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STV0042/STV0056 APPLICATION NOTE

1 -INTRODUCTION

The purpose of this application note is to provide
the user with the most important informations rele-
vant to the hardware and software environment of
the STV0042 and the STV0056 circuits. In this
introduction part, we would like to mention that the
STV0042/STV0056 circuits features very specific
FM demodulators, consequently we would advice
to pay a specific attention to the relevant chapters.

Conventions

In this note, when the explanations are commun to
both STV0042 and STVO0056 circuits : the circuits
are called STV42/56 and when pin numbers are
given, they are relevant tothe STV0056 (ex: Pin 15
means Pin 15 of STV0056 (corresponding to
Pin 12 of STV0042)).

When the explanations are relevant to only one
circuit, the entire circuit reference is mentionned
(ex : STV0042). When external components refer-
ence are givenin this note, they are relevant to the
STV0056 application circuit (page 31).

When speaking about software :
- R : stands for register - ex : R06 [0 Register 06
- B: stands for bit- ex: R0O6 B1 [0 Register 06 Bitl

Other conventions:

- RO5 B0O-5 [0 Register 05 from Bit 0 to Bit5

- R06 B2 B4 0 Register 05 Bit2 and Bit 4

- RO5 B0-5 = 35 ; it means no attention is paid to
Bit 6 and Bit 7. 35is the hexadecimal value given
by the 5 first bits.

2 - GENERAL BLOCK DIAGRAMS (differences between STV0042 and STV0056)

The general block diagram of the STV0042 and STV0056 circuits are given in Figure 1 and 2 respectively.

Figure 1 : STV0042 General Block Diagram
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STV0042/STV0056 APPLICATIONNOTE

2 - GENERAL BLOCK DIAGRAMS (differences between STV0042 and STV0056) (continued)

Figure 2 : STV0056 General Block Diagram
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Both circuits contain the following main functions:: Others :

Video :
- a basebandvideo processing block,
- a video switching matrix,

Audio :

- 2 independant FM demodulators,

- an audio processing part containing (audio de-
emphasis, noise reduction),

- an audio switching matrix with a volume control
output,

Differences between STV0042 and STV0056

- an I2C bus decoder,
- a 22kHz tone generator for LNB control.

When the circuitis in stand-by (R4 B3 = high), all
the functions are turned-off except for the 1°C bus
interface and the audio and video matrix. With
such a configuration, it is still possible to allow
signals to go through the satellite receiver while
having a lower power consumption.

STV0042 STV0056 Comments

Video Clamped Video Inputs 2 4

Clamped Video Outputs 2 3 See Note 1
Audio Audio De-emphasis 50/75us 50/75us and J17

Audio Noise Reduction L+R Panda See Note 2

Auxillary Inputs 1 2

Auxillary Outputs 1 2
Others 1°C Addresses 06 06 or 46 See Note 3

Digital I/0 No 1

22kHz Tone Generator Pin 13 Pin 16 or/and Pin 29
Notes: 1. One of STV0056 video output feature a DC level output (black level adjust)

2. With the STV0042 the input signal which is used to control the noise reduction circuit is (L + R). With the STV0056, there are
2 independants noise reduction circuits, one for left, one for right.

3. With the STV0056, the °C bus address can be selected by connecting the HA pin either to Vpp or to GND.

‘ﬁ SGS-THOMSON
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STV0042/STV0056 APPLICATION NOTE

3 - APPLICATION NOTES
3.1 - Video Processing

Figure 3 and Figure 4 respectively give the architecture of the video processing part of the STV0042 and

STV0056 circuits.

Figure 3 : STV0042 Video Processing Block Diagram
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Figure 4 : STV0056 Video Processing Block Diagram
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Basically those block diagrams contain two mains parts : the baseband video processing an a switching

matrix.
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STV0042/STV0056 APPLICATIONNOTE

3 - APPLICATION NOTES (continued)

3.1.1 - Breaking down the Baseband Video Processing Function

3.1.1.1 - Input Stage

This wide band input stage has a programmable
gain (R1 BO-5).

The gain value is selected to get a 1Vpp signal at
the output (loaded with 75Q).

Taking into account all the different gains of the
video channel (externbal and internal buffers, low
passfilters), it corresponds to a 0.4Vpp signal at the
input of the de-emphasis amplifier (synchro top to
peak white (not taking into account the pre-empha-
sis spikes)).

Glnput Stage = %
VT1.w : the synchro top to peak white amplitude of

the signal delivered by the tuner.

3.1.1.2 - Video Polarity Inverter

To comply with both positive video (Ku bands) and
negative video (C-band) ; a programmable inverter
is implemented in the STV42/56 to recover good
video phase.

3.1.1.3 - Video De-emphasis + External Low
Pass Filter

The video de-emphasis function is realized with a
non-inverting amplifier (see Figure 5).

Dimensionning the External Components
The required video de-emphasislaw is :

1o
F:KD—f2
1+—

f1

in 625 lines systems : f, = 1.56MHz, f1 = 312kHz
in 525 lines systems : f2 = 0.875MHz, f1 =187kHz

The AC gain of the structure can be calculated as
follow :

f: frequency (1)

Rg
*RReCupr1 @
p : Laplace operator (p : j21f in the frequency field)

R :R11//R10
|1/C2p| << R11 for video frequencies

With some calculations, the relation (2) can be
presented with the same shape as (1) :

By S |
9

Rg ] (1+7)D
(2) = (1+37)

Gac=1+2=1
Z1

R

=G 3
R) (ReCop+1) ac (3)

Ay SESTHOMEC
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Comparing ()and 3) | 2 _.  Rg
fi 1+ R @
andfh=—— (5
1 T2 1Re C12

Additionnaly the DC output voltage of the de-em-
phasis amplifier is choosen in the range of 3.51t0
4.0V.

This range offers two advantages:

- limits the current consumption when hybrid type
of low pass filters are choosen, as suggested in
our typical application diagrams
(TDK SEL 5618 filter)

Vout bc

Ris + Rie

- When the low pass filter is built with discrete
components (L and C), there is generally the
need for a group delay compensation circuit
(see Figure 5) which implements a transistor Q.
In such a case, to offer the widest swing, the
voltage at the emitter Ve should be :

loutpc =

- VoD
4

The DC output voltage of the de-emphasis ampli-
fieris :

Ve =3V, Ve=((Vourbc-0.7V)

Rg [
Vout bc =VINDC EHl + 2 = 3.7V (6)
0 Rwog

with Vin pc =2.45V

Using relations (4), (5), (6), it is possible to deter-
mine all the componentvalues.
- 625 lines systems : (VIDEEM1 Pin)
Ro =5.1kQ (choosen value)
O Ci2 =100pF, R10 = 10kQ, R11 = 1.5kQ,
Ci13 = 10uF
- 525 lines systems (see the PAL/NTSC typical
application diagram, Pin VIDEEM2)
R14 =5.6kQ (choosen value)
0 Ci4 =100pF, R13 = 10kQ, R12 = 1.5kQ,
Ci5 2 10pF

Remark:

In order not to be to sensitive to potential crosstalk
with the 22kHz tone signal which can be generated
from Pin VIDEEM2/22kHz, it is possible to lower
the impedance of the de-emphasis network ; for
exemple by choosing Rg = 2.2kQ. Inthis case, itis
required to add a resistor (= 2.7kQ) between the
UNCL.DEEM Pin and ground. With Rg <2.2kQ, the
power consumption of the de-emphasis amplifier
becomes important.

5/37




STV0042/STV0056 APPLICATION NOTE

3 - APPLICATION NOTES (continued)
Figure 5 : Video De-emphasis Amplifier
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3.1.2 - Breaking down the Video Matrix Section
3.1.2.1 - Clamp Stage

All the video inputs of the video matrix feature the
same clamp stage. The purpose of the clamp stage
is to reject the energy dispersal ramp and to ensure
a stable DC level at all video outputs (easier inter-
face with decoder or text insertion circuits).

The coupling capacitor value is only critical for the
rejection of the energy dispersal ramp (C11 in the
application diagram).

The principle of the clamp stage is : DC alignment
of the synchronization top bottom level. The cou-
pling capacitor C11 is charged with a high current I2
when the input level is lower than 2.7V and is
permanently discharged by a small I1 current
(see Figure 6).

Dimensionning the Coupling CapacitorC 11

C11 is dimensionned for the largest ramp amplitude
Ar which can be measured at the output of the low
pass filter :
A UG DGpeem

2

A :amplitude of the ramp at the tuner output

G : gain of the input stage

GDEEM : gain of the de-emphasis amplifier (at 25
or 30Hz)

This worst case of the ramp produces a positive or
negative voltage offset A at each line :

AR max. =

To reject the Slope :

The I1 current must produce a negative ramp in
C11 which compensate the positive ramp of the
energy dispersal sawtooth :

11 min.

Cpy1 < ar ()

Max.
Additionnaly the I, current of the circuit is choosen
to produces enough charge during the synchro
pulse of the negative slopes of the energy dispersal
ramp.

- >C11EA+|1E|T
2M|n.——_|_S

@

Results :
For a worst case of a4MHz pp ramp added to a
16MHz/V channel

ARMax. = 1.25Vpp 0 Amax. = 4.0mV

(1) 0 Cu s%ﬂ‘{/ﬁ, Cui = 8.2nF

(2) O Required I2 min. > 28uA,
Actual 12 min. = 40pA
(specification of STV42/56)

Remarks :

- Itis important not to use a too small C1; value.
A low Ci1 value would induce a degradation of
the TILT parameter (parasitic slope on the
clamped video). Additionnaly, in case of built-in
Videocrypt receiver, a parasitic slope would pro-
duce a voltage offset at the "cut and rotate” point.

_ Armax. , _ ARmax. - - For agood operation, the DC impedance of point
A= 625 lines) or A= 525 lines ; ! .
3125 ( ) 262.5 ( ) A (see Figure 6) must be as low as possible.
6/37 N7 SGS-THOMSON
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STV0042/STV0056 APPLICATIONNOTE

3 - APPLICATION NOTES (continued)
Figure 6 : Video Input Clamp Function
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3.1.2.2 - Switching Matrix

This switching matrix is simply an array of CMOS
switches which is driven by registers. All configura-
tions are possible. Any output can be connected to
any input. An input can be connected to several
outputs.

