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STLC7549

STEREO AUDIO/MODEM/TELEPHONY CODEC

® STEREO AUDIO CODEC WITH CD QUALITY
NOISE AND DISTORTION
- ADC AND DAC SAMPLING RATES
UP TO 48kHz
- 16-BITRESOLUTION
- >85dB DYNAMIC RANGE

= QUADRAPHONIC MODE FOR SURROUND
SOUND APPLICATION (STEREO AUDIO
CODEC PLUS BOTH MONOPHONIC CODECS)

= MONOPHONIC CODEC FOR MODEM APPLI-
CATIONS
- ADC AND DAC SAMPLING RATES
UP TO 44.1kHz
- 16-BITRESOLUTION

- >90dB DYNAMIC RANGE (MODEM MODE)
- V.34 MODEM PERFORMANCE CAPABILITY

» SECOND MONOPHONIC CODEC FOR LOCAL
HANDSET (or 2" MODEM) APPLICATIONS
- ADC AND DAC SAMPLING RATES
UP TO 44.1kHz
- 16-BITRESOLUTION
- > 85dB DYNAMIC RANGE (MODEM MODE)

» EXTENSIVE AUDIO SWITCHING AND GAIN

CONTROLS FOR AUDIO ROUTING

- A SUPERSET FEATURE LIST OF SOUND-
BLASTER PRO AND MPC-2 SPECIFICATIONS

- 3 STEREO LINE LEVEL INPUTS
(LINE IN, CDROM, AUX)

- 2 MONOPHONIC MICROPHONE INPUTS
(DESKTOP AND HEADSET)

- 2 PAIR OF STEREO OUTPUTS
(MAIN AND AUXILLARY)

- MONO INPUT AND MONOPHONIC OUTPUT

- PROGRAMMABLE GAIN/ATTENUATION/
MUTE BLOCKS ON ALL INPUTS AND
OUTPUTS

= MODEM CODEC HAS GAIN/ATTENUATION
BLOCKS
- INPUTS AND OUTPUTS CAN OPERATE IN
A BALANCED OR UNBALANCED CON-
FIGURATION
- DAC OUTPUT CAN OPTIONALLY BE USED
AS REAR CHANNEL SOUND EFFECTS
FOR GAMES

» 2"Y MODEM CODEC HAS GAIN/ATTENUATION/
MUTE BLOCKS ON INPUT AND OUTPUT

- ADC CAN SELECT HANDSET MOUTHPIECE
OR DESKTOP/HEADSET MICROPHONE

April 1996

ADVANCE DATA

- DAC OUTPUT CAN OPTIONALLY BE USED
AS REAR CHANNEL SOUND EFFECTS
FOR GAMES

- DAC OUTPUT CAN OPTIONALLY BE USED
TO DRIVE THE HEADSET EARPIECE

- THIS CODEC CAN ALSO BE USED FOR A
SECOND MODEM PORT

® CONTROL PINS TO CONTROL LINE OUT
ATTENUATORS BY PUSHBUTTONS
UP/DOWN/MUTE

= CONTROL PIN TO CONTROL LINE OUT AT-
TENUATORS BY A DC-VOLTAGE POTENTI-
OMETER

» GENERAL PURPOSE DIGITAL 1/0 LINES
FOR CONTROL OF MISCELLANEOUS TELE-
PHONE CIRCUITS

® EXTENSIVE POWER DOWN OPTIONS WITH
LOW-POWER AUDIO LOOPTHRU MODE

» DUAL SYNCHRONOUS SERIAL PORTS
WITH 64 BITS PER FRAME

® DIGITAL POWER SUPPLY OF 3.3V TO 5.0V
= ANALOG POWER SUPPLY OF 5V
= AVAILABLEIN 64 PIN TQFP PACKAGE

DESCRIPTION

The STLC7549 codec is a single chip multimedia
codec that contains multiple 16-bit sigma-delta
codecs and a wide assortment of audio switching
and gain controls.

TQFP64
(Thin Quad Flat Pack)

ORDER CODE : STLC7549
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STLC7549

MULTIMEDIA WORLD

L1, L2, L3
R1, R2, R3
AUDIO STEREO INPUTS
music CD player
MPEG audio signal

VCR recording
MIDI application

MicL Desktop
Microphone
Also Handfree

TP1Tx+
TP1Tx-
TP1Rx+
TP1Rx-

SECOND
TELEPHONE
LINE

for 2nd modem
or answer machine
or phone ...

TP2Tx (HandTx3)
TP2Rx

Headset
] Microphone

MicR

HandTx2

HandTx1

HandRx

MODEM V.34
+
FAX

over telephone
lines
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STLC7549

PIN CONNECTIONS
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PIN DESCRIPTION
| Pin N° Symbol |Type | Function
POWER SUPPLY (9 pins) (see Notes 1 and 2)

8 AVppa I Analog Vpp Supply. This pin is the positive analog power supply voltage (4.75V to
5.25V) for the DAC and the ADC audio section. The voltage on these pins must be
higher or equal to the voltage of the Digital power supply (DVpp).

24 AVppm Analog Vpp Supply. This pin is the positive analog power supply voltage (4.75V to
5.25V) for the DAC and the ADC modem and telephony section. The voltage on this
pin must be higher or equal to the voltage of the Digital power supply (DVpp).

40,56 | DVpp1, DVbp2 I Digital Vpop Supply. This pin is the positive digital power supply (3.15V to 5.25V).

9 AGNDA I Analog Ground. This pinis the ground return of the analog DAC (ADC) audio section.

25 AGNDM I Analog Ground. This pin is the ground return of the analog DAC (ADC) modem and
telephony section.

41, DGND1, | Digital Ground. These pins are the ground return of the digital section.

57, DGND?2,

35 DGND3

Notes: 1. To obtain published performance, the analog Vpp and digital Vpp should be decoupled with respect to analog ground and digital

ground, respectively. The decoupling is intended to isolate digital noise from the analog section ; decoupling capacitors should be
as close as possible to the respective analog and digital supply pins (refer to Figure 11).
2. All the ground pins must be tied together. In the following section, the ground and supply pins are referred to as GND and Vpp,

respectively.
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STLC7549

PIN DESCRIPTION (continued)

| Pin N°

Symbol

[Type_|

Function

STEREO AUDIO CODEC (17 pins)

Voltage Reference

18 VREFPA O [ Stereo Audio DAC and ADC Positive Reference Voltage Output. This pin provides the
Positive Reference Voltage used by the 16-bit stereo audio converters. The reference
voltage, VRrera, is the voltage difference between the Vrerpa and VRerna outputs.
VRrerpa should be externally decoupled with respect to Vcwma.

VREFA = VREFPA - VREFNA.

19 VREFNA O [ Stereo Audio DAC and ADC Negative Reference Voltage Output. This pin provides
the Negative Reference Voltage used by the 16-bit stereo audio converters, and should
be externally decoupled with respect to Vcma.

10 Vema O | Audio Common Mode Voltage Output. This output pin is the common mode voltage
(AVbpa-AGNDA)/2. This output must be decoupled with respect to AGNDA.

Analog Inputs

15 L1 I Left Line Input#1. Left analog input#1. Full scale input, with no gain, is 1Vrwus, centered
at Vcua.

16 L2 | Left Line Input#2. Left analog input #2. Full scale input, with no gain, is 1Vrwms, centered
at Vcwma.

17 L3 I Left Line Input#3. Left analog input #3. Full scale input, with no gain, is 1Vrwms, centered
at Vcwma.

14 MICL I Left Microphone Input. Microphone input for the left MIC channel, centered at Vcwma.
This signal can be either 1Vrus or 0.1Vrus depending on the preamp gain.

12 R1 I Right Line Input #1. Right analog input #1. Full scale input, with no gain, is 1Vrus,
centered at Vcma.

11 R2 | Right Line Input #2. Right analog input #2. Full scale input, with no gain, is 1Vrums,
centered at Vema.

7 R3 I Right Line Input #3. Right analog input #3. Full scale input, with no gain, is 1Vrums,
centered at Vcma.

13 MICR I Right Microphone Input. Microphone input for the right MIC channel, centered at Vcma.
This signal can be either 1Vrus or 0.1Vrus depending on the preamp gain.

6 MONO_IN | Monophonic input , centered at Vcwma. This signal can be 1Vrus. This is a general
purpose mono analog input that is normally used to mix the typical "beeper” signal on
most computers into the audio system.

Analog Outputs

1 LOUT1 (0] Left Channel Output #1. Left channel analog output. Maximum signal is 1Vrms
centered at Vcma.

2 LOUT2 (e} Left Channel Output #2. Left channel analog output. Maximum signal is 1Vrums
centered at Vcwa.

3 ROUT1 (0] Right Channel Output #1. Right channel analog output. Maximum signal is 1Vrms
centered at Vema.

4 ROUT2 O | Right Channel Output #2. Right channel analog output. Maximum signal is 1Vrwms
centered at Vcma.

5 MONO_OUT (0] Mono Output. This output is a summed analog output from the left and right and Mono
input channels. Maximum signalis 1Vrus centered at Vcma.

MODEM AND TELEPHONY CODEC (13 pins)

20 VREFPM (0] Modem and Telephony DAC and ADC Positive Reference Voltage Output. This pin
provides the Positive Reference Voltage used by the 16-bit modem converters and the
16-bits telephony converters. The reference voltage, Vrerw, is the voltage difference
between the Vrerpm and Vrernm outputs. Vrerpm should be externally decoupled with
respect to Vcmm. VREFM = VREFPM - VREFNM.

21 VREFNM (0] Modem and Telephony DAC and ADC Negative Reference Voltage Output. This pin
provides the Negative Reference Voltage used by the 16-bit modem converters and the
16-bits telephony converters, and should be externally decoupled with respect to Vcum.

