8782B-K03 | Qos| r— 1, [ —
lo.3 Diff
State Mapper  foymeal| | Enc. [7 HP8782B
Half [ I 1,Q
Digital Filter |Nauist p| VECTORMODULATOR

il |

HPIB

HP3708A

DATA
CLK

%

NOISE GENERATOR

SIN

12C

| -5..-20dBm

HP8981B ‘ QAM o
MECO
Q Demod
VECTOR ANALYZER [

application board

Fig.26 Test setup for BER measurement

The HP8657A generates a clock which equals the bit rate. For 256 QAM this 8 times the symbol rate and for 64 QAM this is
6 times the symbol rate. A BER meter HP3764A generates a random bit sequence with a corresponding clock. A HP8782B-
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K03 maps each 6 bits to a symbol. The 3 bits | and 3 bits Q output represent the symbol position in the constellation. | and Q
are, in case of a differential encoding scheme, differentially encoded before applied to the vector analyser HP8782B.

The HP8782B generates a QAM signal at Fif, while the noise generator HP3708A adds noise. This output signal is applied
to the application board. The application board is controlle&(b.y I

The MEasurement COntroller (MECO) generates two outputs. A serial data output and a bit clock which can directly be
connected to the BER meter.

Also two analog outputs for | and Q are generated to show a constellation on the vector analyser HP8981B. A digital output
representation on | and Q is available too in 8 bits accuracy to connect to a logic analyser or a FEC. The digital | and Q out-
put can be straight binary or 2's compleme?ﬂt(d:ontrolled). All HP equipment is controlled by a HPIB bus and a PC.

5.2  Connecting the application board to the measurement setup
For correct operation, a number of points in the measurement setup must be checked first:
QAM generator

< Adjust the symbol rate of generator the to (for example) 5 Msymbols/s. Note that for different modulation schemes differ-
ent bit rates must be used to obtain this symbol rate.

« Set the RF frequency to 43.75 MHz for USA or 36.15 MHz for EUR.

 Adjust the RF level at the QAM demodulator IF-input@@o a value between 93¢/ and 127dRY
Constellation analyser

e Connect the two T DAC outputs (Marked “to constellation analyser”) from the demo board to the analyser.
Transmission analyser

* To make BER measurements connect the bit clock (CLK-bit) and the serial data stream (D-out serial) to the transmission
analyser.

Demo board

e Plug an fC-interface board into the parallel port of a PC. Connect@éus from the interface board to the demo board.
« Apply power to the board. The digital- (+5V-D) and analog (+5V-A) supply can be supplied separated if necessary.
« start the program DVB2.EXE to control this board

IF Input

* The RF QAM signal must be applied on this point. The input level must be between\92di8 127dBLV for correct
operation. The input impedance i<k0

Demodulated data/Bit-clock output

* The serial demodulated data, together with the bit-clock, can be used for BER measurements. The bit rate is depending or
the used constellation and symbol rate.

Constellation outputs

« The outputs can be directly connected to an constellation analyser. The output impedaRcé is Abt possible to
measure an eye-pattern at one of the outputs. The cause of this restriction is the 5MHz sample rate of the | and Q signals
which is not high enough to prevent aliasing at the outputs. That is why the 3MHz wide base band signals, | and Q, can't
be recovered by filtering. For this reason the DAC outputs are not filtered and consequently the outputs change step wise.
Each level represents the | and Q value, used by the TDA8046 to retrieve the symbols. When these signals are supplied tc
the constellation analyser a correct constellation diagram will be shown.