3.1.2.3 - Output Stages

Each video output has a 6dB output gain, and the
internal final stage is a emitter follower structure
pulled down with a 1.3mA current source.

The output voltage amplitude is 2Vpp, and the
synchro bottom level is clamped at 1.3V typically.

In the application, an external current amplifier
(75Q driver) is required.

Remarks :

- The S3VIDOUT of the STV0056 features a black
level adjust (corresponding to a DC level adjust).
This function may be used to more simply inter-
face with built-in Videocrypt decoder.

- When the high 2 low power mode is selected, the
output impedance becomes high (= 23kQ typ.),
and the DC output levels drops to low values
(< 0.2V) consequently the external 75Q driveris
also turned (power saving).

3.2 - FM Demodulation
3.2.1 - Hardware Description

This chapter is relevant to :

- the input filter,

- a study of the FM demodulatorwhichisintegrated
in the STV42/56 circuits (including the external
components needed at Pins DET L/R, AM-
PLOCKL/R, CPUMP L/R, AGC L/R).

3.2.1.1 - Input Filter (C25,R18,R17, L4, C24, C23)

The FM demodulator integrated in the STV42/56
circuit have a goodrejection of the video signal (due
to the selective AGC stage see paragraph 3.2.1.2).
However, to get a good audio signal to noise ratio,
it is preferable to attenuate the video signal spec-

‘ﬁ SGS-THOMSON

trum with an input filter.

The filter proposed in the typical application (see
Figure 7) contains a high pass cell (Czs, Rus,
fc = 1.5MHz) and a chromatrap (R17, L4, C24).
C23 is required for capacitive coupling with the
FM IN Pin (C23 value is not critical).

The center frequency of the chroma trap is about
4.4MHz for PAL/ISECAM application and 3.58MHz
in case of NTSC application (Remark : In case of
PAL/NTSC application, a double trap may be re-
quired.)

It isrecommanded to directly connect the input filter
to thetuner baseband output,because atthis stage
the video signal is still emphazed (giving a natural
14dB attenuation of the lower part of the video
spectrum where most of the energy is concen-
trated.

3.2.1.2 - FM Demodulators

The block diagram of the FM demodulation part is
given in Figure 8. This block diagram contains 2
independants FM demodulatorsable to process alll
types of mono and stereo sound, including :

- mono signals with deviation from £ 30kHz up to
+ 400kHz (remark the spec mentions : + 19.5kHz
to + 592kHz, in order to cover all possible disper-
sions).

- Stereo pair featuring a frequency spacing differ-
ent from 180kHz (between left and right sub-car-
riers).

Each FM demodulator section contains 2 parts :

- an automatically gain controlled input stage

- a PLL demodulator

The only common point to both FM demodulators
is the frequency synthesis circuit : SYNTHE-
SIZER.

The structure of the FM demodulators which is

different from conventional solutions have been

selected for the two following reasons :

- no need for costly selective filters (LC or ceramic),

- to have a variable bandwidth (to accomodate all
type of deviations).

7137
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STV0042/STV0056 APPLICATION NOTE

3 - APPLICATION NOTES (continued)

Figure 7 : FM Demodulation, Video Signal Rejection Filter
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Figure 8 : FM Demodulation Block Diagram
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STV0042/STV0056 APPLICATIONNOTE

3 - APPLICATION NOTES (continued)

a) Principle of the FM Demodulators

To properly operate the FM demodulators require
to go through different operating modes before to
produce the demodulated signal. The required se-
quence is described in the software part (Sec-
tion 3.2.2.1).

Because there is no selective filter (LC or ceramic)
which sets the operating frequency (ex : 10.7MHz),
the demodulation of the STV42/56 circuit directly
operates at the subcarrier frequency
(ex :fvco = 7.02MHz when demodulating the
7.02MHz subcarrier). This first point explains why
each VCO can be driven by the Synthesizer.

- SW2 closed and SW5 to R to drive the right VCO
- SW4 closed and SW5 to L to drive the left VCO
During the Demodulation :

When the FM demodulator is in demodulation, it
operates like any PLL demodulator and its block
diagram can be simplified (as Figure 9).

Figure 9

Loop
Filter

Phase
Detector

F(p) : the transfert function of the external loop
filter which is connected at DET Pin.

KD the phase detector gain (in V/radians).

KO slope of the voltage controlled oscillator

(VCO) in (radians/volts or Hz/volts).

K @ isaprogrammable coefficient related to the
register 05 bits 0 to 5.

In Annex 1 a more detailed study of this PLL
structure is provided. Out of this detailed study the
key results are :

KO : 460kHz/V = 2.89 [110° radians/V (typ.)
KD = DETH E% (forleft channel)  (0)
36

DETH is a parameter given in the specification.

1)
(2)

Lock range = w. = KO [K KD
Voer __ 1
(deviationpp K KO

DC gain=

Remarks about those relations :

- The relations (1) shows that a programmable K
coefficientcorresponds to a programmable band-
width (FM deviation selection, table in Page 26 of
the specification dated June 1995).

ANB838-09.EPS
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- In the satellite receiver applicationsit is asked to
have a required audio level for a full deviation
signal (ex : 1Vrms on the scart output at full
deviation). Refering to relation (2), it means that
the K KO products must remain constant for all
deviations.

Consequently to compensate the dispersion of
the VCO slope KO, the STV42/56 FM deviation
selection table offers many steps, so that there is
always a selection which guarantees:

K CKO = constant + small dispersion
The method to select the optimum K factor is
described in Section 3.2.2.3

- Additionnally, in relation (1), it can be noticed that
a constant (K [KO) product gives a more stable
lock range.

b) Breaking Down the PLL Demodulator Section
(explanation for left channel and refered to Fig. 8)

- Phase Detector :

This part converts the phase difference between
the wanted subcarrier and the VCO signal
(with 90° phase log) into a current Ipp. In the
calculation KD is given in Volt per Radians, be-
cause a current to voltage conversion is done by
the resistor Rs3 connected between Pin DET and
VREF.

The Loop Filter :

It is made of external components connected
between DET Pin and Vrer.

The VCO :

The voltage controlled oscillator typically has a
460kHz/volt slope. It is driven by the SYNTHE-
SIZER during the frequency synthesis sequence
and by the demodulated signal during the de-
modulation.

The VCO part features a first output with 90°
phase lag compared with the subcarrier, this out-
put is used for phase detection ; the second
output is in phase with the subcarrier and is used
for synchronous amplitude detection (see AGC
stage).

The Watchdog :

It is used to measure the VCO frequency. This
function is used to check if the VCO frequency
has reached the wanted subcarrier frequency
during the frequency synthesis. This operation is
also usefull to monitor the VCO frequency during
demodulation (preventing it from shifting away
when operating under abnormal conditions). The
watchdogis a 1/1000 divider (clocked by a 10kHz
reference frequency) consequently its averages
the VCO frequency over a 100ms period (equiva-
lentto 10Hz) ; this long period makes the results
independantfrom the audio modulating signal.

9/37
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3 - APPLICATION NOTES (continued)

- FM Deviation Selection :

This partis a programmable attenuator driven by

R5 BO-5.
- SW3-SW4-SW5 :
Those switches are used to drive the VCO either
by the Synthesizer or by the wanted subcarrier.
During the synthesis SW4 is closed, SW5 is set
to L, and SW3 is connected to bias (in order not
to have parasitic drives coming from the phase
detector).
Those switches are driven by the RO6 B2 B4 (left),
R06 B2 B5 (right).
Amplifier A and CPUMP Pin :
During the demodulation, the DC voltage cor-
responding to the VCO center frequency is
memorized in a large capacitor (about 10uF)
connected at CPUMP Pins.
To prevent the VCO from slow frequency shifts
which could be generated by current leakages,
the PLL demodulator has a DC loop which is
closed by a voltage to current amplifier A.
The output current capability of this amplifier is
low (max. + 2pA) in order not to disturb the AC
operation of the amplifier.

¢) Why an AGC Input Stage

When no selective filter (LC or ceramic) is used, the
sum of all the subcarriers is input in the phase
detector of the PLL demodulator.

Consequently a linear type of phase detector is
necessary (to avoid intermodulations) ; but this type
of phase detector features a gain which is propor-
tionnal to the amplitude (As) of the subcarrier to be
demodulated.

KD =a [DAs (3)

Refering to the relation (1), the lock range of the
PLL demodulator:

wL = KO K KD = KO [K [x [As

Consequentlyin order to have a stable lock range,
it is importantto maintain a constant amplitude of
the wanted subcarrier ; then an automatically gain
controlled stage is required.

d) Breaking Down the AGC Stage

- The AGC amplifier is controlled by two level de-
tectors, and offers a 40dB gain range.

- The first control loop built with the AGC stage and
the level detector 1, is always active (during the
synthesis and the demodulation). This loop guar-
antees that the amplitude (As) of the wanted
subcarrier does not take too small or too high

10737 (37 SGS:THOMSON
MICROELECTRONIGS

values. In doing so, the first capture is easier
when starting to demodulate.
The second loop made of : the amplitude detec-
tor, level detector 2 and the AGC stage, is active
only during demodulation (SW3 connected to
AGC amplifier).
When operating, thanks to the higher current
capability of level detector 2, the second loop
controls the AGC amplifier.
After the PLL capture, the amplitude detector
receives all the subcarriers on one input and the
VCO signal at the other input. Due to the PLL the
VCO signal is synchronous with the wanted sub-
carrier ; consequently the average DC signal
which can be measured at AMPLOCK Pin only
depends on the amplitude of the wanted subcar-
rier (regardless the amplitude and the number of
the other subcarriers).

Finally with this second loop the amplitude of the

wanted subcarrier is constant at the input of the

phase detector.

An external RD filter is used on the AMPLOCK

Pin to reject all the AC components of the ampli-

tude detector output signal.

- SD comparator : This Subcarrier Detector com-
parator switches to high when the AMPLOCK
voltage exceeds a fixed threshold. In doing so it
detects wether a subcarrier is present at the
wanted frequency.

e) Synthesizer

This function is shared between both FM demodu-
lators. For this reason, when demodulating a stereo
pair, two successive frequency synthesis se-
guencesare required.