23 Vemm (0] Modem and Telephony Common Mode Voltage Output. This output pin is the common
mode voltage (AVppm-AGNDM)/2. This output must be decoupled with respect to
GND.
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STLC7549

PIN DESCRIPTION (continued)

| Pin N°

Symbol | Type |

Function

MODEM AND TELEPHONY CODEC (13 pins) (continued)

29 TP1Tx+

o

Modem #1 Differential Positive Output. This pin is the noninverting output of the fully
differential transmit output modem #1.

30 TP1Tx-

o

Modem #1 Differential Negative Output. This pin is the inverting output of the fully differential
transmit output modem #1. Outputs TP1Tx+ and TP1Tx- provide analog signals with maximum
peak-to-peak amplitude 2 x Vreem, and must be followed by an external two pole smoothing
filter. The external filter follows the internal single pole switch capacitor filter with cut-off
frequency of 2x FSM. The cut-off frequency ofthe external filter must be greater than two times
the sampling frequency (FSM), so that the combined frequency response of both the internal
and external filters is flat in the band-pass.

27 TP1Rx+

Modem #1 Differential Positive Analog Input. This pin is the differential non-inverting ADC
input.

28 TP1Rx-

Modem #1 Differential Negative Analog Input. This pin is the differential inverting receive
input. The analog input peak-to-peak differential signal range must be less than 2 X Vreewm,
and must be preceeded by an external single pole anti-aliasing filter. The cut-off frequency
of the filter must be lower than one half the over-sampling frequency. These filters should
be set as close as possible to the TP1Rx+ (TP1Rx-) pins.

31 | TP1Tx2
(LQI)

Modem #1 Auxiliary Analog Output or left channel output in quadraphonic mode (LQ1).
This pin is the single-ended auxillary modem output. This output provides analog signals
with maximum peak-to-peak amplitude Vrerm, and must be followed by an external two
pole smoothing filter. The external filter follows the intermnal single pole switch capacitor filter.
The cut-off frequency of the external filter must be greater than two times the sampling
frequency (FSM), so that the combined frequency response of both the internal and external
filters is flat in the band-pass.

34 HandTx1,
33 HandTx2,
32 HandTx3
(TP2Tx)
(RQ1)

Telephony Single-ended Outputs or right channel output in quadraphonic mode for TP2Tx
(RQ1). These pins are the single-ended outputs of the analog smoothing filter. With
maximum peak-to-peak amplitude Vrerm, and must be followed by an external two pole
smoothing filter. The external filter follows the internal single pole switch capacitor filter.
The cut-off frequency of the external filter must be greater than two times the sampling
frequency (FSM), so that the combined frequency response of both the internal and external
filters is flat in the band-pass.

26 HandRx
22 TP2Rx

Telephony Single-ended Input. These pins are the single-ended Telephony ADC input. The
analog input peak-to-peak single-ended signal range must be less than Vrerm, and must be
preceeded by an external single pole anti-aliasing filter. The cut-off frequency of the filter must
be lower than one half the over-sampling frequency. These filters should be set as close as
possible to the TP2Rx, HandRx pins.

HOST INTERFACE (25 pins)

Serial Interface #1 Dedicated for Stereo Audio Codec.
The serial audio interface is synchronous with the audio sampling frequency (FSA).

61 SIN1

Data In. Digital audio data to the DACs, controlinformation, GPIO data are received by the
STLC7549 via SIN1. Refer to "Serial Interface Bit Definition” on Page 21.

60 SOUT1

o

Data Out. Digital audio data from the ADCs, status information, GPIO data are output from
the STLC7549 via SOUT1. Referto "Serial Interface Bit Definition” on Page 21.

59 SCLK1

Serial Port #1 Bit Clock Output. Clocks the digital data into SIN1 and out of SOUT1 during
the frame synchronization interval. The Serial bit clock is generated internally and is equal
to the audio Master clock signal frequency MCLKA/(4 x N) where N depends on index
register 20 contents.

58 FSYNC1

Serial Port #1 Frame Synchronization Output. The frame synchronization signal is used to
indicate that the device is ready to send and receive data. The data transfer begins on the
falling edge of the frame-sync signal. The frame-sync is generated internally and goes low
on the rising edge of SCLK1. FSYNCL1 and FSA have the same frequency.

55 MCLKA

Master Clock A for Audio Codec. Master clock input for audio codecs. This signal is the
oversampling clock ofthe DA and AD convertor. It also provides all the clocks of the audio
serial interface #1. This input must be driven by a signal with a frequency from 6.144MHz

to 12.288MHz. In quadraphonic mode this input provide all Codecs clocks ofthe STLC7549.
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STLC7549

PIN DESCRIPTION (continued)

| Pin N

Symbol

| Type |

Function

HOST INTERFACE (25 pins) (continued)

Serial Interface #2 Dedicated for Modem and Telephony Codecs.
The serial modem interface is synchronous with the modem sampling frequency (FSM).

54

SIN2

Data Input. Digital modem and telephony data to the DACs are received by the
STLC7549 via SIN2.

53

SOuUT2

o

Data Output. Digital modem and telephony data from the ADCs are output from the
STLC7549 via SOUT2.

52

SCLK2

Serial Port #2 Bit Clock Output. Clocks the digital data into SIN2 and out of SOUT2
during the frame synchronization interval. The Serial bit clock is generated internally
and equal to the Master clock signal frequency MCLKM/4. In quadraphonic mode
SCLK2 is equal to MCLKA/4 (refer to Figure 4).

51

FSYNC2

Serial Port #2 Frame Synchronization Output. The frame synchronization signal is
used to indicate that the device is ready to send and receive data. The data transfer
begins on the falling edge of the frame-sync signal. The frame-sync is generated
internally and goes low on the rising edge of SCLK2. FSYNC2 and FSM have the
same frequency.

50

MCLKM

Master Clock M for Modem and Telephony Codecs. Master clock input for modem
codecs. In quadraphonic mode this input is ignored. This signal is the oversampling
clock of the DA and AD convertor. It also provides all the clocks of the modem serial
interface #2. This input may be driven by a signal with a frequency from 1.8432MHz
to 3.84MHz (up to 11.2896MHz in Quadraphonic mode).

Miscellaneous

64

RESET

Reset Function (active low). A reset function to initalize the internal counters and
control register. A minimum low pulse of 100ns is required to reset the chip. This reset
function initiates the serial data communications. The reset function will initialize all
the registers to their default value and willput the device in a pre-programmed state.
Master clocks are not necessary during RESET .

63

PDWN

Power Down (active low). The Power-Down input powers down the entire chip to
0.5mW. When PDWN pin is taken low, the device is powered down such that the
existing internally programmed state is maintained and all analog outputs_are in high
impedance. When PDWN is driven high, full operation resumes. If the PDWN input
is not used, it should be tied to Vpp.

62

TEST

Test Input. Digital input reserved for test. Should be connected to GND.

39

VOL_UP

Pushbutton Lineout Control Volume UP (edge sensttive, active low, internal pull-up).
This pin increases the volume and also affects the left and right gain select values in
register 10.

38

VOL_DOWN

Pushbutton Lineout Control Volume DOWN (edge sensitive, active low, internal
pull-up). This pin decreases the volume and also affects the left and right gain select
values in the register 10.

37

VOL_MUTE

Pushbuttons Lineout Control Volume MUTE (edge sensitive, active low, internal
pull-up). This pin mutes and unmutes (toggle function) the Left and Right attenuators
overriding the mute bits in registers 11 and 12 (refer to Figure 8).

36

DC_POT

DC Potentiometer Control Lineout Volume. An external potentiometer can be
attached tothis pin to determine a 4-bit value to be used as the main Left/Right output
attenuator register value (register 10).

49 : 42

GPI0[0:7]

/0

General Purpose I/0s. General purpose input/output pins.
These 1/Os are configured as inputs at power-up or RESET.
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STLC7549

BLOCK DIAGRAM
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STLC7549

Figure 1 : Simplified Stereo Part Diagram

3
L1,L2,L3 %/—~D| GAIN I

MICL AN ; AUDIOLEFTDATA_OUT
Vs

ADC
2 2
LOUT1, LOUT2 -———+— ATTE E AUDIO LEFT DATA_IN
DC

3
3

MONO IN
AUDIO RIGHT DATA_IN

2
ROUTL,ROUT2 <@~ 4| ATTE Z

MICR GAIN yz AUDIO RIGHT DATA_OUT

3
R1,R2,R3 ﬁ;’I GAIN I

Mute on allline *

Figure 2 : Simplified Telephony/Modem #2 Part Diagram

*From Gain of MICL
*From Gain of MICR

. .
e
HandRx GAN
HandTx1,

l:'aannddTTXXZé - ATTE DAC TELEPHONY DATA IN

(TP2Tx, RQ1)
MUTE on allline.

TELEPHONY DATA OUT

Figure 3 : Simplified Modem #1 Part Diagram

2
TP1Rx >| GAIN I ADC MODEM #1 DATA-OUT
TP1Tx 3 3
TP1Tx2 (LQ1) <H MUTEH ATTE |<—| DAC |<— MODEM #2 DATA-IN

Figure 4 : Clock Generator Diagram

MCLKA (4 x N) T» 64 —l

SCLK1 FSA
(FSYNC1)
4 64
MCLKM
MAM bit
(bit4 register 20) SCLK2 FSM
(FSYNC2)

N Value :see § REGISTERDESCRIPTION (Index Register 20)
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STLC7549

FUNCTIONAL DESCRIPTION

1 - Volume Control

The STLC7549 provides a powerful set of volume
control functions via pushbuttons (VOL_MUTE,
VOL_DOWN and VOL_UP input pins), a potenti-
ometer (DC_POT input pin) and control registers
(Register 10 : Audio line output attenuator control,
Register 11 : Audio output mute control , Regis-
ter 12 : Mono input/output control, Register 19 :
digital control Register #1).

