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STw5094A

18-bit Low Power Asynchronous Stereo Audio DAC
with Integrated Power Amplifiers and Voice Codec

FEATURES

m Complete stereo audio digital to analog
converters and filters

— 18-bit, 8 kHz to 48 kHz DAC with sample-rate
conversion

— Linear phase analog&digital filters

— 16 Qload stereo headphones drivers, 8 Q
load mono loudspeaker driver for group
listening

Stereo audio DAC features

— Asynchronous sampling DAC: does not
require oversampled clock and information
on the audio data sampling frequency.
Jitter tolerant

— Multibit ZA modulator with data weighted
averaging DAC

— 92 dB dynamic range, 0.01% THD over 16 Q
load performance

— Support any sampling frequency in the range
8 kHz to 48 kHz

— DSP functions for bass-treble-volume
controls, deemphasis filter and dynamic
compression

— Tones from tone generator can be injected in
the audio paths

Stereo headphones and loudspeaker/earpiece
power amplifiers features and stereo input for
FM radio features:

— 20 kHz bandwidth stereo headphones
outputs. Driving capability: 40 mW
(typ. 0.1% T.H.D) over 16 Qwith 40 dB range
programmable gain

— Balanced earpiece/ loudspeaker output.
Driving capability: 300 mW (typ. 0.1% T.H.D)
over 8 Qwith 30dB range programmable gain

— Analog stereo input for FM radio with 38 dB
range programmable gain

]

TFBGA 6x6 (36 pins)
ORDER CODES: STw5094AD/LF, STw5094ADT/LF

Complete CODEC and filter system

— 14-bit linear or 8-bit companded ADC and
DAC

— Transmit and receive digital band-pass filters
— Active antialias and smoothing filters

— 8 Qload earpiece/loudspeaker driver,
16 Q load auxiliary driver

Voice CODEC features

— Support 8 kHz or 16 kHz sampling rate
— One microphone biasing output

— Remote control function

— Three switchable microphone amplifier
inputs. 42.5 dB range programmable gain

— Transient supression during power up and
power down

— Internal programmable sidetone

— Internal ring, tone and dtmf generator
— Programmable PWM buzzer driver
General features

— Single 2.7 V to 3.3 V supply

— Extended temperature range operation 1
-40°Cto 85 °C

— 1 uW standby power (typ. AT 2.7V).

— 16 mW operating power in audio listening
mode (typ. at 2.7 V).

1.Functionality guaranteed in the range -40°C to +85°C; Timing and Electrical Spec. are guaranteed in the range -30°C to +85°C.
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STw5094A

— 11 mW operating power in voice codec mode
(typ. at 2.7 V).

— 1.8 Vto 3.3 V CMOS compatible digital
interfaces

— Programmable PCM interface
— 12C compatible control interface

— Programmable master/slave serial audio data
input interface (1S and other formats)

— Frequency programmable clock output

APPLICATIONS

s CDMA,GSM,DCS1800,PCS1900,JDC digital
cellular telephones with MP3 and FM radio
stereo listening functions

m Portable devices with a stereo digital audio
source and FM radio listening function

GENERAL DESCRIPTION

STw5094A is a low power asynchronous stereo
audio DAC device with headphones amplifiers for
high quality MP3 and FM radio listening. The
STw5094A includes also an high performance
low power combined PCM Codec/ filter tailored to
implement the audio front-end functions required
by low voltage low power consumption digital cel-
lular terminals with added MP3 and FM radio lis-
tening.

The STw5094A registers are accessed through an
12C-bus compatible interface.

The STw5094A asynchronous stereo audio DAC
section is suited for MP3, or any other audio stereo
source, listening. It supports any rate from 8 kHz
to 48 kHz, can tolerate jitter on audio data and
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does not requires an oversampled clock. The au-
dio data serial interface can be master or slave, it
is 12S compatible and supports other standard se-
rial interface formats. The internal D to A convert-
ers work with 18 bit input resolution.

The stereo headphones drivers can also be used
for FM radio listening via an auxiliary stereo ana-
log input. A loudspeaker driver can also be used
for monophonic group listening.

The STw5094A voice Codec section can be con-
figured either as a 14-bit linear or as an 8-bit com-
panded PCM coder. The frame voice Codec
sample rate can be either the standard 8 kHz val-
ue or the extended 16 kHz one.

In addition to the stereo audio DAC and Codec’ fil-
ter functions, STw5094A includes a
tone/ ring/ DTMF generator that can be used both
in audio listening mode and in voice Codec mode,
a sidetone generation, a buzzer driver output and
a remote control function tailored to handle an ex-
ternal on-hook off-hook button. STW5094A Voice
Codec fulfills and exceeds D3/ D4 and CCITT
recommendations and ETSI requirements for dig-
ital handset terminals. The Stereo Audio DAC part
fulfils and exceeds the requirements for MP3
quality and FM radio quality listening. Main appli-
cations include digital mobile phones with added
low-power high-quality MP3 and/ or FM radio lis-
tening features, or any battery powered equipment
that requires Stereo Audio DAC with Headphones
drivers.

ORDER CODES

Part Number Description
STw5094AD/LF TFBGA 36 Tray
STw5094ADT/LF TFBGA 36 Tape and Reel
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PIN CONNECTIONS (TOP VIEW)
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FUNCTIONAL BLOCK DIAGRAM

Note: This diagram shows the functionality of the device and of some register bits but it does not necessarily reflect the

exact hardware implementation
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STw5094A

SIGNAL DESCRIPTION
Type definitions:
Al - Analog input, AO - Analog Output, DI - Digital Input, DO - Digital output, DOT - Digital Output Tristate,
DIOD - Digital Input Output Open Drain, DIOT - Digital Input Output Tristate, P - Power Supply or Ground.

Pin N° Name Type Description

B1 MIC1P Al Posmve_hlgh impedance input to transmit preamplifier for microphone 1
connection.

B2 MICIN Al Negatlve_z high impedance input to transmit preamplifier for microphone 1
connection.

A2 MIC2P Al Posmve_hlgh impedance input to transmit preamplifier for microphone 2
connection.

Al MIC2N Al Negatlw_a high impedance input to transmit preamplifier for microphone 2
connection.
High impedance single ended input to transmit preamplifier for

C1 MIC3 Al microphone 3 connection. MIC3 can be used as monophonic input for
the FM path in place of FML and FMR

B3 MBIAS AO Microphone Biasing Switch.

E1l FML Al Auxiliary analog audio Left channel input.

D2 FMR Al Auxiliary analog audio Right channel input.
Receive analog amplifier complementary outputs. This differential
output can drive 50nF (with series resistor) or directly an earpiece
transductor of 8Q2 The signal at this output can be: the sum of the

F2,F1 LSP, LSN AO Receive Speech signal from DR, FML (or MIC3) input, the Internal Tone
Generator and the Sidetone signal, or the sum of the Audio Left
channel, FML (or MIC3) input and the Internal Tone Generator, or can
come from FML (or MIC3) input.
Audio headphone amplifier Left channel output. This output can drive
50nF (with series resistor) or directly an earpiece transductor of 16Q

E2 HPL A0 The signal at this output can be the sum of Audio Left channel, FML (or
MIC3) input and Internal Tone Generator, or the sum of Receive Speech
signal from DR, FML (or MIC3) input, Internal Tone Generator, Sidetone
signal, or can come from FML (or MIC3) input.
Audio headphone amplifier Right channel output. This output can drive
50nF (with series resistor) or directly an earpiece transductor of 16Q

= HPR AO The signal at this output can be the sum of Audio Right channel, FMR
(or MIC3) input and Internal Tone Generator, or the sum of Receive
Speech signal from DR, FMR (or MIC3) input, Internal Tone Generator,
Sidetone signal, or can come from FMR (or MIC3) input.

A3 REMOUT/OCK |DO Remocon function digital output / Oversampled Clock out.
Remocon function input. A high level at this pin is detected as a non

C4 REMIN DI ; .
pressed key, while a low level is detected as a pressed key.

E6 Bz AO Pulse width modulated buzzer driver output.

F6 scL DI I12C-bus interface serial clock input. SCL is asynchronous with the other
system clocks.

F5 SDA DIOD I12C-bus interface serial data input-output.

cé LRCK DIOT Left/ Right cI_ock or Frame Sync for Audio interface input in Slave
mode, output in Master mode.

D6 SCK DIOT Audio interface Serial Clock input in Slave mode, output in Master mode.

D5 SDI DI Audio interface Data input.
Master Clock Input for Audio Mode. Can also be used as Master Clock

ES AMCK DI in Tone Only and FM Modes.
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Pin N° Name Type Description

Transmit Data output: Data is shifted out on this pin during the assigned
transmit time slots. Elsewhere DX output is in the high impedance state.
In delayed and non-delayed normal frame sync modes, voice data byte
is shifted out from tristate output DX at the MCLK frequency on the
rising edge of MCLK, while in non-delayed reverse frame sync mode
voice data is shifted out on the falling edge of MCLK.

A6 DX DOT

Receive data input: Data is shifted in during the assigned Received time
slots In delayed and non-delayed normal frame sync modes voice data
A5 DR DI byte is shifted in at the MCLK frequency on the falling edges of MCLK,

while in non-delayed reverse frame sync mode voice data byte is shifted
in on the rising edge of MCLK.

Frame Sync input for Voice Mode: This signal is a 8/ 16kHz clock
which defines the start of the transmit and receive frames. Any of three
formats may be used for this signal: non delayed normal mode, delayed
mode, and non delayed reverse mode.

B5 FS DI

Master Clock Input for Voice Mode. Can also be used as Master Clock in
A4 MCLK DI Tone Only and FM Modes. The allowed clock frequencies are 512 kHz,
1.536 MHz, 2.048 MHz or 2.56 MHz. MCLK is the Voice Data Clock.

Auxiliary Clock Input. Can be used as Master Clock in Tone Only and
C5 AUXCLK DI FM Modes. Allowed clock frequencies are 512kHz, 1.536MHz,
2.048MHz or 2.56MHz.

VCM Driver Output. Can be used as common mode node for HPL and

E4 VEMHP AC HPR outputs.

C3 CAP2 Al A capacitor must be connected between this node and Ground.
Power supply input for the analog section. VCC and VCCA can be

Cc2 VCCA P . T
directly connected together for low cost applications.

D1 GNDA p Analog Ground: All analog signals are referenced to this pin. GND and
GNDA can be connected together for low cost applications.

F3 VCCP P Power supply input for the output drivers.

E3 GNDP P Power ground. Output drivers are referenced to this pin. GNDP and
GNDA must be connected together.

D3 GNDCM P Analog Ground connection. GNDCM can be connected to GNDA.

B4 VCC P Power supply input for the digital section.

B6 GND P Ground for the digital section

D4 VCCIO P Power supply Input for the Digital I/ O pins.

J
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STw5094A

FUNCTIONAL DESCRIPTION

1 DEVICE MODES

STw5094A can work in 4 different modes, selected by bits MD in Control Register 21 (CR21). Depending
on the mode different data interfaces, clock inputs, and internal blocks are selected. A built-in power con-
sumption management function keeps in power down the blocks that are not needed by the selected op-
erating mode. In all the modes the Output Drivers can be activated in different combinations with bits PLS,
PHL, PHR in CR6 (in case of stereo input and LSP/ N driver selected the Left channel is sent to this
driver, while in case of voice input and HPL + HPR drivers selected the same signal is sent to both driv-
ers).

1.1 Audio Mode

In Audio mode the path from the Audio interface (Au |/ F) to the output drivers is active to allow the Stereo
Audio DAC function. The Au I/ F is active while the PCM |/ F is inactive.

