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Sowral, .. Stereo Audio
DIGITAL-TO-ANALOG CONVERTER
with VCXO and PLL

FEATURES APPLICATIONS

e COMPLETE DELTA-SIGMA STEREO DAC e SET-TOP BOXES

e VOLTAGE-CONTROLLED CRYSTAL OSCILLATOR: e DIGITAL BROADCAST RECEIVERS
27MHz #150ppm Output with 0V to 3V Input

e PROGRAMMABLE PLL DESCRIPTION

256fg or 384fg Audio System Clock Output

e DYNAMIC PERFORMANCE:
Dynamic Range: 94dB

The PCM1740 is a complete stereo audio digital-to-
analog converter with on-chip PLL and VCXO. The
i PCM1740 is designed specifically for set-top box applica-
SNR: 94dB tions requiring high-quality audio playback, a precision
THD+N: -89dB tuned 27MHz master clock source, and support for mul-
e SAMPLING FREQUENCIES: tiple audio-sampling frequencies.
16kHz, 22.05kHz, 24kHz

The stereo digital-to-analog converter (DAC) uses multi-
32kHz, 44.1kHz, 48kHz

bit, delta-sigma architecture, which includes an 8x inter-

64kHz, 88.2kHz, 96kHz polation filter, 3rd-order noise shaping, 5-level amplitude
e SERIAL AUDIO INTERFACE: guantization, and an analog low-pass filter. The PCM1740
Standard or 12S™ Data Formats includes a number of user-programmable functions, which
16-, 20-, or 24-Bit Data are accessed via a standard 12C-Bus interface.
e [2C-BUS™ INTERFACE FOR CONTROL
REGISTERS:
Slave Receiver Operation BCK ——»{ pcm B Vourl
7-Bit Addressing LRk —p= Ao OsiZ’if;}ﬁ{QP Low.Pass Veon
Standard Transfer Rate (up to 100kbps) SubF;I?Lrl]nclions 4». and Amp Vo
e PROGRAMMABLE CONTROLS: seL T ] Bl L ~ —
Digital Attenuation (256 steps) SOA = pr o ——Ad———— B
Soft Mute AD0 |+ |REGS| 3 ; | SCKO
Infinite Zero Detect Mute TN g DPTan o o I e
De-Emphasis (32kHz, 44.1kHz, 48kHz) om : == !
DAC Output Mode Chysia = vexop b ———————————————————— i)
e SINGLE +5V SUPPLY xT2
RST 74>| Reset | | Power Supply |

e SMALL SSOP-24 PACKAGE 1T [ T

\ \ \ \ \ \
Vep PGND V. AGND V,, DGND
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ABSOLUTE MAXIMUM RATINGS®

Power Supply VOItage®@) .........c.covvieieiieieeeeeeee e +6.5V
Supply Voltage Differences® ..........cocevviveeieninieeiinseere s +0.1V
GND Voltage Differences® ..........ccoceeeirerieieerieeee e +0.1V

Digital Input Voltage 0.3V to (Vpp + 0.3V)
Analog Input Voltage —0.3V to (Ve + 0.3V)
Input Current (any pins except SUPPlES) .......ccvvveriiiiiicniiiiicnns +10mA
Operating Temperature Range ........... —25°C to +85°C
Storage Temperature ... . —=55°C to +125°C

JUNCION TEMPETALUIE ..ot e +150°C
Lead Temperature (SOIdering, 5S) .......ccccoeiviveriiinieiiseeeneneens +260°C
Package Temperature (IR reflow, peak, 10S) ........cccceveveeierrinnnnnns +235°C

NOTES: (1) Stresses above those listed under Absolute Maximum Ratings may
cause permanent damage to the device. Exposure to absolute maximum
conditions for extended periods may affect device reliability. (2) Ve, Vpp, Vep-
(3) Among Ve, Vpp, Vpp. (4) Among AGND, DGND, and PGND.

PACKAGE/ORDERING INFORMATION®

ELECTROSTATIC
DISCHARGE SENSITIVITY

This integrated circuit can be damaged by ESD. Texas
Instruments recommends that all integrated circuits be
handled with appropriate precautions. Failure to observe
proper handling and installation procedures can cause
damage.

ESD damage can range from subtle performance degrada-
tion to complete device failure. Precision integrated circuits
may be more susceptible to damage because very small
parametric changes could cause the device not to meet its
published specifications.

SPECIFIED
PACKAGE TEMPERATURE PACKAGE ORDERING TRANSPORT
PRODUCT PACKAGE-LEAD DESIGNATOR RANGE MARKING NUMBER MEDIA
PCM1740E SSOP-24 DB —25°C to +85°C PCM1740E PCM1740E Rails, 58
" " " " PCM1740E PCM1740E/2K Tape and Reel, 2000

NOTE: (1) For the most current package and ordering information, see the Package Option Addendum at the end of this data sheet, or see the Tl website at www.ti.com.

PIN CONFIGURATION

PIN ASSIGNMENTS

Top View SSOP PIN | NAME I/0 | FUNCTION
1 XT1 — 27MHz Crystal connection.
2 PGND — PLL and VCXO ground.
XT1| 1 24 | XT2 3 XTUN IN | VCXO tune, tuning voltage range from OV to 3V.
PGND | 2 23 | DGND 4 Vpp — PLL and VCXO power supply, +5V.
5 MCKO OUT | Buffered clock output of VCXO.
XTUN | 3 22 | Vpp 6 ADO IN Device address pin for [2C-BUS.()
Vop IZ 21 | scko 7 AD1 IN Device address pin for 12C-BUS.(®)
8 SCL IN Bit clock input for 12C-BUS interface.
MCKO | 5 20 | RSV 9 | SDA |INIOUT| Serial data for I2C-BUS interface.
ADO | 6 19 | LRCK 10 | RST IN | Reset, active LOW.®
PCM1740 11 VoutR OUT | Right-channel analog voltage output.
ADL| 7 18 | DATA 12 AGND — Analog ground.
SCL| 8 17 | BCK 13 Vee — Analog power supply, +5V.
spal o 16| 7ERO 14 VoutlL OUT | Left-channel analog voltage output.
15 Veom — DC common-mode voltage output.
RST E 15 | Veom 16 | ZERO | OUT | Zero flag output, active LOW.®)
VourR [11 14| VgL 17 BCK IN Bit f:lock ir.1put for lserial audio data.(V)
18 DATA IN | Serial audio data input.®)
AGND |12 13 | Ve 19 | LRCK IN | Left and right word clock, equal to the sampling
rate (fg).()
20 RSV — Reserved must be open.
21 SCKO OUT | System clock output, 256/384 fg.
22 Voo — Digital power supply, +5V.
23 DGND — Digital ground.
24 XT2 — 27MHz Crystal connection.
NOTES: (1) Schmitt trigger input.
(2) Schmitt trigger input with internal pull-up resistor.
(3) Open drain output.
*? TEXAS
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ELECTRICAL CHARACTERISTICS

All specifications at Ty = +25°C, Ve = Vpp = Vpp = 5.0V, fg = 44.1kHz, system clock = 384fg, 16-bit data, unless otherwise noted.

