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24-Bit, 192-kHz Sampling, Advanced Segment, Audio-Stereo Digital-to-Analog Converter

FEATURES

* 24-Bit Resolution

* Analog Performance (Ve =5 V):
— Dynamic Range: 117 dB (typical)
— SNR: 117 dB (typical)
— THD+N: 0.0004% (typical)

— Full-Scale Output: 2.2 Vrms (at
Postamplifier)

o Differential Current Output: £2.48 mA
e Sampling Frequency: 10 kHz to 200 kHz

e System Clock: 128, 192, 256, 384, 512, or 768
fs With Autodetect

e Accepts 16-, 20-, and 24-Bit Audio Data
« Data Formats: Standard, 1°S, and Left-Justified
e 8x Oversampling Digital Filter:

— Stop-Band Attenuation: —-82 dB

— Pass-Band Ripple: +0.002 dB

« Optional Interface to External Digital Filter
Available

e Optional Interface to DSD Decoder for SACD
Playback

¢ User-Programmable Mode Controls:

— Digital Attenuation: 0 dB to -120 dB, 0.5
dB/Step

— Digital De-Emphasis
— Digital Filter Rolloff: Sharp or Slow
— Soft Mute
— Zero-Detect Mute
— Zero Flags for Each Output
¢ Dual-Supply Operation:
— 5-V Analog, 3.3-V Digital
e 5-V Tolerant Digital Inputs
¢« Small SSOP-28 Package

APPLICATIONS

e AV Receivers

« DVD Movie Players

¢ SACD Players

* HDTV Receivers

e Car Audio Systems

e Digital Multitrack Recorders

e Other Multichannel Audio Systems

DESCRIPTION

The PCM1738 is a CMOS, monolithic, integrated
circuit (IC) that includes stereo digital-to-analog
converters (DACs) and support circuitry in a small
SSOP-28 package. The data converters use a newly
developed advanced segment DAC architecture to
achieve excellent dynamic performance and
improved tolerance to clock jitter. The PCM1738
provides balanced current outputs, allowing the user
to optimize analog performance externally, and
accepts industry-standard audio data formats with
16- to 24-bit data, providing easy interfacing to audio
DSP and decoder chips. Sampling rates up to 200
kHz are supported. The PCM1738 also has two
optional modes of operation: an external digital filter
mode (for use with the DF1704, DF1706, and
PMD200), and a DSD decoder interface for SACD
playback applications. A full set of
user-programmable functions is accessible through a
4-wire serial control port that supports register write
and read functions.

2 Please be aware that an important notice concerning availability, standard warranty, and use in critical applications of Texas
Instruments semiconductor products and disclaimers thereto appears at the end of this data sheet.

Audio Precision, System Two are trademarks of Audio Precision, Inc.

All other trademarks are the property of their respective owners.

PRODUCTION DATA information is current as of publication date.
Products conform to specifications per the terms of the Texas
Instruments standard warranty. Production processing does not
necessarily include testing of all parameters.

Copyright © 2002-2007, Texas Instruments Incorporated
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This integrated circuit can be damaged by ESD. Texas Instruments recommends that all integrated circuits be handled with
A appropriate precautions. Failure to observe proper handling and installation procedures can cause damage.

‘f \ ESD damage can range from subtle performance degradation 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.

ABSOLUTE MAXIMUM RATINGS
over operating free-air temperature range (unless otherwise noted)®

VALUE UNIT

Veel, Vee2, and Vee3 6.5 \Y
Power supply voltage

Vop 4 Y
Supply voltage differences among Vcl, Voc2, and Vg3 0.1 \
Supply voltage differences, Vcex, Vpp Veex — Vop <3 \Y
Ground voltage differences among AGND1, AGND2, and DGND +0.1 \%
Digital input voltage, LRCK, DATA, BCK, SCKI, MDI, MC, CS, MUTE, and RST -0.3t0 6.5 \%
Digital input voltage, ZEROL, ZEROR, SCKO, and MDO -0.3to (Vpp +0.3) <4 \%
Analog input voltage, loytR—, loytR+, Vcoml, Vecom2: Veom3, Irer: loutl, and lgytl— —0.3t0 (Vgc +0.3)<6.5 \
Input current (except power supply) +10 mA
Ambient temperature under bias —40to 125 °C
Storage temperature -55to 150 °C
Junction temperature 150 °C
Lead temperature (soldering) 260 °C,5s
Package temperature (reflow, peak) 235 °C