12C
« The TDA8045 and the EPLD are controllable Aa.IFor this purpose a PC program, called DVB2, is available to make
adjustments and read out data in a convenient way.
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CSDV output

e The TDA 8046 board is provided with aB®utput where the symbol frequency can be adapted. When the demodulator
is locked to the QAM signal DVB will give the message “lock: yes”. A constellation diagram can be seen when you enter
the test mode by clicking on “<CONSTELLATION>". To measure the Bit Error Rate you must switch back to the mode
“<MEASUREMENT>". Be sure that the I-axis is inverted because of a mirrored spectrum after mixing down. When the
mapping is not differentially (for example GRAY coding), the phase ambiguity of 90 degrees can be adjusted by rotating
the constellation by clicking “<rotate>" in the MECO menu. When no noise is added the BER must be zero. Rotate the
constellation until this BER is displayed. Now, the BER measurement is possible
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5.3 BER measurement with Differential (DVB) coding

The performance of the demodulator design is ultimately translated in a number for the errors after demodulation; the BER.
The HP8782B-K03 generates according scheme 1 or 3 in one quadrant (4 LSB’s). The 2 MSB'’s are differentially encoded in
a separate module. After QAM modulation, after the channel the TDA8046H performs the QAM demodulation, decoding

according scheme 1 or 3 which includes differential decoding on the 2 MSB'’s. It is important that the MECO is transparent,
which is achieved when scheme 1 or 3 is choser?(byand NO rotation. (see Fig.27). Note that the MECO does NOT sup-

port 32 QAM mode. A special MECO is required.

transmitter

1
dout Il > serial scheme Differential 61 QAM IE
to lor3 encoder e .
clk_out—f—¥ parallel Quadrant 1 > MSB's modulation {
1
PRBS HP8782B-K03 HP8782B o]
generator/ g
meter L D
: arallel 6 scheme 6
din fe— P to e NO LU lor3 «t QAM » I
clk_infe—f—H| _serial | | {1 including diff. dec) demodulation
HP3764A 1 [ MECO [ TDAB046H
receiver

Fig.27 BER measurement with differential coding
With the BER measurement done at differegliiNg values, a graphic like the one in Fig.28 is obtained.

0.1 S A B
Theoretical
Measure
0.01}
0.001]
o
|
m
0.0001
1e-05¢

le-0
4 5 6 7 8 9 10 11 12 14 15 16 17 18 19 20
EllalNO [dls

Fig.28 AWGN BER measurement for 64 QAM using differential coding

From this graphic the IL can be derived as is explained in chapter 1.2.

50



Philips Semiconductors

5.4  BER measurement with Gray coding
In this chapter a method is described to do this without the necessity of the differential encoder from Fig.26. namely GRAY
coding.

Fig.29 shows the test setup. The bit sequence generated by the PRBS generator is serial to parallel converted and Gray
encoded in HP8782B_KO03. The Gray encoding schemes are shown in APPENDIX C. The HP8782B performs the QAM

modulation according scheme 4 of the TDA8046H.

transmitter

1
: 6
dout F—f—> serial (,5 Gray 1 | |scheme 6, QAM IF
to f > 1 >
clk_outf—f— parallel encoder 4 modulation {
1
PRBS HP8782B-K03 HP8782B o
generator/ g
meter >
di } parallel| 6 61 Gray 6 | scheme | © AM _l
N to :,’ rotate ;/ AN P Il Q «
clk_in je—F serial decoder ||/ 4 demodulation
wpazean | 1 [MECO |_TDABO46H
receiver
Fig.29 BER measurement with Gray code
0.1
Theoretical
Measure
0.01}
0.001
x
W
)
0.0001
le-05¢
le-0

4 5 6 7 8 9 10 1L 12 14 15 16 17 18 19 20
EbNS [dE

Fig.30 AWGN BER measurement for 64 QAM using Gray coding

On the receiver side, the TDA8046H performs the QAM demodulation according scheme 4. The MECO performs the Gray
decoding. A rotator turns the constellation in multiples of 90 degrees. By controlling this rottGrthg phase ambiguity

of 90 degrees can be compensated. In case the frequency spectrum is swapped, the demodulation in the TDA8046H must b
done by toggling sign of the sine demodulation function. Note that there is a relation between the sign of the sine and the
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sign of the phase detector. Toggling the first implies toggling the second. A parallel to serial convertor in the MECO finally
generates a serial data stream and clock which is fed to the HP3764A BER meter which gives the performance of the system