1.1 - Index Register 19 : Digital Control

Register #1 Description

By setting the bits +PBVOL (pushbutton volume
circuitry) or + DCVOL (DC volume control circuitry)
the output attenuators will be affected (increment
or decrement by 1 LSB the current 4-bit value of
volume control Register 10) by the pushbuttons
(VOL_UP ,VOL_DOWN) or by the potentiometer
(DC voltagerange pin DC_POT to determine a 4-bit
value).

The 4-bit value from the DC potentiometer can be
read from Register 19 (bits 4 to 7). If the bits
+PBVOL and +DCVOL are both set to "1" the
priority is given to +DCVOL.

In pushbutton mode the serial interface is still able
to modify the volume setting of Register 10. In
potentiometer mode the serial interface can not
modify Register 10.

Index Register 19 Control Mode
+PBVOL | +DCVOL | VOLUME (1) MUTE (2)
0 0 Serial Interface | Serial Interface
1 0 Pushbuttons/ Pushbuttons/
Serial Interface | Serial Interface
0 1 Potentiometer | Serial Interface
1 1 Potentiometer Pushbuttons

Notes: 1. Register 10
2. Registers 11,12

1.2 - Pushbuttons Circuitry

The pushbuttons volume circuitry (VOL_MUTE,
VOL_UP and VOL_DOWN) will affect the main
left/right output attenuator in Register 10 and mute
blocks in Registers 11,12 and do not mute the PC
speaker (Register 12). When switching from serial
interface control mode to pushbuttons control
mode the contents of the Registers 10,11,12 are
kept. If more than 1 pushbuttonis pushed, then the
priority is given to the one pushed first.

The action on VOL_UP and VOL_DOWN pushbut-
tons will increment or decrement the contents of
the left and right output attenuator in Regis-
ter 10.The status of the input pins are inverted and
reflected in bits 21, 22 and 23 of the serial output#1
interface. The input pins are debounced before

‘ $GS-THOMSON
Y/ HICROELECTRONICS

acting on registers value. The input pins are edge
sensitive and active low.

The push-buttonsare debounced as shown in Figures
5 and 6. The internal pull-up resistance is over 20kQ.

Figure 5
DVDD
| Bits 22,23
PB R Status b't{)f Serial # 1 outputs
=~
DEBOUNCER |—| REGISTERSl
VOL_UP
VOL_DOWN
DGND STLC7549 Enable Register19
Figure 6
PushbuttoM
Debouncer
20ms Min./
40ms Max.

In orderto betterunderstand the MUTE pushbutton
function please see Figure 8. After RESET the
output of the TOGGLE/UNTOGGLE circuitry is in
unmute position.

1.3 - Potentiometer circuitry

With the internal DC to 4-bit value convertor you
can control the output volume just with a simple
potentiometer of 100kQ . When switched to DC
volume control mode , the contents of the volume
Register 10 are up-dated with the 4-bit convertor
value of the potentiometer circuitry. The 4-bit value
volume control register is up-dated at least every
100ms .The potentiometer circuitry has an hyster-
esis of 1/2 LSB. The DC potentiometercircuitry is
shown in Figure 7.

Figure 7
DV, (3.3 to 5V)
STLC7549
DC_P OTE% Potentiometer
DGND

9/30

7549-08.EPS

7549-09.EPS

7549-11.EPS



STLC7549

FUNCTIONAL DESCRIPTION (continued)

2 - Mute Function

The mute function allows each input and output
channelto be silenced independently. This function
maintains the configuration (gain, attenuation, mix-
ing configuration)during the mute and unmute. The
output channels should be muted when the sam-
pling frequencyis changed.

For the complete description of the mute possibili-
ties see :

- Register 6 (Right ADC Summer control)

- Register 7 (Left ADC Summer control)

- Register 8 (Right DAC Summer control)

- Register9 (Left DAC Summer control)

- Register 11 (Audio output Mute control)

- Register 12 (Mono Input/Output control)

- Register 14 (Mono codec#1 output control)

- Register 15 (Mono codec#2 input control)

- Register 16 (Mono codec#2 output control)

3 - Input Gain and Output Gain Setting

Both input and output gain setting are internally
made on zero crossing of the analog signal to
minimize the " zipper ” noise. The gain setting on
zero crossing of the analog signal is not available
in the preamplifier P. The gain change automat-
ically takes effect if zero crossing does not occur
within 512 frames. The 512 frames counter is in-
itialized by the register gain access.

4 - Offset Cancellation
The internal input offsets are minimized by internal
offset cancellation circuitry . The calibration proce-

Figure 8 : Mute Function

dure is forced by setting bit 0 or bit 1 of Register 19
to "1”. The lengh of time required for calibration is
1024 samples at the sampling frequency rate
(eg: FSx = 44.1kHz, T = 1024 * 1/FSx = 23ms).
When calibration is completed the bit O or bit 1 of
Register 19 is reset to "0”. During calibration the
analoginputs are setto ahigh impedance state and
the data value at SOUT are not valid.

5 - Quadraphonic Mode

The STLC7549 offers the possibility to play music
in quadraphonicmode.This mode will allow you to
power your multimedia application by providing
surround sound using RQ1 (Right Quadraphonic 1
output) and LQ1 (Left Quadraphonic 1 output)
along with the normal stereo outputs Loutl and
Routl.

This mode is programmed by setting the bit MAM
(Modem Audio Mode, Register 20) to "1”, this will
cause the modem codecs #1 and #2 clocks to be
controlled from the audio master clock MCLKA
(11.2896MHz). The modem master clock MCLKM
will be ignored (see CLOCK GENERATOR DIA-
GRAM) (Figure 4).

In this mode the FSA must be programmed
to 44.1kHz (NDIV1 and NDIVO of Register 20
equals zero so N=1). FSM will be equal to
MCLKA/4/64 = 44.1kHz.

For Quadraphonic mode you will have also to
program the bitMOR (Modem Oversampling Ratio,
Register 20) to "1” so the oversampling ratio will
be 128.

Register 11

-MUTR1

-MUTR2

-MUTL1

-MUTL2

| -MUTEX
(read only)

Register 12

-MUTPCL

?—. ROUT1
T

ROUT — ROUT2

MONO IN MONO OUT

= e

LouT ﬂ—?—» LOUTL

DVyp

-MUTPCR

= »

.
.
mutpep o

LOUT2

"0" = Mute

VOL_MUTE

DEBOUNCER |—| TOGGLE/ UNTOGGLE I“

"1" = UnMute

T

DGND

+PBVOL (Register 19)

Mute Status (status bit 21 in Serial # 1 output)

10/30
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STLC7549

FUNCTIONAL DESCRIPTION (continued)

6 - Analog Inputs and Outputs

Figure 9 illustrates the suggested connection to
obtain full performance from the STLC7549.

Any unused analog input should be tied to Vcm
directly.

Figure 9

1uF
Line Input I

10k WF

Line Output — I
T100pF

AGND

STLC7549

7 - General Purpose Input/Output:  GPIO[7:0]

The STLC7549 offers 8 general purpose Input/Out-
put pins.The setting of the GPIO configuration is
done through Register 18 (bit set to "0” for input
configuration and bit set to "1” for output configu-
ration). On RESET the pinsare configured as Input.

The GPIO value is reflected in the serial data
stream SOUT1 bits 24-31 (eg : could be used for
Ring detect in modem application). When pro-
grammed as output the GPIO provides the way to
control external devices using bits in the serial data
input stream SIN1 bits 56-63 (eg: could be used for
controlling relay drivers) .The GPIO input voltage
is independant of DVpp and can be from 3.3V to
5V.

Figure 10

STLC7549
DV

Output
(bits 56-63) > C

Input -

GPI10 [7:0]

A\

Output Enable

(Register18) DGND

7549-12.EPS

7549-13.EPS
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8 - Clock Generator

From the Master Clock Audio (MCLKA) and Master
Clock Modem (MCLKM) the internal clock gen-
erator provides all the synchronous serial interface
clocks (SCLK1, FSYNC1, SCLK2 and FSYNC2).

The internal sampling frequency (FSA , FSM) used
for A/D and D/A conversion are equal to the syn-
chronous frequency (FSYNC1 and FSYNC2 re-
spectively) . FSxand FSYNCx frequencies are not
in phase.

In Quadraphonicmode the MCLKM inputisignored
and the reference master clock is MCLKA. For
proper operation the N divider (Register 20) must
be set to 1 in order to have FSAand FSM equals.

The modem codecs can run with master clock
higher than 3.84MHz (e.g. : 11.2896MHz) but with
reduced performances.

9 - Resetand Power Down

The reset function initializes the internal counters
and control registers. A minimum low pulse of
100ns is required to reset the chip. This reset
function initiates the serial data communication.
During reset operation the SCLKx, FSYNCx and
SOUTX outputare driven high.

After areset:

- the registers are set to a known value (refer to
register description)

- the GPIO [0:7] are set to Input configuration.

- the output of TOGGLE/UNTOGGLE mute func-
tion is placed in unmute state.

- all the internal data paths are setto” 0.

- the calibrations of all convertersare lost.

The PDWN input powers down the entire chip.
Minimum power consumption is obtained when the
MCLKXx are stopped. When PDWN pin is taken low
the device powers down such that the existing
programmed state is maintained and all analog
outputs are in a high impedance state. In power
down mode the Vcmx is floating. When power
down is driven high full operation resumes. If the
power down input is not used, it should be tied to
DVbp.

The STLC7549 provides also 3 software power
down modes detailed in Register 20.

11/30




STLC7549

FUNCTIONAL DESCRIPTION (continued)
10 - Voltage Decoupling

To obtain published performance , the analog
AVpp, digital DVpp and common mode voltage
VCMM (VCMA) should be decoupled with respect
to AGND for Avbp and VCMM(VCMA) and to
DGND for DVbp. The decoupling is intented to

isolate digital noise from the analog section. De-
coupling capacitors should be as close as possible
to the voltage pin.

All the ground pins must be tied together (see
following schematics).