(1) Stresses beyond those listed under "absolute maximum ratings" may cause permanent damage to the device. These are stress ratings
only, and functional operation of the device at these or any other conditions beyond those indicated under "recommended operating
conditions" is not implied. Exposure to absolute-maximum-rated conditions for extended periods may affect device reliability.

ELECTRICAL CHARACTERISTICS

All specifications at T, = 25°C, Vpp = 3.3V, V. = 5V, SCKI = 256 fq (f5 = 44.1 kHz), and 24-bit input data (unless otherwise
noted)

PCM1738E
PARAMETER TEST CONDITIONS UNIT
MN | TYP | MAX
RESOLUTION 24 Bits
DATA FORMAT
Audio data interface I:ztémdard,
formats left-justified
16-, 20-,
Audio data bit length 24-hit,
selectable
Audio data format MSB-first,
2s-
complement
Sampling frequency (fs) 10 200 kHz
128, 192,
System clock frequency 256, 384,
512, 768 fg
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ELECTRICAL CHARACTERISTICS (continued)
All specifications at T, = 25°C, Vpp = 3.3V, V¢ = 5V, SCKI = 256 fg (fs = 44.1 kHz), and 24-bit input data (unless otherwise

noted)
PCM1738E
PARAMETER TEST CONDITIONS UNIT
MN | TYP | MAX
DIGITAL INPUT/QUTPUT
Logic family TTL
compatible
Vin : 2
Input logic level vDC
Vi 0.8
i Input logic current Vin = Voo 10 HA
I V=0V -10
Von Output logic level lon = ~2 mA 24 vDC
VoL loL =2 MA
lonz High-impedance output
| logic current® Vout = Vop HA
oLz
DYNAMIC PERFORMANCE @
o _ fs = 44.1 kHz, Voyr = 0 dB 0.0004% 0.0008%
THD+N Jota harmonic distortion [t = 96 kz, Vour = 0 dB 0.0006%
fg = 192 kHz, Vout = 0 dB 0.0012%
EIAJ, A-weighted, fg = 44.1 kHz 114 117
Dynamic range A-weighted, fg = 96 kHz 117 dB
A-weighted, fg = 192 kHz 117
EIAJ, A-weighted, fg = 44.1 kHz 114 117
SNR Signal-to-noise ratio A-weighted, fg = 96 kHz 117 dB
A-weighted, fg = 192 kHz 117
fs = 44.1 kHz 110 115
Channel separation fs = 96 kHz 113 dB
fs = 192 kHz 111
Level linearity error Voyut =-110 dB +1 dB
DC ACCURACY
Vcem?2 voltage 2.45 Y,
Vcem?2 output current AVeom2 < 5% 100 HA
Gain error +2 % of FSR
Shﬂgnn;:?tg]fﬁzﬁnel 0.5 % of FSR
Bipolar zero error At bipolar zero +0.5 % of FSR
DSD-MODE DYNAMIC PERFORMANCE at 44.1 kHz, 64 f5®)
THD+N Tota! harmonic distortion | +2.48 mAp-p, full scale 0.0004%
+ noise
Dynamic range —60 dB, EIAJ, A-weighted 117 dB
SNR Signal-to-noise ratio EIAJ, A-weighted 117 dB
ANALOG OUTPUT
Output current Full scale (0 dB) +2.48 mAp-p
DSD mode output current | 50% output +1.24 mAp-p
Center current Bipolar zero input 0 mA

(1) Pin 11 (MDO)

(2) Analog performance specifications are measured using an Audio Precision™System Two™ audio measurement system in the
averaging mode. At 44.1-kHz operation, bandwidth measurement is limited to 20 kHz. At 96 kHz and 192 kHz, bandwidth measurement
is limited to 40 kHz.