The master clock of the device is AMCK. The AMCK frequency is fixed, and independent from the audio
samples data rate (LRCK frequency). AMCK source can be any fixed system clock whose nominal fre-
guency value lies in the range 9.5MHz to 28MHz (the full range is covered in three sub-ranges, selected
by bits AMCK_DIV in CR18). The rate of the audio data (LRCK frequency) can be any value in the range
8kHz to 48kHz (non standard values are allowed) and does not need to be specified.

Since the AMCK clock is used directly in the D to A Converters section, its jitter and spectral properties
must be adequate to the desired Audio quality.

In Audio Mode there are additional functions for audio signal processing:

— A digital volume control with 54 dB range is implemented (bits VOL in CR20). If the digital volume is
used in addition with the analog gain regulation a 94dB range volume is obtained.

— Bass controls can be regulated in the -12.5dB to +12.5dB range in 2.5 dB step (bits BASS in CR19).
— Treble controls can be regulated in the -6dB to +6dB range in 2 dB step (bits TREBLE in CR19).

— The 50us/ 15us de-emphasis filter is activated instead of treble controls (bits TREBLE in CR19).
Note: the time constants are referred to the 44.1kHz FS.

— A dynamic range compressor is implemented (bit CMP in CR20).
Note: The de-emphasis filter and the Bass/Treble controls freq. responses scale with the input sampling rate.

The tone/ ring/ DTMF generator can be activated if needed. In audio mode the frequency values of the
tones is a function of the AMCK frequency value as explained in Table 1.

1.2 Voice Mode

In Voice mode the TX path from microphone input to DX and the RX path from DR to the output drivers
are active to allow the PCM CODEC function. The PCM I/ F is active while the Au I/ F is inactive.
The master clock of the device is MCLK, the frequency of the clock can be selected with bits F in CRO.
The tone/ ring/ DTMF generator can be activated if needed.

1.3 Tone Only Mode

In tone only mode the path from the tone generator to the output drivers and to the buzzer is active to allow
tones or ringer listening only. Both Au VV F and PCM V F are inactive, as all the Audio and Voice converters
functions.

The master clock of the device can be selected to be AUXCLK, MCLK or AMCK (bits CFM in CR21).

1.4 FM Mode

In FM mode the path from FML and FMR analog inputs to the output Drivers is active to allow FM Stereo
Radio listening. Both Aul/ Fand PCM 1/ F are inactive, as all the Audio and Voice converters functions.
The master clock of the device can be selected to be AUXCLK, MCLK or AMCK (bits CFM in CR21).
The Tone/ Ring/ DTMF generator is in power down.
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2 DEVICE OPERATION

2.1 Power on Initialization, Software Reset

When power is first applied, the “power on reset” circuitry initializes STw5094A and puts it into the power
down state. All the Registers are initialized as indicated in the Control Register description section. All the
functions are disabled.

The registers can also be initialized to the default state by writing bit SRS (software reset) in CR21.

2.2 Power up’ down control

It is recommended that all programmable functions (excluding the gain controls, bass-treble controls and
dynamic compression function) are set while the device is powered down. Power state control can then
be included in the last programming instruction (the power up bit PU is located in the last address register
(CR21) so that the multi-byte mode of the control interface can be easily used to program all the required
functions before power up).

When a power up command is given, all the circuits needed for the selected mode are activated (in Voice
mode the DX output will remain in the high impedance state until the second FS pulse after power up ar-
rives). A built-in power consumption management function keeps in power down the blocks that are not
needed by the selected operating mode.

2.3 Power down state

Following a period of activity, power down state may be reentered by writing 0 in bit PU in CR21. All the Control
Registers remain in their current state and can be changed by 12C control interface.

In addition to the power down instruction, the detection of absence of the current Master Clock (no transition
detected) automatically puts the device in power down state without setting bit PU. If transitions on the master
clock are detected the device is put again in power up.

2.4 Voice Transmit section

This section is active in Voice Mode. Voice Transmit analog preamplifier gain is designed in two stages to
enable gains up to 42.5 dB. Stage 1 provides a selectable 0 or 20 dB gain via bit PG in CR4. Stage 2 is a
programmable gain amplifier which provides from 0 to 22.5 dB of additional gain in 1.5dB step. It can be
programmed with bits TXA in CR4. Three microphone inputs are provided, two differential (MIC1P/ N,
MIC2P/ N) and one single ended (MIC3). They may also be used connect an auxiliary audio circuit. The
microphone input or Transmit Mute is selected with bits MS in CR4. In the Mute case, the analog transmit
signal is grounded. A separate MBIAS output can be used to bias a microphone (bit MB in CR4). An active
anti-alias filter then precedes the single bit A analog to digital converter that is followed by an 8th order
IIR digital TX channel filter. The TX channel filter is band-pass if the FS frequency is 8kHz and low-pass
if the FS frequency is 16kHz (bit VFS in CRO). A precision on chip voltage reference ensures accurate and
highly stable transmission levels. Any offset voltage arising in the analog blocks is cancelled by an internal
autozero circuit. Voice data is sent to the PCM 1/ F to be serially sent to DX output.

2.5 Voice Receive section

This section is active in Voice Mode. Voice Data coming from PCM |/ F DR pin is sent to the 8th order
digital IR RX channel filter. The filter can be selected to be band-pass or low-pass, with bit HPB in CR5,
when FS frequency is 8kHz, while it is always low-pass when FS frequency is 16kHz. The filter is followed
by a XA digital to analog converter and a 3rd order switched-capacitor reconstruction filter. The Sidetone
can be summed to the received signal (bit SI in CR5) and its amplitude can be programmed with bits SA
in CR5.

2.6 Stereo Audio DAC section

This section is active in Audio Mode. The Left and Right Audio samples coming from the Audio Interface
are interpolated with an FIR filter and synchronized to the AMCK clock in order to feed the oversampled
multi-bit ZA modulator, the digital to analog converter is followed by a 3 order switched-capacitor recon-
struction filter.
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2.7 FM Input Path

The device is provided with stereo and mono single ended analog inputs, designed to amplify analog sig-
nals from an FM decoder but they can be considered as generic analog inputs. The stereo analog inputs
are FML and FMR pins, or alternatively MIC3 pin for mono input (sent to left and right channels). The se-
lection between FML-FMR or MIC3 is done with bit MFM in CR20.

The analog inputs are connected to a programmable gain stage that can amplify the signals in the range -20dB
to +18dB in 2 dB steps. The gain control is independent for Left and Right channel and is selected with bits
FMLA in CR10 (Left) and bits FMRA in CR11 (Right).

There are 2 ways to connect the FM inputs to the output drivers. The first is to select the FM Mode (bits
MD in CR21). The second is to activate Audio or Voice or Tone Only modes and to set to 1 bit FMS in
CR20. In the last case the signal coming from FM inputs will be summed to the Audio or Voice or Tones
signals respectively.

2.8 Output Drivers section

There are 3 Analog Output Drivers. The LSP/ N differential driver delivers 300mW typical power with
0.1% T.H.D. (250mW minimum undistorted) on a 8Q earpiece/ loudspeaker (piezoceramic loads up to
50nF can also be driven with a series resistor), it has a 30dB range gain control (bits LSA in CR7). The 2
single ended drivers (HPL and HPR) deliver 40mW typical power with 0.1% T.H.D. (30mW minimum un-
distorted) on 16Q stereo headphones, they have a 40dB range gain control (CR8 for HPL and CR9 for
HPR). It is possible to put the drivers in power-down and in power-up by programming bits PLS, PHL, PHR
in CR6. These settings are not dependent from the selected operative Mode.

The common mode voltage of all the drivers is selected with bits VCL in CR18 in the range 1.2V to 1.65V
with 150mV steps. This feature is useful to set the common mode voltage to VCCP/2 and therefore to ex-
tend the output range and increase the output power.

If HPL and HPR are enabled together in Voice Mode or Tone Only Mode the same signal is sent to both
Drivers. The active Drivers can be muted (keeping them in power-up state) using bit MUT in CR6. At pow-
er-up or after a change in PLS or PHL or PHR bits the outputs are muted for 10 ms to avoid unwanted
noise. The transient suppression filter is used to avoid clicks when the gain value is changed.

2.9 Common Mode Driver

The common mode voltage driver (VCMHP pin) simplifies the application for a stereo headset connection
saving two decoupling capacitors in series with HPL and HPR. The loads of the single ended drivers are
connected on one side to HPL and HPR respectively, and on the other to VCMHP, that has the same com-
mon mode voltage. The driver is enabled with bit VCE in CR18.

The output voltage of VCMHP is selected with bits VCL in CR18 in the range 1.2V to 1.65V with 150mV
steps.

2.10 Tone Generator

The Tone Generator can be activated (writing CR12) in all the STw5094A operating modes except FM
mode. In Voice and Audio modes the tones are summed to the signal. It is possible to generate 1 or 2
summed waveforms (either sinusoidal or square wave), their frequencies can be set in CR13 for the first
one (f1) and in CR14 for the second one (f2) accordingly to the values listed in Table 1 if the active master
clock is MCLK or AUXCLK. If the active master clock is AMCK the frequency values specified in Table 1
must be multiplied by a factor kiamck that depends on the AMCK frequency value. The amplitude of the
generated waveform can be regulated in CR12 over a 33dB range. When both f1 and f2 are selected the
amplitude of f1 and f2 are lowered by 5dB and 7dB respectively with respect to the amplitude of a single
waveform. In this way the amplitude of the summed waveforms does not overload and there is a 2dB dif-
ference between f1 and f2 amplitude as required for DTMF generation. The Tone Generator output can
be sent to the Voice Transmit section (in Voice Mode), to the Power amplifiers, possibly mixed with audio
or voice, (in all the modes except FM mode) and to the buzzer output BZ (in all the modes except FM
mode).

J
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2.11 Buzzer Output

The output BZ is intended to drive a Buzzer, via an external BJT, with a squarewave pulse width modu-
lated (PWM) signal. The frequency of the signal is stored in CR13 (see Tone Generator section and
Table 1 for frequency values). For some applications it is also possible to multiply this PWM signal with a
squarewave signal having a frequency stored in CR14. The duty cycle of the buzzer output can be varied
in CR15 in order to change the buzzer volume. Maximum load for BZ is 5kQ and 50pF

2.12 Voice Data Interface (PCM V F)

The PCM I/ F is used to exchange the Voice data in both TX and RX direction, it can be programmed for
linear format data or companded A-law or p-law format (see Fig.1, 2 and 3).

Frame Sync input FS determines the beginning of frame. It may have any duration from a single cycle of
MCLK to a squarewave. Three different relationships may be established between the Frame Sync input
and the first time slot of the frame by setting bits DM in CR1. In non delayed normal and reverse data mode
(long frame timing) the first time slot starts at the rising edge of FS. In delayed data mode (short frame
sync timing) FS input must be high for at least a half cycle of MCLK before the frame start.

When linear code is selected (bit CM = 0 in CR0) the MSB is transmitted and received first, the word length
is 16 bit. When companded code is selected (bit CM = 1 in CRO0) a time slot assignment may be used in
all timing modes (bit TS in CR1), that allows connection to one of the two B1 and B2 voice data channels.
Two data formats are available: in Format 1, time slot B1 corresponds to the 8 MCLK cycles that immedi-
ately follow the rising edge of FS, while time slot B2 corresponds to the 8 MCLK cycles that immediately
follow time slot B1. In Format 2, time slot B1 is identical to Format 1 while time slot B2 appears two bit
slots after time slot B1. This two bits space is left available for insertion of the D channel data. Data format
is selected by bit FF in CRO.

Bit EN in CR1 enables or disables data transfer on DX and DR.

Outside the selected time slot DX is in the high impedance condition. During the selected time slot the DX
output and the DR input are synchronized as follow:

-If delayed or non-delayed modes are selected the transmit voice data is sent to DX output on the
rising edges of MCLK and receive voice data is read at DR input on the falling edges of MCLK.

