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Car Audio Processor

1. Introduction

The CAP 3540B Car Audio Processor is a new CMOS
processor and represents the one-chip solution for a
highly integrated AM/FM radio concept.

The CAP 3540B is designed for car radio concepts and
can also be used for home stereo receivers, as well as
for PC radio cards.

The CAP 3541B is especially designed for applications
without digital audio sources. Digital audio input is not
supported inthe CAP 3541B. All other features are com-
patible to the CAP 3540B. In the following description,
only the CAP 3540B is mentioned.

The typical application consists of the following compo-
nents:

— Car Audio Processor CAP 3540B

— conventional FM tuner and FM-IF stage
— conventional AM tuner and AM-IF stage
— microcontroller

—analog and digital (only with CAP 3540B) audio
sources

— power amplifiers

1.1. Features

— High-quality audio A/D converters with input selectors
for several analog audio sources

— D/A converters with 8-fold oversampling filters

— Baseband audio processing (bass/treble, loudness,
volume, balance and fader control)

— Stereo decoder

— Noise concealment for weak FM signals, including Au-
tomatic Separation Control, Hi-Blend and Volume-
Blend function

— Ignition noise canceller: removes peak noise from the
audio signal and interpolates the disturbed audio sam-
ples

— RDS processing: demodulation of the Radio Data Sys-
tem signal; RDS clock and data are available via hard-
ware pins and software control bus

— Deemphasis and 19 kHz Pilot tone filter for FM

— Detection of field strength, multipath and peak noise
levels

— Music search for tape player

— Freely programmable Digital Audio Interface for CD/
DCC and coprocessor applications
(only with CAP 3540B)

— Synthesizer with 3 current sources for fast FM/AM tun-
ing

A more detailed overview about the integrated DSP-fea-
tures is given in the additional Application Note Software
CAP 3540B.
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2. Functional Description

2.1. Architecture

The architecture of the CAP 3540B processor com-
prises three main function blocks:

2.1.1. DSP Block

The DSP block consists of a “General-Purposel16-Bit
Digital Signal Processor” which handles 24 million in-
structions per second. The data word length is 16 bits
and the hardware multiplier operates with an initial word
length of 16 - 10 with a 20-bit result. The memory covers
256-16+256-10 bit RAM and 2 k instruction ROM.

2.1.2. Digital Part

A main portion consists of hardwired digital filters, such
as decimation filters for the A/D converters and interpo-
lation filters for D/A converters. The modulators for ARI/
RDS and pilot tone, as well as the complete circuitry for
the ignition noise canceller are realized digitally. The log-
ical conclusion for a higher integration is the incorpora-
tion of the synthesizer for AM and FM tuning into this
hardware block. Naturally, the customary serial inter-
faces for digital audio signals are also included.

2.1.3. Analog Part

Inthe analog part various input switches, A/D converters
and D/A converters are combined. Five A/D converters
handle the conversion of analog signals into digital sig-
nals. Two of these are specially designed for high quali-
ty, one in particular for the conversion of an independent
signal path for ARI/RDS signals and the remaining two
to be used for the evaluation of analog signals of a lower
quality standard (information on field strength and infor-
mation from potentiometers). Two D/A converters, each
equipped with an eightfold oversampling filter, generate
analog output signals. These two outputs can be splitup
and distributed into four output stages via four indepen-
dently adjustable volume control switches.
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2.1.4. Operating Modes
The CAP 3540B possesses 3 main operating modes:

1. MPX-mode

In this mode, the CAP 3540B receives the multiplex sig-
nal of an FM transmission, containing sum and differ-
ence channel, the pilot tone and the signals needed for
travel information (ARI, RDS). The FM-demodulation
has to take place inside the conventional tuner. The mix-
ing of the difference band is done by an analog mixer in
front of the A/D-convertersin order to achieve the neces-
sary quality for FM stereo. The ARl and RDS signals and
the pilot tone are extracted digitally.

2. AF-mode

In this mode the CAP 3540B works transparently; the in-
coming signals are A/D-converted and then transmitted
to the DSP core.

3. XDS-mode (not in CAP 3541B)

Inthis mode there is an external digital source (XDS, e.g.
a CD player) which sends its digital data to the CAP
35408 for further processing and for the reconverting to
analog signals. The CAP 3540B can be adapted to the
sampling rate (32 to 44,1 kHz) prescribed by the external
digital source; in addition the input systems of the CAP
3540B remain active in order to monitor the traffic and
field strength information.

'

Fig. 2-2: CAP 3540B system overview
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After buffering (ABUF) and switching (AMUX) in the AF-
mode the signals are converted into digital form by 2 A/D
converters (ADCs). Their outputis 1 bit at a rate of 8.208
MHz; in each of the two channels in the CAP 3540B
there is a cascade of 3 lowpass filters (LPF02, LPF23
and LPF34), which suppresses the high-frequency
noise produced by the ADCs. The outputs of the filters
LPF34 are 16 bits wide and are sampled with 38 kHz;
these samples are transmitted via the input buffer to the
DSP core. After processing in the DSP, the samples are
interpolated to the eightfold sampling rate and converted
into analog shape by 2 D/A converters (DACs), filtered
(ALPF) and optionally attenuated (AVOL) to feed the
power amplifiers which produce the signals for four loud-
speakers.

It is assumed that the process of stereo multiplexing
used in radio broadcasting is known. The main FM-mod-
ulator can be modulated by the sum signal of left and
right channel (in baseband), a pilot tone, the difference
channel (AM-modulated, suppressed carrier), an op-
tional ARI signal (AM-modulated, unsuppressed carri-
er), an optional RDS signal (AM-modulated, suppressed
carrier) and optionally up to 3 SCA signals (FM-modu-
lated). The composite signal is the so-called MPX signal.
So a variety of signals ride “piggy-back” on the main car-
rier, which was originally assigned only for monophonic
transmission. Inthe CAP 3540B, the SCA signals are re-
garded as disturbing signals while the others are re-
garded as useful.

In the MPX-mode there is an analog mixer AMIX in front
of the ADCs. It mixes the difference band down to base-
band. The sum channel and the difference channel are
then treated like the other baseband signals. Digital
quadrature mixers ARIMX and PILMX extract the RDS-
information and the information of the pilot signal, re-
spectively.

By means of digital mixers the pilot tone and the RDS
(Radio Data System) signal are mixed down to zero in-
termediate frequency in quadrature representation,
where their information is sampled and sent to the DSP
core. The demodulation of the RDS signal is done by the
DSP software. Beside these main blocks, there are oth-
er systems. The analog field strength information FS de-
livered by AM and FM tuners is A/D-converted; after low-
pass-filtering (LPF06) the samples are sent to the DSP
core, where the information could be used to control
some parameters of the entire system. Other input sig-
nals, such as signals from external potentiometers are
selected by an analog multiplexer, A/D-converted, low-
pass-filtered and sent to the DSP or to the controller via
the IM-bus interface (IMIF). The IM-bus interface is also
able to receive data from the external microcontroller
and to control the systems on the CAP 3540B.

2.2. Analog Input Systems

Fig. 2-3 shows all analog inputs and functions of the
switches SO to S3.
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Fig. 2-3: Analog input systems

2.2.1. Buffers ABUF

The analog input buffers have to adjust the individual de-
sired input levels in order to cover the entire volume
range of the A/D-converters.

The inputs can be divided into two groups: those which
have to be connected via external capacitors, and those
that are DC-coupled. Two of these inputs, the POT1/
MPX1 and POT5/AVC, are DC-coupled if used as POT1
resp. POT5, and AC-coupled if used as MPX1 resp.
AVC.