Figure 11
AVDDA lé]
VREFPA Eaﬁ
47nF || 1QF
Veus [10] T y == 100NF == 10,F
CMA | L L L - OH
47nF |- 1QF 47nF ™= 1QF
VREFNA E-g T
AGNDA [9] .
S
T AV, [24
L
C Veerem E@ﬁ
7 T47nF | — 1 OpF
5 Veun 23] -L -T- J. = 100NF == 10yF
4 47nF == 1QF A7nF == 1QF
9 VREFNM Iél T
AGNDM [25] .
V4
Ground
Plane
12/30
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STLC7549

ELECTRICAL SPECIFICATION

Unless otherwise noted, Electrical Characteristics are specified over the operating range.
Typical values are given for Vpp = +5V, Tamb = 25°C and for nominal master clocks frequency
MCLKA =11.2896MHz and MCLKM = 2.4576MHz.

ABSOLUTE MAXIMUM RATINGS (AGND = DGND = 0V, all voltages with respect to 0V)

Symbol Parameter Value Unit
AVpp Analog Power Supply -0.3,6.0 \%
DVbp Digital Power Supply -0.3,6.0 \%

I Input Current per Pin (except supply pins) -10, 10 mA
lo Output Current per Pin (except supply pins) +20 mA
Via Analog Input Voltage -0.3, AVpp + 0.3 \%
Vip Digital Input Voltage -0.3,DVpp + 0.3 \%

Viberio Digital Input Voltage at GPI/O 5.25 \%

Toper Operating Temperature 0, +70 °C

Tstg Storage Temperature -40, +125 °C

Ppomax Maximum Power Dissipation 1500 mw
Warning : Operation beyond these limits may resultin permanent damage to the device. Normal operation is not guaranteed at these

extremes.

RECOMMENDED OPERATING CONDITIONS (AGND = DGND = 0V, all voltages with respect to 0V)

| Symbol | Parameter | Min. | Typ. | Max. | Unit
SINGLE POWER SUPPLY (DVpp = AVpp)
Vbbp Supply Voltage 4.75 5 5.25 \%
Ip Digital Supply Current 95 mA
Ia Analog Supply Current 55 mA
ILPH Currentin Low Power Hardware Mode 10 HA
(PDWN = "0") (MCLKs stops)
I psw1 Supply Currentin Low Power Software Mode 1 TBD HA
(see Register 20)
ILpsw2 Supply Currentin Low Power Software Mode 2 TBD HA
ILpsws Supply Currentin Low Power Software Mode 3 TBD HA
Pp Power Dissipation 750 mw
Vewm Common Mode Voltage Output AVpp/2 -5% AVpp/2 AVpp/2 +5% Vv
DUAL POWER SUPPLY (DVpp # AVpp)
DVbp Digital Supply Voltage 3.15 3.3 3.45 \%
Ip Digital Supply Current 50 mA
AVpp Analog Supply Voltage 4.75 5.0 5.25 \%
Ia Analog Supply Current 55 mA
ILPH ly Currentin Low Power Hardware Mode TBD HA
(PDWN = "0") (MCLKs stops)
I psw1 Supply Currentin Low Power Software Mode 1 TBD HA
(see Register 20)
ILpsw2 Supply Currentin Low Power Software Mode 2 TBD HA
ILpsw3 Supply Currentin Low Power Software Mode 3 TBD HA
Pp Power Dissipation 450 mw
Veum Common Mode Voltage Output AVpp/2 -5% AVpp/2 AVpp/2 +5% \%
Icm Common Mode Current Output (see Note 1) 100 HA
Note 1: DC current only IF dynamic loading exists, than the common mode voltage output must be buffered or the performance of ADCs

and DACs will be degraded

‘ $GS-THOMSON
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STLC7549

ELECTRICAL SPECIFICATION (continued)

AUDIO

AVbp =5V, DVpp =3.3V; Input levels : LogicO =0V, Logic1l =DVpp ;

1kHz input sine wave ; Conversionrate = 44.1kHz;

Measurementbandwidth is 20Hz to 20kHz, 16-bit linear coding for audio, microphone inputs.
Gain setting and Attenuation (0dB) ; 0dBr = 1Vrwms (sine wave) ; Load impedance 10kQ, 20pF ;
Unless otherwise specified.

Analog Input Characteristics

Symbol Parameter Min. Typ. Max. Unit
ADR ADC Resolution 16 Bits
DNL ADC Differential Nonlinearity (see Note 1) -0.9 +0.9 LSB
SID Signal to Intermodulation Distortion 85 dB

Icl Interchannel Isolation (f = 1kHz, Vinput= 200mVpp) 85 dB
IcGM Interchannel Gain Mismatch Line Inputs -0.5 +0.5 dB
Microphone Inputs -0.5 +0.5 dB

PIGS Programmable Input Gain Span Line Inputs 28 30 32 dB
Microphone Inputs 55.5 57.5 59.5 dB

GSEr Gain Step Size Error (see Note 3) Line Inputs 0.5 dB
Microphone Inputs 0.5 dB

OFFr | ADC Offset Error Line Inputs 10 100 LSB
(microphone pre-amplifier at maximum gain) Microphone Inputs 600 1000 LSB

FSI Full Scale Input Voltage Line and Microphone Inputs 2.8 2.9 3.0 Vpp
RN Input Resistance (see Note 1) Line Inputs 100 kQ
Microphone Inputs 10 kQ

CiN Input Capacitance (see Note 1) 15 pF
SNDR | Signal / Noise + Distortion at -6dBr ; 1kHz ADC Audio 79 dB
ADC Micro 70 dB

DR Dynamic Range (see Note 2) 85 dB

Analog Output Characteristics

7549-07.TBL

Symbol Parameter Min. Typ. Max. Unit
DAR DAC Resolution 16 Bits
DNL DAC Differential Nonlinearity (see Note 1) -0.9 +0.9 LSB

SNDR | Signal / Noise + Distortion at -10dBr 75 dB
DR Dynamic Range (see Note 2) 85 dB
SID Signal to Intermodulation Distortion 85 dB
Icl Interchannel Isolation Line Out 85 dB

IcGM Interchannel Gain Mismatch Line Out -0.5 0.1 +0.5 dB
PAS DAC Programmable Attenuation Span 42 45 48 dB
ASS DAC Attenuation Step Size 2.5 3 3.5 dB

VOFF | DAC Offset Voltage -100 +100 mV
FSO Full Scale Output Voltage 2.8 2.9 3.0 Vpp
RL Load Resistance 10 kQ
CL Load Capacitance 20 pF
Rout Output Resistance 20 Q
MALt Mute Attenuation (0dB gain) 85 dB
OBE Total Out-of-band Energy (see Note 1) Fs/2 to 100kHz -45 dBr

7549-08.TBL

Notes: 1. This specification is guaranteed by characterization, not production testing.
2. DR measured over the full bandwidth OHz to FSA/2 with -20dBr signal extrapoled to full scale.
3. The gain step size error is the deviation of a gain or attenuation step from a straight line passing through the no-gain/attenuation
value and the ideal full-gain/attenuation value.

14/30
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STLC7549

ELECTRICAL SPECIFICATION (continued)

MODEM AND TELEPHONY
AVbp =5V, DVpp =3.3V; Input levels : Logic0 =0V, Logic 1 = DVpp ; 1kHz input sine wave ;
Conversion rate = 9.6kHz. Measurement bandwidth is 100Hz to 4800Hz, 16-bit linear coding for modem
inputs and 16-bit linear coding for telephony inputs. For quadraphonic mode the measurement are done
with MCLKA = 11.2896MHz and MAMbit set to 1 in Register 20. Gain settings and attenuation (0dB) ;
0dBr = 2 x VrRerm peak-to-peak ; Load impedance 10kQ, 20pF ; unless otherwise specified.

Analog Input Characteristics

Symbol Parameter Min. Typ. Max. | Unit
ADR ADC Resolution Modem #1 16 Bits
Modem #2 16 Bits
DNL ADC Differential Nonlinearity (see Note 1) -0.9 +0.9 LSB
SID Signal to Intermodulation Distortion 85 dB
Icl Interchannel Isolation (f = 1kHz, Vinput = 200mVpp) 85 dB
PIGS Programmable Input Gain Span Modem #1 6 dB
Modem #2 12 dB
GSEr Gain Step Size Error (see Note 3) 0.5 dB
OFFr ADC Offset Error Modem #1 10 100 LSB
Modem #2 10 100 LSB
Vrerm | Differential Reference Voltage Output = VRerpm - VREFNM 2.4 2.5 2.6 V
FSI Full Scale Input Voltage Modem #1 (differential) 2 X VREEM \%
Modem #2 (single-ended) VREFM \%
RN Input Resistance Modem #1 100 kQ
Modem #2 100 kQ
Cin Input Capacitance 15 pF
SNDR | Signal / Noise + Distorsion at -6dBr ; 1kHz Modem #1 84 dB
Modem #2 79 dB
Quadraphonic Mode 70 dB
DR Dynamic Range (see Note 2) Modem #1 90 dB
Modem #2 85 dB
Quadraphonic Mode 76 dB

Notes: 1.

This specification is guaranteed by characterization, not production testing.

value and the ideal full-gain/attenuation value.