The synthesizer used a conventional PLL solution,
in which the VCO signal frequency is divided by a
programmable N factor, and the frequency divided
signal is compared in phase with a precise fre-
quency reference (10kHz) derived from the crystal
oscillator). The output of the phase detector is a
current which charges or discharges the external
CPUMP capacitor, so that the VCO frequency con-
verges to the required frequency. The average
charge current (when fvco is quite different from
the wanted frequency) is about 60pA. Conse-
quently the tuning speed is about

Afvco
At

Important Remark :
Due to its loop gain the frequency synthesizer has
a = 10kHz accuracy.

= 10.5MHz/second (C41 = 10pF)
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3 - APPLICATION NOTES (continued)

f) Dimensioning the External Components
(DET, AMPLOCK, AGC, CPUMP Pins)

Example : Left channel (see Figure 10).

Left Channel, FM Demodulator
External Components

Figure 10 :

AGC

C43§
7 R36

AMPLOCK DET CPUMP

% C41
C37 ;/

R32

C38
C49
; R33
- 2

VRer

- AMPLOCK, AGC Pins :
Due to the AGC loop, the amplitude As of the
wanted subcarrier at the phase detector input is
inversely proportionnal to the external resistor

connectedto AMPPLOCK.
11kQ
(AS)PP =m[DETH BR—%

In order to maintain the phase detectorin a linear
operation (even in case of a high number of
subcarrier: 10 subcarriers), we recommand (As)
not to exeed 0.25Vpp.

For R3zs =560kQ, Aspp = 0.19 Vpp.

The Cag capacitor associated with Rse realizes a
filter which rejects all the AC components. For a
good operation, the roll-off frequency of this filter
is lower than the audio spectrum for C49 = 100nF,
fc = 2.8MHz.

The value of the AGC capacitor C43 is not very
critical, 100nF has been selected for component
standardization. However it is recommanded to
have Ca3 < 1uF for a good stability of the loop.
CPUMP Pin:

Choosing the CPUMP capacitor value results
from a compromisze. The smalleris CPUMP the
shorter is the duration of the frequency synthesis,
but atoo small value of CPUMP induces atoo fast
response of the DC compensating loop (risk of
distorsion in the low frequency audio signals).
Ca1 = 10pF is a good compromise.

DET Pins :

following is a simplified method to calculate the
components.

&r

ANB838-10.EPS
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The most severe case is : "narrow band stereo pair”
when simultaneously are required a good quality
sound and a precise control of the capture range
(due to the low frequency spacing : 180kHz (80kHz
dynamically)).

Figure 11 : Stereo Pair, Frequency Spacing and

Coverage

\
180k

50k | 80k | 50k

50k 50k

FSB L FSB R

Theoretical request : wx >50kHz, wc < 80kHz.

Actually a more severe compromise is required.

- o)1 >70kHz. Afirst margin is required to compen-
sate the phase lag which appearsin case of high
frequency slew rates (case of audio sibilance). In
practice, a further margin is given to compensate
the dispersion of the phase detector gain, even-
tually :

90kHz < . typ. < 100kHz

- wc will be choosen as low as possible to also
compensate potential level imbalance between
left and right subcarriers (2 to 3dB max. could be
measured on some broadcasted channels).

The STV42/56 circuits have been optimized to get
a 1Vpp at the DET Pin (full deviation).

Refering to realation (2) :

K Ko =22%KHZ_— 100kHzV
1Vep
choosing o = 100kHz in (1) :
- e
KD =125 1Vird
using relation (0) :
R33 :ﬁ [Rse = 180kQ,

DETH =3.1V, R3s = 560kQ

To calculate the other components Cs7, R32, would
lead to complex mathematics. A first estimate can
be done using the relations given in Annex 1.
Some experiments and calculations have given
R32 =82kQ and Cs7 = 22pF, corresponding cap-
ture range is about 52kHz.

An additionnal capacitor Css is recommanded to
give a further reduction to the capture range
(Css = 15 to 22pF).

11/37
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STV0042/STV0056 APPLICATION NOTE

3 - APPLICATION NOTES (continued)

3.2.2 - Software Description

To properly use the FM demodulators of the
STV42/56, specific software routines need to be
implemented.

This section describes three software routines :
- FM demodulation,

- PLL monitoring,

- PLL gain auto calibration.

Remark :
In this section some solutions are given, but the
software engineer may improve them for his ap-
plication.

3.2.2.1 - FM Demodulation Software Routine

As far as the FM demodulation is concerned, there
are two main cases : mono and stereo pair.

In case of mono subcarriers, itis suggested to have
both left and right demodulators demodulating the
same wanted sub-carrier (in doing so, signals can
be surely provided to the decoders).

In case of stereo pair, naturally the two demodula-
tors work on different subcarriers.

Description (Flow Chartin Figure 12)

With the STV0042/STV0056 circuits, for each
channel, three steps are required to acheive a FM
demodulation:
- 1% step :To set the demodulation parameters :

* A: FM deviation selection,

* B : Subcarrier frequency selection.

- 2nd step : To implement a waiting loop to check
the actual VCO frequency.

-3 step :To close the demodulation phase locked
loop (PLL).

Refering to the FM demodulation block diagram
(see Figure 8), the frequency synthesis block is
common to both channels (left and right) ; conse-
guently two complete sequences have to be done
one after the other when demodulating stereo
pairs.

For clarity, the explanations are based on the fol-
lowing example : stereo pair 7.02MHz/L
7.20MHz/R, deviation £50kHz max.

12/37

1st Step (left) :
SETTING THE DEMODULATION PARAMETERS

A. The FM deviation is selected by loading R5 with

the appropriate value (see Table 1).
Table 1 : Register 5 (FM Deviation Selection)

43210 Selected Nominal Carrier Modulation
Bit5=0 Bit5=1

0 000 O Donotuse |cal:donotuse=
0.3373V offset on VCO

0 00O 1| Donotuse |cal:donotuse=
0.3053V offset on VCO

0 00 10| Donotuse |cal:donotuse=
0.2763V offset on VCO

0 0 01 1f Cal. set.(2V) | calibration setting
(1V offset on VCO)

00100 592kHz 296kHz modulation

00101 534kHz 267kHz modulation

00110 484kHz 242kHz

00111 436kHz 218kHz

01000 396kHz 198kHz

01001 358kHz 179kHz

01010 322kHz 161kHz

01011 292kHz 146kHz

01100 266kHz 133kHz

01101 240kHz 120kHz

01110 218kHz 109kHz

01111 196kHz 98.3kHz

10000 179kHz 89.7kHz

10001 161kHz 80.9kHz

10010 146kHz 73.1kHz

10011 122kHz 66.0kHz

10100 120kHz 60.0kHz

10101 109kHz 54.4kHz =
default power up state

10110 98kHz 49.1kHz

10111 89kHz 44.3kHz

11000 78kHz 39.8kHz

11001 71kHz 35.9kHz

11010 65kHz 32.4kHz

11011 58kHz 29.1kHz

11100 53kHz 26.7kHz

11101 48.6kHz 24.3kHz

11110 43.8kHz 21.9kHz

11111 39.6kHz 19.7kHz

. MIGROELECTRONIGS

Corresponding bandwidth can be calculated as
follows :

Bw = 2 (FM deviation + audio bandwidth)

Bw = 2 (value given in table + audio bandwidth)

In the example : £ 50kHz

R5 Bits 7 6 5 4
1

3 2 1 O
X X 1 0 1

1 0
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3 - APPLICATION NOTES (continued)

B. The subcarrier frequency is selected by
launching a frequency synthesis (the VCO is driven
to the wanted frequency). This operation requires
two actions:

- To connect the VCO to the frequency synthesis
loop. Refering to the FM demodulator block dia-
gram (see Figure 8) :

* SW4closed O R6B2=H
e SW3tohias O R6B4=L
« SW2tobhias O R6B3=L
e SWlopenedd R6B5=L

To load R7 and R6 B6 B7 with the value corre-
sponding to the left channel frequency. This 10
bits value is calculated as follows :

Subcarrier frequency = coded value x 10kHz
(10kHz is the minimum step of the frequency
synthesis function)

Considering that the tunning range is comprised
between5to 10MHz, the coded value is a number
between 500 and 1000 (210 =1024) then 10 bits
are required.

Example :

7.02MHz =702 x 10kHz

7020 10101111 10 O AF+10

R7 isloaded with AFand R6 B6: L, R6B7: H.

The Table 2 gives the setting for the most common
subcarrier frequencies.

2nd Step (left) :
VCO Frequency Checking (VCO)

This second step is actually a waiting loop in which
the actual running frequency of the VCO is meas-
ured.

To exit of this loop is allowed when : Subcarrier
Frequency - 20kHz < Measured Frequency < Sub-
carrier Frequency + 20kHz (+ 10kHz is the maxi-
mum dispersion of the frequency synthesis
function).

In practice, R8 B2 B3 and R9 are read and com-
pared to the value loaded in R6 B6 B7 and R7
*2 bits.

3rd Step (left)

The FM demodulationcan be started by connecting
the VCO to the phase locked loop (PLL).

In practice :

- SW3closedD R6B4 =H

- SW4 opened 0 R6B2 =L

‘ﬁ SGS-THOMSON

After this sequence of 3 steps for left channel,
a similar sequence is needed for the right channel.

Note :

In the sequence for the right, there is no need to
again select the FM deviation (once is enough for
the pair).

General Remark

Before to enable the demodulated signal to the
audio output, it is recommanded to keep the audio
muting and to check whether a subcarrier is pre-
sent at the wanted frequency. Such an information
is available in R8 BO and R8 B4 which can be read.