Note: Input pins POT1 to POT5 are switchable to digital
outputs via the IM-bus interface. This feature is made
possible by open drain transistors and external pull-up
resistors down to 1 kQ.
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2.2.2. Stereo Mixer AMIX

This analog demodulator mixes the incoming multiplex
signal with the PLL-synchronized 38 kHz subcarrier in
order to get the difference channel in baseband.

The phase of the mixer signal is locked to the phase of
the digital pilot demodulator; the phase shift between the
two signals has to be compensated by the signal proces-
sor’s Stereo PLL software.

The realized modulator consists of an analog multiplex-
er switching among the original input signal, the inverted
input signal and zero input.

The desired fundamental 38 kHz component includes
an additional factor of 1.10266 which has to be taken into
account in the dematrix-software of the signal proces-
sor.

m(t)
1 TO
0
TO
11 = |7
12

T 0=1f0=1
T_0/12=1/(12f_0)=1/4s

Fig. 2—4: Difference channel mixing signal

2.2.3. Multiplexers AMUX

The analog multiplexers allow the selection of one of the
input signals for each signal path.

2.2.4. A/ID-Converters ADC

The A/D-converters are realized as pulse density modu-
lators (PDMs) running at a clock frequency of
f s0=8.208 MHz. The ADCO, ADC1 and the ADC2 are
high quality double-loop PDMs with one external capaci-
torwhereas ADC3 and ADC4 are low quality PDMs with-
out any external capacitor.

2.2.5. Digital Signal Processing Block

2.2.5.1. Digital Filter Sections

After analog to digital conversion, the input signals are
filtered by means of digital filters in order to decimate the
high frequency PDM signals to an appropriate sampling
rate. The second purpose of these filters is to suppress
unwanted out-of-band signals and to shape the input
signals to the desired response. After being processed
in the DSP section, the digital samples are interpolated
to a higher rate before being converted to the analog do-
main. The individual filter blocks can be seen in Fig. 2-5
and 2—6. Fig. 2-5 shows filter sections for the A/D side
whereas in Fig. 2—6, filter blocks for the interpolation pro-
cess on the D/A side can be seen. In the text of this data
sheet, the filter blocks are referred to with the names in-
dicated in the schematics.

Most of the filters are designed as multirate FIR blocks.
Fig. 2—7 shows the overall (A/D to D/A) passband char-
acteristics of the main channels in TAPE or AUX mode.
The shown 3 dB bandwidth is more than 18 kHz. Fig. 2—8
shows the same for the MPX case. An additional pilot
notch filter (19 kHz) suppresses higher frequencies. In
case of a locked stereo PLL, the suppression is ideal.

Fig. 2—-9 depicts the characteristics of the ARI/RDS
bandpass. The near-by difference channel is attenuated
sufficiently in order to minimize disturbing effects in the
weak ARI/RDS signal. An additional lowpass with roll-off
characteristics is done in the DSP software.

In order to suppress out-of-band signals, the
CAP 3540B is equipped with digital interpolation filters.
These filters attenuate alias frequencies of up to eight
times the sampling frequency. The interpolation block
consists of three cascaded linear phase FIR filters. A
simple sample and hold filter serves for the interpolation
to the operating rate of the D/A converter. The overall in-
terpolation rate is therefore 32. See Fig. 2-10 for the
passband characteristics of the interpolation filter
(plotted for 44.1 kHz sampling rate) and Fig. 2—11 for the
stopband characteristics.

MICRONAS INTERMETALL
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2.2.6. Digital Mixing Systems

2.2.6.1. Pilot Demodulator PILMX

The entire system is synchronized with the pilot tone of
the FM-stereo channel. In the pilot-demodulator 2 mix-
ersworking in quadrature are used. The quadrature mix-
eris the phase detector of the PLL; the other parts of the
PLL (loop filter and VCO) are realized in the DSP. The
inphase mixer outputs information concerning the level
of the pilot tone to the DSP to allow a decision “FM-ste-
reo” or “FM-mono”. The time relation between the mixer
sequences of stereo-demodulator and pilot-demodula-
tors is fixed.

ASU
HIGH
PASS

ASU
DETECT]

T AMMIX
. A LPF % PILOT ASU LPF 3 1 LPF )
Main 1— D 02 NOTCH 23 34
LAMMIX
R
A LPF PILOT LPF LPF
; 36
Main 2 D 02 l NOTCH Y 23 L S 34 l 2
LPF
PILMIX P l 8
LPF
23 l 3
LPF
PILMIX - l 8
AR/ A LPF
18 |
RDS D o1 l bsP
AR LPF LPF
MIX 24 L ® 45 l @
Lo LPF l 2
AR LPF LPF
MIX 24 l @ 45 l 4
A
Leve] —» 0 ooF l 540
POT A oer l 864
D

Fig. 2-5: Digital signal processing blocks, input side

4 NOISE D
T 2 INT T 4 INT T 3 SHA-
12 28 PING A
DSP
NOISE
2 INT 4 INT > 2 SHA- D/ | _»
12 28 3 PING A

Fig. 2-6: Digital signal processing blocks, output side
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Fig. 2—7: Overall response TAPE/AUX channel
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Fig. 2—8: Overall MPX response sum channel
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Fig. 2-9: ARI/RDS bandpass characteristic
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Fig. 2-10: Digital interpolation filter, passband characteristic
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Fig. 2-11: Digital interpolation filter, attenuation

2.2.6.2. ARI Mixer ARIMX

The ARI-information in the range of 57 kHz is mixed The chosen structure has another potential advantage,
down to a zero intermediate frequency by the two ARI for processing the radio data system (RDS) in Europe.
mixers, whose mixer Signa|s are again in quadrature_ This Signal isa part of the MPX-Signal; its subcarrier fre-
The reason for using two paths is that the demodulation quency is the same as that of the ARI-signal butitis rec-
is asynchronous in genera|; in the DSP there should be ommended that the two subcarriers are in quadrature.
an operation which performs the square root of the sum So the two paths of the ARI demodulation subsystem
of the squares of the two input Signa|s_ The qua“ty re- make the information of the AR'-Signal and of the RDS-
quirements of the square rooting should not be very Signal available to the DSP, where both can be demodu-
high. Because of the phase lock of pilot tone and ARI lated if desired.

carrier in the FM-stereo-mode, a synchronous demodu-

lation seems to be possible; in this case the demodu- Please note that in this version ARI signals are not avail-
lated ARI signal would be identical with the signal of the able. ARl information is replaced by the demodulation of
inphase path. RDS.

MICRONAS INTERMETALL 11
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2.2.7. FM Noise Canceller (ASU)

The FM Noise Canceller removes peak noise from the
audio signal. No external circuitry is required. All filters,
delays and the control section are implemented digitally.
The function is split into two sections:

— The noise detection searches for energy in the non-
audio range by means of a highpass filter. The output
of this filter is compared with a DSP-controlled thresh-
old. If this threshold is exceeded the interpolation unit
is triggered. The 19 kHz pilot tone is removed before
the audio signal enters the detection highpass. Pro-
grammable delay adjustment makes sure of the cor-
rect timing between peak detection and peak inter-
polation.

— The interpolation circuit substitutes a peak-corrupted
sample by the mean value of the non-corrupted adja-
cent samples. Once a trigger comes from the detec-
tion circuit, a programmable number (0 to 15) of
successive samples is interpolated. All functions work
on a 228 kHz sampling rate. At this rate the peaks are
still small enough (not widened by the final decimation
filters) to be removed effectively.

2.3. Analog Output Systems

2.3.1. D/A-Converters DAC

The D/A-converters used are of the oversampling type.
The samples to be converted at their sampling rate f_s
are first interpolated to 8 x the sampling rate and then
oversampled to a higher rate f_NS where noise shaping
is performed. The output of the noise shaper is then con-
verted using a highly linear D/A-converter. Its noise pow-
er density increases with increasing frequency, the re-
sidual noise in the baseband is very low.