‘ $GS-THOMSON
Y/ HICROELECTRONICS

. DR measured over the full bandwidth OHz to FSA/2 with -20dBr signal extrapoled to full scale.
. The gain step size error is the deviation of a gain or attenuation step from a straight line passing through the no-gain/attenuation
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STLC7549

ELECTRICAL SPECIFICATION (continued)

MODEM AND TELEPHONY (continued)
Analog Output Characteristics

Symbol Parameter Min. Typ. Max. | Unit
DAR DAC Resolution Modem #1 16 Bits
Modem #2 16 Bits
DNL DAC Differential Nonlinearity (see Note 1) -0.9 +0.9 LSB
SNDR | Signal / Noise + Distorsion at -6dBr Modem #1 84 dB
Signal / Noise + Distorsion at -10dBr Modem #2 75 dB
Quadraphonic Mode 70 dB
DR Dynamic Range (see Note 2) Modem #1 90 dB
Modem #2 85 dB
Quadraphonic Mode 80 dB
SID Signal to Intermodulation Distortion 85 dB
Icl Interchannel Isolation 85 dB
Gabs Absolute Gain at 1kHz -0.5 0 +0.5 dB
PAS DAC Programmable Attenuation Span Modem #1 6 dB
Modem #2 6 dB
VOFF | DAC Offset Voltage -100 100 mV
FSO Full Scale Output Voltage Modem #1 (differential output) 2 X VREEM \%
Modem #2 (single ended output) VREFM \%
RL Load Resistance 10 kQ
CL Load Capacitance 20 pF
Rout Output Resistance 20 Q
MALtt Mute Attenuation 85 dB
OBE Total Out-of-band Energy (see Note 1) Fs/2 to 100kHz -45 dBr

Notes: 1. This specification is guaranteed by characterization, not production testing.

2. DR measured over the full bandwidth OHz to FSA/2 with -20dBr signal extrapoled to full scale.

16/30
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STLC7549

ELECTRICAL SPECIFICATION (continued)

SWITCHING CHARACTERISTICS (AVbp =DVpp =+5V, AGND = DGND = 0V,
Outputs loaded with 30pF, Input Levels: Logic 0 = 0V, Logic 1 = DVpp)

Symbol Parameter Min. Typ. Max. Unit
MCLKA | Input Clock (MCLKXx) Frequency 6.144 11.2896 12.288 | MHz
MCLKM Modem Mode | 1.8432 2.4576 3.84 MHz
Quadraphonic Mode 11.2896 MHz
tpw Master Clock Period 1/MCLKXx -
tpw/tckn | Master Clock (MCLKx) Duty Cycle  Pulse Width High 20 80 %
tpw/tekL Pulse Width Low 20 80 %
tpD1 SCLKx Output Delay from MCLKx Rising Edge 35 ns
tpp2 FSYNCx Delay Time 15 ns
ts2 SINx Set-up Time 15 ns
tH2 SINx Hold Time from SCLKx Edge 10 ns
tpp3 SOUTXx Delay from SCLKx Edge 25 ns
tsckwi SCLK 1 Period 1/(64 x FSA) S
tsckHr | SCLK 1 High Time 36 ns
tsckL1 SCLK 1 Low Time 36 ns
tsckw2 | SCLK 2 Period Modem Mode 1/(64 x FSM) s
Quadraphonic Mode 1/(64 x FSA) S
tsckHz | SCLK 2 High Time Modem Mode 1730 ns
Quadraphonic Mode 36 ns
tsckLz SCLK 2 Low Time Modem Mode 1730 ns
Quadraphonic Mode 36 ns
FSA Audio Sample Frequency (N defined in Reg 20) MCLKA/ (4 x N x 64) Hz
FSM Modem & Telephony Sample Frequency MCLKM/ (4 x 64) Hz
Figure 12 : SCKLx Output Timing Figure 13

| tewe | toxm |

MCLKx

|
SCLKx X

7549-15.EPS

SINX

SOUTX

tsekix sckr,
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STLC7549

ELECTRICAL SPECIFICATION (continued)
DIGITAL FILTER CHARACTERISTICS

Symbol Parameter Min. Typ. Max. Unit
Passband 0 0.4xFs Hz
Abs Gain at 1kHz -0.5 +0.5 dB
Passband Ripple (0-0.4xFs) -0.2 +0.2 dB
Transition Band 0.4 x Fs 0.6 xFs Hz
Stop Band 0.6 x Fs Hz
Stop Band Rejection 65 dB
DIGITAL CHARACTERISTICS (AVpbp = DVpp = +5V ; AGND = DGND = 0V)

Symbol Parameter Min. Typ. Max. Unit
ViH High Level Input Voltage Digital Inputs 2.2 Vop + 0.3 Y,
Vi Low level Input Voltage -0.3 0.8 \%
VoH High Level Output Voltage lo=-1mA 2.4 Vbp \YJ
VoL Low Level Output Voltage lo= 1mA 0.4 \%

Input Leakage Current Digital Inputs -10 +1 10 HA
loL Low Level Output Current (GPIO [0:7]) 2 mA

INPUT/OUTPUT DESCRIPTION
Vo, GND
TEST RESET PDWN  Vew Veee  MCLKA MCLKM
15
B L1, L2, L3
8
MICL GPI0[7:0]

o

|h|:J LOUT1, LOUT2 VOL_UP

w

% MONO_IN VOL_DOWN

o

g MONO_OUT VOL_MUTE

< R1, R2, R

DC_POT
MICR
ROUTL, ROUT2 STLC7549 SCLKL |

N

$ TP2Rx SOUT1

= SI01 AUDIO

|-|8J HandRx SIN1

S | HandTx1, HandTx2s FSYNC1
“HandTx3 (TP2Tx, RQ1) SYNCL |

g

3 TP1Rx SCLK2

=

é . SIO 2 souTz MODEM

(LQ1)
FSYNC2 |

1830 437 565:THOMSON

MICROELECTRONICS
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STLC7549

SERIAL INTERFACE
Serial Interface Operation
Figure 14 : Serial Interface Timing

MCLKx mm"ﬂ“ﬂlmnlm (N =1, for MCLKA)
SCLKX}|||||||“|||||||

FSYNCx

« SO00EEEER

Bit63: Bit0 Bitl

o OOEEEEEE

Serial data input is initiated by a frame synchro
signal (FSYNC). The data is clocked from SIN into
the input shift register (ISR) on the falling edge of
SCLK and transfered to the input buffer register
(IBR) when a complete 16-bit word has been re-
ceived, the register is loaded 8 bits clocks later.
Data is assumed to be received MSB first.

Serial data output is initiated by a frame synchro
signal (FSYNC). The 16-bit data word is loaded into
the output shift register (OSR) and serially clocked
out of OSR to SOUT on therising edge of SCLK.
The data/indexregister of SOUT1 refer to the index
register set of SIN1 within the same frame.

7549-18.EPS

Figure 15 : Audio Serial Interface Block Diagram

The SCLK s 64 times FSYNC. This mean that the
frame contains four slots of 16 bits. The time slots
used for circuit function are indicated on the next
paragraph.

Serial port 1 and 2

- Frame Synchronization Output (FSYNC)

- Serial Bit Clock Output (SCLK)

- Input Serial Register (ISR)

- Input Buffer Register (IBR)

- Serial Input Data (SIN)

- Output Buffer Register

- Output Serial Register (OSR)

Audio Serial Interface One (Figures 15 and 16)

- Audio Left Data Input Register (ALDIR)

- Audio Left Data Output Register (ALDOR)

- Audio Right Data Input Register (ARDIR)

- Audio Right Data Output Register (ARDOR)
- Index Register (RO to R20)

- General Purpose Output Register (GPOR)

- Status Audio Register

Modem and Telephone Serial Interface Two
(Figures 17 and 18)

- Modem Data Input Register (MDIR)

- Modem Data Output Register (MDOR)

- Telephone Data Input Register (TDIR)

- Telephone Data Output Register (TDOR)

‘ $GS-THOMSON
Y/ HICROELECTRONICS

MCLKAﬁ
CLOCK o
GENERATOR l ALDR
+ + (RX1) (WX1)
FSYNClﬂ FSYNC1 SCLK1 - ALDOR
16 bi 16 bi
SINL —Jp] ISR1 7&’ IBR1 7&, — ARDIR
? f :
0O w4——] ARDOR
SCLK1 (RX1) P
S 1
[a]
3 INDEX
FSYNC1 g-. P REGISTER [4— RO \/
l 21
. . Registers|
SOUT14—| OsR1 47;16 bS] opR1 16 bits
% * -y - GPOR
SCLK1 (WX1)
STAR
Rx1, Wx1 internalsignals
19/30

7549-19.EPS



STLC7549

SERIAL INTERFACE (continued)

Figure 16 : Audio Codec Serial Interface (SIO 1) Timing

64 x SCLK1 cycles

—
-y

SCLK1 | I | | |
FSYNC1 | I

i
i

Fs Fs
BIT 0 1516 3132 4748 55 56 63
SIN1 | AUDIO LEFT DATA | INDEXDATA REG | AUDIO RIGHT DATA | RESERVED !  GPO |
YT DO D15 DO D15 D8 D7 DO
TSI10 TsI1L TSIL2 TSI13
.0 1516 3132 47 48 55 56 63
SOUT1 | AUDIO LEFT DATA | STATREG !  GPI | AUDIO RIGHT DATA | DATAINDEX REG |
D15 TSO10 Y TSo11 D15 TSO12 Y TSO13
Figure 17 : Modem and Telephone Serial Interface Block Diagram
MCLKM
MCLKA — ey +
Bit MAM CLOCK 16 bits
Reg 20 GENERATOR MDIR
+ + y 16 bits
(Rx2) (Wx2)
FSYNCZT FSYNC2 SCLK2 —— MDOR
16 bi 16 bi
SIN2 — ISR2 7&. IBR2 7&, é
[o]
o
% « :
SCLK2 (Rx2) o
[{e]
—
14 bits
FSYNCZT —/—»  TDR
14 bits
16 bits 16 bits
souT2-4—| Osr2 47;' OBR2 | ! -t TDOR
SCLK2 (Wx2) Rx2, Wx2 internal signals

Figure 18 : Modem and Telephony Codecs Serial Interface (SIO 2) Timing

64 x SCLK2 cycles

—
il

SCLK2 |||I|

FSYNC2 | I
BIT 0 1516 3132 47 48 63
smz | MODEM DATA | RESERVED |  recepronvDaTa | RESERVED |
p15 TSI20 po TSI21 p15 TSI22 po TSI23
.0 1516 3132 47 48 63
sou2 | MODEM DATA | RESERVED |  recepronvDaTa | RESERVED |
D15 DO D15 DO
TS020 TS021 TSO22 TS023
20/30
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STLC7549

SERIAL INTERFACE BIT DEFINITION

| BitN° | WordN°®

Definition

Serial Input #1 Bit Definition

(DSP-to-Codec)

0-15 0 Audio Left DAC Data (16 bits, MSB first)
16 If = "1", write index register set. If ="0", no write , just read index register set
17 Reserved
18 1 Reserved
19-23 Index Register Address (5 bits, MSB first)
24 -31 Index Register Data (8 bits, MSB first)
32-47 2 Audio Right DAC Data (16 bits, MSB first)
48 - 55 Reserved
56 - 63 GPIO Output Data [7:0] (8 bits, MSB first).
3 These bits are sent to the pins GPIO [7:0] if their respective configuration bits (CFGPIO [7]
thru CFGPIOJ[0]) are set to the OUTPUT state. Refer to the GPIO configuration register
(index Reg # 18) for more information.