(3) Theoretical performance in DSD modulation index of 100%. Performance is equivalent to the PCM mode.
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ELECTRICAL CHARACTERISTICS (continued)

All specifications at T, = 25°C, Vpp = 3.3V, V¢ = 5V, SCKI = 256 fg (fs = 44.1 kHz), and 24-bit input data (unless otherwise
noted)

PCM1738E
PARAMETER TEST CONDITIONS UNIT
MN | TYP | MAX
DIGITAL-FILTER PERFORMANCE
Filter Characteristics 1, Sharp Rolloff
Pass band +0.002 dB 0.454 fg Hz
Pass band -3dB 0.49 fg Hz
Stop band 0.546 fg Hz
Pass-band ripple +0.002 dB
Stop-band attenuation Stop band = 0.546 fg =75 dB
Stop-band attenuation Stop band = 0.567 fg -82 dB
Filter Characteristics 2, Slow Rolloff
Pass band +0.04 dB 0.274 fg Hz
Pass band -3dB 0.454 fg Hz
Stop band 0.732 fg Hz
Pass-band ripple +0.002 dB
Stop-band attenuation Stop band = 0.732 fg -82 dB
Delay time 29/fg sec
De-emphasis error 0.1 dB
POWER SUPPLY REQUIREMENTS
Vbp 3 3.3 3.6
Voltage range vDC
Vee 4.75 5 5.25
Vpp = 3.3V, fg = 44.1 kHz 7 9.8
Iop@ Vpp =3.3V, fg = 96 kHz 15 mA
Vpp = 3.3V, fg = 192 kHz 30
Supply current
Vee =5V, fg = 44.1 kHz 33 46.2
lec Vee =5V, fs = 96 kHz 345 mA
Vee =5V, fg = 192 kHz 36.5
Vpp = 3.3V, Vee =5V, fg = 44.1 kHz 188 263
Power dissipation Vpp =3.3V, Ve =5V, fg =96 kHz 222 mw
Vpp =3.3V, Ve =5V, fg = 192 kHz 282
TEMPERATURE RANGE
Operation temperature -25 85 °C
034 Thermal resistance 100 °C/W

(4) SCKO is disabled. Input is bipolar zero data.
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BLOCK DIAGRAM
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Table 1. TERMINAL FUNCTIONS

TERMINAL
NAME NO. TYPE | DESCRIPTION
AGND1 18 — Analog ground 1
AGND2 27 — Analog ground 2
CsS 14 IN Chip select and latch for mode control (1)
BCK IN Bit-clock input. Connected to GND for DSD mode ()
DATA IN Serial audio data input for normal operation. L-channel audio data input for external DF and DSD modes ()
DGND — Digital ground
loutL+ 25 OUT | L-channel analog current output +
loutL— 26 OUT | L-channel analog current output —
louTR+ 17 OUT | R-channel analog current output +
louTR— 16 OUT | R-channel analog current output —
IReF 21 — Output current reference bias pin. Connect 16-kQ resistor to GND.
LRCK 4 IN Left/right clock (fs) input for normal operation. WDCK clock input in external DF mode. Connected to GND in
DSD mode @)
MC 13 IN Shift clock for mode control ()
MDI 12 IN Serial data input for mode control )
MDO 11 OUT | Serial data output for mode control
MUTE 15 IN é?alog output mute control for normal operation. R-channel audio data input for external DF and DSD modes
RST IN Reset(®
SCKI IN System-clock input for normal operation. BCK (64fs) clock input for DSD mode @)
SCKO 10 OUT | System clock output
Vel 23 — Analog power supply 1, 5-V
Vee2 24 — Analog power supply 2, 5-V
Vee3 28 — Analog power supply 3, 5-V
Veoml 19 — Internal bias decoupling 1
Veom?2 20 — Internal bias decoupling 2 (common voltage for 1/V)
Veom3 22 — Internal bias decoupling 3
Vpp 9 — Digital supply, 3.3V
ZEROL 2 OUT | Zero flag for L-channel
ZEROR 3 OUT | Zero flag for R-channel