-If non-delayed reverse mode is selected the transmit voice data register is sent to DX output on the
falling edges of MCLK and receive voice data is read at DR input on the rising edges of MCLK.

When 16kHz Frame Sync frequency is selected (bit VFS in CR0) the RX and TX filters are both low-pass
and their cutoff frequencies are doubled.

Itis possible to access the B channel data when companded A-law or p-law formats are used (bits MX and
MR in CR1). A byte written into CR3A will be sent to DX output in place of the transmit channel PCM data.
A byte written in CR2A will be sent to the receive path. The current byte received on DR input can be read
in CR2A.

2.13 Audio Data Interface (Au V F)

The Au V' F is used to receive the Stereo Audio data. The pins related to the Au V' F are: the frame syn-
chronism or Left/Right indicator LRCK, the serial bit clock SCK, and the serial data input SDI. LRCK and
SCK can be input or output depending if the Au IV F is configured in Slave or Master mode.

The interface can be configured in 5 different modes programming bits SPIM, MSM and DSPM in CR17.
In each mode different parameters (word length, signal polarity etc.) can be set writing CR16.

The MSM bit selects if Au |/ F is Master or Slave. When MSM=0 the Au |/ F is Slave: the serial bit clock
SCK and the frame sync LRCK are input to the device. When MSM=1 the Au |/ F is Master: SCK and
LRCK are generated inside the device. The frequency of LRCK is programmed in CR2B and CR3B while
its shape and the frequency of SCK change automatically with the selected mode (see paragraph below).
Master mode is not available when the Au |/ F is configured in SPI-mode (SPIM=1) regardless of the
value of MSM.

The 5 possible mode modes are:
I2S-Mode Slave (SPIM=0, MSM=0 and DSPM=0) in this mode the Au |/ Fis 1°s compatible (see Fig. 5
and 10) and the bit clock SCK and the left/right indicator LRCK signals are input to the device. SCK must

have 16 periods per channel in case of 16bit data word and 32 periods per channel in case of 18bit to 24bit
data word. SCK can be either a continuous clock or a sequence of bursts.
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I2S-Mode Master (SPIM=0, MSM=1 and DSPM=0) this mode is functionally equivalent to I°S-mode Slave
(see Fig. 7 and 10) but the bit clock SCK and the left/right indicator LRCK signals are generated by the
device. SCK is generated with 16 periods per channel in case of 16bit data word and 32 periods per chan-
nel in case of 18bit to 24bit data word

DSP-Mode Slave (SPIM=0, MSM=0 and DSPM=1) in this mode the Au |/ F starting from a frame sync
pulse on LRCK receives the Left and Right data one after the other (see Fig. 6 and 11). SCK is a free
running bit clock: between 2 successive frame sync pulse there can be any number of SCK periods from
the minimum necessary to transfer all the data bits up to the max. frequency limit specified for SCK. DSP-
mode is suited to interface with a Master Multi-Byte Serial Interface.

DSP-Mode Master (SPIM=0, MSM=1 and DSPM=1) this mode is functionally equivalent to DSP-mode
Slave but LRCK and SCK signals are generated by the device (see Fig. 8 and 12). SCK is generated with
32 periods per frame sync. in case of 16bit data word and 64 periods per frame sync. in case of 18bit to
24bit data word. DSP-mode Master is suited to interface with a Slave Multi-Byte Serial Interface.

SPI-Mode (SPIM=1 and DSPM=0) in this mode Left and Right data are received with separate data burst.
Every burst is identified with a low level on LRCK signal (see Fig. 9 and 13). There is no timing difference
between the Left and Right data burst: the two channels are identified by the fact that the first burst after
Audio mode power-up identifies the Left channel data and the second one is the Right channel data and
then Left and Right data repeat one after the other. SCK must have 16 periods per channel in case of 16bit
data word and 32 periods per channel in case of 18bit to 24bit data word. SPI-mode can only be Slave:
when SPIM=1 the values written on MSM is disregarded while DSPM must be set to 0.

In some of the above listed modes not all the combinations of the bits in CR16 are available or meaningful:
- In DSP-Mode MSB is always received first (bit ORD=0), data word justification and LRCK polarity
have no meaning.

- In SPI-mode the data word must be always left-justified (bit DIF=0) and non-delayed (bit FOR=1) and
LRCK polarity must be always set for Left=0 (INV=0).

The audio data sample rate (LRCK frequency) can be any value in the range 8kHz to 48kHz.

Left channel data are always received first.

The first 35 Data frames after power up are discarded while the interpolation filters data memory is
cleared.

2.14 LRCK & SCK generation in Master Mode
Setting MSM=1 and SPIM=0 in CR17 enables the internal generation of the frame synchronism clock
LRCK and of the serial bit clock SCK.

These clocks are obtained by variable division from the AMCK system clock. Given the AMCK frequency
(famck), the desired sample rate frequency (fLrck) is obtained by writing in CR2B the least significant byte
and in CR3B the most significant byte of thel16bit integer result calculated with the following formula:

N = round(2?3-(fLrck/  famck))

The precision of the obtained f_rck is always better than +1.7Hz.

The shape of LRCK waveform and the number of SCK periods for each LRCK period is set automatically
depending on the values of bit DSPM in CR17 and of CR16 content (see Fig. 7,8,10 and 12).

Since CR2B and CR3B are overlaid registers, In order to write the division factor N in CR2B and CR3B
the master mode must be selected in advance by setting MSM=1.

NOTE: LRCK and SCK are part of the Au |/ F, but Master mode generation can also be used as Frame
Sync and Master clock in Voice Mode by connecting them to FS and MCLK (in this case a fixed clock on
AMCK is needed).

J
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Example: The master clock frequency is famck=12MHz, the required sampling frequency is f.-
rck=44.1kHz, N value is:

N = round(2%3-(44100/ 12000000)) = 30828

30828 decimal corresponds to 786C hex so CR2B and CR3B must be loaded with 6C hex and 78 hex
respectively, the frequency of LRCK will then be:

firck = (30828-12000000 Hz)/ 2°° = 44099.8 Hz.

2.15 OCK output clock generation

Setting OCE =1 and SPIM = 0 in CR17 enables the internal generation of the clock OCK on the pin
REMOUT/ OCK. The clock output can be used as master clock for a digital device that provides the Au-
dio Data to STW5094A.

This function is compatible with both Master mode and Slave mode of the Aul/ F and can be used in
Normal mode and in DSP mode while it cannot be used in SPI mode. It can be activated also in Voice
mode (provided the AMCK clock is available).

Because OCK clock is obtained by variable division from the master clock AMCK, OCK cannot have a
frequency higher than the AMCK master clock frequency.

When OCK frequency is comprised between AMCK frequency and half the AMCK frequency OCK is ob-
tained removing pulses, as evenly spaced as possible, from AMCK and thus reducing the frequency to
the programmed value. When OCK frequency is lower than half AMCK frequency it is obtained by division
on the rising edge of AMCK.

OCK polarity can be inverted setting ROI=1 in CR17.

OCK in Master Mode: when the Au I/ F is used in Master Mode the OCK frequency is 256 times the
sampling frequency programmed in CR2B and CR3B using the formula described in Section 2.14
(fock = 256 - fLRCK)-

OCK in Slave Mode: when the Aul/ F is used in Slave Mode the OCK frequency can be set to any value
(lower than AMCK frequency) and it is not related to the incoming LRCK frequency, then not limited to
256 oversampling. In this case to obtain the desired OCK frequency the following formula can be used:

N = round(215-(foc/</ famck))

where fock is lower than fayck (this corresponds to the fact that N cannot be greater than 7FFF hex).

Example: The master clock frequency is famck=19.2MHz, the oversampling factor is 384 and the sam-
pling rate is 44.1 kHz, then the required OCK frequency is
fock = 384 - 44.1 kHz = 16934400 Hz.

The value of N is:

N = round(21°-(16934400/ 19200000)) = 28901

28901 decimal corresponds to 70E5 hex so CR2B and CR3B must be loaded with E5 hex and 70 hex
respectively, the frequency of OCK will then be

fock = (28901-19200000 Hz)/ 21° = 16934179.7 Hz =384 - 44099.4 Hz

The OCK output clock function is alternative to the Remocon function because both share the same output
pin: setting OCE = 1 will disable the Remocon function on the REMOUT / OCK but the REMOCON out-
put status will still be available reading bit RDL in CR17 (see paragraph 11.18 for more details on REMO-
CON function).

Since CR2B and CR3B are overlaid registers, in order to write the division factor N in CR2B and CR3B,
the output clock function must be selected in advance by setting OCE = 1.
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2.16 Control Interface (12C V F)

The I°C 1/ Fis used to program the device by writing and reading the control registers (see Fig. 14 and
15). The interface is 1°C bus compatible, being the STw5094A a Slave device. SDA is the bidirectional
open-drain data pin and SCL is the input clock pin. The Device Address is E2 hex. for writing and E3 hex.
for reading.

The interface has an internal address register that keeps the current address of the control register to be
read or written. At each write access of the interface the address register is loaded with the data of the
register address field. The value in the address register is increased after each data byte read or write. It
is possible to access the interface in 2 modes: single-byte mode in which the address and data of a single
register are specified, and multi-byte mode in which the address of the first register to be written or read
is specified and all the following bytes exchanged are the data of successive address registers starting
from the one specified (in multi-byte mode the internal address counter restart from register 0 after the last
register 21). Using the multi-byte mode it is possible to write or read all the registers with a single access
to the device on the 1°C bus.

The Control interface can be used both in power-up and power-down state.

2.17 Master clock in FM mode and tone only modes

In FM mode and in Tone Only mode the Master Clock of the device can be selected to be AUXCLK, MCLK
or AMCK writing bits CFM in CR21. The Auxiliary clock AUXCLK can be used when the Audio mode clock
AMCK and the Voice mode clock MCLK are not available. AUXCLK and MCLK frequency selection is
done with bits F in CRO.

2.18 REMOCON function

The REMOCON (Remote Control) function can be used to detect the status of an headset button. The
REMOCON function is enabled by setting bit REN in CR17. If enabled, this function is active also when
the STW5094A is in power-down state. The REMOUT/OCK pin is the output pin for the REMOCON func-
tion only if OCE = 0 in CR17 (Section 2.15).
A High level at REMIN input is detected as a non pressed button, while a low level is detected as a pressed
button. The "Pressed Button" information can be treated in 2 ways depending on bit RLM in CR17:
-if RLM = 0 (Transparent mode) the information at REMIN is seen at REMOUT/OCK after a debounce
time of 50ms maximum;

-if RLM = 1 (Latched Mode) the information stored in bit RDL in CR17 is seen at REMOUT/OCK. RDL
is set after a debounce time of 50ms maximum when a low level at REMIN is detected. RDL is reset
with power on initialization and can also be reset writing O in bit RDL.
The REMOUT/OCK output polarity can be inverted setting bit ROl in CR17: the pressed button information
is presented at REMOUT/OCK output as a logic 1 if bit ROl = 0. If ROl = 1 the polarity is inverted.