Serial Output #1 Bit Definition

(Codec-to-DSP)

0-15 0 Audio Left ADC Data (16 bits, MSB first)
16 + Mono Codec #2 ADC Overflow (indicates saturation of ADC)
17 + Mono Codec #1 ADC Overflow (indicates saturation of ADC)
18 + ADC Left Overflow (indicates saturation of ADC)
19 + ADC Right Overflow (indicates saturation of ADC)
20 Reserved
21 1 The Inverted Digital Status Value of Input Pin VOL_MUTE
22 The Inverted Digital Status Value of Input Pin VOL_UP
23 The Inverted Digital Status Value of Input Pin VOL_DOWN
24 -31 Codec Pins GPIO[7:0] Status (8 bits, MSB first).
These bits are a reflection of the digital values on pins GPIO[7:0]. Ifthe GPIO Pinis configured
as an OUTPUT, the current setting of that OUTPUT bit will be returned in these status bits.
Ifthe GPIO is set to be an INPUT, the digital value on the GPIO input Pin will be read. Refer to
the GPIO configuration register (index register 18) for more information.
32-47 2 Audio Right ADC Data (16 bits, MSB first)
48 -50 Reserved
51-55 3 Index Register Address Returned (5 bits, MSB first)
56 - 63 Index Register Data Return (8 bits, MSB first)

Serial Input #2 Bit Definition

(DSP-to-Codec)

0-15 0 Mono Codec #1 DAC Data (16 bits, MSB first)
16 -31 1 Reserved
32-47 2 Mono Codec #2 DAC Data (16 bits, MSB first)
48 - 63 3 Reserved

Serial Output #2 Bit Definition

(Codec-to-DSP)

0-15 0 Mono Codec #1 ADC Data (16 bits, MSB first)
16 - 31 1 Reserved
32-47 2 Mono Codec #2 ADC Data (16 bits, MSB first)
48 - 63 3 Reserved

21/30
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STLC7549

REGISTER DESCRIPTION

Index Register Map
Register Name

0 Identification Register

1 Line Input #1 Gain Control

2 Line Input #2 Gain Control

3 Line Input #3 Gain Control

4 Right Microphone Input Gain Control

5 Left Microphone Input Gain Control

6 Right Channel Audio ADC Summer Control
7 Left Channel Audio ADC Summer Control
8 Right Channel Audio DAC Summer Control
9 Left Channel Audio DAC Summer Control
10 Audio Line Output Attenuators

11 Audio Output Mute Control

12 Mono Input/Output Control

13 Mono Codec #1 Input Control

14 Mono Codec #1 Output Control

15 Mono Codec #2 Input Control

16 Mono Codec #2 Output Control

17 ADC/DAC Loopback Control Register

18 GPIO Configuration Register

19 Digital Control Register #1
20 Digital Control Register #2
21 Saturation Clear Register

Index Register 0
7 6 5

. ldentification Register
4 3 2 1 0

| Chip Identification | Revision Code |

Read only register. 0001-0001

Index Register 1 :

Line Input #1 Gain
Control Register

Index Register 2 :

Line Input #2 Gain
Control Register

7 6 5 4 3 2 1 0 7 6 5 4 3 2 1 0
o N — o ™ N — o o N — o N — o
] O] ] U] Q Q Q Q O] O] O] O] ] ] Q Q
= = = = = = = = N « N « 8 8 Y Y
4 4 4 4 4 4 4 4 4 4 4 4 o o o o

RI1G3 to RI1GO

LI1G3 to LI1GO

Refer to the line input gain select table (Table 1) to
understand how these bits relate to the actual
gain/attenuationvalue.

22/30

: Resetvalue : 0000.
Right line input #1 gain select.

: Resetvalue : 0000.
Left line input#1 gain select.

K’_ §GS-THOMSON
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RI2G3to RI2GO:

LI2G3to LI2GO :

Reset value : 0000.
Right line input #2 gain select.

Reset value : 0000.
Left line input #2 gain select.

Refer to the line input gain select table (Table 1) to
understand how these bits relate to the actual
gain/attenuationvalue.
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REGISTER DESCRIPTION (continued)

Index Register 3 : Line Input #3 Gain

Control Register

Index Register 5 :

Left Microphone Input Gain
Control Register

7 6 5 4 3 2 1 0 7 6 5 4 3 2 1 0

[42] N — o ™ N — o 1 ® « o o

21 8|1 8|1 8| 8| e8| 8 8 gl 8| | 0| @

> o - - o o o o a = = = =

= - - - -

RI3G3 to RI3GO: Resetvalue : 0000.

Right line input #3 gain select. LIMG3 : Resetvalue : 0000.
LI3G3 to LI3GO : Resetvalue : 0000. to LIMGO Leftinput microphone gain select.

Left line input #3 gain select. Refer to the microphone gain table
Refer to the line input gain select table (Table 1) to (Table 2) to understand howthese bits
understand how these bits relate to the actual relate to the actual gain/attenuation
gain/attenuationvalue. value.
Table 1 : Line Input Gain Select (G1) +MPREL : Resetvalue : 0.

Bit Gan T Bit Gain Setting this bitto a 1 will place a +20dB
Code | Pecmal | gy || code | PeCimal | (gp) pre-amplifier in the microphone left
0000 0 24 | 1000 s 8 signal path. If this bit is a 0, the gain
0001 1 22 | 1001 9 6 will be +0dB.

0010 2 -20 | 1010 10 -4 Table 2 : Microphone Gain Select (G2)

0011 3 -18 | 1011 11 -2
0100 4 -16 | 1100 12 +0 8 8
0101 5 -14 | 1101 13 +2 % c—g % %ga % g ulg, %ga
0110 6 -12 | 1110 14 +4 O |35 c |g23| O |3 c | %o

bt S |£p8| 2 £ |8
0111 7 -10 | 1111 15 +6 @ |[o] § 8§ a o] § 8§
+ +
Index Register 4 : Right Microphone Input Gain
Control Register 0000 | O [ +0.0 | +20.0 | 1000 | 8 | +20.0 | +40.0
7 6 5 4 3 2 1 0 0001 | 1 | +2.5 | +22.5(1001 | 9 | +22.5 | +42.5
g @ o 3 S 0010 | 2 | +5.0 | +25.0 | 1010 | 10 | +25.0 | +45.0
o = = = = 0011 | 3 | +7.5 | +27.5 | 1011 | 11| +27.5 | +47.5
= @ [0 [0 [0
+ 0100 | 4 | +10.0 | +30.0 || 1100 | 12 | +30.0 | +50.0
RIMG3 : Reset value : 0000. _ 0101 | 5 | +12.5 | +32.5 || 1101 | 13| +32.5 | +52.5
to RIMGO R|ght|nputm|crophone gain s_elect. 0110 | 6 | +15.0 | +35.0 | 1110 | 12| +35.0 | +55.0
Refer to the microphone gain table
(Table 2) to understand hOW these blts 0111 ]| 7 +17.5 | +37.5| 1111 | 15| +37.5 | +57.5
relate to the actualgain/attenuationvalue.
+MPRER : Reset val_ue : 0 _ Table 3 : Pre-amplifier (P)
Setting this bitto a 1 will place a +20dB — :
pre-amplifier in the microphone left MPRER / MPREL Pre-amplifier Gain (P)
signal path. If this bit is a 0, the pre- 0 +0dB
amplifier gain will be +0dB (see Table 3). 1 +20dB

‘ $GS-THOMSON
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REGISTER DESCRIPTION (continued)

Index Register 6 : Right ADC Summer Control -MUTLA3 : Resetvalue : 0. Mute left line input #3
7 6 5 4 3 2 1 0 of the ADC left summer. Setting this
A N = - ~ - bit to 0 mutesthe signal.
g 3 < = = = -MUTLAM : Resetvalue : 0. Mute left microphone
5 B E 5 S B input of the ADC left summer. Setting
= = = > > > this bit to 0 mutes the signal.
-MUTLAP : Reset value : 0. Mute mono input of

-MUTRAL : Reset value : 0. Mute right line input the ADC left summer. Setting this bit
#1 of the ADC right summer. Setting to 0 mutes the signal.
this bit to 0 mutes the signal. -MUTLAD : Resetvalue : 0. Mute left DAC signal

-MUTRA2 : Reset value : 0. Mute right line input into the ADC left summer. This signal
#2 of the ADC right summer. Setting is the left DAC output of the codec
this bit to 0 mutes the signal. wrapped back around into the ADC

-MUTRA3 : Reset value : 0. Mute right line input Input Sﬁmmer. ISettmg this bit to 0
#3 of the ADC right summer. Setting mutes the signal.
this bit to 0 mutes the signal. . Index Register 8 : Right DAC Summer Control

-MUTRAM : Reset value 0. Mute right
microphone input of the ADC right ! 6 > 4 3 2 L 0
summer. Setting this bit to 0 mutesthe a) o = ™ o o
signal. 2 & & E E E

-MUTRAP : Reset value : 0. Mute mono input of 5 5 5 2 2 2
the ADCright summer. Setting this bit 3 F = = = =
to 0 mutes the signal.