Table 2 : Frequency Synthesis Register Setting
for the Most Common Subcarrier Frequencies

Subcarrier Frequency Register 7 | Register 6
MHz) (Hex)  I'git7 [Bite
5.58 8B 1 0
5.76 90 0 0
5.8 91 0 0
5.94 94 1 0
6.2 9B 0 0
6.3 9D 1 0
6.4 A0 0 0
6.48 A2 0 0
6.5 A2 1 0
6.6 A5 0 0
6.65 A6 0 1
6.8 AA 0 0
6.85 AB 0 1
7.02 AF 1 0
7.20 B4 0 0
7.25 B5 0 1
7.38 B8 1 0
7.56 BD 0 0
7.74 Ci1 1 0
7.85 C4 0 1
7.92 C6 0 0
8.2 CD 0 0
8.65 D8 0 1

13/37
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STV0042/STV0056 APPLICATION NOTE

3 - APPLICATION NOTES (continued)
Figure 12 : FM Demodulation Software routine Flow Chart

Relevant STV42/56
(W : Write, R : Read)

Mute Audio Output W Reg 00
-
Select FM Deviation w Reg 05 BO-5
1st Step
R w Reg 07
| Lauch Frequency Synthesis (left) |
L W Reg 06 B2 B4 + Reg 06 B6-7
-
R Reg 09 + Reg 08 B2-3
2 Step
Note 3 fop - 20kHZ < 00
< f, + 20kHz
.~
"
Demodulation Start
rd
39 Step (PLL connected to AGC stage) R Reg 06 B2 B4

| Lauch Frequency Synthesis (Right) | R Reg 07 + Reg 03 B3 B5 + Reg 06 B6-7
Wait for t,, = 100ms | Note 1
Left
Subcarrier No R Reg 08 BO
Presence
Note 4{C)— Yes (ny Note 2
Y

Watchdog (right) R Reg OA + Reg 08 B6-7

fp - 20kHz < f,c0
< f, + 20kHz

Note 3

Demodulation Start
(PLL connected to AGC stage)

Wait for t, - 100ms

Right
Subcarrier
Presence

w Reg 06 B3 B5

Note 1

R Reg 08 B4

W Reg 00

Notes : 1.ta. must be longer than the setting time of the voltage at AMPLOCK Pins. ta. canbe reduced by decreasing the AMPLOCK capacitor.

2.In points A and D different strategies may be adopted (up to the software engineer).
Suggestion : to return to B point and to have a second trial. If this second trial is not successfull, toruntillend ;in this case a randoom
noise is output and the end user is warned about the subcarrier "abscence”.

3.The frequency synthesis has a + 10kHz accuracy. But in order to give some more margin + 20kHz tolerance may be used (this
tolerance remains lower than the capture range of the PLL).

4.In point C, two different strategies may be adapted :
- either to keep muted the output till the MCU runstill E point,
- or to output the left sound on both outputs untill the MCU runs to E point, andreal stereo sound is output after E point.

14737 (37 SGS:THOMSON
» MICROELECTRONIGS
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3 - APPLICATION NOTES (continued)

3.2.2.2 - PPL Monitoring Software Routine

During the demodulation, the VCO is locked on the
wouted subcarrier frequency. If for any reason the
subcarrier desappears (signal drop out, unreliable
cable connectionto the parabola...) the VCO s no
larger locked on afixed frequency, it may drift away
and may lock on unwanted subcarriers when the
RF signal appears again.

To prevent the application from tese problems, itis
recommanded to implement PLL monitoring rou-
tine.

Description

To regularly and permanently check the VCO fre-
guency (using) the watchdog). The sampling period
may be in the range of 200ms to 500ms.

When an error is detected, the demodulationis not
imediatly stopped but an error counter is initialized.
If at the next sampling of the watchdog, there is a
new error, the error counter is incremented.

The demodulation is stopped when the error
counter reaches a fixed value (for instance 4 or 5).
If one sampling of the watchdog gives a good esult
before the error counter reaches the limit, the error
counter is reset.

Flow Chart

This function has no real start sequence, because
it permanently operates (see Figure 13).

In PointA, itis suggestedto restartthe FM demodu-
lation sequence.

Figure 13 : PLL Monitoring Routine : Flow Chart

B

Wait for
sampling period

Reset Error
Counter

Watchdog

fs - 20kHz < f,,, <fg + 20kHz
?

No

Error Counter — Error Counter + 1

Error Couter = Max.?

Al

= |
ﬁ'ﬁ AN838-13 EPS

3.2.2.3 - PLL Calibration Function
a - Reason for the Calibration

Inorderto have a good and stable quality of the sound,
itis important to precisely control the PLL bandwidth
(stable lock and capture ranges of the PLL).

Refering to the general theory of the PLLs, the lock
range can be calculated as following (also valid for
the STV42/56 circuits) :

w.=KOOKOKD (1)

where :

KO : the VCO slope (in rd/V or kHz/V),

KD : the phase detector gain (in V perRd),

K : a constant (in the case of STV42/56, this
parameter is programmable in order to
accomodate different FM deviations :
Reg 5 BO-5).

In the case of the STV42/56, most of the disper-
sions come from the KO (VCO slope), in theory
dispersions as high as + 30 to + 40% could be
expected. In order to compensate this problems
the STV42/56 circuits feature many PLL gain posi-
tions (K factor).

In order to find the optimum K factor (Reg 5 B0-5)

there are two methods :

a.l - Toimplementa testin the assembly line

This test can be described as following :

- Afulldeviation FM signal is input to the STV42/56
circuit.

- The STV42/56 is set to demodulation.

- The peak-to-peak signal is measured on the DET
Pins or on the scart outputs (in this later case no
de-emphasisand no noise reduction are preferable).

- Then with either an automatic system or with the
help of an operator, the optimum K parameter is
selected to get a 1Vpp signal on the DET Pins or
2Vpp at the scart outputs.

- The result of this test is memorized in the
EEPROM of the receiver (remark : to save time
the test can be done for only one deviation and
its result can be used for all deviations accomo-
dated by the receiver).

a.2 - To use the auto-calibration function of
the STV42/56 circuits

This second method will actually be a software
routine which is embeded in the microcontroller
software.

This second method has two advantages:

- no need for testin the assembly line (time saving,
equipment saving),

- the receiver can auto-calibrate during its life, then
compensating drifts related to time and tempera-
ture.

~-THOMSON 15737
ROELECTRONIGS
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3 - APPLICATION NOTES (continued)

b - Principle of the Auto-calibration Function

(see Figures 14 and 15)

The purpose of the auto-calibration function is to automatically measure the slope of the VCO of the PLL.
This can be done with the STV42/56 circuits when using the following software routine :

1st step

2nd step :

3rd step :

. To implement a synthesisto bring the

VCO to a known frequency (Fo)
(ex: 7.02MHz).

To use a frequency watchdog
sequence to check whether the VCO
has reached the wanted Fo frequency.
To generate a well known voltage
increase AV in the drive of the VCO
(this function can be done with the
autocalibrationsetting of the STV42/56
circuits (Reg 05 loaded with value 03
or 23)).

AV =1V forReg 05: 23

AV =2V for Reg 05: 03

4th step

. After a well known delay, the new

frequency (Fe) reached by the VCO is
measured with the frequency
watchdog function.

Remark : The delay to be given must
be higher than sampling period of the
watchdog (100ms). And since the
internal timing of the watchdog is not
known, we think thatthe optimumdelay
is 200ms.

With all above steps, the VCO slope can be calcu-

lated as follows : KO =

Figure 14 : PLL Demodulator, Auto-calibration Function

Fe + Fo
AV

RF Signal —C

VREF (blaS) —

KO

— X DET Pin
FM Dev.
Select.
vV K VREF | 3 |Leakage
+1 |

SWA is opened during the auto-calibration

AV =1V or 2V

CPUMP Pin

:

Figure 15 : Auto-calibration Timing, Diagram of the Potential Drifts

Slope due to
leakages
‘ kl—-—
Av ¢ \ vCo
/ T 01 02 Ideally Drive Voltage
-
‘ f_
= %
Af \ \f \er
— r . vco
/ T Frequency
'
1st Step 8, = 200ms
o 3‘:1 (4th 5 ) (4th S‘\t ) 9, : defined
n r ep), ep), _ . .
Step  Step Optional fz : required information
16137 $GS-THOMSON

19731
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3 - APPLICATION NOTES (continued)

¢ - How to Use the Results

of the Auto-calibration Routine

Let us keep in mind that the final objective is to get
a PLL gain or a lock range as close as possible to
its optimum value.

Coming back to relation (1) :

L = KOTyp. (Ktable KD = KOact Keorrected LK
KO1yp. : isthe VCO slope when there is no dispersion.
Ktable . is the required coefficient (Reg 05 b0-5),

when KO has no dispersion.
KOact  : the actual measured value
(with the auto-calibration).

Keorrected : the coefficient that will be set after the
auto-calibration.

How to select the optimum setting in the FM
deviation table (Reg 05 B0-5)
In the FM deviation table of the STV42/56 circuits,
each step producesa 11%increase :

Kn+1/Kn= 1.11
Consequenctlythe maximum allowed dispersion a

of the slope KO before a correction is necessary, is
the dispersion which respectsthe following relation :

(I1+a)=(1-0) .11 O o =5.26%
Repeting the same idea, it is possible to build a

table of the required correction versus the disper-
sion of the VCO slope. Proposed table :

In this table R is the ratio : KOact / KOryp.

Rmin. <R< Rmax. Required correction
------ 0.692 -4
0.692 0.768 -3
0.768 0.853 -2
0.853 0.947 -1
0.947 1.0526 No correction
1.0526 1.168 +1
1.168 1.297 +2
1.297 1.44 +3
144 + 4

+ 1 means : for a given deviation, + 1 is added to
the typical value which is loaded in Reg 05 (exam-
ple for = 50kHz, typical value is 36h and the cor-
rected value is 37h).

Remark : In general the correction will not exceed + 2.

In practice

In practice the microcontroller which are used inthe
satellite receivers seldom have advancd arithmetic
processing functions (such as division). So, we
propose to compare the actual result (Fe - Fo) toits
expected typical value &n.

Oth = AV [KOrmyp.
AV : 1V for Reg 05:23h and 2V for Reg 05:03h
KOTyp_ . 460kHZ/V

To select the corection to be implemented, a table
similar to the above described one can be used.

Ay SESTHOMEC
| MICROELECTRANICS

The selection range of this new table is :
Oth [RMin. < Fe - Fo < 8th (Rmax.

d - Additionnal Advices

about the Auto-calibration Function

d.1 - When to implement the auto-calibration
function ?

It is suggested to implement the auto-calibration
function when the end-user turns-off the satellite
receiver (remote control command or front panel
command).