J
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PROGRAMMABLE REGISTERS

Control Register CRO Functions (Address: 0x00)

7 6 5 4 3 2 1 0
Function
F(1:0) VFS | CM | MA 1A FF B7
0 0 MCLK or AUXCLK =512 kHz *
0 1 MCLK or AUXCLK =1.536 MHz
1 0 MCLK or AUXCLK = 2.048 MHz
1 1 MCLK or AUXCLK = 2.560 MHz
0 Voice Data Fs is 8 kHz *
1 Voice Data Fs is 16 kHz
0 Linear code *
1 Companded code
Linear Code Companded Code
0 0 2-complement * | u-law: CCITT D3-D4 *
0 1 sign and magnitude u-law: Bare Coding
1 0 2-complement A-law including even bit inversion
1 1 1-complement A-law: Bare Coding
0 B1 and B2 consecutive Q) *
1 B1 and B2 separated 1)
0 | 8 bits time-slot 1) *
1 |7 bits time-slot 1)
(1): significant in companded mode only
*: state at power on initialization
Control Register CR1 Functions (Address: 0x01)
7 6 5 4 3 2 1 0
Function
DM(1:0) MR | MX | EN | TS DL
0 X delayed data timing *
1 0 non-delayed normal data timing
1 1 non-delayed reverse data timing
X
0 Dr connected to RX path *
1 CR2A connected to RX path 1)
0 TX path connected to Dx *
1 CR3A connected to Dx 1)
0 PCM I/F disabled *
1 PCM I/F enabled
0 B1 channel selected *
1 B2 channel selected Q)
0 Normal operation *
1 Digital Loopback (Data from DR is sent to DX with 1 frame delay)

(1) significant in companded mode only

*: state at power on initialization

X: reserved: write 0

b7
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Control Register CR2A Functions (Address: 0x02) (Active when MSM=0 and OCE=0 in CR17)

7 6 5 4 3 2 1 0
Function
DRD(7:0)
msb Isb | Data sent to Receive path or Data received from DR input (1)
(1) Significant in companded mode only. CR2A is available only if Master mode and OCK out in CR17 are not enabled (MSM=0 and OCE=0).
Control Register CR2B Functions (Address: 0x02) (Active when MSM=1 or OCE=1 in CR17)
7 6 5 4 3 2 1 0
Function
DIVL(7:0)
msb Isb | Least significant byte of the frequency division factor
for LRCK,SCK and OCK generation. 1)

(1) CR2B is available only if the Master mode or OCK out in CR17 are enabled (MSM=1 or OCE=1, and SPIM=0).

Control Registers CR3A Functions (Address: 0x03) (Active when MSM=0 and OCE=0 in CR17)

7

6

5

4

3

2

1

0

DXD

(7:0)

Function

msb

Isb

DX data transmitted 1)

(1) Significant in companded mode only. CR3A is available only if Master mode and OCK out in CR17 are not enabled (MSM=0 and OCE=0).

Control Registers CR3B Functions (Address: 0x03) (Active when MSM=1 or OCE=1 in CR17)

7

6

5

4

3

2

1

0

Function

DIVH(7:0)

msb

Isb

Most significant byte of the frequency division factor
for LRCK, SCK and OCK generation. (D)

(1) CR3B is available only if the Master mode or OCK out in CR17 are enabled (MSM=1 or OCE=1, and SPIM=0).

Control Register CR4 Functions (Address: 0x04)

7

6

5

4

3

2

1

0

Function

MS(1:0)

MB

PG

TXA

(3:0)

P, OO

R OPRFPRO

Transmit input muted *
MIC1 Selected
MIC2 Selected
MIC3 Selected

- O

MBIAS output disabled *
MBIAS output enabled

= O

20dB preamplifier gain *
0dB preamplifier gain

= OO

=1 OO

=1 OO

k=)

0 dB Transmit Amplifier gain *
1.5 dB Transmit Amplifier gain

Transmit Amplifier in 1.5 dB step

22.5 dB Transmit Amplifier gain

*: state at power on initialization
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Control Register CR5 Functions (Address: 0x05)

7|6 | 5| 4] 3 | 2 | 1 | 0
Function
HPB | SI SA(3:0)
X X
0 Voice Codec Receive High Pass filter enabled Q) *
1 Voice Codec Receive High Pass filter disabled
0 Voice Codec internal sidetone disabled *
1 Voice Codec internal sidetone enabled
0 0 0 0 |[-12.5 dB Sidetone gain *
0 0 0 1 |-13.5dB Sidetone gain
- - - - Sidetone gain in 1 dB step
1 1 1 1 |-27.5 dB Sidetone gain
(1): Vvalid only when Voice Data Fs=8kHz (VFS=0). When Voice data Fs=16kHz (VFS=1) The High Pass Filter is always disabled.

*: state at power on initialization
X: reserved: write 0

Control Register CR6 Functions (Address: 0x06)

7 6 5 4 3 2 1 0
Function

MUT | PLS | PHL | PHR | SE | RTE

The active output Drivers are operative *
The active output Drivers are muted

- O

LSP/ N output Driver is in power down *
LSP/ N output Driver is in power up.

- O

HPL output Driver is in power down *
HPL output Driver is in power up

= O

HPR output Driver is in power down *
HPR output Driver is in power up

= O

Audio or Voice Codec Signal to LS or HP disabled *
Audio or Voice Codec Signal to LS or HP enabled.

- O

0 |Ring/ Tone to LS or HP disabled *
1 Ring/ Tone to LS or HP enabled.

*: state at power on initialization
X: reserved: write 0

Control Register CR7 Functions (Address: 0x07)

7 6 5 4 3 | 2 | 1 | 0
LSA(3:0)

Function

Earpiece/ Loudspeaker Amplifier 6 dB gain

Earpiece/ Loudspeaker Amplifier 4 dB gain

Earpiece/ Loudspeaker Amplifier 2 dB gain

Earpiece/ Loudspeaker Amplifier 0 dB gain *
Earpiece/ Loudspeaker Amplifier gain in 2 dB step
Earpiece/ Loudspeaker Amplifier -24 dB gain

S =E=E=X=
S =E=E=X=
BT PR OO
BT RPORO

*: state at power on initialization
X: reserved: write 0
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Control Register CR8 Functions (Address: 0x08)

7

6

5

4‘3|2|1|0

HPLA(4:0)

Function

1 OO0 0O0O

oo NoNoNo]
N eNoNoNe]
O PP OO

O P,PORLO

Headphones amplifier (Left channel) 0 dB gain
Headphones amplifier (Left channel) -2 dB gain
Headphones amplifier (Left channel) -4 dB gain
Headphones amplifier (Left channel) -6 dB gain
Headphones amplifier (Left channel) gain in 2 dB step
Headphones amplifier (Left channel) -40 dB gain

*: state at power on initialization

X: reserved: write 0

Control Register CR9 Functions (Address: 0x09)

7

6

5

4‘3|2|1|o

HPRA(4:0)

Function

1 OO00O0o

el oNoNoNo)
N eNoNeNe]
O ' PP, OO

O ,PORFLO

Headphones amplifier (Right channel) 0 dB gain
Headphones amplifier (Right channel) -2 dB gain
Headphones amplifier (Right channel) -4 dB gain
Headphones amplifier (Right channel) -6 dB gain
Headphones amplifier (Right channel) gain in 2 dB step
Headphones amplifier (Right channel) -40 dB gain

*: state at power on initialization

X: reserved: write 0

Control Register CR10 Functions (Address: 0x0A)

7

6

5

4‘3|2|1|0

FMLA(4:0)

Function

= O OO0

O 1 OO
[« NN No]
1 O OO

N = =]

FM Preamplifier (Left channel) +18 dB gain

FM Preamplifier (Left channel) +16 dB gain

FM Preamplifier (Left channel) gain in 2 dB step
FM Preamplifier (Left channel) 0 dB gain

FM Preamplifier (Left channel) gain in 2 dB step
FM Preamplifier (Left channel) -20 dB gain

*: state at power on initialization
X: reserved: write 0
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Control Register CR11 Functions (Address: 0x0B)

7

6

5

4‘3|2|1|0

FMRA(4:0)

Function

=1 O OO0
O 1 OO

o O OO

= O OO

k=

FM Preamplifier (Right channel) +18 dB gain

FM Preamplifier (Right channel) +16 dB gain

FM Preamplifier (Right channel) gain in 2 dB step
FM Preamplifier (Right channel) 0 dB gain

FM Preamplifier (Right channel) gain in 2 dB step
FM Preamplifier (Right channel) -20 dB gain

*: state at power on initialization

X: reserved: write 0

Control Register CR12 Functions (Address: 0x0C)

7‘6‘5‘4

3|2

1

0

Function

TONEG(3:0)

FSEL(1:0)

SN

DE

= OO0

[l N eNe

0
0
1

k=)

Tone gain is 0 dB
Tone gain is -3 dB
Tone gain in 3 dB step
Tone gain is -33 dB

R, OO

P OPRFrO

f1 and f2 muted

f1 selected

f2 selected

f1 and f2 in summed mode

Squarewave signal selected
Sinewave signal selected

= O

Tone/ Ring Generator not connected to Transmit path
Tone/ Ring Generator connected to Transmit path

*: state at power on initialization

X: reserved write O

Control Register CR13 Functions (Address: 0x0D)

7 6 5 4 3 2 1 0
Function
F1(7:0)
msb Isb | Binary equivalent of the decimal number used to calculate f1
See Table 1
Control Register CR14 Functions (Address: 0x0E)
7 6 5 4 3 2 1 0
Function
F2(7:0)
msb Isb | Binary equivalent of the decimal number used to calculate 2
See Table 1
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Control Register CR15 Functions (Address: 0x0F)

7 6 5 4 3 2 1 0
Function
BE Bl BZ(5:0)
0 Buzzer output disabled (set to 0) *
1 Buzzer output enabled
0 Duty Cycle is intended as the relative width of logic 1 *
1 Duty cycle is intended as the relative width of logic O
msb Isb | Binary equivalent of the decimal number used to calculate the

duty cycle, using the formula:
Duty Cycle = BZ(5:0) x 0.78125%

* state at power on initialization

Control Register CR16 Functions (Address: 0x10)

7

6

5

4

3

2

1

0

POL

ORD

DIF

INV

FOR

SCL

PREC(1:0)

Function

= O

AMCK Not Inverted *
AMCK Inverted

- O

Audio I/F data order, the MSB is received first (IZS) *
Audio I/F data order, the LSB is received first

= O

Audio I/F data alignment, the word is left justified (IZS)(l) *
Audio I/F data alignment, the word is right justified (1)

- O

LRCK polarity, when LRCK=0 Left data is received (IZS) ) *
LRCK polarity, when LRCK=1 Left data is received 2)

= O

Audio I/F format, I2S format (first bit is delayed) () *
Audio I/F format, non delayed formats

— O

SCK polarity, SDI and LRCK sampled on the rising edge (IZS) *
SCK polarity, SDI and LRCK sampled on the falling edge

PR, OO

RPORFrO

Audio I/F data width 16 bit (32 SCK clocks per frame)  *
Audio I/F data width 18 bit (64 SCK clocks per frame)
Audio I/F data width 20 bit (64 SCK clocks per frame)
Audio I/F data width 24 bit (64 SCK clocks per frame)

(1) significantin 18/ 20/ 24 bit per word mode only
(2) Left Channel data is always received first.
(3) First bit delay, in 18/ 20/ 24 bit per word mode, is applied only if word is left justified.