Only in CAP 35408B:

Within this application the DAC has to be adapted to the
different modes. The digital sources (e.g. CD-player)
must supply the proper clock rate in order to drive the
DAC with a stable clock rate locked to the sampling rate.
The clock is derived from the clock line SCLK of the PDAI
bus.

2.3.2. Lowpass-Filters ALPF

The analog lowpass-filters behind the DACs eliminate
the high-frequent noise in order to avoid any distortions
in the AM frequency range.

2.3.3. Volume Control AVvOL

The analog volume control together with the digital vol-
ume control implemented in the digital signal proces-
sor’s software provide a large volume control range. The
analog volume control itself covers a range of 45 dB in
1.5 dB steps and includes an additional mute position.
The analog volume control can be adjusted for all 4 out-
put channels individually.

A sensible splitting of the total gain v_tot between the
digital gain v_dig and the analog gain v_anlg is

v_tot v_anlg v_dig
v_tot=0dB 0dB v_tot
—45 dB<v_tot<0 dB v_tot 0dB
v_tot<—45 dB -45dB | v_tot+45dB

All control bits for the hardware section are first ad-
dressed to the DSP core program. In case of hardware
read-registers the bits are transmitted to the DSP core,
stored in the DSP RAM and are thus available for the
controller via the DSP’s IM-bus interface.

2.4. Programmable Digital Audio Interface PDAI
(not included in CAP 3541B)

The PDAI is the digital audio interface between the
CAP 3540B and external digital sources such as CD/MD
player or additional external processors. It offers a large
variety of modes and should therefore cover most of the
digital audio standards (12S-compatible formats).

Fig. 2—-12 shows a standard application with an external
digital source and a second CAP 3540B. The interface
is split into the input section and the output section:

Input Section:

— SCLKI serial clock input
— SDIN1 serial data input 1
— WSI word select input

- ERR error line input
Output Section:

— SCLKO serial clock output
— SDOUT  serial data output
— SDIN2 serial data input 2
- WSO word select output

Fig. 2—-13 shows the timing of the signals and the pro-
grammable features. The programming is done by writ-
ing the correct bit patterns into the DSP output buffer.
This must be handled by the DSP software.

12
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The modes are

— 16-bit wordframe

— 24-bit wordframe

of the 16 data bits

— 32-bit wordframe

dling of the 16 data bits.

In all modes:

right adjustment).

arately. The restrictions are

SCLK_IN/OUT

CD-PLAYER
in this case the programmable delay is set to zero; SCLKI 7 WS
SDIN1 ERR
\ A /
in this case the programmable delay is set either to 0 ﬁ:ﬁfg SCLKO CAP
or to 8 x Thck; this allows left or right adjusted handling SDOUT »| 35408
/1 CAP 3540B SDIN2 o
WSO ext. Proc.
in this case the programmable delay is set either to 0 | CLKOUT !
or to 16 x Thck; this allows left or right adjusted han-
analog
output
— MSB or LSB-first can be selected, Fig. 2—12: System configuration
— one-bit delay between active slope of WSI/O and first
wordframe bit is programmable,
— the polarity of WSI/O can be programmed,
— inthe 24 and 32-bit wordframes the open data bit loca-
tions are MSB or LSB extended (depends on left or
Input format and output format can be programmed sep-
— A 24-bit wordframe can only be sent if a 24-bit word-
frame is also received. In the analog input mode, the
24-bit wordframe output is not allowed.
Tbeck, |
16, 24, 32 x Thck -
| | | | | | | polarity
| R A J_//L_J. ______ 1 | | programmable,

| |
e
WS_IN/OUT _IIl’_ _)l(_ | |

| /L

I

I

I

[ [ [

I I I I

1 Tbck:l progranI|1mabIe : :
I

|//

- -
o
I I
I I

SDATA

LSB
MSB

ERR

0, 8, 16 x Thck: programmable delay

Fig. 2-13: Timing of the signals
Thck =1/Fbck

Fbck =32 - Fsaudio or

Fbck =48 - Fsaudio or

Fbck =64 - Fsaudio

I
I
I
)

MSB/LSB first programmable
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2.5. The IM-Bus Interface of the CAP 3540B

LSB
L
IABF _L <] shift IMDATA
10| msB
— IM Bus IMIDENT
LSB Control
IDBF I §] shift
16
MSB IMCLK
| )y
Data Bus

Fig. 2-14: IM-bus interface

The buffer part consists of a unidirectional address buff-
er IABF with a word length of 10 bit and the bidirectional
data buffer IDBF with a word length of 16 bit. It is only
possible to write to the address buffer from the peripher-
al equipment.

By means of the IM-bus interface it is possible, for exam-
ple, to alter the filter coefficients of the CAP 3540B. For
this purpose, the microcomputer writes an address and
a data word to the appropriate buffers IABF and IDBF.
The 10-bit address contains an address part of 8 bits

(bit 9 to bit 2), a read/write bit (bit 0) and an additional

bit (bit 1) which is used for selecting one of the two
address counter banks

(Fig. 2-15). Bits 0 and 1 have the following effect:

ABNK =0 selects address counter bank 1
ABNK =1 selects address counter bank 2

R/W =0 selects Write, microcomputer wants to write
R/W =1 selects Read, microcomputer wants to read

MSB Address LSB | ABNK| R/W

Fig. 2-15: Address format

The following convention is applicable to the data trans-
fer: The last bit written always becomes the MSB of IABF
or IDBF. If fewer bits are transferred than the respective
buffer size, the unused bits are set to zero in IDBF but
remain undefined in IABF. For the output: the first bit out-
put is always the LSB of the IDBF.

2.5.1. Description of the IM-Bus

The IM-bus consists of three lines for the signals Ident
(IMIDENT), Clock (IMCLK) and Data (IMDATA). The
clock frequency range is 50 Hz to 1 MHz. Ident and clock
are unidirectional from the controller to the slave ICs,
Data is bidirectional. Bidirectionality is achieved by us-
ing open-drain outputs with on-resistances of 150 Ohm
maximum. The 2.5 kQ pull-up resistor common to all out-
puts is incorporated in the controller.

The timing of a complete IM-bus transaction is shown in
Fig. 2-16. In the non-operative state the signals of all
three bus lines are High. To start a transaction, the con-
troller sets the ID signal to Low level, indicating an ad-
dress transmission, sets the CL signal to Low level and
switches the first bit on the Data line. Then 10 address
bits are transmitted, beginning with the LSB. Data take-
over in the slave ICs occurs at the positive edge of the
clock signal. At the end of the address byte the ID signal
goes High, initiating the address comparison in the slave
circuits. In the addressed slave the IM-bus interface
switches over to Data read or write, because these func-
tions are correlated to the address.

In the case of a read operation, a fixed wait period has
to be observed. This period is defined by the IM-bus han-
dler in the DSP software. For practical reasons this part
of the program does not run at the full sampling rate. It
is recommended to place the IM-bus handler in a “low
speed” time slice in order to save processing power.

For a write operation this wait period does not have to be
observed, but please note that the maximum rate of IM-
bus transmissions is normally limited by the DSP soft-
ware.

Also controlled by the address the controller now trans-
mits sixteen clock pulses, and accordingly two Bytes of
data are written into the addressed IC or read out from
it, beginning with the LSB. The completion of the bus
transaction is signalled by a short Low state pulse of the
ID signal. This initiates the storing of the transferred
data. A bus transaction may be interrupted for up to
10 ms.