(1) Schmitt-trigger input, 5-V tolerant.
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TYPICAL PERFORMANCE CURVES
All specifications at T, = 25°C, Vpp = 3.3V, V¢ = 5V, SCKI = 256 fg (fs = 44.1 kHz), and 24-bit input data (unless otherwise

noted).
DIGITAL FILTER
De-Emphasis Off, fg = 44.1kHz
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Figure 1. Figure 2.
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Figure 3. Figure 4.
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TYPICAL CHARACTERISTICS (continued)
All specifications at T, = 25°C, Vpp = 3.3V, V¢ = 5V, SCKI = 256 fg (fs = 44.1 kHz), and 24-bit input data (unless otherwise

De-Emphasis Filter
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Figure 7.
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TYPICAL CHARACTERISTICS (continued)
All specifications at T, = 25°C, Vpp = 3.3V, V¢ = 5V, SCKI = 256 fg (fs = 44.1 kHz), and 24-bit input data (unless otherwise

noted).
DE-EMPHASIS DE-EMPHASIS ERROR
O | I I 05 1 1 I
fg = 48 kHz fg = 48 kHz
-1 \ 0.4
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Figure 9. Figure 10.
ANALOG DYNAMIC PERFORMANCE
THD+N vs Ve THD+N vs TEMPERATURE
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Figure 11. Figure 12.
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TYPICAL CHARACTERISTICS (continued)
All specifications at T, = 25°C, Vpp = 3.3V, V¢ = 5V, SCKI = 256 fg (fs = 44.1 kHz), and 24-bit input data (unless otherwise

noted).
DYNAMIC RANGE vs Vcc DYNAMIC RANGE vs TEMPERATURE
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Figure 13. Figure 14.
SIGNAL-TO-NOISE RATIO vs V¢ SIGNAL-TO-NOISE RATIO vs TEMPERATURE
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Figure 15. Figure 16.
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Channel Separation — dB

Amplitude — dB

TYPICAL CHARACTERISTICS (continued)
All specifications at T, = 25°C, Vpp = 3.3V, V¢ = 5V, SCKI = 256 fg (fs = 44.1 kHz), and 24-bit input data (unless otherwise

noted).
CHANNEL SEPARATION vs Ve
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Figure 17.
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CHANNEL SEPARATION vs TEMPERATURE
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Figure 18.
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Figure 20.
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TYPICAL CHARACTERISTICS (continued)
All specifications at T, = 25°C, Vpp = 3.3V, V¢ = 5V, SCKI = 256 fg (fs = 44.1 kHz), and 24-bit input data (unless otherwise

noted).

THD+N vs LEVEL (PCM MODE)
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Input Level - dBFS

G021

Figure 21.

All specifications at T, = 25°C, Vpp = 3.3V, V. =5V, SCKI = 64 fq (fg = 44.1 kHz), and DSD input data (44.1 kHz, 64 fg,
DSD modulator index of 0.5) (unless otherwise noted)

-60-dB OUTPUT SPECTRUM (DSD MODE) THD+N vs LEVEL (DSD MODE)
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Figure 22. Figure 23.
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ANALOG FIR FILTER PERFORMANCE FOR DSD MODE

All specifications at T, = 25°C, Vpp = 3.3V, V. =5V, SCKI = 11.2896 MHz (44.1 kHz x 256 fg), and 50% modulation DSD
data input (unless otherwise noted)

DSD FILTER 1 DSD FILTER 1
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I
5 N & N /\
‘® ©
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4 ‘ \
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Figure 24. Figure 25.
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Figure 26. Figure 27.
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ANALOG FIR FILTER PERFORMANCE FOR DSD MODE (continued)

All specifications at T, = 25°C, Vpp = 3.3V, Vo = 5V, SCKI = 11.2896 MHz (44.1 kHz x 256 fg), and 50% modulation DSD
data input (unless otherwise noted)