PCM1740E
PARAMETER CONDITIONS MIN TYP MAX UNITS
RESOLUTION 16 Bits
DATA FORMAT
Audio Interface Format Standard/I2S Selectable
Audio Data Bit Length 16/20/24 Selectable Bits
Audio Data Format MSB First, Two’s Binary Complement
Sampling Frequency (fs) Standard (fs) 32 44.1 48 kHz
Half (fg) 16 22.05 24 kHz
Double (fg) 64 88.2 96 kHz
Internal System Clock Frequency 256f5/384fg
DIGITAL INPUT/OUTPUT
Logic Family Input Logic TTL Compatible
High Level Input Voltage: V& @ 2.0 VvDC
Low Level Input Voltage: V, 1) @ 0.8 VvDC
High Level Input Current: 1,;®: @ Viu = Vpp +10 WA
Low Level Input Current:

1 D V, =0V +10 A
1, @ Vi = 0V -120 A
High Level Output Voltage: Vo ® loy = —2mMA Vpp — 0.5V VvDC

Low Level Output Voltage:
Vo ® loL = 4mMA 0.5 VvDC
Vo @ loL = 2MA 0.5 vDC
DIGITAL INPUT/OUTPUT of I2C-BUS INTERFACE
High Level Input Voltage: V,,;®) 3.0 \Y,
Low Level Input Voltage: V, ®) -0.3 1.5 \Y
Low Level Output Voltage: Vg, © 0 0.4 \Y,
Output Fall Time: toe(™ 250 ns
Input Logic Current: 1,8 10% to 90% of Vpp -10 10 HA
Capacitance for each 1/0 pin: C,® 10 pF
VCXO CHARACTERISTICS (MCKO) 27MHz, Fundamental Crystal
Crystal Clock Frequency 27.0000 MHz
Crystal Clock Accuracy(® +30 ppm
XTUN Tuning Voltage Range(1® 0 3.0 \Y,
XTUN Input Impedance(10 60 kQ
Output Clock Frequency XTUN = 1.3V 27.0000 MHz
Output Clock Accuracy XTUN = 1.3V +50 ppm
VCXO Tuning Range XTUN = 0V — 3V 300 ppm
Output Clock Duty Cycle 10pF Load 35 45 55 %
Output Clock Jitter Standard Deviation 100 ps
Output Rise Time 20% to 80% Vpp, 10pF Load 4 ns
Output Fall Time 80% to 20% Vpp, 10pF Load 4 ns
Response Time@1) 10 us
Power Up Time(12) 5 ms
PLL AC CHARACTERISTICS (SCKO)
Output Clock Frequency MCKO = 27.0MHz 4.096 36.864 MHz
Output Clock Duty Cycle 10pF Load 40 50 60 %
Output Clock Jitter Standard Deviation 150 ps
Output Rise Time 20% to 80% Vpp, 10pF Load 4 ns
Output Fall Time 80% to 20% Vpp, 10pF Load 4 ns
Frequency Transition Time(3) 20 ms
Power Up Time(14) 15 30 ms
DYNAMIC PERFORMANCE®5)
THD+N:
Vour = 0dB fg = 44.1kHz 0.0035 0.01 %
fg = 96kHz 0.007 %
Vour = —60dB fg = 44.1kHz 0.0035 0.01 %
fs = 96kHz 0.007 %
Dynamic Range fs = 44.1kHz, EIAJ, A-Weighted 90 94 dB
fg = 96kHz, A-Weighted 90 dB
Signal-to-Noise Ratio(®) fg = 44.1kHz, EIAJ, A-weighted 90 94 dB
fs = 96kHz, A-weighted 90 dB
Channel Separation fg = 44.1kHz 88 92 dB
fg = 96kHz 88 dB
Level Linearity Error Vour = —90dB +1.0 dB
*3
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ELECTRICAL CHARACTERISTICS (Cont.)

All specifications at Ty = +25°C, V¢ = Vpp = Vpp = 5.0V, fg = 44.1kHz, system clock = 384fg, 16-bit data, unless otherwise noted.

PCM1740E

PARAMETER CONDITIONS MIN TYP MAX UNITS
DC ACCURACY
Gain Error +1.0 +3.0 % of FSR
Gain Mismatch, Channel-to-Channel +1.0 +3.0 % of FSR
Bipolar Zero Error +1.0 % of FSR
ANALOG OUTPUT
Voltage Range Full Scale (0dB) 0.62 V¢c Vpp
Center Voltage 0.5 Ve VvDC
Load Impedance AC Coupled 5 kQ
DIGITAL FILTER PERFORMANCE
Passband 0.445 fg Hz
Stop Band 0.555 fg Hz
Passband Ripple +0.17 dB
Stop Band Attenuation -35 dB
De-Emphasis Error -0.2 +0.55 dB
Delay Time 11.125/fg sec
ANALOG FILTER PERFORMANCE
Frequency Response 20Hz to 20kHz —-0.16 dB

20Hz to 40kHz -0.6 dB
POWER SUPPLY REQUIREMENTS
Voltage Range Voo: Veer Vpp +4.5 +5 +5.5 VvDC
Supply Current, Ipp + lec + lpp Vpp = Vee = Vpp = +5V 25 30 mA
Power Dissipation Vpp = Vee = Vpp = +5V 125 150 mwW
TEMPERATURE RANGE
Operation -25 +85 °C
Storage -55 +125 °C
Thermal Resistance, )5 100 °CIW

NOTES: (1) Pins 6, 7, 18, 19: ADO, AD1, BCK, DATA, LRCK (Schmitt trigger input).
(2) Pin 10: RST (Schmitt trigger input with internal pull-up resistor).
(3) Pins 5, 21: MCKO, SCKO. (4) Pin 16: ZERO (open drain output).

(5) Pins 8, 9: SCL, SDA.

(6) Pin 9: SDA (open drain output, Io. = 3mA).
(7) Pin 9: SDA (from Vi t0 Vi uax With @ bus capacitance from 10pF to 400pF).

(8) Pins 8, 9: SCL, SDA (input current each /O pin with an input voltage between 0.1V, and 0.9Vpp).
(9) This characteristic is the requirement for crystal oscillator.

(10) Pin 3: XTUN.

(11) The maximum response time when the XTUN is changed.

(12) The maximum delay time from power on to oscillation.

(13) The maximum lock up time when the PLL frequency is changed.
(14) The maximum delay time from power on to lock up.

(15) Dynamic performance specifications are tested with a 20kHz low-pass filter using a Shibasoku distortion analyzer 725°C with 30kHz LPF, 400Hz

HPF, Average-Mode.

(16) SNR is tested with infinite zero detection circuit disabled.
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TYPICAL CHARACTERISTICS

At Tp = +25°C, V¢ = Vpp = +5V, fg = 44.1kHz, fgcko = 384fs = 16.9344MHz, and 16-bit data, unless otherwise noted.

FREQUENCY RESPONSE
(De-emphasis OFF, fg = 44.1kHz)
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PASSBAND RIPPLE
(De-emphasis OFF, fg = 44.1kHz)
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DE-EMPHASIS ERROR (44.1kHz)
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TYPICAL CHARACTERISTICS (Cont.)

At Tp = +25°C, Ve = Vpp = +5V, fg = 44.1kHz, Fgcko = 384fs = 16.9344MHz, and 16-bit data, unless otherwise noted.