This position of the auto-calibration function offers

two advantages:

- The receiver is auto-calibrated when the part is
already warmed-up. In this way potential drift
related to temperature are taken into account.

- The auto-calibration is done when the end-user
no longer wishes to use the receiver, conse-
guently the duration of the auto-calibration rou-
tine (about 1s) is nolonger an inconvenience.

d.2 - To minimize the errors coming from
voltage offsets

There are two settings of Reg 05, 03 and 23 which
can be used for the auto-calibration, but in preac-
tice we suggest to use Reg 05 : 03 because it
produces a higher voltage increase in the VCO
drive. In such a case the offset voltages have
relatively less influence.

d.3 - Compensation of the drifts appearing on
CPUMP (see Figure 15)

To be efficient, the auto-calibration routine must be
as precise as possible.

For this reason we would suggest to compensate
some errors which may happen during the auto-
calibration routine.

More precisely, it has been noticed that small leak-
age currents produce a drift of the CPUMP voltage
which also drives the VCO. Consequently,because
of therequired delay betweenthe 3rd and 4th steps
of the auto-calibration routine, a small error € may
be induced in the drive voltage of the VCO.

Suggestion:

To repeat twice the 4th step (frequencywatchdog).
The first time about 200ms after the 3rd step. The
second time after a well known duration after the
first time.

Assuming that the drift is linear, it is possible to
correct the first reading.

Additionnaly to minimize the leakage currents
which would induce a drift of the CPUMPvoltage, it
is suggested not to connect the PLL circuit to the
incoming RF signal, but to keep the phase detector
input to bias (ex: if left channel is calibrated
Reg 06 B2 =Land Reg 06 B4 = L).
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3 - APPLICATION NOTES (continued)

e - Suggested Flow Chart

Following is a suggestion which has not been
tested in SGS-THOMSON laboratory yet.

Figure 16 : Auto-Calibration Flow Chart

Start

Synthesis
VCO - fy

fueo = fo + 20kHz

AV on VCO
(auto-calibration)

Wait for 6,
(ideally 200ms)

Read watchdog
f

e

Wait for 6,

Read watchdog
fez

Calculate fz
fromf, and f,,

Calculate
Correction

Save results in
EEPROM

|
END

Reg 05 ~ 03
Reg 06 ~ 00
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3.3 - Audio Processing

Figure 17 and Figure 18 give the architecture of the
audio processing part of the STV42/56 circuits.

The main functions of the audio processing part
are:

- the audio noise reduction system (ANRS),

- the audio de-emphasis,

- the volume control with the mono stereo switch,
- a switching array,

- input/outputbuffers.

3.3.1- Audio Noise Reduction (ANRS)

About the ANRS, there is a main difference
between the STV0042 and the STV0056.

In the STV0042, the input signal of the ANRS is
the sum of left and right (L + R) (see Figure 19).
Whereas, the STV0056 has two inde-
pendant ANRS (one for left and one for right)
(see Figure 20). For this reason, it is recom-
manded to use STV0056 when "Panda” qualifica-
tion is targeted.

Additionnally, as far as the ANRS input is con-
cerned, the STV0056 offers two options (K4) ;
either the decoder return or the FM demodulator
output. The decoder return has been implemented
provisionnaly, but so far, the second output is re-
quired : FM demodulator output.

3.3.1.1- Principle

The basic idea of the ANRS is to controlled the
bandwidth of the output gm amplifier versus the
amplitude of the demodulated audio signal coming
from the FM demodulator.

To do so, the ANRS implements three main func-

tions:

- An external band pass filter which rejects the
undesired signal components which remains at
the output of the FM demodulator.

- The filtered signal is rectified, so that the DC
voltage at Pin PKOUT is an image of the audio
signal amplitude.

More precisely :

(Vpkout - VRer) =k . A= control signal
with K = proportionnality coefficient
and A = amplitude of the audio signal

- The output stage is an amplifier whose transcon-
ductance is a function of the control signal
gm = f(control) =f (K. A)
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3 - APPLICATION NOTES (continued)
Figure 17 : STV0042 Audio Processing Block Diagram (Channel Left)
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Figure 18 : STV0056 Audio Processing Block Diagram (Channel Left)
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3 - APPLICATION NOTES (continued)

Figure 19 : STV0042 ANRS Block Diagram

FM Demo Right
FM Demo Left

STV0042

BPF : Band Pass Filter

\
L
P To Audio
De-emphasis
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ouT
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R51 C58 R60 R53
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4 C66 C60
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Figure 20 : STV0056 ANRS Block Diagram
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3 - APPLICATION NOTES (continued)

3.3.1.2 - Dimensioning the External
Components
a) TheBand Pass Filter : BPF

The output signal of the FM demodulator contains

different components :

- The desired demodulated signal,

- beat signal of the unwanted subcarriers with the
VCO frequency,

- beat signal of the attenuated video with the VCO
frequency (attenuated video : the input filter Cas,
Ris, R17, L, C24 does nottotally reject the video).

The amplitude of the beat signals cannot be ne-
glected when the desired audio signal has low
amplitudes. Consequently, it is necessary to filter
the signal before the rectifier.

For abetter efficiency a 12dB/octavefilter (order 2)
is prefered.

The suggested solution (Figure 21) is a simple,
low-cost, activefilter (using a Sallenand Key struc-
ture).

Main characteristics :
ZIN = few kQ, Zo < 100Q, Bandwidth = 15kHz,
Attenuation at 80kHz = 25dB, Peaking = 1.3dB

A small peaking has been prefered to provide a
small correction of the frequency response of the
complete ANRS.

Figure 21 : Example of Simple Band Pass Filter

b) Input and Output Circuitry of the Rectifier
(R117, C115, C112, Ru13)

Cuis is necessary because the rectifier requires a
capacitive coupling with the BPF. C115 value is not
critical (C = 220nF).

R117 value combined with an internal 68kQ resistor,
gives the gain of the rectifier :

(VPkout - VrRer) = KA

WithK’:i%
R117

Ci12 : Combined with an internal 5kQ resistor, the
Ci12 capacitor produces a time constant which is
optimized in order to have the lowest overshoot as
possible on the rising edge of the 2Hz/4 + 1 burst
pattern used in the PANDA qualification.

Once Cai2 is fixed, R113 is choosen to produce a
delay time constant which compensates the en-
velop appearing at the beginning of the low ampli-
tude session of the 2Hz/4 + 1 burst pattern used in
the PANDA qualification. Good compromise with
R113 = 560kQ.

Remark : The Rectifier is not a full wave one, it
works with negative halfwaves.

LEVEL

R114 R116

C114 To R117

R115

THORK
REF  B:REF 4TRS_8  -23.8a31 4B
5. AR 1BA.9 LEFT

AE . deg

;1 RIGHT

‘ﬁ SGS-THOMSON

C113 g St [, - TR o 34 ; [
Div Biv STOaRT i UHE.EHED Hz
5. @848 Jn.08 =TGR B8 PUE. 888 Hz
RBl: JBB Hz S§T:13.7 sec RANGE:R= 1@,T= 20dEm
Div=_2. BOBRAE-05
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STV0042/STV0056 APPLICATION NOTE

3 - APPLICATION NOTES (continued)
¢) Load of the Output Amplifiers
(Reo, Ce6, Rs3, Ceo)

Looking at more in details, the output amplifier can
be described as given in Figure 22.

Figure 22 : ANRS Output Amplifier Structure
Control
To Audio
+ De-emphasis
From FM e
Demodulator }m" 7
\
1 R60 R53 ‘
\7 \Q] ‘
VO’L C66 = C60 ‘
” 2 ZL, i 7 i J
. .Vo_ tgmZ
with such a structure : Vv, S1tgmz (1)

In order to simplify the calculations, it can be no-
ticed that the R60 C66 filter only operates at very
low frequencies, and assuming that Reo >>Rs3, the
impedance Z, can be reduced to (Rs3 + Cep).
With such assumptions

Vo _
\

Rs3 Ceop + 1

0 1 0
ORss +— OLCe0 p+ 1
O ampg

p : Laplace operator (p = j211f in the frequency field)
gm = f(control)

Conclusion :

The output stage of the ANRS behaves as a filter
having a fixed zero and a variable pole (depending
on the audio level) (see Figure 23).

Figure 23 : ANRS Output Amplifier,
General Frequency Response
Vo!/ Vi 1 (zero)
A 2TTR53 - C60
/ i

1

27T C60 ( R53 L )
(pole) m

The ANRS is used in combination with the 75us
de-emphasis ; consequently the (zero) frequency
is choosento compensate the de-emphasis

O Rs3 Ce0 = 75us
The value of R53 is optimized in order to get the
flatest frequency response as possible at levels
(PPL - 18dB) and (PPL - 28dB) of the PANDA

22/37 ‘y_.
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gualification (PPL : standing for peak program level
which is equivalent to full deviation + 50kHz)

Insummary : | Rss [Ceo = 75Us

Rs3 and Ri17 optimized to get flat
frequency response with (PPL-18dB)
and (PPL-28dB).

Reo Ces Filter : Without this filter, when the audio
signal is very low (Vekout = VRer) or when there
is no signal, the 1/gm value reaches very high
values (several MQ) ; under those conditions the
FC Pins have a very impedance and become a
noise pick-up. With the Reo Ces filter, the maximum
impedance which can be reached by the FC Pins
isclipped to the value of Rep ; the S/Nratio is greatly
improved. Ces is not actual (Ces = 10nF).