14
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Ident ~
L

H 6
Clock 1l 2] |3 5 8] o U
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- A —~{ Bl —C—
Section A Section B Section C

H timy
Ident

L

tima=tims

Clock

Data ! Address LSB
L

|<7 time

/

Address MSB

Data MSB /

Fig. 2-16: IM-Bus waveforms
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2.6. Clock Generation

The CAP 3540B processor has anintegrated clock oscil-
lator which is crystal-controlled and oscillates with the
frequency fec Lk = 16.416 MHz. All components of the
oscillator are integrated except for the quartz crystal.
This is connected to the QX1 and QX2 oscillator pins.
The crystal input QX2/ECLK can be used to supply the
CAP 3540B externally with the required clock. In this
case no crystal is needed.

Following the clock oscillator is a frequency multiplier
with a factor of 3. The output of the frequency multiplier
delivers the fic g internal clock frequency, by which the
DSP Core is clocked.

There is the possibility of pulling the fgc| k oscillator fre-
guency in arange of 350 ppm, depending on the applica-
tion and the used crystal. This makes it possible to syn-
chronize the CAP 3540B to the incoming pilot tone
signal in the case of MPX reception.

Table 2-1: Oscillator characteristics

DCO Content Frequency
011111111B fecLKmin
0000000008 fecik
100000000B fecLKmax
DCO Clock
9 Control
Register 1%
Clock f —
Oscillator ECLK ==
13*
Frequency
Multiplier
ficLk
Pl -—
Clock
Pulse
P2 -—
Shaper 55*
—O0———» CLKOUT
and
P3 -
Frequency
Divider

D4 «+—FHA

Fig. 2-17: Clock generator connections

13+ —_rl 100 nF
GNDD

external option

*PSDIP64 package

16
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3. Specifications

3.1. Outline Dimensions

15

277 ———»

AARAAAA AABAAAA
64i i33

SPGS0004-1/2E

e—— 19.310.1

f——18+0.1—p
|

3.2%04
! T *Ff(l)

b« 1.778+0.05 i
1.29» l&——31x1.778 = 55.118 :0.1—»!

Fig. 3—-1:

4.8+0.4

I N

0.27+0.1
20.1:0.6

64-Pin PSDIP Plastic Shrink Dual Inline Package

(PSDIP64)
Weight approximately 9.0 g
Dimensions in mm

9 1 61
Y U v T e e I e e e e | V_H ] e e s e e e e |
101 ‘ 0
q } 0
q 0
q 0
q 9 0
q 0
q 0
& 0 0
E’m H— —t —
N 1 1
i \ h
q 0
d ° h
q 0
q 0
q M} i
26
A=A ASi=a=a=as
27 43
25+0.25
Fig. 3-2:

a4

1*02y 45° 3

24 16 x 1.27£0.1 = 20.32 +0.1 ——»
ﬂ 1.27:0.1 12x45°%,

24.2 +0.1

L

1.27+0.1
20.32+0.1

15

N
o
D
1.9/15 f
4.05
4.75%0.15 D

68-Pin Plastic Leaded Chip Carrier Package

(PLCC®68)
Weight approximately 4.8 g
Dimensions in mm

e

|
Fi 16 x 1.27+0.1

24.2+0.1

SPGS7004-3/4E
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3.2. Pin Connections and Short Descriptions

LV = if not used, leave vacant
X = obligatory; connect as described in circuit diagram

Pin No. Pin Name Type Connection Short Description
PSDIP PLCC (if not used)
64-pin 68-pin
1 51 SDOUT ouT Lv Serial data output
2 50 WSO ouT LV Serial word select output
3 49 SCLKO ouT Lv Serial clock output
4 48 TI3 IN LvD Static digital input 3
5 46 Tl IN Lvd Static digital input 1
6 45 REFCLK IN LV Synthesizer Ref. Frequency input
7 44 TEOSC IN GNDD Test purpose
8 43 IMIDENT IN X IM-bus ident input
9 42 IMCLK IN X IM-bus clock input
10 41 IMDATA IN/OUT X IM-bus data input/output
11 40 RESET IN X Reset input
12 39 QX2/ECLK IN X Crystal/External clock input
13 38 QX1 IN X Crystal
14 37 TESTEN IN GNDD Test Mode Enable
15 36 GNDS1 SUPPLY X Analog ground synthesizer
16 35 FMOSCIN IN LV FM oscillator signal input
17 34 FMOSCREF IN Lv FMOSC capacitor connection
18 33 AMOSCIN IN Lv AM oscillator signal input
19 32 AMOSCREF IN Lv AMOSC capacitor connection
20 31 VSUP1 SUPPLY VREF2 Analog supply voltage synthesizer
21 30 VSUP2 SUPPLY VREF2 Analog supply voltage synthesizer
22 29 AMTUNOUT ouT Lv AM tuning voltage output
23 28 TUNFB IN LV Tuning voltage feedback input
24 27 FMTUNOUT ouT Lv FM tuning voltage output
25 26 VREF2 IN GNDA Analog ground reference synthesizer
26 25 RF ouT Lv Analog output right front
27 24 RR ouT LV Analog output right rear
28 23 LR ouT Lv Analog output left rear
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Pin Connections and Short Descriptions, continued

Pin No. Pin Name Type Connection Short Description
PSDIP PLCC (if not used)
64-pin 68-pin
29 22 LF ouT Lv Analog output left front
30 21 VSUPA SUPPLY X Analog supply voltage
31 20 GNDA SUPPLY X Analog ground
32 19 VREF1 IN X Analog ground reference
33 18 AGNDC ouT X Internal analog ground
34 16 PDMC2 IN/OUT BAGNDC PDM capacitor connection
35 15 PDMC1 IN/OUT BAGNDC PDM capacitor connection
36 14 PDMC3 IN/OUT BAGNDC PDM capacitor connection
37 17 BAGNDC ouT Lv Buffered internal ground
38 13 TAPEL IN BAGNDC Analog Tape input left
39 12 TAPER IN BAGNDC Analog tape input right
40 11 AUXL IN BAGNDC Auxiliary audio input left
41 10 AUXR IN BAGNDC Auxiliary audio input right
42 9 AMR IN BAGNDC AM right baseband input
43 8 AML IN BAGNDC AM left baseband input
44 7 MPXO0 IN BAGNDC FM MPX signal input
45 6 POT1/MPX1 IN/JOUT GNDA DC voltage input
46 5 POT2 IN/OUT GNDA DC voltage input
a7 4 POT3 IN/OUT GNDA DC voltage input
48 2 POT5/AVC IN/OUT GNDA DC voltage input
49 1 FMLEVEL IN GNDA FM field strength input
50 67 AMLEVEL IN GNDA AM field strength input
51 66 TP1 IN GNDD Test purpose
52 65 TP4 ouT LV Test purpose
53 64 TP2 ouT Lv Test purpose
54 63 TP3 IN GNDD Test purpose
55 62 CLKOUT ouT Lv Clock output
56 61 VSUPD SUPPLY X Digital supply voltage
57 60 GNDD SUPPLY X Digital ground

MICRONAS INTERMETALL
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Pin Connections and Short Descriptions, continued
Pin No. Pin Name Type Connection Short Description
PSDIP PLCC (if not used)
64-pin 68-pin
58 59 TO3 ouT LV Digital output 3
59 58 TO2 ouT Lv Digital output 2
60 57 TO1 ouT LV Digital output 1
61 56 SDIN1 IN Lv Serial data input 1
62 55 WSI IN LV Serial word select input
63 54 SCLKI IN Lv Serial clock input
64 52 SDIN2 IN LV Serial data input 2
- 3 POT4 IN/OUT GNDA DC voltage input
- 47 TI2 IN LvD Static digital input 2
- 53 ERR IN Lv Serial error input
- 68 MPLEVEL IN GNDA Multipath signal input
1) Depending on software version

3.3. Pin Descriptions

The pin numbers refer to the PSDIP64 package.