*: state at power on initialization
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Control Register CR17 Functions (Address: 0x11)

7 6 5 4 3 2 1 0
Function
REN | RLM | ROl | RDL | OCE | SPIM | MSM |DSPM
0 Remocon Function disabled *
1 Remocon Function enabled
0 Remocon output in transparent mode *
1 Remocon output in latched mode
0 REMOUT/OCK output not inverted *
1 REMOUT/OCK output inverted
0 Remocon detection latch reset by uP *
1 Remocon detection latch set by internal logic
0 REMOUT/OCK pin used for REMOCON function *
1 REMOUT/OCK pin used for Oversampled Clock Out function (1)
0 Audio interface works in 1S or DSP mode *
1 Audio interface works in SPI slave mode
0 Audio interface works in Slave mode *
1 Audio interface works in Master mode (D)
0 | Audio interface works in IS mode @) *
1 | Audio interface works in DSP mode (D)
(1) significant if SPIM=0 (bit 2 in CR17)
*: state at power on initialization
X: reserved write 0
Control Register CR18 Functions (Address: 0x12)
7 6 5 4 3 2 1 0
Function
VCL VCE AMCK_DIV
0 0 VCMHP output voltage is 1.20 V
0 1 VCMHP output voltage is 1.35 V *
1 0 VCMHP output voltage is 1.50 V
1 1 VCMHP output voltage is 1.65 V
0 VCMHP output Disabled *
1 VCMHP output Enabled
X X X
0 0 9.5MHz -14MHz  AMCK clock-range *
0 1 14MHz -19MHz  AMCK clock-range
1 0 19MHz -28MHz  AMCK clock-range
*: state at power on initialization
X: reserved write 0
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Control Register CR19 Functions (Address: 0x13)

7 | 6 | 5 | 4 3 | 2 | 1 | 0 _
Function
TREBLE(2:0) BASS(3:0)
X
0 1 1 +6dB Treble Gain
0 1 0 +4dB Treble Gain
0 0 1 +2dB Treble Gain
0 0 0 0dB Treble Gain
1 1 1 -2dB Treble Gain
1 1 0 -4dB Treble Gain
1 0 1 -6dB Treble Gain
1 0 0 De-emphasis filter enabled

+12.5dB Bass Gain
+10.0dB Bass Gain
+7.5dB Bass Gain
+5.0dB Bass Gain
+2.5dB Bass Gain
0dB Bass Gain
-2.5dB Bass Gain
-5.0dB Bass Gain
-7.5dB Bass Gain
-10.0dB Bass Gain
-12.5dB Bass Gain

PRPRRPRRPRRPOOOOOO
ORRPRRPRRPROOOORE
POORRPROORROO
PFOROROROROR

*: state at power on initialization
X: reserved write 0

Control Register CR20 Functions (Address: 0x14)

7 6 5 4 | 3 | 2 ‘ 1 | 0
Function
FMS | MFM | CMP VOL (4:0)
0 FM sum function disabled
1 FM sum function enabled
0 FM input from FML, FMR
1 FM input from MIC3 (to Left and Right)
0 Audio Dynamic compressor OFF
1 Audio Dynamic compressor ON
0 0 0 0 0 0 dB Audio Attenuation
0 0 0 0 1 2 dB Audio Attenuation
0 0 0 1 0 4 dB Audio Attenuation
0 0 0 1 1 6 dB Audio Attenuation
0 0 1 0 0 8 dB Audio Attenuation
0 0 1 0 1 10 dB Audio Attenuation
0 0 1 1 0 12 dB Audio Attenuation
0 0 1 1 1 15 dB Audio Attenuation
0 1 0 0 0 18 dB Audio Attenuation
0 1 0 0 1 21 dB Audio Attenuation
0 1 0 1 0 24 dB Audio Attenuation
0 1 0 1 1 27 dB Audio Attenuation
0 1 1 0 0 30 dB Audio Attenuation
0 1 1 0 1 33 dB Audio Attenuation
0 1 1 1 0 36 dB Audio Attenuation
0 1 1 1 1 39 dB Audio Attenuation
1 0 0 0 0 42 dB Audio Attenuation
1 0 0 0 1 45 dB Audio Attenuation
1 0 0 1 0 48 dB Audio Attenuation
1 0 0 1 1 54 dB Audio Attenuation

*: state at power on initialization

22/51

J




STw5094A

Control Register CR21 Functions (Address: 0x15)

7 6 5 4 3 2 1 0
Function
MD(1:0) CFM(1:0) SRS | PU
0 0 Voice Mode *
0 1 Audio Mode.
1 0 Tone Only Mode.
1 1 FM Mode.
0 0 The Master Clock Input for Tone Only and FM Mode is AUXCLK*
0 1 The Master Clock Input for Tone Only and FM Mode is MCLK
1 X The Master Clock Input for Tone Only and FM Mode is AMCK
X X
0 Normal Operation *
1 Software Reset, all registers are set to their default.
0 | Device is in Power Down *
1 Device is in Power Up

*: state at power on initialization

X: reserved write 0

Note: In Audio mode or when AMCK Master Clock is selected, the true frequency value is obtained by multiplying the value of the table (F1/
F2 Tone Frequency) by the following constant: k=(famck/fpiv) where famck is the frequency of AMCK expressed in Hz and fpyy=
6144000-(AMCK_DIV+2), where AMCK_DIV is the content of CR18, bits1-0.

J
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Table 1. Tone generator frequency versus CR13 CR14 register correspondence in voice mode and

tone mode only (when the master clock is AUXCLK or MCLK)

criang | [12T0ne | cpygyy | FIF2Tone I opqgqg | BIR2T00e § cpygpg | T172 Tone
Value (dec.) 9 Y | value (dec.) 9 Y | value (dec.) 9 Y | value (dec.) 9 Y
(Hz) (Hz) (Hz) (Hz)
0 0.0 64 250.0 128 750.0 102 1750.0
1 39 65 257.8 129 765.6 193 1781.2
2 7.8 66 265.6 130 781.2 194 18125
3 11.7 67 273.4 131 796.9 195 1843.8
4 15.6 68 281.2 132 8125 196 1875.0
5 195 69 289.1 133 828.1 197 1906.2
6 234 70 296.9 134 843.8 198 1937.5
7 273 71 304.7 135 859.4 199 1968.8
8 312 72 3125 136 875.0 200 2000.0
9 35.2 73 320.3 137 890.6 201 2031.2
10 39.1 74 328.1 138 906.2 202 2062.5
11 43.0 75 335.9 139 921.9 203 2093.8
12 46.9 76 343.8 140 9375 204 2125.0
13 50.8 77 351.6 141 953.1 205 2156.2
14 54.7 78 359.4 142 968.8 206 2187.5
15 58.6 79 367.2 143 984.4 207 2218.8
16 625 80 375.0 144 1000.0 208 2250.0
17 66.4 81 382.8 145 1015.6 209 2281.2
18 703 82 390.6 146 1031.2 210 23125
19 742 83 398.4 147 1046.9 211 2343.8
20 78.1 84 406.2 148 1062.5 212 2375.0
21 82.0 85 414.1 149 1078.1 213 2406.2
22 85.9 86 421.9 150 1093.8 214 24375
23 89.8 87 429.7 151 1109.4 215 2468.8
24 938 88 4375 152 1125.0 216 2500.0
25 97.7 89 4453 153 1140.6 217 2531.2
26 101.6 90 453.1 154 1156.2 218 2562.5
27 105.5 91 460.9 155 1171.9 219 2593.8
28 109.4 92 468.8 156 1187.5 220 2625.0
29 113.3 93 476.6 157 1203.1 221 2656.2
30 117.2 94 484.4 158 1218.8 222 2687.5
31 1211 95 4922 159 1234.4 223 2718.8
32 125.0 96 500.0 160 1250.0 224 2750.0
33 128.9 97 507.8 161 1265.6 225 2781.2
34 132.8 98 515.6 162 1281.2 226 2812.5
35 136.7 99 523.4 163 1296.9 227 2843.8
36 140.6 100 531.2 164 13125 228 2875.0
37 1445 101 539.1 165 1328.1 229 2906.2
38 148.4 102 546.9 166 1343.8 230 29375
39 152.3 103 554.7 167 1359.4 231 2968.8
40 156.2 104 562.5 168 1375.0 232 3000.0
a1 160.2 105 570.3 169 1390.6 233 3031.2
42 164.1 106 578.1 170 1406.2 234 3062.5
43 168.0 107 585.9 171 1421.9 235 3093.8
44 171.9 108 593.8 172 14375 236 3125.0
45 175.8 109 601.6 173 1453.1 237 3156.2
46 179.7 110 609.4 174 1468.8 238 3187.5
47 183.6 111 617.2 175 1484.4 239 3218.8
48 1875 112 625.0 176 1500.0 240 3250.0
49 191.4 113 632.8 177 1515.6 241 3281.2
50 195.3 114 640.6 178 1531.2 242 33125
51 199.2 115 648.4 179 1546.9 243 3343.8
52 203.1 116 656.2 180 1562.5 244 3375.0
53 207.0 117 664.1 181 1578.1 245 3406.2
54 210.9 118 671.9 182 1593.8 246 34375
55 214.8 119 679.7 183 1609.4 247 3468.8
56 218.8 120 687.5 184 1625.0 248 3500.0
57 222.7 121 695.3 185 1640.6 249 3531.2
58 226.6 122 703.1 186 1656.2 250 3562.5
59 230.5 123 710.9 187 1671.9 251 3593.8
60 234.4 124 718.8 188 1687.5 252 3625.0
61 238.3 125 726.6 189 1703.1 253 3656.2
62 242.2 126 734.4 190 1718.8 254 3687.5
63 246.1 127 742.2 191 1734.4 255 3718.8
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TIMING DIAGRAMS

Figure 1. Voice interface (PCM I/F) non delayed data timing mode'
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Note: 1. In the case of companded code the timing is applied to 8 bits instead of 16 bits.

Figure 2. Voice interface (PCM I/F) delayed data timing mode’
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Figure 3. Voice interface (PCM I/F) non delayed reverse data timing mode !
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Note: 1. In the case of companded code the timing is applied to 8 bits instead of 16 bits.

Figure 4. AMCK timing

tPAMCK

AMCK j \ Z

tHAMCK tLamek

Figure 5. Audio interface (AU I/F) timing: I2S slave mode

| tPLRCK

LRCK J\ ) / " L

tbisck tpsck1 | | tb2sck tHsck
15 or 16 or
\ 2 31 32

tLsck

Y S D |

SCK 1 2
When SCL=0 (*)

SDI

|

(*) SCL is bit2 in CR16
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Figure 6. Audio interface (AU I/F) timing: DSP slave mode
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(*) SCL is bit2 in CR16
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Figure 7. Audio interface (AU I/F) timing: IS master mode
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(*) SCL is bit2 in CR16
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Figure 8. Audio interface (AU I/F) timing: DSP master mode
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SCK
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(*) SCL is bit2 in CR16

Figure 9. Audio interface (AU I/F) timing: SPI-mode (slave only)
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(*) SCL is bit2 in CR16
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Figure 10. Audio interface (AU I/F) formats in I2S master and slave modes

12S Format (delayed), Data word 16 bit, MSB first (default)

16 SCK 16 SCK
“« — — 5 — — P — — == — — >
LRCK | _ |
sck LALALALA FLALAIAIALALALA PN
SDI [1.6 [ 1 [ 2] ~ " [13J1a[15]16] 1 ]2 _ _[13[1a]15]16]
MSB Left channel LSB MSB Right channel LsB
Non-delayed Format, SCK polarity inverted, Data word 16 bit, LSB first
16 SCK 16 SCK
“« — — T — — P — — == — — >
LRCK | _ |
sck Yy fyvfy vivlvylvfvlfvlvlrvy vyfvyfvlrvrvln
sSDI [t 23] ~ "JaaJs[16] 1] 2]3] _ _J1a]15]16] 1 |
LSB Left channel MSB LSB Right channel MSB
12S Format (delayed), Data word 18 bit, Left justified, LSB first
32 SCK 32 SCK
“« — — — = — — — e —— — 2 ———
LRCK | _ [ o
sck LILALANLA FLALALTL] . LT 1IALALA AL L
SDI [x 1 T2 - Tawfas[x[ - " Tx[aJ2] _ "Taw[ae[x[ _ _Tx]
LsB Left channel MsB Lss Right channel MSB
Non-delayed Format, Data word 24 bit, Left justified, MSB first, LRCK polarity inverted
32 SCK 32 SCK
“« — — — = — — — e —— — 2 ———
LRCK __] i I .-
sck LALALALA FLALALTL] . A LALATA AT . AL
SDI [ 23] _ Je2sfaa[x]  [a1J2]a3]  _JeaJaa[x] 1]
msB Left channel LSB MsB Right channel LSB
Data word 18 bit, Right justified, MSB first
32 SCK 32 SCK
“« — — = = — — > — — = = — — >
LRCK | . I o
sck LILITLI LT LALALA FLALTLIL LT LA LALA AL
SDI [ x [x [ I xJaf2] el x[x] _ _[xJ1l2af] _ _J1]x]
MSB LSB MSB LSB