Level (dB)

THD+D (FS) (%)

THD+D (FS) (%)

ANALOG FILTER
(1Hz to 10MHz)

ANALOG FILTER
(1Hz to 20kHz)
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Log Frequency (Hz) Log Frequency (Hz)
THD+N (FS), DYNAMIC RANGE, and SNR THD+N (FS), DYNAMIC RANGE, and SNR
vs SUPPLY VOLTAGE vs TEMPERATURE
(Temperature = 25°C, 384fg, fg = 44.1kHz) (Vee = Vpp = Vpp =5V, 384fg, fg = 44.1kHz)
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Dynamic Range g 1y Dynamic Range
THD+N S A THD+N
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Q T
E [
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0.000 90 0.000 90
4.25 4.5 4.75 5 5.25 5.5 5.75 -50 -25 0 25 50 75 100
Supply Voltage (V) Temperature (°C)
THD+N (FS), DYNAMIC RANGE, and SNR
vs SAMPLING FREQUENCY SUPPLY CURRENT vs SAMPLING FREQUENCY
0.010 96 35
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STEREO DIGITAL-TO-ANALOG
CONVERTER

The stereo DACs of the PCM 1740 use a multi-level delta-
sigma architecture. Based upon a 3rd-order noise shaper and
a 5-level amplitude quantizer, this section converts the 8x
oversampled, 18-bit input data from the interpolation filter
to a 5-level delta-sigma format. A block diagram of the
multi-level delta-sigma modulator is shown in Figure 1.
This architecture has the advantage of improved stability
and increased tolerance to clock jitter when compared to the
one-bit (2-level) delta-sigma DACs.

The combined oversampling rate of the delta-sigma modu-
lator and the 8x interpolation filter is 48fg for a384f system
clock, and 64fg for a 256fg system clock. The theoretical
guantization noise performance for the 5-level delta-sigma
modulator is shown in Figure 2.

The output of the delta-sigma modulator is low-pass filtered
and buffered by an on-chip output amplifier. For best
performance, an external low-pass filter is recommended.
Refer to the Applications Information section of this data
sheet for details regarding DAC output filter recommenda-
tions.

The PCM 1740 includes two analog outputs, V qrL (pin 14)
and Vo rR (pin 11), corresponding to the left and right audio
outputs. The full-scale output amplitude is 0.62 x V¢, or
3.1V with a+5V supply and an AC-coupled load of 5kQ or
greater. The anal og outputs are centered about the DC com-
mon-mode voltage, which is typicaly V /2.

The DC common-mode voltage is made available at the
V com output (pin 15). Thisis an unbuffered output, prima-

3rd ORDER AX MODULATOR

Gain (-dB)

-120 }
[Ty

-140 T Tt T l| T

0 5 10 15 20 25
Frequency (kHz)

FIGURE 2. Quantization Noise Spectrum.

rily used for decoupling purposes. See the Applications
Information section of this data sheet for more information
regarding the use of the Vg output for biasing externa
circuitry.

VOLTAGE CONTROLLED CRYSTAL OSCILLATOR

(VCXO0)

The PCM 1740 includes an on-chip voltage-controlled crys-
tal oscillator, or VCXO, which is used to generate the
27MHz master clock required by most digital broadcast and
MPEG-2 decoding applications.

+; Z-1 +;

18-Bit -

" 8, ! ll/ T_

hd
N

5-level Quantizer

Out
48f (384fg)
64f5 (256f5)

FIGURE 1. 5-Level A Modulator Block Diagram.

i
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The 27MHz clock is available at the MCKO output (pin 5).
The VCXO output frequency can be precisely tuned using a
control voltage at the XTUN input (pin 3). The tuning range
is27MHz £150ppm typical for a0V to +3V control voltage
range. Figure 3 shows the VCXO equivaent circuit, while
Figure 4 shows the typical tuning curve.

At power up, the VCXO requires 5ms start up time. The
VCXO also exhibits a 10us settling time in response to
changesin the XTUN control voltage. VCXO operation and
the MCKO output are not affected by the power on or
external reset functions, continuing to operate during the
initialization sequence.

Crystal Selection

The VCXO connects to an external 27MHz crystal via XT1
(pin 1) and XT2 (pin 24). The crystal should be AT-cut,
fundamental mode with £30ppm accuracy and less than 50Q
motional resistance. Crystal shunt capacitance should be 3pF
maximum, while load capacitance should be less than 7pF.
Miniature lead type or surface-mount devices are recom-
mended. External load capacitors are not needed, since they
are provided on-chip. The crystal should be placed as close as
possibleto the X T1 and X T2 pinsto reduce effects of parasitic
capacitance and land resistance.

PROGRAMMABLE PHASE LOCKED LOOP (PLL)

The PCM 1740 includesan on-chip PLL for generating a256fg
or 384f s audio system clock from the 27MHz VVCXO output.
A block diagram of the PLL section isshown in Figure 5. The
PLL output clock is used by the digitd filter and deltasigma
modulator circuitry, and ismade available at the SCK O output
(pin 21) for use with additiona audio converters and signal
processors.

27MHz
Tuned Clock
XT1 [T |
I
27MHz —
Crystal
L]
[

v |

CL\/ }i; CL

1

FIGURE 3. VCXO Equivalent Circuit.

27.005
27.004 -
27.003 v
27.002
27.001 v
27.000
26.999

26.998 /|
26.997
26.996
26.995

VCXO Output Frequency (MHz)

0.0 0.5 1.0 15 20 25 30 35 40
Tuning Voltage (V)

FIGURE 4. VCXO Output Frequency (MCKO) versus
Tuning Voltage (XTUN).

PLL

: Frequency Selection :

: Control Register 3 :

i l i

1 1

| ! :

' —| N Counter |—> Phase i

! Frequency !

i Selection Deatl(re]((:jtor VCO i

I I

\ ROM Loop Filter !

| —| M Counter |—> \

: ! SCKO
S 1 256/384fg

27MHz = MCKO
Crystal —I—_ vexo 27MHz +150ppm
XTUN
0V to +3V
FIGURE 5. PLL Block Diagram.
? Texas PCM1740
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The PLL can generate one of nine pre-programmed system
clock rates for either 256f g or 384f 5 output. The PLL output
and sampling frequencies are programmed using Control
Register 3. Table | showsthe available sampling frequencies
and the corresponding PLL output clock rates. The reset
default condition for the PLL isfg = 44.1kHz with SCKO =

384f ¢, or 16.9344MHz.

SAMPLING INTERNAL SYSTEM | INTERNAL SYSTEM
FREQUENCY (LRCK) Clock - 256fg Clock - 384fg
16kHz Half 4.096MHz 6.144MHz
32kHz Normal 8.192MHz 12.288MHz
64kHz Double 16.384MHz 24.576MHz
22.05kHz Half 5.6448MHz 8.4672MHz
44.1kHz Normal 11.2896MHz 16.9344MHz
88.2kHz Double 22.5792MHz 33.8688MHz
24kHz Half 6.144MHz 9.216MHz
48kHz Normal 12.288MHz 18.432MHz
96kHz Double 24.576MHz 36.864MHz

TABLE . PLL Sampling and System Clock Frequencies.

At power-up, the PLL requires 30ms start up time for
stabilization. The PLL also exhibits a settling time of 20ms
in response to changes in sampling frequency selection.
The PLL output continues to operate during power-on or
external reset sequences, with the sampling frequency set to
fg = 44.1kHz and SCKO = 384fs.