Note that no 100% Gray code is possible for a 32QAM scheme! This means that comparing the measured 32QAM BER
curve with the theoretical one will give an implementation loss which is slightly too high. This is caused by 8 neighbouring
symbols at the right and left hand side which have Hamming distance 2 in stead of one. A precise comparison can be
achieved be redefining the BER curve. This is not described in this application note.
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APPENDIX ATransmitter Half Nyquist Filter

Table 17: contains a 20% transmitter Half Nyquist filter, which perfectly matches to the TDA8046H 20% receiver filter.

The total length: 63 taps
Non-zero CSD bits: 183

Average Passband Gain: 6150

DC gain: 6143

Peak to Average Ratio (PAVR): 1.76!

Table 17: 20% Half Nyquist transmitter filter coefficients

Poly phase components of Half Nyquist filter.

Poly phase component 2.0

Poly phase component 2.1

Coefficient Value CSsD Coefficient Value CSsD

he(1), h(-1) 1430 10TOTO10TOTO h(0) 1607 | 10T00100100T
h(3), h(-3) 403 10T001010T h(2), h(-2) 969 1000T001001
h(5), h(-5) -306 TOT0100TO h«(4), h(-4) -67 TO00TO1
h(7), h(-7) -130 TO0000TO h(6), h(-6) -298 | TOOTOTOTO
h(9), h(-9) 167 1010100T h«(8), h(-8) 61 1000T0O1
h(11), h(-11) 53 10T0101 h(10), h(-10) 151 1010TOOT
hy(13), h(-13) -103 TO10TO01 h(12), h(-12) -52 TO10TOO
h(15), h(-15) | -19 TOTO1 h(14), h(-14) -83 TOTOTO1
h(17), h(-17) 64 1000000 hy(16), h(-16) 41 101001
h(19), h(-19) 2 10 h(18), h(-18) 44 10TOTOO
h(21), h(-21) -37 TOOTOT h«(20), h(-20) -30 T0O0010
h(23), h(-23) 5 101 h(22), h(-22) -20 TOTOO

h«(25), h(-25) 20 10100 124), h(-24) 21 10101

h(27), h(-27) -6 TO10 k(26), h(-26) 7 100T

h«(29), h(-29) -9 TOOT R(28), h(-28) -12 T0100

h(31), h(-31) 4 100 R(30), h(-30) -2 TO

The coefficients are listed in Canonical Signed Digit (CSD) notation. T represents the value -1. The CSD notation describes

a very compact implementatidiy(26), R(-26) using CSD: value=7; CSD=100T

T

*8

1000

* 100T

out

Fig.31 Implementation example of CSD=100T
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APPENDIX BTheoretical BER/SER curve

The received signal contains the transmitted symbols and noise. Due to noise, a transmitted symbol can be received in a
neighbouring decision area and as a consequence a wrong decision will be madéEy\éme energy of the signal and
02:N0/2 is the variance of the white Gaussian noise, the probability density function is depicted in Fig.32. The probability of
error R, is given by the dashed area and is described by tfe,@{ function [HAY; pp. 318-322].

“———»\_0%=Ny/2
P=Q( Lo )\ I
L
VE,

decision

Fig.32 Probability of error and the Q() function

In case of 64 QAM, there are 8 possible symbol location on the | and Q axes. The probability density function of the | or Q
axis is depicted in Fig.33

probability density

4 / N N\VE, S o o
@ L @ L @ @ @
1 +1 +3 +5

°
-7 -5 -3 - +7 lorQ
_>
Fig.33 Probability density function of | or Q axis for 64 QAM.
The probability of error for the symbols -7 and +7 equals
. R B
P, (borde) = QD 5 0 QD W;D (23)
For the symbols -5,-3,-1,+1,+3,+5 the probability of error equals
DA/ED 0 /2E O
! i = oL 0 [—°0
P, (middle) 2QD rals 2Q N, O (24)
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For M-ary QAM, this probability of error for one dimensiog ®hen supposing each symbol has the same probability of
occurrence p=1M, can generally be written as