Left channel Right channel

For the other possible formats see Control Register CR16 description

J

29/51




STw5094A

Figure 11. Audio interface (AU I/F) formats in DSP slave mode

Delayed, Data word 16 bit, SCK polarity normal (CR16 default values)

n SCK (n = any value greater than 32)

______________’
LRCK_I_I I

sck LALALALd  FLALALALALd R FLr

SDI [x Tt T2 " " JssJwe][1]2] ~ " [ss[16]x] ~ [x]1
MSB Left channel LSB [MSB Right channel LsB

Non-delayed, SCK polarity inverted, Data word 24 bit

n SCK (n = any value greater than 47)

- — — T - — — >
LRCK L

SCK_I—LI—LJ—LJ—VU—LI—LI—LI—LJ—VU—LI—LI—LI—?U—LI—V

SDI 1 [2J2f  JesJeaJ1JoJ  _Ja3[2a] x| 1]2
B

MS| Left channel LSB |MSB Right channel LsSB ) MSB

For the other possible formats see Control Register CR16 description

Figure 12. Audio interface (AU I/F) formats in DSP master mode

Delayed, Data word 16 bit, SCK polarity normal (CR16 default values)

32 SCK

« ——— - __ _ _»
LRCK
sck LALALELE A—I_A—I_A—I_A—Lﬂ_l FLALAA L

SDI [ 16 1|2|:::|15|16 1|2|:::|15|16 1]
LSB | MSB Left channel LSB | MSB Right channel LSB|MsB

Non-delayed, SCK polarity inverted, Data word 18 bit

‘« - — ————-"2% _———— — 5
LRCK L

SCK_I—LI—LJ—LJ—VU—LI—LI—LI—LJ—VU—LI—LI—LI—?U—LI—V

SDI 1 [2Js _ Jw]w[i1T2 " Tufi]x] 1]2

MSB Left channel LSB |MSB Right channel LsB mMsSB

For the other possible formats see Control Register CR16 description
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Figure 13. Audio interface (AU I/F) formats in SPI mode

SCK polarity hormal, Data word 16 bit

LRCK | L i
sck  LALALA KLALS LA 1AL
SDI X 1t [ 2] ~ J15]16] X ) X 1] 2]
MSB  |eftor Right channel LsB msB Right or Left channel

SCK polarity inverted, Data word 18 bit

« - — e

LRCK — |- . B I I
sck [y ryrv vfyfyrvrv v [yvfrvr
SDI X [1[2] - "JwJm] x X X 1 [ 2 |

MSB Left or Right channel LSB MSB Right or Left channel

NOTE: In SPI-mode the first high to low transition on LRCK after power-up defines the Left channel of the first couple of audio data
and of all the subsequent couples of Left/Right audio data.

For the other possible formats see Control Register CR16 description

Figure 14. Control interface (12C IF) formats

ACK ACK ACK
WRITE |_| | DEVICE ADDRESS 1 | REG n ADDRESS | 1 REG n DATA IN | ﬂ
SINGLE BYTE 1 11311000101 T I T I B | 1
START SsTOP
ACK ACK ACK ACK ACK
WRITE I_I | DEVICE ADDRESS ‘ | REG n ADDRESS | ‘ REG n DATA IN | REG n+m DATA IN | ﬂ
MULTI BYTE | 131100010/ T I N A T I B | o I T I 1
START 4. _ _ _ _ _ _ m+ldatabytes _ _ _ _ _ _ _> STOP
CURRENT ADDR ACK NO ACK
READ D | DEVICE ADDRESS 1 ImrremREe DATA om|
SINGLE BYTE 1 11311000101 I I
START STOP
CURRENT ADDR ACK ACK ACK NO ACK
READ |_| | DEVICE ADDRESS ‘ |v:urrem REG DATA OUT| urr REG+m DATA OUT
MULTI BYTE | 13100041, T I N A o I T I
START 4------ m+ldatabytes . _ _ _ _ _ p sToP
RANDOM ADDR ACK ACK ACK NO ACK
READ DEVICE ADDRESS REG n ADDRESS DEVICE ADDRESS | 1 REG n DATA OUT ‘ U]
SINGLE BYTE 00101 1 [ I I I |
START START sTOP
RANDOM ADDR ACK ACK ACK ACK  ACK NO ACK
READ DEVICE ADDRESS REG n ADDRESS DEVICE ADDRESS | ‘ REG n DATA OUT ‘ | REG n+m DATA OUT ‘ LD
MULTI BYTE 11100010 11100001 T | - I I |
START START < m+1 data bytes > sToP

J
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Figure 15. Control interface (IZC I/F) timing

M1 1 1 1
N - -
SDA / §< / X / X \ [
7 — L — 7
tBUF tio | tow tHp tHIGH tsu _tsu tHD tsu
I "(sTA) (DAT) "(DAT) (STA) (STA) SO
- A r A T r—
/) AV
] L - - - -
1 R tr [ [
P S Sy P
P = STOP
S = START

Sr = START repeated

Figure 16. A.C. Testing input, output waveform

INPUT/ OUTPUT
0.8Vccio

0.7Vccio

' 0.7Vccio
:> Test points <:

.3V 0.3V
0.2Veeo 0.3Vccio ccio

AC Testing: inputs are driven at 0.8VCCIO for a logic "1" and 0.2VCCIO for a logic "0".
Timing measurements are made at 0.7VCCIO for a logic "1" and 0.3VCCIO for a logic "0".
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ABSOLUTE MAXIMUM RATINGS

Parameter Value Unit
Vcc to GND 4.6 \%
Voltage at MIC (V¢ <3.3V) Vce +0.5to GND -0.5 \Y
Current at LSP/N + 350 mA
Current at HPR,HPL + 100 mA
Current at VCCP,GNDP + 350 mA
Current at any digital output + 50 mA
Voltage at any digital input (Vccio <3.3V); limited at + 50mA Vccio + 0.5 to GND -0.5 \%
Storage temperature range -65to + 150 °C

OPERATIVE SUPPLY VOLTAGES

Symbol Min. Max. Unit
Vce = Veea 2.7 3.3 \%
Vccio 1.8 Vee v
Vcer Vce 33 \%

TIMING SPECIFICATIONS

Unless otherwise specified, Vccio = 1.8V to 3.3V, Tamp = -30°C to 85°C, max capacitive load 20pF; typical
characteristics are specified at Vccio = 3.0V, Tamp = 25 °C; all signals are referenced to GND (see next
Note for timing definitions).

AMCK timing
Symbol Parameter Test Condition AMCK Range Min. Typ. Max. Unit
9.5MHz-14MHz 71 106 ns
teamck | Period of AMCK 14MHz-19MHz 53 71 ns
19MHz-28MHz 36 53 ns
9.5MHz-14MHz 28 ns
thamck | Period of AMCK high |Measured from Viyto Vi | 14MHz-19MHz 20 ns
19MHz-28MHz 12 ns
9.5MHz-14MHz 28 ns
tLamck | Period of AMCK low Measured from V| to V| 14MHz-19MHz 20 ns
19MHz-28MHz 12 ns
1577 33551
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MCLK and AUXCLK timing

Symbol Parameter Test Conditions Min. Typ. Max. Unit
512 kHz
Frequency is programmable with 1.536 MHz
fmcLk  |Frequency of MCLK, AUXCLK bits F in CRO 5048 MUz
2.560 MHz
twmH | Period of MCLK, AUXCLK high Measured from V|4 to V| 150 ns
twmL Period of MCLK, AUXCLK low Measured from V|_to V| 150 ns
trRMm Rise Time of MCLK, AUXCLK Measured from V| to Viy4 30 ns
tEm Fall Time of MCLK, AUXCLK Measured from V|4 to V) 30 ns
Audio interface signals timing
Symbol Parameter Test Condition Min. Typ. Max. Unit
tpLrck | Period of LRCK 20 127 us
DC_rex |PUtY Cycle of LRCK in 1°S mode 40 60 %
Slave
Delay of the 1st SCK edge from
t -10 600
PISCK | RCK edges in 1S mode Slave ns
: Delay of the last SCK edge to next 20 ns
D2SCK || RCK edges in 12S mode Slave
tpsck1  |Period of SCK in 12S mode Slave 50 ns
. . LRCK frequency > 30kHz 100 ns
tpsck2 |Period of SCK in DSP mode Slave LRCK frequency < 30kHz 200 ns
tHsck | Period of SCK high Measured from V4 to ViH 20 ns
tLsck [Period of SCK low Measured from V|_to V|_ 20 ns
Setup time SDI to SCK active
tsspi edge 10 ns
t Hold time SDI from SCK active 10 ns
HSDI edge
Delay of LRCK edges from SCK
LR edge in Master mode 10 ns
Delay of the 1st SCK edge from
3SCK || ReK falling edge in SPI mode -10 ns
PCM interface timing
Symbol Parameter Test Condition Min. Typ. Max. Unit
tHME Hold Time MCLK low to FS low 0 ns
tsFm Setup Time, FS high to MCLK low 30 ns
toMD De_Iay Time, MCLK high to data Load = 20pF 100 ns
valid
Delay Time, MCLK low to
oMz | px disabled 10 100 ns
Load = 20pF; Applies only if FS
toFD Delay Time, FS high to data valid |rises later than MCLK rising edge 100 ns
in Non Delayed Mode only
Setup Time, DR valid to MCLK
tsom receive edge 20 ns
34/51 1577
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Symbol Parameter Test Condition Min. Typ. Max. Unit
tHMD _HoId_Time, MCLK low to DR 10 ns
invalid
thmer | Hold Time MCLK High to FS low 30 ns
tSEMR ﬁ?gtﬁp Time, FS high to MCLK 30 ns
{OMDR \I:/);ilgy Time, MCLK low to data Load = 20pF 100 ns
toMzZR cl:j)g:gél'oilme, MCLK High to DX 10 100 ns
tHMDR megjli;'ime, MCLK High to DR 20 ns
I2C bus control port timing

Symbol Parameter Test Condition Min. Typ. Max. Unit
fscL Clock Frequency 400 kHz
thicH | Clock High Time 600 ns
ttow |Clock Low Time 1300 ns
tr SDA and SCL Rise Time 1000 ns

tr SDA and SCL Fall Time 300 ns
tHp:sta | Start Condition Hold Time 600 ns
tsu:sta | Start Condition Setup Time 600 ns
tup:par | Data Input Hold Time 0 ns
tsu:par |Data Input Setup Time 250 ns
tsu:sto | Stop Condition Setup Time 600 ns
tBUF Bus Free Time 1300 ns

Note: A signal is valid if it is above VIH or below VIL and invalid if it is between VIL and VIH.For the purpose of this specification the following
conditions apply (see Fig. 15):
a) All input signal are defined as: VIL = 0.2VCCIO, VIH = 0.8VCCIO, tR < 10ns, tF < 10ns.
b) Delay times are measured from the inputs signal valid to the output signal valid.
c) Setup times are measured from the data input valid to the clock input invalid.
d) Hold times are measured from the clock signal valid to the data input invalid.

J
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ELECTRICAL CHARACTERISTICS

Unless otherwise specified, Vccio = 1.8V to 3.3V, Tamp = -30°C to 85°C; typical characteristic are speci-

fied at Vccio = 3.0V, Tamp = 25°C,; all signals are referenced to GND.