DSD FITLER 3 DSD FITLER 3
0 0
-1
-20
-2
0 N\~ A
" 2 [
el o
I
g 3 c /
5] ]
o \ ©  -60 I
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-6 \ -100
0 50 100 150 200 0 500 1000 1500
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G028 G029
Figure 28. Figure 29.
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Figure 30. Figure 31.
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SYSTEM CLOCK AND RESET FUNCTIONS

SYSTEM CLOCK INPUT

The PCM1738 requires a system clock for operating the digital interpolation filters and advanced segment DAC
modulators. The system clock is applied at the SCKI input (pin 7). The PCM1738 has a system-clock detection
circuit that automatically senses if the system clock is operating at 128 fg to 768 fg. shows examples of
system-clock frequencies for common audio sampling rates.

shows the timing requirements for the system clock input. For optimal performance, it is important to
use a clock source with low phase jitter and noise. The PLL1700 multiclock generator is an excellent choice for
providing the PCM1738 system clock.

SYSTEM CLOCK OUTPUT

A buffered version of the system clock input is available at the SCKO output (pin 10). SCKO can operate at
either full (fsck)) or half (fsck/2) rate. The SCKO output frequency may be programmed using the CLKD bit of
mode control register 19. The SCKO output pin can also be enabled or disabled using the CLKE bit of mode
control register 19. The default is SCKO enabled.

POWER-ON AND EXTERNAL RESET FUNCTIONS

The PCM1738 includes a power-on-reset function (see Figure 3J). The system clock input at SCKI should be
active for at least one clock period prior to Vpp = 2 V. With the system clock active, and Vpp > 2 V, the
power-on-reset function is enabled. The initialization sequence requires 1024 system clocks from the time Vpp >
2 V. After the initialization period, the PCM1738 is set to its reset default state, as described in the
section of this data sheet.

The PCM1738 also includes an external reset capability using the RST input (pin 1). This allows an external
controller or master reset circuit to force the PCM1738 to initialize to its reset default state.

See for external reset operation and timing. The RST pin is set to a logic 0 for a minimum of 20 ns.
The RST pin is then set to a logic-1 state that starts the initialization sequence that requires 1024 system clock
periods. After the initialization sequence is complete, the PCM1738 is set to its reset default state, as described
in the Mode Conirol Reqisterd section of this data sheet.

The external reset is especially useful in applications where there is a delay between PCM1738 power up and
system-clock activation. In this case, the RST pin should be held at a logic-0 level until the system clock has
been activated. The RST pin may then be set to a logic-1 state to start the initialization sequence.

Table 2. System Clock Rates for Common Audio Sampling Frequencies

SAMPLING SYSTEM CLOCK FREQUENCY (fsc k) (MH2)
FREQUENCY 128 fg 192 fg 256 fs 384 fg 512 fg 768 fg
32 kHz 4.096 6.144 8.192 12.288 16.384 24.576
44.1 kHz 5.6488 8.4672 11.2896 16.9344 22.5792 33.8688
48 kHz 6.144 9.216 12.288 18.432 24.576 36.864
96 kHz 12.288 18.432 24.576 36.864 49.152 73.728
192 kHz 24.576 36.864 49.152 73.728 @ @

(1) This system clock is not supported for the given sampling frequency.
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System Clock

H—NI— twsckh)

| |
—»— tysory | ) |
— Yscx) —W

T0005-13

PARAMETER MIN MAX UNIT
tiscky System clock cycle time 13 ns
twsckH)y  System clock pulse duration, HIGH 5 ns
tyscky ~— System clock pulse duration, LOW 5 ns

Figure 32. System Clock Input Timing
24V(Max) | ____ _
Voo 2V (Typ) |
1.6 V (Min) | |
(I |
[ '
[
[ :
: '4—!— Reset —><— Reset Removal —
Internal Reset | | I I |
| |
Iqi 1024 System Clocks —H
Rl i 11— nnannn--———
T0014-11
Figure 33. Power-On-Reset Timing
. | |
RST (Pin 1) A+t —-——-—- 50% of Vpp