RESET OPERATION

POWER-ON RESET

The PCM 1740 includes power-on reset circuitry for start up
initialization. The initialization sequence starts when Vpp
exceeds 2.2V (typical). The initialization sequence requires
1024 PLL output (or SCKO) clock cycles for completion.
During initiaization, both VqrL and V1R are forced to
V /2. Figure 6 shows the power-on reset timing, while
Table |1 shows the reset default settings for user-program-
mable functions. The user should not attempt to write
control registers via the 12C-Bus interface during the initial-
ization sequence.

EXTERNAL RESET

The PCM1740 includes an external reset input, RST (pin
10). This input may be used to force an initialization se-
quence. As shown in Figure 7, the RST pin must be held low
for aminimum of 20ns. The initialization sequence will then
start on the rising edge of RST. Initialization requires 1024
PLL output (or SCKO) clock cycles for completion. During
initialization, both VqtL and Vo1R are forced to V o/ 2.
Table Il shows the reset default settings for user-program-
mable functions. The user should not attempt to write
control registers via the 12C-Bus interface during the initial-
ization sequence.

20V |-- "

L //
Vee/Vop 2.2V

Reset

:
|
Internal Reset | o |

Reset Removal

! 1024 System Clock Periods

System Clock

nonon.-—— NOoonnon. -

(SCKO)

FIGURE 6. Power-On Reset Operation.

RST

i
Internal Reset | | i

FIGURE 7. External Reset Operation.

i
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ZERO FLAG OUTPUT

The PCM 1740 includes a zero flag output, ZERO (pin 16).
This is an open-drain output, and a 10kQ pull-up resistor
connected to Vpp is recommended when using the ZERO
flag as alogic output.

The PCM1740 includes an infinite zero detection function
that monitors the audio data at the DATA input (pin 18). If
the audio data for both the left and right channelsis all zeros
for 65,536 continuous BCK clock cycles, the zero flag will
be activated, turning on a MOSFET switch and connecting
the ZERO pin to ground. This provides an active low output
that may be used to control an external mute circuit, or asa
logic indicator for an audio DSP/decoder or microprocessor.

AUDIO SERIAL INTERFACE

The PCM 1740 includes a three-wire serial audio interface.
This includes LRCK (pin 19), BCK (pin 17), and DATA
(pin 18). The LRCK input isthe audio | eft/right clock, which
isused as alatch signal for the interface. The BCK input is
used to clock audio data into the serial port. The DATA
input carries multiplexed data for the left and right audio
channels. Audio data must be Two's Complement, MSB
first formatted. Figure 8 shows the typical connection be-
tween the PCM 1740 audio serial interface and an audio DSP
or decoder.

Audio DSP/Decoder PCM1740
Frame Sync LRCK
Serial Bit Clock BCK
Serial Data Output DATA
Audio Clock SCKO

FIGURE 8. Interfacing the PCM 1740 to an Audio DSP.

LRCK and BCK Rates

The LRCK input is operated at the sampling frequency, fs.
The BCK input is operated at 32, 48, or 64 times the
sampling frequency. Both LRCK and BCK must be syn-
chronous with the SCKO output for proper operation.
Data Formats

The PCM 1740 supports two audio interface formats. Standard
and 12S. These formats are shown in Figure 9. The audio data
word length for the Left and Right channels may be 16-, 20-,
or 24-bits. The audio data word length and format are pro-
grammed using Control Registers 2 and 3. The reset default
condition is Standard format with 16-bit audio data

Timing Requirements
Figure 10 shows the audio interface timing requirements.

(a) Standard Right - Justified Format

LRCIN (pin 4) }‘
BCKIN (pin 6) -

i
l
AUDIO DATA WORD = 16-BIT }

(b) 12S Format ,

1fs

DIN (pin5) 14 [15] 16 | [1]2]3--J1a]15] 6] [1]2]3--J1a]1s] 6]
,,,,,,,,,,, | |

I I I

| MSB LSB | MSB LSB |

AUDIO DATA WORD = 20-BIT | | |

777777 L ‘

DIN (pin5) 18 19 20]] [1T2]sfF------- {18]19]20] [1T2]3]--—-—----- J18]10]20]

b \ o \ !

| MSB LSB | MSB LSB 1

AUDIO DATA WORD = 24-BIT | ! !

DIN(in5)  J23l24| [1T2]sF--—----- Tz2T2324] [1T2]s]--—----- J22]23]24]

777777 T T T T

| |

LRCIN (pin 4) }

i
AUDIO DATA WORD = 16-BIT

\<>‘

-

DIN(pins) [1]2]s] Jaa]usJue] [sT2]sf----Jaafos]s] [ ]>
i \MSB LSB i MSB LSB i
AUDIO DATA WORD = 20-BIT } } }
onens)  [1]zfs]------ Jeeofeo]  [afzsf---—---—--- Tie[aoJ2o]  [1]2
| \MSB LsB | MSB LsB 3
AUDIO DATA WORD = 24-BIT : : :
onens)  [iJ2fs[------- {eefza]2¢]  [aJeJsf----——--—- Jeefee]24]  [1]2
\MSB LSB MSB LSB
FIGURE 9. Audio Interface Formats.
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LRCKIN =~~~ — — oo X ,,,,,,,,,,,,,,,,,,,,,,,,,, Lav

BCKIN Pulse Cycle Time tgey | :100ns (min)
BCKIN Pulse Width High tgey | - 50ns (min)
BCKIN Pulse Width Low tger | 1 50ns (min)
BCKIN Rising Edge to LRCIN Edge | : tg, :30ns (min)
LRCIN Edge to BCKIN Rising Edge | : t.g : 30ns (min)
DIN Set-up Time ‘tos | :30ns (min)
DIN Hold Time “toy | 2 30ns (min)

FIGURE 10. Audio Interface Timing.

Loss of Synchronization

Ideally, LRCK and BCK will be derived from the SCKO
output, ensuring synchronous operation. For other cases, the
PCM1740 includes circuitry to detect loss of synchroniza-
tion between the LRCK and the system clock, SCKO. A loss
of synchronization condition is detected when the phase
relationship between SCKO and LRCK exceeds +6 BCK
cycles during one sample period, or 1l/fg. If a loss of
synchronization condition is detected, the DAC operation
will halt within one sample period and the analog outputs
will be forced to V /2 until re-synchronization between
LRCK and SCKO iscompleted. Figure 11 shows the state of
the analog outputs given a loss of synchronization event.
During the undefined states, as well as transitions between
normal and undefined states, the analog outputs may gener-

This section describes the control registers, while the
I2C-Businterfaceisdescribed in alater section. Table |l lists
the available functions and their corresponding reset default
condition.

Register Map

The control register map is shown in Table I11. Sub-address
bits B8 through B10 are used to specify the register that is
being written. All reserved bits, shown as “res’, must be set
to ‘0.