P, = p%ZPe'(bordeb + (JM =2) Pe'(middle)Er 251——EbF (25)

Since the in-phase and quadrature components of M-ary QAM are independent, the probability of correct reception of a
symbol is given by

= (1-F) (26)

The probability of symbol error (SER) for M-ary QAM is given by

SER= 1-P=1-(1- P) —451——5QDA/7 (27)

To calculate the probability of symbol error for M-ary QAM, it is more convenient to express it in the symbol energy (aver-
age energy) Ei.e.

- 2(M-1)
E, = TEo (28)
where M is the number of constellation points (e.g. M=4, 16, 32, 64).
It is obvious that the energy per bj &guals
S 29
By = log,M (29)

With the help of equations (1.6) to (1.8) the probability of symbol error can also be expressed as

E O O [3log,ME, O
= . _SD 2 _bD 30
SER ‘%1 5b|]M 1N, DA/M 1 N_O (30)

Eg is the symbol energy in each interva) Where T is the symbol duration. The signal powgiisthe symbol energy per
time interval, i.e.

(31

o
1
—| m
n

(%]

The noise power pis the total noise power in the Nyquist band. WhgisNhe noise power per Herz andsfthe noise
equivalent band width of the half Nyquist receiver filter, the total noise power equals
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PN = Nofs

N

0
= (32)
Ts

The ratio R/Py will be written as S/N. The relation between/(,) and (S/N) can easily be obtained by combining equa-
tions (1.8), (1.10) and (1.11) which gives

1
log,M

Z||T|
o

o

Zln

(33)

Furthermore, since each symbol now conveygNbhits, and with Gray encoding and low SER values, each symbol error
causes one bit error, the Bit Error Rate equals

SER

BER =
log,M

(34)

The symbol and bit error rate formulas as functiongNEor S/N can be obtained by combining the equations (30), (33)
and (34) are given in TABLE 18.

TABLE 18 Error rate functions (M is the number of constellations points)

Coding parameter ERROR RATE
Symbol Error Rate (SER) Bit Error Rate (BER)
Eb/N 4D1_igbg 3|092M EE _4_D _iEbB 3|092M EB
0 0™ mE Oy (M=1) N O IogzMD1 JMETO) (M =1) N,O
Gray
code
— O 3 SO
SIN= 401 1opd[ 3 SO 4 01 3 S
EJ/Ng O Ngbm (M—l)ND log, MO NBbD (M—l)ND
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The curves from table 1 are depicted in Fig.34.

x o
w 14 QAM w 14 QAM
@, 216 QAM|| Do [T 216 QAM
I 332 QAM B N 332 QAM
0.0 4 64 QAM BN U, - 4 64 QAM
le A B le 1 ? 7
1 2 3 4 * >
—>» E/N, (dB) SIN (dB)
a. BER versus Eb/No b. BER versus S/N
0 X
w 14QAM || w e 14 QAM
", 216 QAM|| @, s S I . 2 16 QAM
S : 332 QAM : 332 QAM
0.0 S ‘ 4 64 QAM D] 4 64 QAM
et 1 P 3 4 al
1 2 3 4 1 243 4
—>» E/N, (dB) SIN (dB)

c. SER versus N, d. SER versus S/N

Fig.34 QAM curves for different constellations
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APPENDIX CGray coding schemes

010011 010111

112911 110111

110101 110001
o [}

100011 100111
L] o

100101 100001
) ®

000011 000111
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000101 000001
) [

001011 001111 001101 00100
11 01 * .
[ °

101011 101111 101101 10100
4QAM ° ° ° °
111011 111111 111101 11100
[ ) [ ] [ ) [ )
011011 011111 011101 011001
° ° ° °
Q
11011 11004 11000 11010
e o ® ° 1011