Pin 1 — SDOUT
DAI-Bus: serial data output.

Pin 2 - WSO
DAI-Bus: word select output; this is a control line to sep-
arated left and right channel in the serial DAI stream.

Pin 3 — SCLKO
DAI-Bus: serial clock output.

Pins4to5-TI1, TI3

Static digital inputs; these signals can be used as a
branch condition in the DSP software. If not used, they
must be connected to GND.

Pin 6 — REFCLK
Input for the synthesizer reference frequency.

Pin 7 - TEOSC
Test purpose.

Pins 8 to 10 — IMDATA, IMCLK, IMIDENT
Via these pins the CAP 3540B sends and receives data
to and from the controller.

Pin 11 - RESET
Inthe steady state, high level is required at this pin. A low
level resets the CAP 3540B.

Pin 12 — QX2/ECLK
Crystal pin. This pin has to be connected with the crystal
or with an external clock signal.

Pin 13 - QX1
Crystal pin. This pin has to be connected with the crystal.

Pin 14 — TESTEN
Test mode enable

Pin 15 — GNDS1
This pin serves as ground connection for the HF parts of
the synthesizer section.

Pin 16 — FMOSCIN
Input for the FM oscillator signal.

Pin 17 - FMOSCREF
Capacitor connection for FMOSCIN reference voltage.

Pin 18 — AMOSCIN
Input for the AM oscillator signal.

Pin 19 - AMOSCREF
Capacitor connection for AMOSCIN reference voltage.

20
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Pin 20 - VSUP1
Synthesizer supply voltage 1; power is supplied via this
pin for the synthesizer circuitry of the CAP 3540B.

Pin 21 — VSUP2

Synthesizer supply voltage 2; power is supplied via this
pin for the synthesizer output circuitry of the
CAP 3540B.

Pin 22 - AMTUNOUT
Tuning voltage for the AM oscillator.

Pin 23 — TUNFB
Feedback input for tuning voltage amplifier.

Pin 24 - FMTUNOUT
Tuning voltage for the FM oscillator.

Pin 25 — VREF2

This pin serves as ground connection for the synthesizer
bias circuits and must be connected separately to the
ground point of the tuner.

Pin 26 — RF
Right front speaker output.

Pin 27 - RR
Right rear speaker output.

Pin 28 - LR
Left rear speaker output.

Pin 29 — LF
Left front speaker output.

Pin 30 — VSUPA
Analog supply voltage; power for the analog circuitry of
the CAP 3540B is supplied via this pin.

Pin 31 — GNDA
This pin serves as ground connection for the analog sig-
nals and NF parts of the synthesizer section.

Pin 32 — VREF1
This pin must be connected separately to the single
ground point. It serves as ground connection for the ana-
log bias circuits.

Pin 33 — AGNDC

This pin serves as internal ground connection for the
analog circuitry. It must be connected to analog ground
with a 4.7 pF and a 100 nF capacitor in parallel.

Pins 34 to 36 — PDMC3, PDMC2, PDMC1
Capacitor pins for the feedback loop of the high quality
pulse-density modulators.

Pin 37 — BAGNDC
Buffered internal ground. This pinis the buffered internal
ground connection for the external PDM capacitors.

Pin 38 — TAPEL
Input for left tape channel.

Pin 39 — TAPER
Input for right tape channel.

Pin 40 — AUXL
Input for additional audio sources, left channel.

Pin 41 — AUXR
Input for additional audio sources, right channel.

Pin 42 - AMR
Input for right channel baseband audio.

Pin 43 — AML
Input for left channel baseband audio (AM mono).

Pin 44 — MPX0
Input for the MPX signal in case of FM reception.

Pins 45 to 48 — POT5/AVC, POT3, POT2, POT1/MPX1
Inputs for a DC-control voltage (0V to Vgyp). These pins
can also be used as digital outputs with an external pull-
up resistor; the function and selection is controlled via
IM-bus.

POT1/MPX1 also serves as a second MPXinput for ARI/
RDS signals.

POT5/AVC also serves as a highly sensitive microphone
input.

Pin 49 — FMLEVEL
Input for the FM field strength information.

Pin 50 - AMLEVEL
Input for the AM field strength information.

Pin51-TP1
Test purpose.

Pin 52 — TP4
Test purpose.

Pin 53 — TP2
Test purpose.

Pin 54 — TP3
Test purpose.

Pin 55 — CLKOUT
This output is used for clocking external hardware.

Pin 56 — VSUPD
Digital supply voltage. Power is supplied via this pin for
the digital circuitry of the CAP 3540B.

Pin 57 — GNDD
This pin serves as ground connection for the digital sig-
nals.
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Pins 58 to 60 — TO1, TO2, TO3
Digital outputs; the logical state can be defined by the
DSP software.

Pin 61 — SDIN1
DAI-Bus: serial data input 1.

Pin 62 — WSI
DAI-Bus: word select input; this is a control line to sepa-
rate left and right channel in the serial DAI stream.

Pin 63 — SCLKI
DAI-Bus: serial clock input.

Pin 64 — SDIN2
DAI-Bus: serial data input 2.

3.4. Pin Configuration

FMLEVEL
POT5/AVC —
POT4 —

— MPLEVEL
— AMLEVEL

POT3
POT2

TP1
TP4
P2
— TP3
CLKOUT

POT1/MPX1
MPX0
e —I W —‘
[ Bl
7 6

|— VSUPD
] | s I s N e Y s Y e N e N e Y e N e O e Y e Y e O o |
AUXR [ 19 8 5 4 3 256867666564636261601GNDD
AUXL [ 11 59 0 TO3
TAPER [ 12 CAP 3540B sg 1 TO2
TAPEL []13 57 [0 TO1
PDMC3 [] 14 CAP 35418 56 1 SDIN1
PDMC1 |:15 55 0 wsl
pomc2 016 54 0 SCLKI
BAGNDC [] 17 530 ERR
AGNDC [] 18 52 1 SDIN2
VREF1 [ 19 510 spout
GNDA [] 29 s0 ] wso
VSUPA [ 21 49 1 sCLkO
LF 022 48P TI3
LR 23 a7l T2
RR [ 24 460 TIL
RF [ 25 45 ] REFCLK
VREF2 [] 26 44 1 TEOSC
27 28 29 30 31 32 3 36 37 38 3940 41 42 43

=
FMTUNOUT J J
TUNFB
AMTUNOUT
VSUP2

=
AMOSCREF ‘

[
[

AMOSCIN —

FMOSCREF —

O O J

sy
|— IMIDENT
IMCLK
IMDATA
RESET
QX2IECLK

— TESTEN

— GNDS1

FMOSCIN

Fig. 3-3: Pinning of the CAP 3540B in

PLCC68 package, top view

The following pins are available only in the 68-pin
PLCC package:

- POT4
Input for a DC-control voltage (0 V to Vgyp). This pin
can also be used as digital output with an external pull-
up resistor; the function and selection is controlled via
IM-bus.

-TI2
Static digital input; this signal can be used as a branch
condition in the DSP software. If not used, it must be
connected to GND.

— ERR
DAI-Bus: error input

— MPLEVEL
Input for the multipath information.