3.3.1.3 - Results with PANDA Encoder
Refering to the STV0056 specification.
a) Distorsion is lower than 1% at PPL

b) Crosstalkis typically lower than 60dB in stereo
at 1kHz
¢) Signalto noise ratio unweighted
(output level : 0.77Vrms)
S/N = 67dB typ.
S/N O 74dB typ. (with 400HzHPF)
d) Frequency Response at (PPL - 18dB) and
(PPL - 28dB) (see Figure 24)
e) Compander Gain Tracking
Input Level 400Hz 10kHz Limits
PPL 18dB 16dB 23/17dB
PPL - 10dB 11.4dB 8.4dB 23/17dB
PPL - 20dB 0 0 Reference
PPL-30dB | -11.1dB -8.8dB -13/-7dB
PPL - 40dB -20dB -17.8dB -23/-17dB
PPL-50dB | -29.4dB -27.4dB -34/-26dB
PPL - 60dB -37dB -36dB -47/-33dB
Figure24: O :PPL-18dB. @ : PPL- 28dB
NE THGRK
ALREF BiREF
2,868 iBB.a

L .ds 10 deg 1

- 4 - o 4 1
STRRET

[BRAT niv =g.580 Hz
=y talal Go. 882 STCP 15 HEd, 9RE ke
REM: B Hz 5T:3.528 min RAMGE:R= E,T= BdBn

RELi=_17 HZ

AN838-24.TIF



STV0042/STV0056 APPLICATIONNOTE

3 - APPLICATION NOTES (continued)
3.3.2 - Audio De-emphasis

The audio de-emphasis functions are simply
realized with transconductance amplifiers loaded
by external loads whose impedance follow the
required de-emphasis laws (see Figure 25).

With such structures :
Vour=VinOma (1)
Z\ : Output Impedance (external circuit)
3.3.2.1 - Dimensioning the External

Components
a) J7 De-emphasis (STV0056 only)

Using relation (1) :
Vo7 _ R107 OCi08 (o + 1
Vi HR106+ RlO?E[ClOB h+1
p : Laplace operator (p = j21f in the frequency field)

The DC gain of the J17 de-emphasis is dimension-
ned in order to comply with the scart recommanda-
tions : Vour scart = 1VrRMs 3dB at full deviation.
Taking into account the 6dB gain of the scart
drivers.

_ VouT scart

Voi17 = > =0.5Vrms = 1.41 Vpp

av O
Dﬂ [bc = gm [Raos
oVio

with gm = (integrated characteristics)

10.8kQ
V| = 0.44 Vpp (at low frequencies of a J17 pre-
emphazed signal)

Figure 25 : Audio De-emphasis Solution

0 Ri1o6=34.7kQ O Rios =36kQ (2)

As far as AC characteristics are concerned :

1
3) ——=———=——=4135Hz
®) 21 R107 (108
(zero of the J17 curve)
4) L = 477Hz

21 ( R106 + R107 ) [ICp
(pole of the J17 curve)

Combining (2) (3) (4) :
R107 =4.69kQ 0O Rig7 =4.7kQ
C108 =8.19nF O Cios =8.2nF

Remark about J17

1) Due to the zero of the J17 law, the high

frequency signals contained in the input signal
are not completely attenuated. This explains
why the beat frequency produced inside the
PLL sectionremains present at the scart output
when J17 is selected.
If the user prefers to give a further attenuate to
the high frequencysignals, optionnallyCop can
be used (Copt is choosen to produce a
additional pole at about 20kHz). In theory
Copt = 1.9nF (1.5nF can be also selected for
standardization of values).

2) Under certain conditions it is possible to
implement both J17 and 50/75us with
STV0042 (please refer to "Application options”
Chapter 4.2).

-
From _ To Switch
Switch »
K3
Ji7
Vi
J17L uU75L
--
I
C108
Copt= R106 c39 R34 |Vors
| Vo17 or
|
: R107 Voso Rb - 0,66
| Ra + Rb '
VRer —* ‘

‘ﬁ SGS-THOMSON
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STV0042/STV0056 APPLICATION NOTE

3 - APPLICATION NOTES (continued)

b) 75us De-emphasis

When the 75us de-emphasisis selected, SW1 is
closed and SWO is opened.

The de-emphasis amplifier is only loaded by the
external Cag Ras filter, and with SWI the input level
is attenuatedin order to have similar output levels
for both 75 and 50ps de-emphasis.

DC gain:

Vors =Via gm ORag

with

Vor5 =1.41 Vpp O R34=25.4kQ 0O 27kQ
gm =1/10.8kQ

Via =0.66 V|

V| =0.905 Vpp

AC characteristics :
R34 C34=75us O Czg=2.7nF

¢) 50us De-emphasis

When 50us de-emphasis is selected, SWL1 is
opened and SWO closed.

The load of the de-emphasis amplifier corresponds
to the external filter in parallel with an internal
resistor Rn.

This configuration would give a lower DC gain, but
in compensation the input signal is not attenuated
(SW1: opened).

Remark : In theory Rint value should be equal to
2 xR34. This not the case. This imperfection of the
circuit will be corrected in a version which will be
launched lately (STVO056A).

d) General Remark about the Audio

De-emphasis
When the audio de-emphasis Pins are not used, it
is required to directly connect them to VrEer.

3.3.3 - Volume Control, Mono Stereo Switch

Most of the informations relevant to the volume
stage are given in the specification.

The mono/stereo switch allows to output on the
volume controlled stage either the stereo signal or
twice left or twice right.

Remark : The mono/stereo switch is only available
on volume outputs.

In case of multilingual channelsitis preferable to
set the two FM demodulators on the same subcar-
rier, so thatthere is no problem for the other outputs
: S2and S3.

24/37
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3.3.4 - Switching Array
The STV42/56 circuits offer many switching con-

figurations, please refer to the specification for
details.

3.3.5 - Input/Output Buffers

a) The input buffers (S2RTN, S3RTN Pins) have
two important characteristics :
- the inputimpedance is 25kQ typically,
- a 6dB attenuation: allowingto acceptsignals
as high as 2Vrwms.
b) The outputbuffers (S20UT, S30UT Pins) have
the following characteristics :
- 6dB gain : in order to have a 1Vrms output
signal at full deviation,
- can be setto high impedance, this feature is
interesting for twin tuner applications,
- output impedance Zourt is about 60Q (in
active mode).
Remark :
Under certain conditions, this rather low imped-
ance (60Q Typ.), allows to realize the (L + R)
function (required to drive the RF modulators) by
simpling using two resistors without inducing high
level of crosstalk (see Figure 26).

The crosstalk level can be calculated as

Ctk = ﬁ withVz =0
V1

assuming Zout << R, and Req = R//Z\

Req
Vi R+ Zout DReq +R

Example :

a RF modulation with Zin = 10kQ and requiring
1.24Vpp at full deviation

O R=27kQ

0 (Ctk)as =-66dB

Figure 26 : Simple (L +R) Function

for RF Modulator Drive

To Scart

To RF
Modulator
(Zi)

To Scart

. MIGROELECTRONIGS
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STV0042/STV0056 APPLICATIONNOTE

3 - APPLICATION NOTES (continued)

3.4 - Others Functions, Miscellaneous
3.4.1 - Power Supplies

For operation, the STV42/56 circuits simultane-
ously require both a5V (Vbp) anda 12V (Vcc). Due
to an internal reset function, the STV42/56 circuits
stop working when either the 5V or the 12V line is
faulty (or both). Under this condition all the registers
are reset and the 1°C decoder stops operating.

Remark : Thereset signalis available at Pin I/O of
STV0056 when R5 B7 = Hand R5 B6 = L. Reset
signal is active high.

Important Remark :

For power consumption and reliability, it is not
recommanded to only supply either the 5V or the
12V. Under those conditions, high currents may
circulate in the ESD protection circuit (electrostati-
cal discharge protection diodes).

3.4.2 - Active/Stand-by Modes

The STV42/56 circuits features a stand-by mode in
which the power consumptionis greatly decreased
(one thrird). However in this stand-by mode the
following functions remain active :

- 12C bus decoder,

- audio switching matrix,

- video clamp and switching matrix.

With such a configurationit is still possible toroute
signals during the stand-by mode of the receiver
(example : to connect the VCR scart audio and
video signals to the TV scart).

To enter or to exit the stand-by mode is simply done
by driving R0O4 B3.

Remark :

To minimize the power consumption in stand-by, it
is recommanded to set as many audio and video
output stages in high impedance modes (mini-
mizes the STV42/56 consumption and turns off the
external 75Q video buffers).

3.4.3 - Crystal/ Clock

Two functions of the STV42/56 circuits require a
precise reference frequency : the 22kHz tone gen-
erator and the frequency synthesis function of the
FM demodulator (required accurary < 0.4%).

Two possible frequencies can be selected 4MHz or
8MHz (R02 B3).

The clock pin XTL of the STV42/56 have been
designed to either work with a external crystal or to
be anclock input. Forinstance, this second solution
can beused ifthe microcontroller work with a 4MHz
or 8MHz crystal (see Figure 27).

‘ﬁ SGS-THOMSON

Figure 27 : External or Internal Clock Generation
]
]
' MCU
STV42/56 | STV42/56
]
1 | oscin oscourt
]
XTLl ' XTL
22pF ! F"T
T PD%E* !
or 1
mebil =
;)_, : few kQ < R < 30kQ
]
(D) INTERNAL * (2} EXTERNAL C not critical
Remark:

If for cost reasons, clock signals with an accurary
ranging from 0.3 to 0.6% are prefered, please
contactwith SGS-THOMSON.

3.4.4 - 22kHz Tone Generator

The STV42/56 circuits can generate the 22kHz
tone signal required to control the LNB systems.
The actual frequency is 22.22kHz ; the frequency
accuracy is very high because the tone signal is
derived from the clock signal.

Depending on the register settings, there are sev-
eral possibilities to get the 22kHz tone :

STV0042 Pin13 R03B3:H andRO1B7:L
STV0056 Pin16 R0O3B3:H andRO1B7:L
STV0056 Pin29 RO05B6:H

Remark :

When STV0042 Pin 13 or STV0056 Pin 16 is used

to generate the 22kHz tone signal, some care must

be taken to avoid crosstalk on the VIDEEM1 Pin :

- to limit the parasitic capacitance of the PCB
between VIDEEM2/22kHz Pin and VIDEEML1 Pin
(optionnally some ground shielding track can be
layout between those 2 pins).

- Optionnally, the slew rate on VIDEEM2/22kHz
Pin can be decreased by connecting a capacitor
to ground (= 100pF).

- The equivalentimpedance at VIDEEML1 Pin can
be decreased (see last remark of para-
graph 3.1.1.3).

3.4.5 - 1/O Interface

The Pin 29 of STV0056 circuit can be set as a
general purposedigital I/O (Input/Output).To do so,
RO5 B6 B7 RO06 B0 B1 are needed.