Register Descriptions

Thefollowing pages provide detail ed descriptions of thefive
control registers and their associated functions. All reserved
bits, shown as “res’, must be set to ‘0.

ate audible noise. FUNCTION MODE BY DEFAULT
Audio Data Format Select:
Standard Format/I2S Format Standard Format
USER PROGRAMMABLE FUNCTIONS :
Audio Data Word Select:
The PCM 1740 includes a number of programmable func- 16-Bit/20-Bit/24-Bit 16-Bit
tions, which are configured using five control registers. Polarity of LR-clock Selection Left/Right = HIGH/LOW
These registers are accessed using the 12C-Bus interface. De-emphasis Control:
OFF, 32kHz, 44.1kHz, 48kHz OFF
Soft Mute Control OFF
Attenuation Data for Left-channel 0dB
] Attenuation Data for Right-channel 0dB
State 0
Synchronization SynchronousX Asynchronous X Synchronous Attenuation Data Mode Control Left-channel, Right-channel Individually
3 within | Analog Output Mode Select Stereo Mode
Lﬁ,i | Infinity Zero Detect Mute Control OFF
! | L2221 DACs Operation Control ON
Undefined Data | V¢oy [ ————
| | 505V | System Clock Select: 256f5/384fg 384fg
: 1 ¢S/ Undefined -
Vour ~ Normal ‘ { Data Normal Sampling Frequency Select:
| | ! 32kHz Group, 44.1kHz Group, 48kHz Group 44.1kHz Group
‘ Sampling Frequency Multiplier:
Normal/Double/Half Normal, x1
FIGURE 11. Loss of Synchronization and Analog Output State. TABLE Il. User-Programmable Functions.
SUB ADDRESS BYTE DATA BYTE
REGISTER B15 B14 | B13 B12 B11 B10 B9 B8 B7 B6 B5 B4 B3 B2 B1 BO
Register 0 res res res res res A2 Al A0 AL7 | AL6 AL5 AL4 AL3 AL2 AL1 ALO
Register 1 res res res res res A2 Al AO AR7 | AR6 AR5 AR4 AR3 AR2 AR1 ARO
Register 2 res res res res res A2 Al A0 PL3 PL2 PL1 PLO w1 IWO0 DEM | MUT
Register 3 res res res res res A2 Al A0 SF1 SFO | DSR1 | DSRO | SYS ATC LRP s
Register 4 res res res res res A2 Al A0 res res res res res OPE 1ZD LD
TABLE 1. Control Register Map.
3 15
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REGISTER DEFINITIONS

B15 B14 B13 B2 B1l B10 B9  BS B7  B6 B5 B4 B3 B2 Bl  BO
Register 0 [ res [ res | res [ res [ res | 0 | o | o [ A7 [ A6 | A5 | A4 | A3 | A2 | ALL | ALo |

Left Channel Attenuation Data
Default: AL[7:0] = FFyex

Register 0 is used to set the digital attenuation level for the Left Channel. If the ATC bit in Register 3isset to ‘1, then these
data are also used to control the Right Channel attenuation. The attenuation level is defined by the following relationships:

Attenuation (dB) = 20 x log (AL[7:0]pgc + 256), when AL[7:0] = O1,ex (1pec) through FE ey (254pec)
Attenuation (dB) = —o (or Mute), when AL[7:0] = 004ex
Attenuation (dB) = 0dB, when AL[7:0] = FFyex

The Attenuation Load bit, LD, in Register 4 must be set to ‘1’ in order to update attenuation settings.
If LD issetto ‘0, the attenuation remains at the previously programmed level, ignoring the new data until LD isset to ‘1.

Bl5 B14 B13 B2 Bl1l B10 B9  BS B7  B6 B5 B4 B3 B2 Bl  BO
Register 1 [ res [ res | res [ res [ res | 0 | o | 1 | AR7 [ ARe | AR5 | AR4 | AR3 | AR2 | ARL | ARO |

Right Channel Attenuation Data
Default: AR[7:0] = FFyex
Register 1 is used to set the digital attenuation level for the Right Channel. If the ATC bit in Register 3isset to ‘1’, then the

Left Channel attenuation data in Register 1 are used to control the Right Channel attenuation. The attenuation level is defined
by the following relationships:

Attenuation (dB) = 20 x log (AR[7:0lpec + 256), when AR[7:0] = 01,ex (1pgc) through FEex (254pec)
Attenuation (dB) = —o (or Mute), when AR[7:0] = 00yex
Attenuation (dB) = 0dB, when AR[7:0] = FFyex

The Attenuation Load bit, LD, in Register 4 must be set to ‘1’ in order to update attenuation settings.
If LD issetto ‘0, the attenuation remains at the previously programmed level, ignoring the new data until LD isset to ‘1'.

B15 B14 B13 B2 B11 B10 B9  BS B7  B6 BS5 B4 B3 B2 Bl  BO
Register 2 [ res [ res | res | res [ res | o | 1 | o [P3[p2 | Pa1]|pro]| wt]| wo][DEm]|muT |

MUT Soft Mute Control

The MUT bit controls the soft mute function. Soft mute changes the digital attenuation level for both the L eft
and Right channels, stepping from the currently programmed value to infinite attenuation one step per sample
period, or Vfg. This provides a quiet muting of the outputs without audible noise.

MUT =0 Soft Mute Disabled (default)
MUT =1 Soft Mute Enabled
DEM Digital De-Emphasis

The DEM bit controls the digital de-emphasis function, which is valid only for 32kHz, 44.1kHz,
and 48kHz sampling frequencies. The de-emphasis plots are shown in the Typical Characteristics section of this

data sheet.
DEM =0 De-Emphasis OFF (default)
DEM =1 De-Emphasis ON
i
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IWO Audio Data Word Length

W1
The IWO0 and IW1 hits are used to select the data word length for the audio serial interface.
The audio data format is selected using the 11S bit in Register 3.

W1 IWO0 Word Length
0 0 16-bits (default)
0 1 20-hits

1 0 24-bits

1 1 Reserved

PL[3:0] Analog Output Mode Select
Bits PL[3:0] are used to set the output mode for the analog outputs. Refer to the table below.

PL3 PL2 PL1 PLO Vourlk VourR Notes

0 0 0 0 Mute Mute Mute

0 0 0 1 Left Mute

0 0 1 0 Right Mute

0 0 1 1 (L+R)/2 Mute

0 1 0 0 Mute Left

0 1 0 1 Left Left

0 1 1 0 Right Left Reverse

0 1 1 1 (L+R)/2 Left

1 0 0 0 Mute Right

1 0 0 1 Left Right Stereo (default)

1 0 1 0 Right Right

1 0 1 1 (L+R)/2 Right

1 1 0 0 Mute (L+R)/2

1 1 0 1 Left (L+R)/2

1 1 1 0 Right (L+R)/2

1 1 1 1 (L+R)/2 (L+R)/2 Mono

B15 B14 B13 B12 B11 B10 B9 B8 B7 B6 B5 B4 B3 B2 B1 BO
Register 3 [ res [ res | res | res [ res | 0o | 1 | 1 | sf1 [ sFo [Dsri|Dsro| sys [ aTc [ LrP | s |
IS Audio Data Format

The I1S bit is used to select the audio data format, either Standard Right-Justified or 12S.

I1S=0 Standard Right Justified (default)

Ins=1 12S
LRP LRCK Polarity

The LRP bit selects the polarity of left/right clock input (LRCK) when using the Standard Right-Justified audio
data format. This bit has no effect when using the 12S audio data format.

LRP=0 Left Channel when LRCK = High; Right Channel when LRCK = Low (default)
LRP=1 Left Channel when LRCK = Low; Right Channel when LRCK = High
ATC Attenuation Mode Control

The ATC hit is used to select independent or common attenuation data for the Left and Right channels.

ATC=0 Independent: Left Channel uses Register 0 and Right Channel uses Register 1 (default)
ATC=1 Common: Left and Right Channels both use Register 0
i
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SYS

DSRO
DSR1

SFO

Register 4

LD

1ZD

OPE

14

Audio System Clock (or SCKO)
The SY S bit is used to select the system clock (or SCKO) frequency, either 256f5 or 384f,

SYS=0 384f (default)
sys=1 256f ¢

Sampling Frequency Multiplier

The DSRO and DSR1 bits are used to select the multiplier used in conjunction with the SFO and SF1 bits.