Digital Interfaces (Figure 16)
Symbol Parameter Test Condition Min. Typ. Max. Unit
All digital inputs except DC 0.3Vccio \%
ViL Input Low Voltage REMIN AC 0.2Veoio v
. All digital inputs except DC |0.7vccio \
ViH Input High Voltage REMIN AC 0.8vecio v
VILREM |Input Low Voltage REMIN input 0.5 \%
ViHrem |Input High Voltage REMIN input 14 \%
All digital outputs, I = 10pA 0.1 \%
VoL | Output Low Voltage All digital outputs, | = 2mA 0.4 v
) All digital outputs, IL = 10pA Vecio-0.1 \
Von | Output High Voltage All digital outputs, IL = 2mA Veoio04 v
Any digital input,
liL Input Low Current GND < Vi < ViL -10 10 UHA
. Any digital input,
liH Input High Current Vih < Vin < Vecio -10 10 HA
Output Current in High
loz impedance (Tristate) DXand CO -10 10 WA
Analog Interfaces
Symbol Parameter Test Condition Min. Typ. Max. Unit
Rmeias | MBIAS Output Resistance MBIAS 100mV under Vcc 150 Q
Imic MIC Input Leakage GND < Vmic < Vce -100 +100 HA
Rmic  |MIC Input Resistance GND < Vmic < Vce 50 kQ
Rem FM Input Resistance FML, FMR to CAP2 30 kQ
Rupp  [Sndle Ended DriversLoad | b1 | HPR to GNDP or VCMHP 16 Q
esistance
Single Ended Drivers Load 100 pF
CLHP Capacitance HPL, HPR to GNDP or VCMHP 50* nE
Single Ended Drivers Output | Steady zero PCM code applied to
Rovhp Resistance DR; I =+lmA ! Q
Differential Driver Load
RiLs Resistance LSP to LSN 8 Q
Differential Driver Load 100 pF
Cus Capacitance LSPto LSN 50* nF
R Differential Driver Output Steady zero PCM code applied to 1 Q
OLS | Resistance DR; | =+lmA
. . Alternating + zero PCM code
VosLs ng:rfgtlljal offset Voltage at applied to DR maximum receive -50 +50 mV
' gain; R = 50Q
* with series resistors
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ANALOG INPUT/OUTPUT OPERATIVE RANGES

Microphone Input Levels - Absolute levels at MIC1, MIC2, MIC3

Symbol Parameter Test Condition Min. Typ. Max. Unit
0 dBmO level Transmit gain 0dB 493 mVRMS
Overload level Transmit gain 0dB 727 mY/RMS
PP
0 dBmO level Transmit gain 20dB 49 mVRMS
. . 71 mMVRMS
Overload level Transmit gain 20dB 200 MVpp
0 dBmO level Transmit gain 42.5dB 3.7 mVRrms
Overload level Transmit gain 42.5dB 53 MVRus
15 mVopp
FM Input Levels - Absolute levels at FML, FMR
Symbol Parameter Test Condition Min. Typ. Max. Unit
Overload level FML, FMR gain 18 dB 177 MVRuS
Overload level FML, FMR gain from 6 to -20dB 727 mY/RMS
pp
Power Output Levels - Absolute levels at HPL, HPR
Symbol Parameter Test Condition Min. Typ. Max. Unit
Maximum undistorted level 16Q Load 07 mMVRmS
Power Output Levels - Absolute levels at LSP-LSN (Differentially measured)
Symbol Parameter Test Condition Min. Typ. Max. Unit
0 dBmO level LS gain 0dB 984 mVRrms
0 dBmO level LS gain -24dB 62.1 mVRMs
Maximum undistorted level 8Q Load L4l VRus
Tones Levels
Symbol Parameter Test Condition Min. Typ. Max. Unit
Single tone, sinusoidal
' 1.41 V
Tone level at LSP-LSN waveform, tone gain 0dB, 4 \?MS
LS gain 0dB PP
Single tone, sinusoidal
' mV
Tone level at HPL, HPR waveform, tone gain 0dB, 727 VRMS
HPL, HPR gain -6dB PP
Voice mode, Single tone,
Tone level at DX sinusoidal waveform, -1.64 dBFS
tone gain 0dB

Note: when 2 tones are enabled the amplitude of f1 is lowered by 5dB and the amplitude of f2 is lowered by 7dB with respect to the amplitude
of a single tone.

b7
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VOICE CODEC CHARACTERISTICS

Unless otherwise specified, Vcc = 2.7V to 3.3V, Tamp =-30°C to 85°C; FS Frequency = 8kHz; typical
characteristics are specified at Vcc = 3.0V, Tamp = 25°C, MIC1/ 2/ 3 =0dBmO0, DR =-6dBm0 PCM
code, f = 1015.625 Hz; all signals are referenced to GND.

VOICE CODEC AMPLITUDE RESPONSE
Transmit path

Symbol Parameter Test Condition Min. Typ. Max. Unit
Transmit Gain Programmed for
. . minimum. Measure deviation of
Gxa | Transmit Gain Absolute Accuracy Digital PCM Code from ideal -0.5 0.5 dB
0dBmo PCM code at DX
Measure Transmit Gain over the
range from Maximum to minimum
Transmit Gain Variation with setting. Calculate the deviation
Gxac programmed gain from the programmed gain 05 0.5 dB
relative to GXA,
i.e. GaxG = G actual - G prog. - Gxa
Transmit Gain Variation with Measured relative to Gxa.
Gxar temperature min. gain < Gx < Max. gain 01 0.1 d
Gxav Transmit Gain Variation with Mea_sur_eql relatlve_to Gxa 01 01 dB
supply Gx = Minimum gain
Digital filter characteristics
f=60Hz -30 dB
. . _ . f=100 Hz -20 dB
;I;reanusgrllltt: Gain Variation with f = 200 Hz 6 dB
GxAFs quency. f = 300 Hz 0.5 dB
_ _ f =400 Hz to 3000 Hz 0.5 dB
FS Frequency = 8kHz (VFS=0) f = 3400 Hz ég 0.0 dB
f = 4000 Hz _1'5 -14 dB
f = 4600 Hz (*) ’ -35 dB
f=8000 Hz (*) -47 dB
Digital filter characteristics
Transmit Gain Variation with f=100 Hz 0.5 dB
G frequency. f =200 Hz to 6000 Hz 15 0.5 dB
XAF16 f = 6800 Hz o 0.0 dB
FS Frequency = 16kHz (VFS=1) |f=8000 Hz _1'5 -14 dB
f=9200 Hz (*) ’ -35 dB
f=16000 Hz (*) -47 dB
Sinusoidal Test method.
T . in Variati ith Reference Level = -10 dBmO
GxaL _ranslnlut Glaln ariation wit Vic = -40 dBmoO to +3 dBmO 05 05 dB
signatieve Vmic = -50 dBmO to -40 dBmO 0.5 0.5 dB
Vmic = -55 dBmO to -50 dBmO -1.2 1.2 dB

(*) The limit at frequencies between 4600Hz and 8000Hz lies on a straight line connecting the two frequencies on a linear (dB) scale versus
log (Hz) scale.
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VOICE CODEC AMPLITUDE RESPONSE (continued)
Receive path

Symbol Parameter Test Condition Min. Typ. Max. Unit
GRAHPL gg?rlr\lljrgam programmed for
GGRAHPR Receive Gain Absolute Accuracy Apply -6 dBmO PCM code to DR -0.5 0.5 dB
RALS Measure HPL, HPR, LSP-LSN
Measure HPL, HPR, LSP-LSN
G Gain over the range from
ORAGHPL | Receive Gain Variation with Maximum to minimum setting. 05 o5 | a8
GRAGHPR programmed gain Calculate the deviation from the ) )
RAGLS programmed gain relative to Gra,
i.e. GRAGLS = G actual - G prog. - GRALS
Receive Gain Variation with Measured relative to GRA.
GRrAT temperature (HPL, HPR and LSP-LSN) -0.1 0.1 dB
P min. gain < Gr < Max. gain
Receive Gain Variation with Measured relative to GRA.
GRrav Sﬁcel € &ain vanatio (HPL, HPR and LSP-LSN) 0.1 0.1 dB
pply GRr = Maximum Gain
Digital filter characteristics
Receive Gain Variation with
frequency f=60Hz -20 dB
(HPL, HPR and LSP-LSN) f=100Hz -12 dB
f =200 Hz -2 dB
FS frequency = 8kHz (VFS=0). f=300 Hz 15 0.5 dB
High Pass Filter enabled f =400 Hz to 3000 Hz _0'5 0.5 dB
(HPB = 0). f = 3400 Hz _1'5 0.0 dB
GRrars f = 4000 Hz : -14 dB
EGCEIVG Gain Variation with Digital filter characteristics
requency
(HPL, HPR and LSP-LSN) f = 50Hz 05 4B
_ -1.5 :
FS frequency = 8kHz (VFS=0). ; _ éggoH;Zto 3000 Hz -0.5 83 gg
High Pass Filter disabled f = 4000 Hz -1.5 _1'4 dB
(HPB = 1). -
Receive Gain Variation with Digital filter characteristics
frequency _
GraF16 |(HPL, HPR and LSP-LSN) ;; ;881'22 0 6000 Ha 15 8'2 gg
— -0.5 )
FS frequency = 16kHz (VFS=1). I; gggg :; 15 ?1'2 gg
Sinusoidal Test Method
GRraLHPL |Receive Gain Variation with signal |Reference Level = -10 dBmO
GRALHPR |level DR =-40 dBmO to -3 dBmO -0.5 0.5 dB
GraLLs |(HPL, HPR and LSP-LSN) DR = -50 dBmO to -40 dBmO -0.5 0.5 dB
DR =-55 dBmO to -50 dBmO -1.2 1.2 dB
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VOICE CODEC ENVELOPE DELAY DISTORTION WITH FREQUENCY

Symbol Parameter Test Condition Min. Typ. Max. Unit
DXA | Tx Delay, Absolute f=1600 Hz 320 us
f =500 - 600 Hz 290 us
f =600 - 800 Hz 180 us
f =800 - 1000 Hz 50 us
DXR [Tx Delay, Relative f=1000 - 1600 Hz 20 us
f=1600 - 2600 Hz 55 us
f = 2600 - 2800 Hz 80 us
f = 2800 - 3000 Hz 180 us
DRA |Rx Delay, Absolute f=1600 Hz 280 us
f =500 - 600 Hz 200 us
f =600 - 800 Hz 110 us
f =800 - 1000 Hz 50 us
DRR |Rx Delay, Relative f=1000 - 1600 Hz 20 us
f=1600 - 2600 Hz 65 us
f=2600 - 2800 Hz 100 us
f =2800 - 3000 Hz 220 us
VOICE CODEC NOISE
Symbol Parameter Test Condition Min. Typ. Max. Unit
NXP Tx Noise, P weighted (up to 35dB) |Vmic =0V, DE=0 -75 -70 dBmOp
SRS Ililc?;le' C-message weighted Receive PCM code = Zero, S| = 0,
NRP (gain for max. undistorted output RTE =0 and 30 50 KVRus
9 : PUl || sA="0100" (gain -2dB)
level)
MIC =0V,
PSRTX |PSRR, Tx Vce = 3.0 Vpe + 50 mVRws;
f = 100Hz to 50kHz 30 dB
PCM Code equals Positive Zero,
Vce = 3.0Vpc + 50 mVRMs
PSRRX" |PSRR, Rx f=100 Hz - 4 kHz 30 dB
f =4 kHz - 50 kHz 30 dB
Digital filter characteristics
sSOS Spurious Out-Band signal at the [4600 Hz - 5600 Hz -40 dB
output 5600 Hz - 7600 Hz -50 dB
7600 Hz - 8400 Hz -50 dB
(*) 300 to 3400Hz bandwidth
VOICE CODEC CROSSTALK
Symbol Parameter Test Condition Min. Typ. Max. Unit
Transmit Level = 0 dBmO,
CTx.r |Transmit to Receive f =300 - 3400 Hz -100 -65 dB
DR = Quiet PCM Code
Receive Level = -6 dBmO,
CTr-x |Receive to Transmit f =300 - 3400 Hz -80 -65 dB
MIC = 0V
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VOICE CODEC DISTORTION
Receive path