T
SDOUT [1 64 ] SDIN2
WSO [ 2 630 SCLKI
SCLKO [} 3 621 WS
TI3 04 610 SDIN1
TIL O5s 601 TO1
REFCLK [J 6 500 TO2
TEOSC ] 7 s8] TO3
IMIDENT [ 8 570 GNDD
IMCLK [ 9 56 1 VSUPD
IMDATA [ 10 55 ] CLKOUT
RESET [ 11 540 TP3
QX2/ECLK [] 12 53[] TP2
Qx1013 521 TP4
TESTEN [ 14 oo 510 TP1
GNDS1 [15 O« 500 AMLEVEL
FMOSCIN (16 S 490 FMLEVEL
FMOSCREF [] 17 28_" 481 POT5/AVC
AMOSCIN [J18 <t <C 470 POT3
AMOSCREF [J1e OO [ poT2
VSUP1 [J 20 451 POT1/MPX1
VSUP2 []21 440 MPXO0
AMTUNOUT [] 22 430 AML
TUNFB [ 23 421 AMR
FMTUNOUT [ 24 410 AUXR
VREF2 [ 25 400 AUXL
RF O 26 39 1 TAPER
RR [ 27 38 ] TAPEL
LR [ 28 3700 BAGNDC
LF ] 29 36 PDMC3
VSUPA [] 30 35[0 PDMC1
GNDA [] 31 34[] PDMC2
VREF1 [| 32 330 AGNDC

Fig. 3—-4: Pinning of the CAP 3540B in
PSDIP64 package, top view

MPLEVEL not available
ERR not available

POT4 not available

TI2 not available
(internally pushed to GND)
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3.5. Electrical Characteristics

All voltages refer to ground. All pin numbers refer to the PSDIP64 package.

3.5.1. Absolute Maximum Ratings

Symbol Parameter Pin No. Min. Max. Unit
Ta Ambient Operating Temperature - =20 +85 °C
Ts Storage Temperature - =55 +125 °C
Vsup Supply Voltage 30, 56 -0.3D +6 \Y;
Vsup1 Supply Voltage 20 -0.3D +6 \Y
Vsup2 Supply Voltage 21 -0.3D +12 \Y;
Pmax Maximum Power Dissipation 20, 21, - 1300 mwW
68-pin PLCC without heatspreader | 30, 56
dVsup Voltage between VSUPA, VSUPD, | 30, 56, -0.5 +0.5 Y,
and VSUP1 20
dVsyp2 Voltage between VSUP2 and 21 - +8.5 Y
VSUPA, VSUPD, and VSUP1
\/ Input Voltage, all Inputs 4 to 10, -0.3 Vgyp +0.3 \%
12,13,
16 to 19,
23,
37 to 50,
61 to 64
lo Output Current, all Outputs 1to 3, - 2) -
10, 22, 3)
24,
26 to 29,
55,
58 to 60

1) Reversed supply 200 ms maximum.

2) The outputs are short-circuit proof (max. 5 seconds) with respect to supply and ground.
3) Total chip power dissipation must not exceed absolute maximum ratings.

Stresses beyond those listed under “Absolute Maximum Ratings” may cause permanent damage to the device. This
is a stress rating only. Functional operation of the device at these or any other conditions beyond those indicated in the
Recommended Operating Conditions/Characteristics of this specification is not implied. Exposure to absolute maxi-
mum ratings conditions for extended periods may affect device reliability.

MICRONAS INTERMETALL

23



CAP 3540B, CAP 3541B PRELIMINARY DATA SHEET

3.5.2. Recommended Operating Conditions  at Ta=-20to +85 °C, fgc k=16.416 MHz,
typical values at T;=27 °C, duty cycle =50%

Symbol Parameter Pin No. Min. Typ. Max. Unit
Vsup Supply Voltage 30, 56 4.75 5.0 5.25 \%
Vsup1 Supply Voltage 20 4.75 5.0 5.25 \%
Vsup2 Supply Voltage 21 7.5 9.0 10.5 \%
VECLKL ECLK Clock Input Low Voltage 12 - - 15 \%
VECLKH ECLK Clock Input High Voltage Vsup - - \Y
-15
tecLkH ECLK Clock Input 0.9 1.0 1.1 -
tecLkL High/Low Ratio
fEcLk ECLK Clock Input Frequency - 16.416 - MHz
(see also section 3.5.3.)
VREECLKH Reference Clock Input High Voltage | 6 Vsupp - - \%
-15
VREECLKL Reference Clock Input Low Voltage - - 15 \%
fREFCLK Refence Clock Input Frequency 1 16 MHz
VEs DC Input Voltage FM, AM, 49, 50 0 Vsup -
[MP] level
VpoT/ DC Input Voltage 45 to 48 0 Vsup -
MPXI POTS5, [POT4], POT3, POT2, POT1
Viy High Level, Digital Inputs 2105, 2.0 \%
61 to 64
VL Low Level, Digital Inputs 0.8
VREIL Reset Input Low Voltage 11 - - 0.8
VREIH Reset Input High Voltage Vsup - - -
-0.8V
VimiL IM Bus Input Low Voltage 810 10 - - 15 \%
VIMIH IM Bus Input High Voltage 3.0 - - \%
fo @I IM Bus Clock Frequency 0.05 - 1000 kHz
tim1 ®I Clock Input Delay Time 0 - - -
after IM Bus Ident Input
timz @I Clock Input Low Pulse Time 0.5 - - Hs
tims ®I Clock Input High Pulse Time 0.5 - - us
tima @I Clock Input Setup Time 0 - - -
before Ident Input High
tims @I Clock Input Hold Time 0.25 - - us
write data after Ident Input High
tims ®I Clock Input Hold Time defined by DSP software ps
read data after Ident Input High
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Recommended Operating Conditions,  continued

Symbol Parameter Pin No. Min. Typ. Max. Unit

tivis @I Clock Input Setup Time 810 10 1.0 - - s
before Ident End-Pulse Input

tim7 IM Bus Data Input Delay 0 - - -
after @l Time Clock Input

tivis IM Bus Data Input Setup Time 0 - - -
before @l Clock Input

timo IM Bus Data Input Hold Time 0 - - -
after @l Clock Input

tim10 IM Bus Ident End-Pulse Low Time 1.0 - - Hs

CpDpM PDM Capacitor (Low Loss Type) 34 to 36 -5% 680 +5% pF

CacNDC AGNDC-Filter-Capacitor 33 3.3 uF
Ceramic Capacitor in parallel 100 nF

fscLki Input SCLKI Frequency 63 - - 3.1 MHz

tsig Input SCLKI Phase Jitter - - 250 ps

tsiw Input SCLKI Pulse Width 40 50 60 %

tips Input Data Setup Time 61, 64 40 - - ns

tiDH Input Data Hold Time 0 - - -

twss Input WSI Setup Time 2,62 40 - - ns
Output WSO Setup Time

twsH Input WSI Hold Time 0 - - -
Output WSO Hold Time
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3.5.3. Recommended Crystal Characteristics

Symbol Parameter Min. Typ. Max. Unit
Ta Ambient Operating Temperature =20 - +85 °C
fp Parallel Resonance Frequency - 16.4161) - MHz
Afg Accuracy of Adjustment - - +20 ppm
fs

Afg Frequency Deviation - - +40 ppm
fs versus Temperature

R, Series Resistance - - 15 Q
Co Shunt Capacitance 55 - 7 pF
Cq Motional Capacitance 25 30 - fF
df Frequency pulling range 3502) - - ppm

1 at C_ =10.7 pF

2 at AC =12 pF

Remark on defining the external load capacitance:

External capacitors at each crystal pin to ground are required.
The higher the capacity, the lower the clock frequency results. Due to different layouts of customer PCBs, the matching
capacitor size should be defined in the application.

26
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3.5.4. Characteristics at To=-201to +85 °C, Vgyp and Vgyp1=4.75t05.25V, Vgypp=7.5t0 10.5 V,
fecLk =16.416 MHz, typical values at Vsyp and Vsyp1 =5.0 V, Vsyp, =9.0 V, Tj=27 °C and duty cycle =50%.