DSR1 DSRO  Multiplier

0 0 Normal, x1 (default)
0 1 Double, x2

1 0 Half, x 1/2

1 1 Reserved

Sampling Frequency Select

The SFO and SF1 bits are used to select the sampling frequency group (32kHz, 44.1kHz, or 48kHz). Frequency
selection must be made with an interval time greater than 20us. The DSR0 and DSR1 bits, described previoudly,
are used to select the multiplier.

SF1 SFO Sampling Frequency Group
0 0 44.1kHz Group ( 22.05kHz, 44.1kHz, or 88.2kHz) (default)
0 1 48 kHz Group (24kHz, 48kHz, or 96kHz)
1 0 32 kHz Group (16kHz, 32kHz, or 64kHz)
1 1 Reserved
B15 B14 B13 B12 B11 B10 B9 B8 B7 B6 B5 B4 B3 B2 B1 BO
| res | res | res | res | res | 1 | 0 | 0 | res | res | res | res | res | OPEl 1ZD | LD |

Attenuation Data Load Control

The LD hit is used to simultaneously set the Left and Right digital attenuation data. When LD issetto ‘1’, the
digital attenuation data given by Registers 0 and 1 are loaded for the Left and Right channels. When LD is set
to ‘0", updates to Registers 0 and 1 are ignored, and the attenuation settings remain as previously programmed
until LD issetto ‘1.

LD=0 Disabled
LD=1 Enabled: Left and Right Attenuation Data Updated Simultaneously

Infinite Zero Detect Mute

The1ZD bit is used to enable/disable the infinite zero detect mute function. The PCM 1740 includesinfinite zero
detection logic that monitors the audio data at the DATA input (pin 18). If the audio data for both the Left and
Right channels are all zeros for 65,536 continuous BCK clock cycles, the zero flag will be activated and output
amplifier will be disconnected from the output of the delta-sigma modulator. The output amplifier input is
switched to the DC common-mode voltage. ThisforcesVoyrL and Vo 1R to V /2. The ZERO output flag (pin
16) is not affected by the setting of this bit.

1ZD =0 Disabled (default)
1ZD =1 Enabled

DAC Operation Control

The OPE hit is used to enable/disable the operation of the DACs. When enabled, the DA C outputs are connected
to the output amplifier for normal operation. When disabled, the output amplifier is disconnected from the DAC
output and switched to the DC common-mode voltage. This forces VoL and Vg 1R to Vc/2.

OPE=0 Enabled: Normal Operation(default)
OPE=1 Disabled: Outputs forced to V /2
i
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[2C-BUS INTERFACE DESCRIPTION

The PCM 1740 includes an 12C-Bus interface for writing the
internal control registers. This provides an industry standard
method for interfacing a host CPU control port to the
PCM1740. The PCM1740 operates as a Slave receiver on
the bus, and supports data transfer rates up to 100 kilobits-
per-second (kbps).

The 12C-Bus interface is comprised of four signals: SDA
(pin9), SCL (pin 8), ADO (pin 6), and AD1 (pin 7). The SCL
input is the serial data clock, while SDA is the serial data
input. SDA carries start/stop, slave address, sub-address (or
register address), register, and acknowledgment data. The
ADO and AD1 inputs form the lower two bits of the slave
address.

Slave Address

The PCM 1740 Slave address consists of seven bits, as shown
in Figure 12. Thefive most significant bits arefixed, whilethe
two least significant bits, named A0 and A1, are defined by the
logic levels present at the ADO and ADL input pins. This
allows four PCM1740s to reside on the same 12C-Bus.

Bus Operation

Figure 13 showsthetypical configuration of the PCM 1740 on
the 12C-Bus. The Master transmitter or transmitter/receiver is
typically a microcontroller, or an audio DSP/decoder. The
Master device controls the data transfers on the bus. The
PCM 1740 operates as a Save receiver, and accepts data from
the Master when it is properly addressed. The data transfer
may be comprised of an unlimited number of bytes, or 8-bit
data words. Figure 14 shows the message transfer protocol.

For normal bit transfer on the bus, data on SDA must
be static while SCL is High. Data on SDA may change
High/Low states when SCL is Low. The exception to this
rule is the Start and Stop conditions.

The Start condition is defined by a High-to-Low transition on
SDA while SCL isHigh, and is denoted withan ‘S’ in Figure
12. The Stop condition is defined by a Low-to-High transition
on SDA while SCL isHigh, andisdenoted witha‘P’ in Figure
12. The Start and Stop conditions are always generated by the
Master. All data transfers from Master to Slave begin with a
Start condition and end with a Stop condition. The bus is
considered to be busy after the Start condition, and becomes
free some time after the Stop condition.

Start Acknowledge Acknowledge Acknowledge Stop
from from from from  from
Master Slave Slave Slave Master
*MSB RIW * * * *
1]0]o]1]1[a]ao] o] alsispr4leislerzB1a]p10]ossos| A [po]os]Bos|Bo4[soslBoz]BodBoo] A | P |
[\ U [\ L _ T
Vv Vv
Slave Address Sub Address Byte Data Byte

Internal Strobe for
Data Latching

FIGURE 12. Control Data Format.

SDA

SCL T T

I [

Master Slave
Transmitter/ Receiver
Receiver (PCM1740)

Slave Master
Transmitter/ Transmitter/
Receiver Receiver

FIGURE 13. Typical 12C-Bus Configuration.

o N LN LI XA INL T NS

Start Slave

Condition Address

NNV NN

8 9 1-7
1 I
R/W ACK Data

NOTES: (1) Clock LOW (min) = 4.7us; clock HIGH (min) = 4us.
(2) The dashed line is the acknowledgement of the receiver.
(3) Mark-to space ratio = 1:1 (LOW-to-HIGH).
(4) Maximum number of bytes is unrestriced.
(5) Premature termination of transfer is allowed by generation of STOP condition.
(6) Acknowledge clock bit must be provided by master.

8 9
| | J
Start Slave R/W ACK Stop

Condition Address

FIGURE 14. 12C Bus Data Transfer.
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Data transfer begins with a Start condition, and is immedi-
ately followed by the Slave address and Read/Write bit. The
Read/Write bit is set to ‘0" for the PCM 1740, in order to
write data to the control register specified by the sub-
address. This is followed by an acknowledgment from the
PCM1740, the sub-address (that is, the control register
address), another acknowledgment from the PCM 1740, the
control register data, and another acknowledgment from the
PCM1740. What happens after this depends on if the user
wants to continue writing additional control registers, or if
they want to terminate the data transfer. If the user wants to
continue, the acknowledgment is followed by a Start condi-

tion for the next write sequence. If the user decides to
terminate the data transfer, then a Stop condition is gener-
ated by the Master.

The 12C-Bus specification defines timing requirements for
devices connected to the bus. Timing requirements for the
PCM1740 are shown in Figure 15.

Reference

For additional information regarding the 12C-Bus, please
refer to the 12C-Bus Specification available online from
NXP Semiconductors.