For example in combination with a resistor divider,
this I1/0 may be used to monitor the Pin 8 of a scart
connector.
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STV0042/STV0056 APPLICATION NOTE

3 - APPLICATION NOTES (continued)

3.5 - PCB Layout Recommandations

The pinout of the STV42/56 circuit has been de-
fined to, in the widest extent as possible, simplify
the PCB layout.

Dual in line plastic packages (SDIP42 or SDIP56)
have been prefered to offer a low cost solution.
Additionnaly with these packages very compact
and efficient layout can be design by soldering
surface mounted devices (SMD) under the circuit.

3.5.1 - Power Supplies and Ground Paths

With reference to the STV42/56 pinnout and to the

Figure 30 of the specification (page 21/33 of the

specification dated June 95). The STV42/56 cir-

cuits feature :

- 3 independants power supply lines (5v, 12V
Video, 12V Audio),

- 4 independants ground pins (GND 5V, Video
Ground, Audio Ground Left, Audio Ground Right).

In such as a configuration, to avoid interferences
between the different supply lines, it is important :
(see examplein Figure 29).

- To make a star connection of the four ground
tracks.

- To have short connections to the decoupling ca-
pacitor of each supply line (at least to the ceramic
capacitor which realizes a good decoupling of the
high frequency components of the supply cur-
rent).

3.5.2 - IrRer/VREer Pins

With an external 240kQ 1% resistor (or very close
value), the Irer Pin is used to produce a 10pA
reference current which is used to bias most of the
internal functions of the circuit.

The ground point to which this external resistor is
connected must not be polluted ; ideally it is the
audio ground right pin or in between audio ground
pin and the ground star point.

A VRer line (2.4V) is generated by the STV42/56
circuits. Thisreference line is used to bias the audio
stages (audio de-emphasis, noise reduction). Typi-
cally a 470pF external capacitor Cao is used for
decoupling, preferally this capacitor is connected
close to the Vrer Pin.

26/37
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Optionnally, to improve the left to right crosstalk at
low audio frequencies, low pass filters can be used
for both left and right current paths ; those two filters
are connected to the Vrer decoupling capacitor
Cao (see Figure 28).

Figure 28 :  Optional Vrer decoupling with
Separated Left and Right Paths
From From

J17R U75R DETR

VRer

J17L U75L DETL

100pF Cc40 100pF
v s 4

3.5.3 - Insulation between the Video Inputs
and Outputs

Alot of care must be given in making two separate
ground paths one for the video input, the other for
video outputs.

Reason : Due to the low impedance (75Q) of the
video sources (TV return, VCR return, decoder
Return) and of the video outputs (TV out, VCR out,
decoder out), even small commun PCB pattern
produces important crosstalk.

Example:a 0.1Q communimpedance onthe groud

path between the input and the outputs would
generate (-57dB) of crosstalk.

3.5.4 - Insulation between Video Outputs

Again due to the low impedance it is important to
minimize the commun impedance between the
different outputs.

To do so, it is preferable to make a star connection
with the output video buffers and with the video
ground of each output connector (GND1, GND2,
GND3) (see Figure 29).

Additionnaly it is recommanded to have a short
connection between the ground star pointand the
video (12V) decoupling capacitor, C33.

ANB838-28.EPS
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3 - APPLICATION NOTES (continued)
Figure 29 : PCB Layout, Ground Pattern (good and uncorrect layout)

DELRTN N VCR RTN . TV RTN .

! EJ EJ

R g A ey o e A B i
i i 1

Video Input GND ) . . o
'_I= - 12V
Option {F Video i
12V Buffers
GNDI I
GOOD STV0042/STV0056 \G/iﬂeDoowput
LAYOUT GND1 GND2 GND3
|j RN |j R A
. 5 ; /L 5 /L ; /A

[

i

qn
e

UNCORRECT STV0042/STV0056
LAYOUT

3.5.5 - Insulation between Video Inputs It is also recommanded to layout a ground shield.
As usually required with video signals, it is recom-
manded to minimize the parasitic capacitances 3.5.7 - Video Crosstalk on the Right Channel

between the video inputs. N . .
For memory, one pF (picofarad) parasitic produces Due to the circuit pinnaut, the right channel noise
’ reduction circuit is quite close to the video section.

about 61dB crosstalk at SMHz. When possible, to This remark is particularly important for FCR Pin

E'rgumt'Eg:&':e%iﬁic:}%%%e{rgc?éound shield can be which drives a high impedance (= 51kQ at 15kHz
y ' when the audio signal is low amplitude).

3.5.6 - 22Hz Tone Influence on VIDEEM1 If no care is taken in the PCB layout, the video

When the VIDEEM2/22kHz Pinis used as a 22kHz crosstalk may jeopardize the audio S/N which may
fone generator some care has to be taken in the ~ Pecome critical when applying for PANDA qualifi-
PCB layout. cation.
The 22kHz tone track must be layout as far as Consequently, it is recommanded to minimize the
possible from the VIDEEM1 Pin and from R1o, Ru, capacitive couplingbetween FCright and the video
Ci3, Ry, Ci2. tracks.

L7 865-THOMSON 21317
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STV0042/STV0056 APPLICATION NOTE

4 - APPLICATION OPTIONS

This part refers to some specific application cases (not typical cases).

4.1 - Simplified Video De-emphasis Channel

Some specific applications, or some specific mar-
kets do not require to ouput a baseband signal.
Under this condition it is possible use the applica-
tion diagram given in Figure 30.

The conventional emitter follower stage Q used at
the tuneroutput is changed into a voltage amplifier
(gain = 3), and the video de-emphasisis done with
the filter (Ra, Rp, C).

To recover the correct phase the inverter stage is
set by software RO1 B6. The de-emphasisamplifier
is turned into a follower stage.

Remark :

Ra is choosen around 1kQ in order not to be
sensitiveto the dispersion of the input stage imped-
ance.

Advantages :

Compared with the typical application, this circuits

offer two advantages:

- to save one electrolytre capacitor (C13),

- to drive the input stage with attenuated high
frequencies, this helps to minimize the potential
intermodulation between the FM subcarriers with
the video or the intermodulation of the parasitic
side bands produced by the tunerwith thewanted
channel.

Figure 30 :

Simplified Video De-emphasis Channel

4.2 - J17 De-emphasis Generation with STV0042

In some specific applications, such as add-on
board in TV set, the J17 de-emphasis may be
required. There are two solutions (see Figure 31).

Solution 1

This solution canbe implemented whenthe S20UT
and S2RTN are not required (no interface with
decoder or when the interface function is imple-
mented on the TV main board. In this solution, the
PLL demodulator output signal is sent to S20UT
Pin (switch K5 to C, see STV0042 specification).
And a J17 filter (R1, Rz, C) is connected between
S20UT and S2RTN.

Remark :

With this solution, at full deviation the level is 1Vpp
at S2RTNPIn. The level difference with 75us needs
to be compensated by the volume stage (+3dB).

Solution 2

When solution 1 cannot be implemented, a second
solution which switches de-emphais filters at
U75 pin can be used.

The switch can be simply realized with PNP bipolar
transistor, this solution does not provide distorsion
if the base of those transistors is properly pulled
down to the ground (R1 and Rz < 10kQ).

The control is done by two switches (transistors, or
MCU 1/O) which are in opposite state

(K1 closed = K2 opened, and vice-versa).

12v

To FM Demodulation Section
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STV0042/STV0056 APPLICATIONNOTE

4 - APPLICATION OPTIONS (continued)
Figure 31 : J17 De-emphasis with STV0042

STV0042

b ¢
To Volume O fO

STV0042

27kQ

36kQ
47kQ gonF N

2.7nF

&

Q1 Q2
* -l Vrer
R1 K1 N R2 K2 . N

©)

4.3 - Simplified Audio Noise Reduction or
No Noise Reduction

When it is not required to perfectly match with the
PANDA noise reduction, the external filter used
between LEVEI and PKIN Pins of STV0056 or
SUMOUT and PKIN of STV0042 can be simplified
(see Figure 32).

When no noise reduction is required, the following

changes needs to be implemented in the applica-

tion :

- to take all components connected to Pin LEVEL,
or SUMOUT, PKIN, PKOUT, FC,

- to keep floating LEVEL or SUMOUT Pins,

- to connectto Vrer : PKOUT, PKIN Pins,

- to connect FC Pin either to Vrer or GND.

4.4 - Audio Mono Applications

This kind of application may be required for collec-

tive receiving systems where audio mono channels

are processed. For those applications, more likely

the STV0042 is choosen, and the following

changes are recommanded :

- to remove all the components relevant to one
channel (for example left)

‘ﬁ SGS-THOMSON

- Following pins must be grounded:
AGC, AMPLOCK

- Following pins must be connected to Vger :
DET, U75, CPUMP, FC

- The capacitorC40 may be reduced to 10 or 22F.

- The resistor Rs7 must be reduced to half value
(about 13 to 15kQ) in case of STV0042.

Atypical audio mono application diagram is given
in Chapter 7.

Figure 32 : Noise Reduction, Simplified BPF
SUMOUT PKIN
or or
LEVEL L,R PKIN L,R |
5.6kQ 22kQ  220nF

|_I

L.
-
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STV0042/STV0056 APPLICATION NOTE

5 - TWIN TUNER APPLICATIONS

It is very easy to build twin tuner applications with
STV42/56 circuits without extra audio and video
switching hardware.

Twin applications are simply realized by paralleling

the audio/videoinputs and outputs (see Figure 33).

- The audioinputs impedanceis 25kQ, so a parallel
configuration gives 12.5kQ (still compatible with
the Scart standard).

- The video inputs impedance is a few kQ, so by
far enough for parallel configuration.

- The audio and video outputs feature a high im-
pedance mode (accessed by software) which
allows to directly connect the outputs one to the
other. By software one output is set to high im-
pedance mode while the other is active.

Remark : Per default, to avoid conflicts at power-up

all audio and video outputs are set to high imped-

ance mode.

To avoid 1°C bus address conflicts, the STV0056

feature a hardware address pin HA which is used

to define two addresses.

Twin tuner applications can be realized either with
two STVO0O056 circuits or with STV0056 + STV0042.

6 - SATELLITE RECEIVER BUILT INVCR
OR TV SETS

ers, however here are some suggestions:

J17 with STV0042

Please refer to the chapter "Application Options”
(section 4.2).