Symbol Parameter Pin No. Min. Typ. Max. Unit Test Conditions
Zan Analog Input Impedance 38t045, fsignai=1 kHz, i=0.5 uA
(MPX1, MPX0, AM, AUX, TAPE) | 48
atTj=27°C 27 35 43 kQ
at Tp=—-20to +85 °C 26 47 kQ
Zan2 Analog Input Impedance 49, 50 2 MQ
FM, AM, [MP] level
Zave Analog Input Impedance (AVC) 48 fsignai =1 kHz, i=0.5 uA
atTj=27°C 3.2 4.2 5.2 kQ
at Ta=-20to +85 °C 31 5.7 kQ
ZpoT Analog Input Impedance 4510 48 2 MQ
(POT1to 5)
Voscio Open Circuit Voltage 16, 18, Vsup1 -
(FMOSCIN, AMOSCIN, 6 2
REFCLK)
RopoTt Output Resistance 45 to 48 80 Q i=5mA
(POT1 to 5 as outputs)
Roscl Analog Input Resistance 16 to 19
(FMOSCIN, AMOSCIN,
FMOSCREF, AMOSCREF)
atTj=27°C 3.2 3.6 4.2 kQ
at Tp=—20to +85 °C 21 3.6 6.5 kQ
Coscl Analog Input Capacitance 4 pF
(FMOSCIN, AMOSCIN,
FMOSCREF, AMOSCREF)
Rao Analog Output Resistance 26 to 29 fsignai =1 kHz, i=1 mA
(LF, LR, RR, RF)
atTj=27°C, 470 600 730 Q
at Ta=-20 to+85 °C 440 790 Q
Vmpxoril Input Voltage (MPX0, MPX1) 44, 45 2.0 Vpp
VAML/RI Input Voltage (AML, AMR) 42,43 11 VRMS
VTAPER/ Input Voltage (TAPER, TAPEL) 38, 39 1.6 VRMS
TAPELI
VAUXRILI Input Voltage (AUXR, AUXL) 40, 41 1.1 VRMS
Vavcl Input Voltage (AVC) 48 14 MVRMs
VaicL Analog Audio Input 38to45 [ Max. Max. Max.
Clipping Level Input Input Input
(defines 0 dBr) Voltage Voltage Voltage
+1 dB +2dB
ZpoL Analog Output Load 26t029 | 6 kQ
1 nF
Vaov Maximum Analog Output Voltage output attenuation=0 dB,
(LF, LR, RR, RF) analog output load > 100 kQ
Analog Input 0.8 0.9 1.0 VRMS
Digital Input 0.9 1.0 11 VRMS
1) CD-Mode, fs=44.1 kHz
2) unused analog inputs connected to ground
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Characteristics, continued
Symbol Parameter Pin No. Min. Typ. Max. Unit Test Conditions
Vamosc AM OSC Input Voltage 18 40 300 mMVRMS
famosci AM OSC Input Frequency Range 0.5 20 MHz
VEmoscl FM OSC Input Voltage 16 40 300 mVRMS
fEmoscli FM OSC Input Frequency Range 60 150 MHz
SNRap SNR A/D 38to44 | 82 85 dB Noise measurement RMS
unweighted,
BW =20 to 18000 Hz,
input level =—20 dBr,
fsignal =1kHz
SNRpa SNR D/A 26 to 29 RMS, unweighted,
Analog Attenuation=0 dB 90 95 dB BW = 20 to 20000 Hzb),
Analog Attenuation =45 dB 60 65 dB input level =—20 dBFS,
fsignal =1 kHz
Gpam D/A Output Attenuation 110 dB RMS, unweighted,
in MUTE position BW = 20 to 20000 Hzb),
input level =-20 dBFS,
fsignai =1 kHz
THDAp THD A/D 38t044 0.03 % RMS, unweighted,
BW =20 to 18000,
input level=-3 dBr,
fsigna =1 kHz
THDpA THD D/A 26 to 29 0.01 % BW =20 to 20000 HzD),
input level=-3 dBFS,
fsignai=1 kHz,
analog attenuation=0 dB
IMDap Intermodulation Distortion A/D 38t044 0.01 % fsignal =14 kHz + 15 kHz,
input level sum -3 dBr,
measuring 1 kHz
intermodulation?
XTALK1 Crosstalk attenuation within 38to43 | 70 dB input level=-3 dBr,
active audio channel pair fsignal =1 kHz, measuring
with bandpass at 1 kHz2)
XTALK2 Crosstalk attenuation from a 38to44 | 80 dB input level =-3 dBr,
non-selected audio input pair fsignal =1 kHz, measuring
with bandpass at 1 kHz2)
XTALK3 Crosstalk attenuation between 261029, [ 100 dB input level=-3 dBr,
audio input/output pairs 38to44 fsignal =1 kHz, measuring
with bandpass at 1 kHz?2)
CHSEP\px Stereo separation MPX 14 coupling capacitor on MPX
250 Hz to 6.3 kHz 40 dB input at least 1 pF
6.3 kHz to 12.5 kHz 30 dB
SNRmpx Suppression of unwanted measuring with bandpass at
19 kHz signals in MPX stereo reception: fsignal
at 19 kHz 45 dB
at 38 kHz 45 dB
at 57 kHz 60 dB
at 114 kHz 60 dB
1) CD-Mode, fs=44.1 kHz
2) unused analog inputs connected to ground
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Characteristics, continued
Symbol Parameter Pin No. Min. Typ. Max. Unit Test Conditions
SNRRps1 SNR A/D 44, 45 38 dB Noise measurement RMS,
selected MPX ARI/RDS channel unweighted,
BW =55 to 59 kHz,
input level =55 mVpp
fsignal =57 kHz
SNRRgps?2 Alias Band Suppression in RDS fsignal =57 kHz,
Channel input level =55 mVpp
at 171 kHz 60 dB
at 285 kHz 70 dB
SNRavc SNR A/D3 48 56 dB Noise measurement RMS
selected AVC channel unweighted,
BW=0 to 4 kHz,
input level =—20 dBr,
fsignal =1 kHz
SNRaD4 SNR A/D4 49, 50 54 dB Noise measurement RMS
unweighted,
BW=0to 7 kHz,
input level=—20 dBr,
fsignal =1 kHz
THDavc THD A/D3 selected AVC channel | 48 0.05 % RMS unweighted,
BW =0 to 4 kHz,
input level=-3 dBr,
fsignai=1 kHz
THDAD4 THD A/D4 49, 50 0.05 % RMS unweighted,
BW=0to 7 kHz,
input level=-3 dBr,
fsigna =1 kHz
BWappa 3 dB Bandwidth A/D to D/A 26t029, | 18 kHz not provided in production
(TAPE, AUX) 38to 41 test
BWpa 3 dB Bandwidth D/A 26 to 29 not provided in production
at fg=32 kHz 15 kHz test
at fg=44.1 kHz 20 kHz
dGap Channel deviation within active 381043
input pair: AUX, TAPE 0.5 dB
AM 0.7 dB
dGpa Channel deviation within each 26 to 29
output of: RR, RF, LR, LF
Analog attenuation =
0to-30dB 0.5 dB
-31.5t0-45dB 0.9 dB
dGavoL Analog Volume Step Size 14 15 1.6 dB
(—45 dB to 0 dB)
IREIL Reset Input Leakage Current 11 -10 - +10 HA
Isup Supply Current
VSUPD 56 60 85 110 mA
VSUPA 30 12 20 28 mA
VSUP1 20 8 11 14 mA
VSUP2 21 14 2.2 3 mA
1) CD-Mode, fs=44.1 kHz
2) unused analog inputs connected to ground
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Characteristics, continued