Symbol Parameter Test Condition Min. Typ. Max. Unit
Sinusoidal Test Method
(measured using linear 300 Hz to
Signal to Total Distortion 3400 Hz weighting, FS=8kHZ)
(LSP-LSN) Level = +3 dBmO 77 dB
STORLS (up to 14dB attenuation) Level = -6 dBmO 65 70 dB
" 8QLoad Level = -10 dBmO 62 67 dB
®) Level = -20 dBmO 54 59 dB
Typical values are measured with |Level =-30 dBmO 44 49 dB
14dB attenuation. Level = -40 dBmO 34 39 dB
Level = -45 dBmO 29 34 dB
Level = -55 dBmO 19 24 dB
Sinusoidal Test Method
(measured using linear 300 Hz to
Signal to Total Distortion 6800 Hz weighting, FS=16kHZ)
(LSP-LSN) Level = +3 dBmO 74 dB
(up to 14dB attenuation) Level = -6 dBmO 67 dB
8QLoad Level =-10 dBmO 64 dB
Level =-20 dBmO 56 dB
Typical values are measured with |Level = -30 dBmO 46 dB
14dB attenuation. Level =-40 dBmO 36 dB
Level = -45 dBm0O 31 dB
Level = -55 dBmO 21 dB
Sinusoidal Test Method
(measured using linear 300 Hz to
Signal to Total Distortion E4OO| TZ W%'ghtmg’ FS=8kHZ) 74
(HPL, HPR) evel =+3 dBmo
(up to 14dB attenuation) Level =-6 dBmO 67 dB
Level =-10 dBmO 64 dB
. . Level = -20 dBmO 56 dB
Kréléa;t\t/;uue;sﬁgae measured with Level = -30 dBmO 26 dB
Level =-40 dBmO 36 dB
Level = -45 dBmO 31 dB
Level = -55 dBmO 21 dB
Sinusoidal Test Method
(measured using linear 300 Hz to
Signal to Total Distortion E8OO| I:Iz wedlghtlng, FS=16kHZ) 1
(HPL, HPR) evel =+3 dBmo
(up to 14dB attenuation) Level =-6 dBmO 64 dB
Level =-10 dBmO 61 dB
Typical values are measured with Level = -20 dBmO 53 dg
14dB attenuation Level = -30 dBmO 43 dg
Level = -40 dBmO 33 dB
Level = -45 dBmO 28 dB
Level = -55 dBmO 17 dB
(*) The limit curve shall be determined by straight lines joining successive coordinates given in the table.
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VOICE CODEC DISTORTION

Transmit path

Symbol Parameter Test Condition Min. Typ. Max. Unit
Sinusoidal Test Method
(measured using linear 300 Hz to
3400 Hz weighting) FSS =0
Signal to Total Distortion Level = +3 dBmO 75 dB
(up to 35dB gain) Level =0 dBmO 68 73 dB
Stpx |FS frequency = 8kHz. Level = -6 dBmO 64 68 dB
*) Level = -10 dBmO 59 64 dB
Typical values are measured with |Level =-20 dBmO 49 54 dB
30.5dB gain Level =-30 dBmO 40 44 dB
Level = -40 dBmO 30 34 dB
Level = -45 dBmO 25 29 dB
Level = -55 dBmO 15 19 dB
Sinusoidal Test Method
(measured using linear 300 Hz to
6800 Hz weighting) FSS =1
. . . Level = +3 dBmO 72 dB
29 ?f;;g;oés'z'ﬁtm'zo” Level = 0 dBmO 70 dB
' Level = -6 dBmO 65 dB
Typical values are measured with Level =-10 dBmO 61 dB
30.5dB gain Level =-20 dBmO 51 dB
Level = -30 dBmO 41 dB
Level = -40 dBmO 31 dB
Level =-45 dBmO 26 dB
Level = -55 dBmO 16 dB

(*) The limit curve shall be determined by straight lines joining successive coordinates given in the table.
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STEREO AUDIO DAC and FM CHARACTERISTICS

Unless otherwise specified, Vcc = 2.7V to 3.3V, Tamp = -30°C to 85°C; typical characteristics are speci-
fied at Vcc =3V, VCMHP=1.5V, Tamp=25°C; famck = 13.0MHz; Full-Scale Input Sine Waves at
1015.625Hz; Input Sample Rate (Fs) = 48kHz; Input Data = 18Bits; Measurement Bandwidth is 20Hz to
20kHz, unweighted. Resistive load on HPL, HPR = 16)).

Symbol Parameter Test Condition Min. Typ. Max. Unit
N Resolution* 18 Bits
DYNR |Dynamic Range A-weighted 89 93 dB

2Vpp output
HPL, HPR gain set to -6dB

SNR Signal to noise ratio 16Qload
A-weighted 93 dB
unweighted (20 Hz to 20 kHz) 87 dB

Total H i Distorti 2Vpp output
THDL | ot marmonic vistortion HPL, HPR gain set to -6dB 0.01 | 0.03 %
Worst case load 16Qload

2Vpp output
THD Total Harmonic Distortion HPL, HPR gain set to -6dB 0.004 %
1kQload

Measurement Bandwidth 20Hz to
20kHz, Fs= 48kHz.

i . "
Deviation from Linear Phase Combined digital and analog filter 1 Deg
characteristics.
fop Passband* Comblneql D_|g|ta| and Analog filter 0 0.45Es | KkHz
characteristics.
Passband Ripple* Comblneql D_|g|ta| and Analog filter 0.2 dB
characteristics.
fsg StopBand* Comblneq D_|g|tal and Analog filter 0.55Fs KHz
characteristics.
Measurement Bandwidth up to
StopBand Attenuationv 3.45Fs 50 dB
P Combined Digital and Analog filter
characteristics.
TSE ;I’ran3|ent ijppressmn filter cutoff 15 23 Hz
requency
. Measurement Bandwidth 20kHz
Out Of Band Noise to 100kHz. Zero input signal -0 der
tgd Group Delay* 0.4 ms
2Vpp output
Interchannel Isolation* HPR, HPL unloaded 100 dB
HPR, HPL with 16Qto VCMHP 55 dB
Interchannel Gain Mismatch 0.2 dB
Gain Error 0.5 dB
SUT Startup Time from Power Up** 9.3 13.8 ms

* Valid for Audio interface input (Audio Mode).

**Calculation of TSF and SUT: we define: k = (famck/ fpiv) where fapyck is the frequency of AMCK expressed in Hz and

fpiv = 6144000-(AMCK_DIV+2), where AMCK_DIV is the content of CR18, bits1-0. The approximate startup time is obtained dividing 10.6
ms by k, and the transient suppression filter cutoff frequency is obtained multiplying 20Hz for k

Note: Fs range: 8kHz - 48kHz.
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POWER DISSIPATION
Unless otherwise specified, Vcc = 2.7V to 3.3V, Tgmp = -30°C to 85°C, LSP, LSN and HPL, HPR outputs

not loaded; typical characteristics are specified at Vcc = 3V, Tamp = 25°C

Symbol Parameter Test Condition Min. Typ. Max. Unit

SDA, SCL=Vccio0-0.1V

lcco Ef?wer down Current, REMOCON | o E\ioCON function disabled 0.4 uA
(REN = 0)
SDA, SCL=Vcci0-0.1V

| Power down Current, REMOCON |REMOCON function enabled 2 WA

CCOR 1on (REN = 1)
REMIN = V| .rem or REMIN = VIHREM

lcc1 ,\P/I%vgzr Up Current in Voice Codec Fs=8kHz. LSP/N output selected 5 7 mA

. . |Fs=44.1 kHz, AMCK=12 MHz

lcc2 ,\P/I%vgzr Up Currentin Stereo Audio HPL,HPR outputs selected, 6 9 mA
VCE=0, FSEL=0.

| Power Up Current in FM Stereo HPL,HPR outputs selected, 5 4 mA

CC3 IMode VCE=0.
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TYPICAL PERFORMANCE CHARACTERISTICS (simulations)

Bass-Treble controls
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Bass and treble gains are independently selectable in
any combination. Filters characteristics at Fs=44.1kHz
are plotted

Digital Audio Filter Characteristic
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Frequency response up to 3.45 Fs
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Digital Rx Voice Filter Characteristic
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Frequency response up to 2.5Fs
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Plot 2.

The filter compensates for pre-emphasis used on some
audio CDs. The gain error from ideal filtering is lower
than 0.1dB. The de-emphasis filter selection implies a
flat treble control.

Digital Audio Filter Characteristic
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Plot 4.
In band Frequency response
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Plot 6.
In band Frequency response. FS=8 kHz
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TYPICAL PERFORMANCE CHARACTERISTICS (cont.)

Digital Rx Voice Filter Characteristic (No High Pass Filt.)
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Plot 7.
In band Frequency response. FS=8 kHz
High Pass filter disabled (HPB=1).
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Plot 8.

Audio signal transfer function when the Dynamic
Compressor is active.

TYPICAL PERFORMANCE CHARACTERISTICS (Measures)

Signal to Noise ratio vs Signal Amplitude in Audio Mode
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Plot 9.
1 kHz Input signal applied at Au |/ Finput (L & R).
Left and right single ended drivers gain set to -6 dB.
VCC=2.7V, Fs=48kHz, 18 bits input word. A-weighted

Voice Mode SINAD: Receive (RX) and Transmit (TX) path
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Plot 11.

1 kHz Signal applied at PCM (RX) or Micl (TX) input.
RX: 0 dB gain differential output (0dB=4Vpp out), 8Q
load.

TX:20dB inputgain (0dB=0.2Vpp input).

VCC=2.7V, Fs=8kHz, 300-3400 Hz Linear Weight.
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Signal Amplitude [dBr] 0 dBr = 2 Vpp

-120

Signal Amplitude [dBr] 0 dBr = 2 Vpp

Audio DAC Performance at HPL with 1kQ2load to VCMHP
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Plot 10.

FFT audio mode (8192 points). 1kQ load

Full scale 1kHz input signal applied at Au |/ F input.
Both channels active, Left channel plotted
VCC=2.7V, Fs=48kHz, 18 bits input. 122MHz AMCK

FM mode Performance at HPL with 16Qload to VCMHP
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Plot 12.

FFT FM mode (8192 points). 16Q load

1 kHz Signal applied at FM inputs

Both channels active and loaded, left channel plotted
VCC=2.7V, 12MHz AMCK

J




STw5094A

APPLICATION NOTE

p MBIAS
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TFBGA PACKAGE OUTLINE

Table 2. TFBGA 6x6x1.20 36 F6x6 0.80

Ref Min. Typ. Max.
A 1.01 1.20®
Al 0.21
A2 0.820

0.35 0.40 0.45

D 5.85 6.00 6.15
D1 4.00
E 5.85 6.00 6.15
El 4.00
e 0.72 0.80 0.88
f 0.85 1.00 1.15
ddd 1.00

T.Max mounted height IS 1.16 mm. Based on a 0.37 mm ball pad diameter.
Solder paste is 0.15 mm thick with 0.37 mm diameter.

(2) TFBGA stands for Thin Profile Fine Pitch Ball Grid Array.

Thin profile: The total profile height (DIm A) is measured from the seating plane to the top of the component.
A=1.01to1.20 mm

Fine pitch < 1.00 mm pitch.

(3) The terminal Al corner must be identified on the top surface by using a corner chamfer, ink, metallized markings or other
feature of package body or integral heatslug.

A distinguishing feature is allowable on the bottom surface of the package to identify the terminal Al corner.

Exact shape of each corner is optional.
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Figure 17. TFBGA36 drawing
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REVISION HISTORY

Date Revision Description of Changes
Minor changes:
Typo in table title 1.
9-Dec-2005 2 Corrections in register description:
Register CR20 - Bit 7 = 1 - FM sum function enabled
28-Apr- 2005 1 First Release
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