Clock Generator

In these applications, in order notto route a disturb-
ing 4MHz or 8MHz clock signal from the main
chassis ; the clock signal is generally generated
locally on the add-on board.

There are two options :

- to use 4 or 8MHz crystal with the STV0042 circuit,

- or to use the 4MHz clock signal which is often
generated inside the tuner (this point has to ne-
gociated with tuner makers).

Power Supplies

As mentioned in chapter "Other Functions/Miscel-
laneous” (section 3.4.1) , it is important to simulta-
neously maintain or turn-off both the 5V and 12V.
It is important to bear this point in mind when
designing the power system of the VCR or TV set.

Remark : Thanks to the low power consumption
mode of the STV42/56, the power consumption
remains reasonnable even when the add-on board
is supplied during the stand-by mode of the VCR
or TV set.

For cost reasons, in these applications the 22kHz Tone
STV0042 may be prefered. The add-on applica- The signal can be output at the
tions are basically the same as stand alone receiv- VIDEEM/22kHz Pin.
Figure 33 : Twin Tuner Applications. No Extra Switching Hardware Required.
l: Video ™
TUNER 1 | T TV
\Y SCART
0 Audio
;@‘ﬂ 0 > P °
” 5 e
I2C Bus 6 ) ™S
[: Vid
O laeo [ &
VCR
SCART
Audio
5 RS
Video ™
8 ..__| 10
ﬁi TUNER 2 [H S 9
T DECODER
AV = SCART
0 Audi
svias g A
5 12-14 2 -
6 27-28

30/37

. MIGROELECTRONIGS

ANB38-33.EPS



STV0042/STV0056 APPLICATIONNOTE

7 - TYPICALAPPLICATIONS DIAGRAMS

This chapter is simply a compilation of different typical application diagrams

7.1 - STV0056 : 3 Scarts PAL/Europe Application (Figure 34)

Figure 34
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STV0042/STV0056 APPLICATION NOTE

7 - TYPICAL APPLICATIONS DIAGRAMS (continued)

7.2 - STV0042 : PAL/NTSCApplication (2 video de-emphasis) (Figure 35)

Figure 35
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STV0042/STV0056 APPLICATIONNOTE

7 - TYPICAL APPLICATIONS DIAGRAMS (continued)
7.3 -STV0042: PAL M / Brazil Application (Figure 36)

Figure 36
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STV0042/STV0056 APPLICATION NOTE

7 - TYPICAL APPLICATIONS DIAGRAMS (continued)

7.4 - STV0042 : Audio Mono Application, with Simplified Audio Noise Reduction (Figure 37)

Figure 37
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STV0042/STV0056 APPLICATIONNOTE

8 - POTENTIAL PROBLEM AND SUGGESTED SOLUTIONS

This chapter deals with potential problems or undesired effectsin the application and suggests solutions.
Remark : SGS-THOMSON will improve points 8.2, 8.4, 8.7 which directly depend on the STV42/56 circuit.

8.1 - Sound Cracking and Distorted Sibilance

When the characteristics of the PLL demodulator

are not optimized, two effects may happen :

- Distorted sibilance ("S” sounds are emphazed) :
this corresponds to a too narrow lock range.

- Small crackles (click) : this corresponds to a too
wide capture range.

If such effectsappear, it is important to check that
the PLL gain is properly calibrated. To do so, a test
signalis suppliedto FMIN, and a 1Vpp + 8% ideally
(or £ 10% can be accepted) must be found on the
DET Pin.

Test Signal : FM subcarrier : + 50kHz full deviation,
400Hz modulating frequency

Very likely, a too large signal on DET Pin corre-
sponds to distorded sibilance, and a too low signal
corresponds to sound cracking.

After this test, the PLL calibration procedure must
be optimized (see section 3.2.2.3).

Some crakles may remain on some paticular
channels which slightly overmodulate. Normally
this caseis corrected inside the STV42/56 cir-
cuits by a clipping circuit which limits the DET Pin
swing. To totally take out the remaining crakles,
an external clipping circuit may be experimented
(see Figure 38).

Figure 38 :  Optional External Circuit to limit DET

Signal Swing

DET

[ —
22pF
H

180kQ

3x1N4148
82kQ 22pF

I

8.2 - Audio Level with 50 ps De-emphasis

Refering to the Section 3.3.2, the audio level and
the actual roll-off frequency of the 50us depends
on an externalfilter and an internal resistor Rint.

VRer

Option

ANB838-38.EPS

‘ﬁ SGS-THOMSON

Ideally the internal resistor value should be twice
the value of the external resistor. Currently the
situation is :

Rint= 30kQ, R34 =27kQ (for left) (July 95).

This point will be corrected by SGS-THOMSON.

8.3 - Noisy Video Signal

If the selected tuner does not features a high
rejection of the frequencies higher than 10MHz ;
under certain conditions, it can be noticed an inter-
modulation background noise in the video signal.
One of the reasons of this effectis the wide band-
width of the baseband input stage of the STV42/56
circuit which peaks or keeps some gain at frequen-
cies as high as 25MHz.

SGS-THOMSON is evaluating this problem.
In the meantime, two solutions are suggested:

1) To implement an efficient low pass filter (roll-
off at 10MHz) between the tuner and the base
band input. A (R,L,C) filter can be used (see
Figure 39-1)

2) To modify the typical video de-emphasized
channel as follows : (see Figure 39-2)

- Video de-emphasis is directly performed at
the tuner output (Ra, Rb, Rc).

- An the baseband signal is recovered by
changing the de-emphasis amplifier into a
pre-emphasis amplifier.

- To get a 1Vpp output signal, and to recover
the same phase as the baseband signal, a
2 transistors amplifier is implemented before
the video LPF.

This second solution provide a natural 14dB

attenuation for all frequencies higher than the

zero of the video pre-emphasis law, and
makes the input stage working with lower
amplitude signals.

Remark :

When the second solution is implemented, the
baseband signal is selected by the de-emphazed
video position of the switch matrix table.
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STV0042/STV0056 APPLICATION NOTE

8 - POTENTIAL PROBLEM AND SUGGESTED SOLUTIONS (continued)
Figure 39 : Back-up Solution, when some intermodulation noise is noticed

® @

ex: L8 =27uH
C55 = 100pF
R49 = 680Q

100pF 1kQ

8.4 -22kHz Tone Crosstalk on VIDEEM1

This potential problem and the suggested solution
are mentionedin Sections3.1.1.3,3.4.4 and 3.5.6.

8.5 - Audio S/N, Influence of the Video Pattern

The S/N measurement conditions do not always
describe which video pattern has to be used simul-
taneously with the audio.

When a color bar is displayed, the unweighted S/N
is better than 63dB.

However when using patterns such as multiburst
the S/N becomes lower (about 58dB). If it is re-
quired to get better than 63dB under this condition,
then it is recommanded to used a more complex
filter between the tuner and FM IN.

Figure 40 gives an example of a more sophisticated
filter.

8.6 - STV0042 : Audio Level Modulation
when Evaluating with a Signal Generator
Refering to the block diagram of STV0042 noise

reduction (see Figure 19 of Section 3.3.1). The
signal at SUMOUT is the sum of the left and right

Figure 40 :

signals.

When using signal generators it may happen that
left and right signals are exactly in opposite phase
or slowly beat. In such a case the SUMOUT signal
becomes null and consequently the signal at
PKOUT becomeslow and the outputamplifierhave
a low frequency response.

The final result is an amplitude modulation of the
audio output signal.

This is a very specific case which may happen only
when using signal generator and which likely never
occurs in reality.

8.7 - Video Output, Limited Slew-rate

The video outputstages of STV42/56 are internally
pulled down with 1.3mA current sources.

This pulling down source may not be enoughwhen
the external load becomes highly capacitive
(Cioad = 20pF).

SGS-THOMSON will correct this effect.

In the meantime, when this problem is faced, pull-

down resistors (= 2.2kQ) can be connected be-
tween the ground and the video outputs.

More Sophisticated Video Rejection Filter

470Q 1nF
TUNER H 1]
680pF

To
FMIN

36/37

. MIGROELECTRONIGS

ANB838-39.EPS

ANB838-40.EPS



STV0042/STV0056 APPLICATIONNOTE

9 - ANNEXE : PLL DEMODULATOR THEORETICAL ANALYSIS

9.1 - Modelization of the STV42/56

FM Demodulator

A part from the AGC section, the FM demodulator
of the STV42/56 can be modelized as a conven-
tional PLL structure (see Figure 41).

Figure 41
W) —p VO
The closed loop gain of the PLL is :
UVo O 1 1
— = E 1
Ewlm(p) KIKO ', 0 @)
K KO [Kp

w =2 1(f(t)- fo) in radians

Vo : peak-to-peak output voltage

K : modulation depth coefficient (R05 B0-5)
Ko : VCO slope (in radians per volt)

Kb : Phase detector gain (volt per radian)

Remark : The phase detector gain can be deter-
mined as follows :

Kp = DETH [% [Csin ® (left channel)
36

@ : the angle difference between incoming signal
and the VCO

The relation (1) shows that the DC gain of the PLL
is :

1
T KIKO

Typically the STV42/56 has been designed with :
KO =2.89 (10° radians/volt

Gbc

AN838-41.EPS

9.2 - Frequency Response of the PLL Demodulator

In standard applications the STV42/56 is used with
the following external loop filter (left channel).

Figure 42

DET

R33 R32

C37
VRer

With this type of filter the PLL closed loop gain
becomes a second order low pass filter which can
be compared to the following :

OVo O 1
0= 0(p) = )
g®wi g 1+2i+L

W Wo

¢ . damping factor
wo : resonnating frequency (for § = 0)

Comparingrelations (1) and (2), the damping factor
and the resonnating frequency can be calculated
as follows :

mN_V—'K'EKUERF
(Raz+Ra2) OCa7

1 —
&=  _______—__ — + Rsg2 4 ’ ——— 0
VKTKO IKp (Rgg + R3o 5 Cs7 R3s + Ra2

9.3 - Lock Range and Capture Range
Lock Range : wi = KO [K [Kp

Capture Range : wc = — =

(R33 + R32) [(Ca7
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