Symbol Parameter Pin No. Min. Typ. Max. Unit Test Conditions
VimoL IM-Bus Data Output Low Voltage | 10 - - 0.4 \%
ViMOH IM-Bus Data Output High Voltage 2.8 - - \%
liIMoHL IM-Bus Data Output High- -10 - +10 UHA
Impedance Leakage Current
IimiL IM-Bus Input Leakage Current -10 - +10 HA
VTOH Digital Output High Voltage 58t060 | 4.0 - Y
V1oL Digital Output Low Voltage 0.4 \%
VTIH Digital Input High Voltage 4,5 2.4 - \%
V1L Digital Input Low Voltage 0.8 \%
VTuNouT Synthesizer Output Voltage 22,24 11 - Vsup2 \%
(AMTUNOUT, FMTUNOUT) -11
VaAGNDCO AGNDC Open Circuit Voltage 33 2.15 2.25 2.35 \Y
RouTAGND AGNDC Output Resistance
at 27 °C 110 125 140 kQ
at—20to +85 °C 70 230 kQ
dVeaGNDC Deviation of BAGNDC 33,37 -20 +20 mV
from AGNDC Voltage
RouTtsaGND BAGNDC Output Resistance 37 6 Q fsignai=1 kHz, i=0.1 mA
dVpac Deviation of DC Level at Audio 26 to -20 +20 mV
Outputs from AGNDC Voltage 29,
33
louTSYNTH Synthesizer Current Source 22,24
Accuracy
I=5pA 3.3 5 6.5 HA
=50 pA 33 50 70 HA
=500 pA 330 500 740 HA
PSRR Power Supply Rejection Ratio 20, 21,
1 kHz 30, 56, 50 dB
20Hzto 20 kHz | 26to 29 40 dB
dVrunouT Residual Noise of Synthesizer 24 2.2 uv BW 22Hz to 22 kHz,
Output Voltage i=5pA
1) CD-Mode, fg=44.1 kHz
2) unused analog inputs connected to ground
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4. Starting the Processor

After power-up, the crystal oscillator has to have been
started before the Reset reaches high level. An addition-
al wait time of 0.4 ms has to be taken into account be-
cause of a DSP-internal self-test algorithm. Then the
CAP 3540B can be initialized. Fig. 4—1 shows the com-
plete start-up sequence of the typical application.

The DCO register is loaded with a zero value.

5. Synthesizer

With the synthesizer block in the CAP 3540B, a PLL tun-
ing system can be implemented for FM and AM receiv-
ers. The signal picked up from the mixing oscillators of
the FM and AM tuners can be fed to the synthesizer
block by means of highly sensitive input pins. Freely pro-
grammable dividers, operating with frequencies up to
and over 100 MHz, scale the incoming signals to a refer-
ence frequency of 25 kHz. This holds true even in the
case of AM, which gives AM tuning a considerable
speed improvement over common designs. In order to
get a tuning step size of down to 300 Hz, the reference
divider is also programmable. Incoming frequencies in
the range of 0.5 MHz up to more than 100 MHz can be
handled, so that the designer is free to choose either a
10.7 MHz or a 450 to 460 kHz IF frequency for the AM
case. The common reference frequency for AM and FM
allows the implementation of a common PLL filter for the
tuning output.

VSUPD 475V Y
VSUPA /
Crystal /
Oscillator \
24V
Reset e——>1ms >0.4ms —
|
Fig. 4-1: Start-up sequence
FMOSCIN
FMOSCREF - I>
—_— O—»
Programmable
Dividt_er
AMOSCREF i

—_— O
AMOSCIN N |> }

'FMTUNOUT —e <]

O

AMTUNOUT

]
O\_

Fig. 5-1: Synthesizer block diagram

Program-
mable
@ Divider

(20 bit)
Reference
Clock

Current 16.416

Source MHz or
external
REFCLK

Gain adjust
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6. Application Notes

10.7 MHz M
FM N FM MPX
Preselection X /_\ = "]
Oic- | FMLEVEL
FMOSCIN _
FMTUNOUT
CAP 3540B
AMTUNOUT
AMOSCIN -
_||]|_ AMLEVEL
Y
Osc. Osc. 455 kHz
AM
AM AM audio
Preselection X X N IE
Iy
10.7 MHz

Fig. 6-1: CAP 3540B application for 10.7 MHz AM-IF in detail
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SDOUT SDIN2
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Ti3 SDIN1
Ti1 TO1
REFCLK TO2
TEOSC TO3
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IMCLK VSUPD
IMDATA CLKOUT
RESET TP3
OX2/ECLK TP2
ax1 TP4

3 TESTEN TP1
GNDS1 AMLEVEL
FMOSCin FMLEVEL
FMOSCref POTS/AVC
AMOSC in POT3
AMOSCref POT2
VSUP1 POT1/MPX1
VSuUP2 MPX@
AMTUNout AML
TUNFB AMR
FTUNout AUXR
VREF2 AUXL
RF TAPER
RR TAPEL
LR BRAGNDC
LF PDMC3
VSUPA PDMC1
GNDA PDMC2
VREF1 AGNDC

T T

VREF1 VREF1

Fan)
U
PSV
— 1| )
ZZGP;L 1k 1u/10
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Fig. 7-1: Typical Application Circuit
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8. Index M
MPX Signal, 6, 7

A

A/D Converters, 8 O

Absolute Maximum Ratings, 23 Operating Modes, 6
Analog Input Signals, 7 Oscillator, 16

Analog Outputs, 12 Outline Dimensions, 17
Analog Volume Control, 12 Oversampling, 12

ARI Travel Information, 11

ASU Noise Canceller, 12
P

Pilot Tone, 9
Pin Configuration, 22

B

Block Diagram CAP 3540B, 5
Pin Connections and Short Descriptions, 18

Potentiometer Inputs, 7

c Power-Up Sequence, 31

Characteristics, 27

Clock Generation, 16

Crystal, 16, 27 R
RDS, 6, 7, 11
D Recommended Operating Conditions, 23
D/A Converters, 12 Reset, 31
DCO, 16
Decimation, 8 S
Digital Audio Interface, 12 SNR, 28, 29
Digital Filters, 8 Stereo Mixer, 8
DSP. 4,5 Stereo PLL, 8
Synthesizer, 31
F
FM/AM Tuning, 31 T
THD+N, 28, 29
I Tuning System, 31, 32
12S-bus, 12
IM-Bus Interface, 14
Input Signals, 7 v
Interpolation, 8 Volume Control, 12
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9. Data Sheet History:

4. Preliminary data sheet: “CAP 3540B, CAP 3541B
Car Audio Processor Hardware”, May 22, 1997,
6251-434-1PD. First release of the preliminary data
sheet.

MICRONAS INTERMETALL GmbH
Hans-Bunte-Strasse 19

D-79108 Freiburg (Germany)

P.O. Box 840

D-79008 Freiburg (Germany)

Tel. +49-761-517-0

Fax +49-761-517-2174

E-mail: docservice@intermetall.de
Internet: http://www.intermetall.de

Printed in Germany
Order No. 6251-434-1PD

All information and data contained in this data sheet are with-
out any commitment, are not to be considered as an offer for
conclusion of a contract nor shall they be construed as to
create any liability. Any new issue of this data sheet invalidates
previous issues. Product availability and delivery dates are ex-
clusively subject to our respective order confirmation form; the
same applies to orders based on development samples deliv-
ered. By this publication, MICRONAS INTERMETALL GmbH
does not assume responsibility for patent infringements or
other rights of third parties which may result from its use.
Reprinting is generally permitted, indicating the source. How-
ever, our prior consent must be obtained in all cases.
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