Lo

:4—>I— tw(rsT)

[ Reset —*— Reset Removal —

| |
Internal Reset :

I
|<— 1024 System Clocks —>|
System Clock __nnnnr _____________ nnnnnnn _______
T0015-07

PARAMETER MIN MAX UNIT

tw(rsT) Reset pulse duration, LOW 20 ns

Figure 34. External Reset Timing
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AUDIO DATA INTERFACE

AUDIO SERIAL INTERFACE

The audio serial interface for the PCM1738 consists of a 3-wire synchronous serial port. It includes LRCK (pin
4), BCK (pin 6), and DATA (pin 5). BCK is the serial audio bit clock, used to clock the serial data present on
DATA into the audio interface serial shift register. Serial data is clocked into the PCM1738 on the rising edge of
BCK. LRCK is the serial audio left/right word clock, used to latch serial data into the serial audio interface
internal registers.

LRCK should be synchronous to the system clock. In the event these clocks are not synchronized, the
PCM1738 can compensate for the phase difference internally. If the phase difference between LRCK and SCKI
is greater than six bit clocks (BCK), the synchronization is performed internally. While the synchronization is
processing, the analog output is forced to the bipolar zero level. The synchronization typically occurs in less than
one cycle of LRCK.

Ideally, it is recommended that LRCK and BCK be derived from the system clock input or output, SCKI or
SCKO. The left/right clock (LRCK) is operated at the sampling frequency, fs.

AUDIO DATA FORMATS AND TIMING

The PCM1738 supports industry-standard audio data formats, including standard right-justified, 1°S, and
left-justified. The data formats are shown in Figure 33. Data formats are selected using the format bits, FMT
[2:0], in mode control register 18. The default data format is 16-bit standard. All formats require binary
2s-complement, MSB-first audio data. shows a detailed timing diagram for the serial audio interface.
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(1) Standard Data Format (Right-Justified): L-Channel = HIGH, R-Channel = LOW

LRCK 1 L-Channel v R-Channel —

|
Audio Data Word = 16-Bit |

|

|
pata [14[15[16 [1|2}————- {15]16] [1]2F————- {15] 16
| A | |
| MSB LsB | |
Audio Data Word = 20-Bit : : :
paTA [18]19[20 [1]2p————————- {19]20] [1]2f——-—————- J19]20

M
: MSB Lss | :
Audio Data Word = 24-Bit | : |
paTA |22[23]24 [1]2p-———-————————— [23]24] [1]2f-——--—-—-——————— 123]24
| ’ ! |

MSB LSB

|

Audio Data Word = 24-Bit | :
B [2s]24] I ——— [23]2] [Tz

% Pl [

MSB LSB

2
(3) I S Data Format: L-Channel = LOW, R-Channel = HIGH

I |
1A >
LRCK = s g

1 L-Channel R-Channel
lep)

oo TULTAAAL Mﬁhﬂﬂmﬁﬂ

Audio Data Word = 16-Bit | | |

DATA 1] 2| ————-15] 16| 1|2 ————-15]16] [1T2]

X bl | |

| MsB LSB | |

Audio Data Word = 24-Bit | | |
DATA 12p————————— {23]24] 1fep————————— {23] 24 1]2]

I X | |

MSB LSB [ |

T0009-08

Figure 35. Audio Data Input Formats
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T0010-10

PARAMETER MIN MAX UNIT
tecy) BCK clock cycle time 70 ns
twecL) BCK low-level time 30 ns
twecH) BCK high-level time 30 ns
teL) BCK rising edge to LRCK edge 10 ns
twe) Ié(l;\’;;K falling edge to BCK rising 10 ns
tos) DATA setup time 10 ns
ton) DATA hold time 10 ns
- LRCK clock duty cycle 50% — 2 hit clocks | 50% + 2 bit clocks

s ]

Figure 36. Audio Interface Timing

—

w MU

MDI |  [wr|as[as|as|as|az]a]a]o7]|oe|os]|psa]p3]|p2]o1]no]

MDO

ID7|D6ID5ID4ID3ID2ID1|DOI:::

When Read Mode is Instructed

NOTE: B15 is used for the selection of write or read. Setting W/R = 0 indicates a write, while W/R = 1 indicates a read.
B14-B8 are used for the register address.
B7-B0 are used for frgister data.