[ [ T
| H \ I i \ I
N H e . 1 ; 1
: 1 ! : 1 1 :
SDA AW | VAREEIAN
1 1
! : - ! ; :tBUF_i \——
! | tLow Ly, pat I ! | i
t . : —- t— 1§, ——| | —-— 1 ! : :
F _T__ | R ! ! |
] | ! ! 1
1 \ 1 1
SCL I | I o \
! 1 ! 1 I
: H - 1 1 1
H ! thp; pAT thicH i ! i
tp; STA‘:_> || > tsu; sta ! | i
1 ! 1
I I
! | SISTART condition : b
[ _: Sr: repeated START condition |_§r_ H :__ -
P: STOP condition
SYMBOL | DESCRIPTION MIN TYP MAX UNITS
fscL SCL Clock Frequency 100 kHz
thp: sTA Hold time (repeated) START condition, 4.0 us
after this period, the first clock pulse is
generated
tow LOW period of the SCL clock 4.7 us
thicH HIGH period of the SCL clock 4.0 s
tsu:sTA Set-up time for a repeated START condition 4.7 s
thppaT Data hold time for I2C-BUS devices 0 3.45(2) s
tsu.pat Data set-up time 250 ns
tr Rise time of both SDA and SCL signals 1000 ns
te Fall time of both SDA and SCL signals 300 ns
tsu:sTo Set-up time for STOP condition 4.0 s
taur Bus free time between a STOP and START 4.7 us
condition
Cg Capacitive load for each bus line 400 pF
Vo Noise margin at the LOW level for each 0.1 Vpp \Y
connected device (including hysteresis)
Vyu Noise margin at the HIGH level for each 0.2 Vpp '
connected device (including hysteresis)
FIGURE 15. 12C Bus Timing.
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APPLICATIONS INFORMATION

BASIC CONNECTION DIAGRAM

A basic connection diagram is shown in Figure 16. Power
supply and reference decoupling capacitors should be located
as close as possible to the PCM 1740 package. The 27MHz
crystal should dso be located as close as possible to the
package, to reduce the effects of parasitic capacitance on
VCXO operation.

A single +5V supply is recommended, to avoid issues with
power-supply sequencing and SCR latch-up. It is recom-
mended that this supply be separate from the system digital
power supply. In cases where this is not practical, an

inductor or ferrite bead should be placed in series with the
+5V supply connection to reduce or eliminate high-fre-
guency noise on the supply line.

In cases where overshoot or ringing is present on the LRCK
or BCK signals, a series resistance of 25Q to 100Q should
be added. The resistor forms a simple RC filter with the
device input and printed circuit board (PCB) parasitic ca-
pacitance, dampening the overshoot and ringing effects,
while reducing high-frequency noise emissions.

TYPICAL APPLICATION DIAGRAM

Figure 17 shows the PCM 1740 being used as part of the
audio sub-system in a set-top box application.

C, to Cg = 1pF to 10pF Capacitors
( Aluminum Electrolytic or tantalum)
+5V
27MHz Crystal
Il
Yf
1 PCM1740
XT1 XT2
2 DGND
T PGND e L
VCXO — 3 C, —
Control XTUN Voo ki Buffer®
Voltage C,== 4 256/384f
9 Ty Scko to AudioDecoder
(OV to +3V) Buffer(®) . PP d Data C i
27MHz 5 RSy and Data Converters
Master Clock o MCKO X
ADO LRCK From Audio
7 Decoder
1°C BUS AD1 DATA Serial
and Reset 9 scL BCK Interface
Control 8
from P SDA ZERO Zero Flag
0|__ Cs
RST Veom +{ }
| v L " — 10kQ
1 VourR our # [
C,
5 AGND Vee Ca
Low Pass C6+ Low Pass
ilter @ |1 ilter@
Filter i Filter Analog
— — Ground
NOTES: (1) Use buffer when driving multiple nodes.
Right Channel (2) See applications information section for filter Left Channel
Output recommendations. Output
FIGURE 16. Basic Connection Diagram.
BCIN o » DAC Vourk
- udio ine-
DAudao LRCIN Serial Interpolation (L) Low-Pass Veou | Line-Out L
ecoder DIN \IE Flhzr Eilter Low-Pass
an Filter
Programmable DAC andACr)nL:Jtput VourR - and :
Functions (R) Analog | Line-Out R
= ScL 3 : il ZERO Mue [~ ™
o SDA PC g ‘ i 1
& Ile I
@ AD1 ——=| @nd - _ _ _ _ i - _-_ _
REGs 1 !
© ADO T l
2 XTUN -1 L coubtern | ' sevo
MPEG - Vo PD LPF vco To Audio Decoder
4 !
System Controller Crystal XTI : Counter M ) and Data Converters
_C i 1| MCKO
— VCXO — To Other Devices
—T__XTO L e e e e el
27MHz Reference RST
Generated by Reset
Receive Counter I I I Power Supply I
- —
Phase
Detec. _’ Vep PGND Vi. AGND Vpy DGND
r> VCXO Control Voltage

FIGURE 17. Typica Application Diagram.
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The VTUN control voltage is generated by the MPEG-2
controller, which compares the MCKO output clock from
the PCM 1740 with the clock count received from the trans-
mitter. VTUN is adjusted to retain clock synchronization
between the transmitted and received signals. The SCKO
output is used as the audio master clock for the audio
decoder and additional data converters.

Von Output
The unbuffered DC common-mode voltage output, Vcom
(pin 15), is brought out mainly for de-coupling purposes.
Vcom isnominaly biased to V /2. The V gy output may
be used to bias external circuits, but it must be connected to
a high-impedance node or buffered using a voltage follower.
Figure 18 shows examples of the proper use of the Vo

output for external biasing applications.

DAC OUTPUT FILTERING

Delta-Sigma DACs utilize noise shaping techniques to im-
prove in-band signal-to-noise (SNR) performance at the
expense of generating increased out of band noise above the
Nyquist frequency, or fg/2. The out-of-band noise must be
low-pass filtered in order to provide optimal converter
performance. Thisis accomplished by a combination of on-
chip and external low-pass filtering.

The PCM 1740 includes an on-chip low-pass filter as part of
the output amplifier stage. The frequency response for the
filter is shown in the Typical Characteristics section
of this data sheet. The —3dB cutoff frequency is fixed at
100kHz.

Figure 19 shows the recommended external low-pass active
filter circuits for dual and single-supply applications. These
circuits are second-order Butterworth filters using the Mul-
tiple Feedback (MFB) circuit arrangement. Both filters have
a cutoff frequency of 30kHz. Figure 19(a) is a dual-supply
filter with a gain of 1.85 (for a standard 2 V gy s line output
level). Figure 19(b) isasingle-supply filter with again of 1.
Valuesfor thefilter components may be cal culated using the
FilterPro program, available from the Tl web site
(www.ti.com) and local sales offices. For more information
regarding MFB active filter design and the FilterPro pro-
gram, refer to T1 Application Report SBFAQO1.

Since the overall system performance is defined primarily
by the quality of the DACs and their associated analog
output circuitry, op amps designed specifically for audio
applications are recommended for the active filters. TI's
OPA2134, OPA 2353, and OPA 2343 dual op amps are idea
for use with the PCM1740.