-MUTRAD : Resetvalue: 0. Mute right DAC Signa| -MUTRDL1 : Resetvalue : O._Mute right line input
into the ADC rightsummer. This signal #1 of the DAC right summer. Setting
is the right DAC output of the codec this bit to 0 mutes the signal.
wrapped back around into the ADC -MUTRD2 : Reset value : 0. Mute right line input
input summer. Setting this bit to O #2 of the DAC right summer. Setting
mutes the signal. this bit to 0 mutes the signal.

-MUTRD3 : Reset value : 0. Mute right line input

Index Register 7 : Left ADC Summer Control #3 of the DAC right summer. Setting

7 6 5 4 3 2 1 0 this bit to 0 mutes the signal.
-MUTRDM: Reset value : 0. Mute right
21 2| 2| 2|2 ¢ microphone input of the DAC right
E E [ E E [ summer. Setting this bit to 0 mutes the
-] 2 D 2 2 2 .
= = s = = = signal.
' ' -MUTRDP : Reset value : 0. Mute mono input of

-MUTLA1 : Resetvalue : 0. Mute left line input #1 Eg%%&gﬁ?jﬁg&?’r' Setting this bit
of the ADC left summer. Setting this _MUTRDD : Resetvalue : 0. Mute riaht DAC sianal
bit to 0 mutes the signal. - Resetvajue: O, Viute rg signa

] ) L going into the DAC right summer. This

-MUTLAZ2 : Resetvalue : 0. Mute left line input #2 input is the main right DAC output of
of the ADC left summer. Setting this the sigma-delta codec. Setting this bit
bit to 0 mutes the signal. to 0 mutes the signal.

24/30
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REGISTER DESCRIPTION (continued)
Index Register 9 : Left DAC Summer Control Index Register 11 :  Audio Output Mute Control

7 6 5 4 3 2 1 0 7 6 5 4 3 2 1 0
o

8 a) E 8 B‘ E' ﬁ N = g E:'

- - - - - — [ = = [ [

5155|555 5|/ 3| 2|55

S| S| |23 = = | 2| =2 =

-MUTLD1 : Resetvalue: 0. Mute left line input #1 -MUTRL1 : Reset value : 0. Mute right line output

of the DAC left summer. Setting this #1. Setting this bit to 0 mutes the output
bit to 0 mutes the signal. Pin ROUT1. _ .

-MUTLD2 : Resetvalue : 0. Mute left line input#2 ~ -MUTR2 : Reset value : 0. Mute right line output
of the DAC left summer. Setting this #2. Setting this bit to 0 mutes the output
bit to 0 mutes the signal. Pin ROUT2. _

-MUTLD3 : Resetvalue : 0. Mute left line input#3 ~ -MUTL1 : Resetvalue : 0. Mute left line output #1.
of the DAC left summer. Setting this Setting this bit to 0 mutes the output Pin
bit to 0 mutes the signal. LOUT1. _

-MUTLDM : Reset value: 0. Mute left microphone ~ -MUTL2 : Resetvalue : 0. Mute left line output #2.
input of the DAC left summer. Setting Setting this bit to 0 mutes the output Pin
this bit to 0 mutes the signal. LOUT2. o

-MUTLDP : Reset value : 0. Mute mono input of -MUTEX: Resetvalue: 1 (unmute). Thisbitis read
the DAC left summer. Setting this bit only and is the output of
to 0 mutes the signal. toggle/untoggled debounced external

-MUTLDD : Resetvalue : 0. Mute left DAC signal mute.

into the DAC left summer. This input

is the main left DAC output of the Index Register 12 :  Mono Input/Output Control

sigma-delta codec. Setting this bit to ! 6 S 4 s 2 L 0
0 mutes the signal. o, o) 3 = 2
[a o o = =
. . . = = [ < <
Index Register 10 : Audio Line Output 2 2 2 Q Q
= = = o o
AttenuatorControl ' ' '
’ 6 5 4 3 2 1 0 PGAIN1, : Reset value : 01. Mono input
3 S o 3 o o o 3 PGAINO  attenuator _select (A4). Th_ese two bits
= = = 51 5 5 5 5 select the input attenuation value as
0 0 0 @) ) o] o] 0 shown in the Table 5.
— — — — a4 @ @ v .
-MUTPCL : Reset value : 0. Mute DAC left into
ROUTG3 1o  : Resetvalue : 0000, mOn0 oufput summer. Setting this b
ROUT Right li in select. j N
LglleC???to . Rgs;tC:IuoeuF%LgogOa select -MUTPCR: Reset value : 0. Mute DAC right into
LOUTGO : Left line out .ut aiﬁ select mono output summer. Setting this bit
putg : to 0 mutes the signal.
Refer to the line output attenuator select Table -MUTPCP : Resetvalue : 1. Mute mono input into
(Table 4) to understand how these bits relate to the mono output summer. This bit will
actual attenuationvalue. power on to a one (1) so that the PC
Table 4 : Line Output Attenuator Select (A1) system "beeper” sounds coming into
Bit Gan | Bit Gain the mono input pin will be loopedto the
Code | Decimal @dB) | code Decimal (dB) mono output pin so that PC system
0000 0 0 1000 8 24 sounds can be heard during power-up.
0001 1 3 1001 9 27 Setting this bitto 0 mutesthis loop path.
0010 2 -6 1010 10 -30 Table 5 : Mono Input Attenuator
0011 3 -9 1011 11 -33 PGAIN1 | PGAINO Gain (A4)
0100 4 12 1100 12 -36 0 0 0dB
0101 5 -15 | 1101 13 -39 0 1 -10dB
0110 6 -18 | 1110 14 -42 1 0 -20dB
0111 7 21 | 1111 15 -45 1 1 -30dB
25/30
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REGISTER DESCRIPTION (continued)

Index Register 13 : Modem Codec #1 TP2RXG1,
Input Control TP2RXGO
7 6 5 4 3 2 1 0
o
Q
—
=
M1GO : Resetvalue : 0.
Gain select for mono codec #1 input
amplifier (G4) (see Table 6). HRXG1
Table 6 : Codec#1 Amplifier Gain HRXGO
M1GO Amplifier Gain (G4)
0 +0dB
1 +6dB
Note : If single-ended hardware, M1GO must be setto 1 to +0dB
gain.
Index Register 14 : Mono Codec #1
Output Control -M2HRX
7 6 5 4 3 2 1 0
o N —
-
s | 2| =
-M1TX1 : Resetvalue : 0. Setting this bit to 1 will -M2TP2
enable the mono codec #1 DAC output
to the TP1TX1+/TP1TX1- output Pins.
If setto 0, the pins are muted.
-M1TX2 : Resetvalue : 0. Setting this bit to 1 will -M2MICR
enable the mono codec #1 DAC output
to the TP1TX2 output Pin. If setto 0, the
pin is muted.
M1TXG : Resetvalue : 0. Setting this bit to 1 will
place a -6dB attenuator in the output
DAC path. Setting this bit to 0 will result -M2MICL

in a gain path of 0dB (A2).

Table 7 : Transmit Gain (A2)

: Resetvalue : 00.

TP2Rx gain select. These two bits
determine the gain of the input
amplifier of the TP2RX input Pin of
mono codec #2. The Table 8
illustrates the bit definitions of the
four possible gain settings. This
amplifier is only applied to the
TP2RX input of mono codec #2.

: Resetvalue : 00.
HandRx gain select. These two bits
determine the gain of the input
amplifier of the HandRx input Pin
of mono codec #2. The Table 8
illustrates the bit definitions of the
four possible gain settings. This
amplifier is only applied to the
HandRx input of mono codec #2.

. Resetvalue : 0.
Setting this bit to 1 will enable the
HandRx input into the ADC
summer of the mono codec #2.
Setting the bit to 0 will mute the
signal.

: Resetvalue : 0.
Setting this bit to 1 will enable the
TP2Rx inputinto the ADC summer
of the mono codec #2. Setting the
bit to 0 will mute the signal.

: Resetvalue : 0.
Setting this bit to 1 will enable the
internally amplified microphone
right signal into the ADC summer
of the mono codec #2. Setting the
bit to 0 will mute the signal.

. Resetvalue : 0.
Setting this bit to 1 will enable the
internally amplified microphone left
signal into the ADC summer of the

M1TXG Transmit Amplifier Gain (A2 8 :
0 f-)OdB 2 mono codec #2. Settingthe bitto 0
1 odB will mute the signal.
Index Register 15 : Mono Codec #2 Table 8 : TP2Rx and HANDRXx |npUt Gain (G3)
Input Control
7 6 5 4 3 5 1 0 Bit Code Gain (G3)
0 0 -4dB
o 3 o 6 N x ~ o
< < = 2 o o O O 0 1 0dB
o o = = I~ T X X
N N g g S g % % 1 0 +4dB
= = ' ' 1 1 +8dB
26/30 (37 565:THOMSON
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REGISTER DESCRIPTION (continued)
Index Register 16 : Modem Codec #2

Output Control

7 6 5 4 3 2 1 0
Q| R R | X
a = = =
o~ AN AN AN
= | = 2| =
-M2TX1 : Reset value : 0. Setting this bit to 1 will

-M2TX2 :

-M2TX3:

M2TXG :

enable the mono codec #2 DAC output
to the HandTx1 output Pin. Setting the
bit to 0 will mute the signal.

Reset value : 0. Setting this bit to 1 will
enable the mono codec #2 DAC output
to the HandTx2 output Pin. Setting the
bit to 0 will mute the signal.

Reset value : 0. Setting this bit to 1 will
enable the mono codec #2 DAC output
to the HandTx3 output Pin. Setting the
bit to 0 will mute the signal.