01011 10011 1000§ 10000 10010 01010 i
e o o ® ® ®

01001 00011 00004 00000 00010 01000 0011
o o ® ® o o L4

01101 00111 0010f 00100 00110 01100
° o ° o ° ° 0111
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° ° o o [ °
11111 11104 11100 11110 1111
°® °® °® ® L
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®
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(]
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001110 001010
(] [ ]
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A quadrant

10000000 1000010010000110 10000010 100010130001110  1000110010001000

11000000 1100010011000110  1100001011001010 11001110 11001100 11001000

11100000 11100100 11100110 11100010 11101010 11101110 11101100 11101000

10100000 1010010010100110 10100010 10101010
[ [ ] L] [ ] [ ]

00100000
L]

01100000 41100100 01100110 01100010 0110101001101110 01101100 01101000

01000000 0100010001000110 01000010 0100101001001110 01001100 01001000

00000000 00000100 00000110 00000010 00001010 00001110 00001100 00001000
[ ] [ ] [ ] [ ] [ [ [ ] [ ]

Gray coding for 256 QAM (quadrant A)

B A

01 00

C D

Bit4 BitO

Values for bit positions 0 and 4 for quadrants A to D

10101110 10101100 _ 10101000
[J o [ ]

00100100 00100110 00100010 001010100101110  0010110000101000
[ ] [ ] [ ] [ [ [ ] [ ]

Bit O
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APPENDIX DRelation between Eb/NO and S/N

%0 .(M) S
= g —_—
No
Where M represents the number of constellation points e.g. 256,64, etc.

E

(dB) N—O(dB)

(=

S + 10 IogEFIog(M)E

For the most common QAM modes the values are given in table TABLE 19

TABLE 19 _ _
M 10- log Ezlog (M) ﬁ
256 9.03 dB

64 7.78 dB

32 7dB

16 6.02 dB

4 3dB

(35)

(36)

60



	1. General
	1.1 Quadrature Amplitude Modulation
	1.2 BER versus S/N curve
	1.3 DVB cable front-end architectures with the TDA 8046H

	2. Functional description
	2.1 Input representation
	2.2 Demodulator
	2.3 Half Nyquist Filters
	2.4 Equaliser
	2.4.1Tap diverging
	2.4.2False lock
	2.4.3Equaliser operation modes
	2.4.4Main tap

	2.5 Offset control
	2.6 Output formatter
	2.6.1Hard decision Error Correction
	2.6.2Lock detect
	2.6.3Soft decision Error Correction

	2.7 I2C Control

	3. System loops
	3.1 Basic system loop structure
	3.2 Clock recovery
	3.2.1 Calculation of the loop components
	3.2.2 Dimensioning the loop for optimal in-lock behaviour
	3.2.3 Dimensioning the loop for optimal acquisition behaviour
	3.2.4 Relation of the clock recovery loop to the carrier offset

	3.3 Carrier recovery
	3.3.1 The inner carrier loop
	3.3.2 The outer carrier loop

	3.4 AGC
	3.4.1 Calculation of the loop components
	3.4.2 Dimensioning the AGC loop


	4. The application board
	4.1 The IF processing part
	4.2 The base-band processing part
	4.3 The demodulator
	4.4 The clock oscillator
	4.5 The measurement interface
	4.6 Voltage levels in the IF and base-band processing parts
	4.7 Power supply of the board
	4.8 Decoupling measures
	4.9 Schematics

	5. Measurements on the TDA 8046H application board
	5.1 The measurement set-up
	5.2 Connecting the application board to the measurement setup
	5.3 BER measurement with Differential (DVB) coding
	5.4 BER measurement with Gray coding

	APPENDIX ATransmitter Half Nyquist Filter
	APPENDIX BTheoretical BER/SER curve
	APPENDIX CGray coding schemes
	APPENDIX DRelation between Eb/N0 and S/N