(a) Biasing an External Active Filter Stage

Non-Polarized

1pF
PCM1740
VOUT
—O
Veom

(b) Using a Buffer to Provide Bias for Multiple or
Low Input Impedance Nodes

Use voltage follower
to buffer Veoy

PCM1740

Veom o Bi
+ » TOBias
1-10pF

{9 Nodes

FIGURE 18. Using V oy To Bias External Circuitry.
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PCM1740

(a) Dual-Supply Filter Circuit

PCM1740

1uF
to R,
10pF  3.16kQ

T 220pF

Vouri [—f W

1pF
to Ry
10uF  3.83kQ

2200pF +

+VA

Vour || W

RZ
3.83kQ 220pF
R3
15kQ
W
ik

VCOM

_T_ 4.7uF
T to1owF

(b) Single-Supply Filter Circuit

Filtered
Output
OPA134 Series
_VA
Vee 1uF
to
10pF

Filtered
Output

OPA343/353 Series

FIGURE 19. Recommended Output Filter Circuits.
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Revision History

DATE [ REVISION | PAGE SECTION DESCRIPTION
— Entire Document Updated format.
2 Electrical Characteristics | Changed Low Level Output Voltage Vg, to Vg, (typo)
5/07 B 14 SFO, SF1 Added sentence regarding interval time must be greater than 20ys.
Figure 12 Changed Figure 12.
15 Figure 14 Changed Figure 14.

NOTE: Page numbers for previous revisions may differ from page numbers in the current version.
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i3 TEXAS PACKAGE OPTION ADDENDUM
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PACKAGING INFORMATION

Orderable part number Status  Material type Package | Pins Package qty | Carrier RoOHS Lead finish/ MSL rating/ Op temp (°C) Part marking
@ @ ® Ball material Peak reflow ©)
@ ©)

PCM1740E Active Production SSOP (DB) | 24 58 | TUBE Yes Call TI Call Tl - PCM1740E
PCM1740E.B Active Production SSOP (DB) | 24 58 | TUBE Yes Call TI Call Tl See PCM1740E PCM1740E
PCM1740E/2K Active Production SSOP (DB) | 24 2000 | LARGE T&R Yes NIPDAU Level-1-260C-UNLIM - PCM1740E

PCM1740E/2K.B Active Production SSOP (DB) | 24 2000 | LARGE T&R Yes NIPDAU Level-1-260C-UNLIM  See PCM1740E/2K PCM1740E

@ status: For more details on status, see our product life cycle.

@ Material type: When designated, preproduction parts are prototypes/experimental devices, and are not yet approved or released for full production. Testing and final process, including without limitation quality assurance,
reliability performance testing, and/or process qualification, may not yet be complete, and this item is subject to further changes or possible discontinuation. If available for ordering, purchases will be subject to an additional
waiver at checkout, and are intended for early internal evaluation purposes only. These items are sold without warranties of any kind.

® RoHS values: Yes, No, RoHS Exempt. See the TI RoHS Statement for additional information and value definition.

) |ead finish/Ball material: Parts may have multiple material finish options. Finish options are separated by a vertical ruled line. Lead finish/Ball material values may wrap to two lines if the finish value exceeds the maximum
column width.

® msL rating/Peak reflow: The moisture sensitivity level ratings and peak solder (reflow) temperatures. In the event that a part has multiple moisture sensitivity ratings, only the lowest level per JEDEC standards is shown.
Refer to the shipping label for the actual reflow temperature that will be used to mount the part to the printed circuit board.

© part marking: There may be an additional marking, which relates to the logo, the lot trace code information, or the environmental category of the part.

Multiple part markings will be inside parentheses. Only one part marking contained in parentheses and separated by a "~" will appear on a part. If a line is indented then it is a continuation of the previous line and the two
combined represent the entire part marking for that device.

Important Information and Disclaimer:The information provided on this page represents TlI's knowledge and belief as of the date that it is provided. Tl bases its knowledge and belief on information provided by third parties, and
makes no representation or warranty as to the accuracy of such information. Efforts are underway to better integrate information from third parties. Tl has taken and continues to take reasonable steps to provide representative
and accurate information but may not have conducted destructive testing or chemical analysis on incoming materials and chemicals. Tl and TI suppliers consider certain information to be proprietary, and thus CAS numbers
and other limited information may not be available for release.

In no event shall TI's liability arising out of such information exceed the total purchase price of the Tl part(s) at issue in this document sold by Tl to Customer on an annual basis.
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/2 TEXAS PACKAGE MATERIALS INFORMATION
INSTRUMENTS
www.ti.com 21-Nov-2025
TUBE
T - Tube
height L - Tubelength
*
> w-Tube| I U U L
> width
v
— B - Alignment groove width
*All dimensions are nominal
Device Package Name |Package Type Pins SPQ L (mm) W (mm) T (um) B (mm)
PCM1740E DB SSOP 24 58 500 10.6 500 9.6
PCM1740E.B DB SSOP 24 58 500 10.6 500 9.6
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MECHANICAL DATA

MSSO002E — JANUARY 1995 — REVISED DECEMBER 2001

DB (R-PDSO-G*¥)
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0,05 MIN
PINS **
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DIM
A MAX 6,50 6,50 7,50 8,50 10,50 | 10,50 | 12,90
A MIN 5,90 5,90 6,90 7,90 9,90 9,90 | 12,30

4040065 /E 12/01

NOTES: A. Alllinear dimensions are in millimeters.

Cow

This drawing is subject to change without notice.
Body dimensions do not include mold flash or protrusion not to exceed 0,15.

Falls within JEDEC MO-150

{’? TEXAS

INSTRUMENTS

POST OFFICE BOX 655303 ® DALLAS, TEXAS 75265



IMPORTANT NOTICE AND DISCLAIMER

TI PROVIDES TECHNICAL AND RELIABILITY DATA (INCLUDING DATASHEETS), DESIGN RESOURCES (INCLUDING REFERENCE
DESIGNS), APPLICATION OR OTHER DESIGN ADVICE, WEB TOOLS, SAFETY INFORMATION, AND OTHER RESOURCES “AS IS”
AND WITH ALL FAULTS, AND DISCLAIMS ALL WARRANTIES, EXPRESS AND IMPLIED, INCLUDING WITHOUT LIMITATION ANY
IMPLIED WARRANTIES OF MERCHANTABILITY, FITNESS FOR A PARTICULAR PURPOSE OR NON-INFRINGEMENT OF THIRD
PARTY INTELLECTUAL PROPERTY RIGHTS.

These resources are intended for skilled developers designing with Tl products. You are solely responsible for (1) selecting the appropriate
TI products for your application, (2) designing, validating and testing your application, and (3) ensuring your application meets applicable
standards, and any other safety, security, regulatory or other requirements.

These resources are subject to change without notice. Tl grants you permission to use these resources only for development of an
application that uses the Tl products described in the resource. Other reproduction and display of these resources is prohibited. No license
is granted to any other Tl intellectual property right or to any third party intellectual property right. Tl disclaims responsibility for, and you fully
indemnify Tl and its representatives against any claims, damages, costs, losses, and liabilities arising out of your use of these resources.

TI's products are provided subject to TI's Terms of Sale, TI's General Quality Guidelines, or other applicable terms available either on
ti.com or provided in conjunction with such Tl products. TI's provision of these resources does not expand or otherwise alter TI's applicable
warranties or warranty disclaimers for Tl products. Unless Tl explicitly designates a product as custom or customer-specified, TI products
are standard, catalog, general purpose devices.

Tl objects to and rejects any additional or different terms you may propose.

Copyright © 2025, Texas Instruments Incorporated
Last updated 10/2025