Reset value : 0. Setting this bit to 1 will
place a -6dB attenuator in the output
DAC path. Setting this bit to 0 will result
in a gain path of OdB.

Table 9 : Transmit Gain (A2)

M2TXG Transmit Amplifier Gain (A2)
0 +0dB
1 -6dB
Index Register 17 : Loopback Control Register
7 6 5 4 3 2 1 0
= | 2 7 ¢
8|18 6| o
9|9 3|3
¥ ¥ + +
+LOOPR : Resetvalue: 0. Setting this bitto 1 will

+LOOPL

loop the ADC digital data to the DAC
converter on the audio codec right
converter. Setting this bit to 0 will
cause the DAC converter to receive
its digital data from the serial port
which is normal operation.

. Reset value : 0. Setting this bit to 1
will loop the ADC digital data to the
DAC converter onthe audio codec left
converter. Setting this bit to 0 will
cause the DAC converter to receive
its digital data from the serial port
which is normal operation.

+LOOPML1: Reset value : 0. Setting this bit to 1
will loop the ADC digital data to the
DAC converter on the mono codec #1
converter. Setting this bit to 0 will
cause the DAC converter to receive
its digital data from the serial port
which is normal operation.

+LOOPM2: Reset value : 0. Setting this bit to 1

will loop the ADC digital data to the
DAC converter on the mono codec #2
converter. Setting this bit to 0 will
cause the DAC converter to receive
its digital data from the serial port
which is normal operation.

Index Register 18 : GPIO Configuration Register
7 6 5 4 3 2 1 0
N~ O L < ™ N - o
o Qo o Qo o o o o
o o o o o o o [a
22 2R | R | R |R|R
O O O O O O O o

‘ $GS-THOMSON
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CFGPIOO :

CFGPIOL :

CFGPIO2 :

CFGPIOS :

CFGPIOA4 :

CFGPIOS :

CFGPIO6 :

CFGPIOT :

Reset value : 0. If this bit is set to O,
then the Pin GPIOO0 is an input. If this
bitis set to 1, then the Pin is an output.

Reset value : 0. If this bit is set to 0,
then the Pin GPIO1 is an input. If this
bitis setto 1, then the Pinis an output.

Reset value : 0. If this bit is set to O,
then the Pin GPIO2is an input. If this
bitis set to 1, then the Pin is an output.

Reset value : 0. If this bit is set to 0,
then the Pin GPIO3 is an input. If this
bitis setto 1, then the Pinis an output.

Reset value : 0. If this bit is set to 0,
then the Pin GP1O4 is an input. If this
bitis setto 1, then the Pinis an output.

Reset value : 0. If this bit is set to O,
then the Pin GPIO5 is an input. If this
bitis set to 1, then the Pin is an output.

Reset value : 0. If this bit is set to 0,
then the Pin GPIO6 is an input. If this
bitis setto 1, then the Pinis an output.

Reset value : 0. If this bit is set to O,
then the Pin GPIO7 is an input. If this
bitis setto 1, then the pin is an output.
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REGISTER DESCRIPTION (continued)
Index Register 19 : Digital Control Register #1

Index Register 20 : Digital Control Register #2

7 6 5 4 3 2 1 0 7 6 5 4 3 2 1 0
™ N — o | | - o
s|g|c|s|2|8 & & = |s|S|8| 8|5
5| 3| c|d|8 |8 1% =122z
o) o) o) A 2 & o o z z 3 7
DCVOL3-0 : Readonly DC volume control value MOR : Resetvalue : 0. When this bit is set to
(see +DCVOL bit for explanation). 0 the mono codecs #1 and #2 are in
+DCVOL : Resetvalue: 0.+ Enable DC volume modem mode otherwise there are
control circuitry. If the DCVOL bit is guadraphonic mode.
enabled, the codec will use a DC ~ MAM : Reset value :0. Mono codecs #1 and
voltage range from a potentiometer #2 clocks derived from MCLKM when
attached to the external chip pin setto 0. If this bitis setto 1, all codecs
DC_POT to determine a 4-bit value clocks are issued from MCLKA
to be used as the main left/right (quadraphonicmode).
output attenuator register value. NDIV1, : Reset value : 00. Ratio FSA versus
Regardless ﬁf the .Se“:'“g of this  nNpjvo MCLKA : see Table 11. Typical
DCVOL bit, this 4-bit value can be sampling frequency obtained with
read by DSP software since the 4-bit MCLK = 11.2896MHz : see Table 12
value is reflected in the Register 19 ] T ' |
(bits [7:4]). The DSP software can SWPDNL1, : Reset value : 00. Software power-
use this 4-bit value for unique SWPDNO down mode options. (see Table 13).
functions. Setting this bit to 1 will Table 10 : Sampling Frequency Setting

enable the circuitry on the codec

which permits the external Bit 3 Bit 2 N FSA
potentiometer to control the main 0 0 1 24kHz - 48kHz
left/right output attenuatorregister 4- 0 1 2 12kHz - 24kHz
bit value in Register 10. 1 0 4 6kHz - 12kHz
+PBVOL : Resetvalue: 0.+ Enable pushbutton 1 1 8 3kHz - 6kHz
volume circuitry. Setting this bitto 1 . .
will enable the pushbutton digital  Table 11 : Typical FSAwith MCLKA=11.2896MHz
volume controlinput pinsto influence Bit 3 Bit 2 N FSA
the main left/right output attenuator 0 0 1 44.1kHz
register values in Register 10. The 0 1 2 22.05kHz
output attenuators have 16 possible 1 0 4 11.025kHz
states and the VOL_UP and 1 1 8 5 5125kHz
VOL_DOWN input pins will make the
attenuator register value increment Table 12
or decrement from 0 to 15. The . .
VOL_MUTE input pin will affect the Bit 1 |Bit 0 Power'down Mode
main left/right output mute blocks in 0 0 | SWPDN Mode 0: all codec circuitry is active.
Register 11. Regardless of the value 0 | 1 |SWPDN Mode 1:
f ?h' trol %'t the th digital Audio left/right ADC/DAC are powered down.
or this control Dit, the tnree digita Mono codecs #1 and #2 are active.
input values of the UP, DOWN and Allinput and output analog mixers are
MUTE pins are reflected in the active. _
STATUS word that is sent to the DSP ger!al port ﬁ% active.
on the codec SOUT1 line. 5 S\%ED‘)'\?:\A - a(; we.
CALIBA, : Resetvalue : 0. Setting the bit CALIBA Audio loftriahe AD ;
. X . . ght ADC/DAC are active.
CALIBM to 1 will force a calibration of all audio Mono codecs #1 and #2 are powered down.
converters and the bit CALIBM to 1will All input and output analog mixers are
force a calibration of all modem active. ,
converters. The length of time required gg”g: port 2 active.
for calibration is 23ms min. at 44.1kHz 1 1 SWPDpN Mode 3 - :
(section 4 of the f.unCtional d'escription) All codec A()DngACs are powered down.
and after CALIB is automatically reset All input and output analog mixers are
to 0 when calibration is completed. active. _
Note : If +DCVOL and +PBVOL are set to 1, the priority is given to 39”3' port #1 .aCt'Ve'
+DCVOL. Serail port #2 in-active.
28130 (N7 SGS-THOMSON
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REGISTER DESCRIPTION (continued)

Index Register 21 : Saturation Clear Register
7 6 5 4 3 2 1 0

ADC MODEM #2
ADC MODEM #1
ADC LEFT
ADC RIGHT

ADC LEFT, ADC RIGHT, ADC MODEM #1, ADC MODEM #2  : Reset value : 0000.

When bitis setto 1, the STLC7549 will clear the respective ADC overflow bit in the serial output datastream
periods. This is a write only register.
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PACKAGE MECHANICAL DATA
64 PINS - THIN QUAD FLAT PACK (Body 10 x 10 x 1.40mm)

| D
D1
A
| D3 | A2
| )
) AAAAAM=:
9 32 o
yed R
[ - — eating Plane
(==
o 28]
& o w —
7 -
LB T3
C
K
e
. . Millimeters Inches
Dimensions - -
Min. Typ. Max. Min. Typ. Max.
A 1.60 0.063
Al 0.05 0.15 0.002 0.006
A2 1.35 1.40 1.45 0.053 0.055 0.057
B 0.18 0.23 0.28 0.007 0.009 0.011
C 0.12 0.16 0.20 0.0047 0.0063 0.0079
D 12.00 0.472
D1 10.00 0.394
D2 7.50 0.295
e 0.50 0.0197
E 12.00 0.472
El 10.00 0.394
E2 7.50 0.295
F 1.00 0.0393
K 0° (min.), 7° (max.)
L 0.40 0.60 075 | 00157 | 00236 0.0295

Information furnished is believed to be accurate and reliable. However, SGS-THOMSON Microelectronics assumes no responsibility
for the consequences of use of such information nor for any infringement of patents or other rights of third parties which may result
from its use. No licence is granted by implication or otherwise under any patent or patent rights of SGS-THOMSON Microelectronics.
Specifications mentioned in this publication are subject to change without notice. This publication supersedes and replaces all
information previously supplied. SGS-THOMSON Microelectronics products are not authorized for use as critical components in life
support devices or systems without express written approval of SGS-THOMSON Microelectronics.

0 1996 SGS-THOMSON Microelectronics - All Rights Reserved

Purchase of | 2C Components of SGS-THOMSON Microelectronics, conveys a license under the Philips
I2C Patent. Rights to use these components ina | 2C system, is granted provided that the system conforms to
the I°C Standard Specifications as defined by Philips.

SGS-THOMSON Microelectronics GROUP OF COMPANIES
Australia - Brazil - China - France - Germany - Hong Kong - Italy - Japan - Korea - Malaysia - Malta - Morocco
The Netherlands - Singapore - Spain - Sweden - Switzerland - Taiwan - Thailand - United Kingdom - U.S.A.
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