Figure 37. Serial Control Format

T0048-05
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EXTERNAL DIGITAL FILTER INTERFACE AND TIMING

The PCM1738 supports an external digital-filter interface comprised of a 4-wire synchronous serial port that
allows the use of an external digital filter. External filters include the DF1704 and DF1706 from Texas
Instruments, the Pacific Microsonics PMD200, or a programmable digital signhal processor.

The 4-wire interface includes WDCK as the word clock, BCK as the bit clock, DATAL as the L-channel data, and
DATAR as the R-channel data. The external digital-filter interface is selected using the DFTH bit of mode control
register 20, which functions to bypass the internal digital-filter portion of the PCM1738. The 4-wire serial port is
assigned to WDCK (pin 4), BCK (pin 6), DATAL (pin 5), and DATAR (pin 15).

DSD (DIRECT STREAM DIGITAL) FORMAT INTERFACE AND TIMING

The PCM1738 supports a DSD format interface operation that includes out-of-band noise filtering using an
internal analog FIR filter. For DSD operation, pin 7 is redefined as BCK, which operates at 64 x 44.1 kHz; pin 5
is redefined as DATAL (left-channel audio data), and pin 15 becomes DATAR (right-channel audio data). Pins 4
and 6 must be forced LOW in DSD mode. This configuration allows for direct interface to a DSD decoder for
SACD applications. Detailed information for the DSD mode is provided in the PApplication for DSD Format (DSTY

section of this data sheet.
FUNCTIONAL DESCRIPTIONS

ZERO DETECT

When the PCM1738 detects that the audio input data in the L-channel or R-channel is continuously zero for
1024 LRCKs, the PCM1738 sets ZEROL (pin 2) or ZEROR (pin 3) to HIGH. Setting the INZD bit of mode control
register 19 can set both analog outputs to the bipolar zero level when the input data of both channels is zero.

SOFT MUTE

The PCM1738 supports mute operation by both hardware and software control. When MUTE (pin 15) is set to
HIGH, both analog outputs are turned to the bipolar zero level. When the MUTE bit in mode control register 18 is
set to 1, both analog outputs are also turned to the bipolar zero level. The speed to turn to the bipolar zero level
is set by the ATSO and ATS1 bits in mode congtrol register 19.

SERIAL CONTROL INTERFACE

The serial control interface is a 4-wire synchronous serial port that operates asynchronously to the serial audio
interface and the system clock (SCKI). The serial control interface is used to program the on-chip mode control
registers. The control interface includes MDO (pin 11), MDI (pin 12), MC (pin 13), and CS (pin 14). MDO is the
serial data output, used to read back the values of the mode control registers; MDI is the serial data input, used
to program the mode control registers; MC is the serial bit clock, used to shift data in and out of the control port;
and CS is the mode control enable, used to enable the internal mode control register access. and
show the format and timing for the serial control interface.
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:4— tmHn)
|

|
55 !
§

T0013-09

PARAMETER MIN MAX UNIT
tavcy) MC clock cycle time 100 ns
twmcL) MC low-level time 40 ns
ty(MCH) MC high-level time 40 ns
tMHH) CS high-level time 80 ns
tvss) CS falling edge to MC rising edge 15 ns
tousk) CS hold time 15 ns
tMDH) MDI hold time 15 ns
tvps) MDI setup time 15 ns
tmos) MC falling edge to MDO stable 30 ns

(1) MC rising edge for LSB to CS rising edge
Figure 38. Control Interface Timing

MODE CONTROL REGISTERS

User-Programmable Mode Controls

The PCM1738 includes a number of user- programmable functions that are accessed via mode control registers.
The registers are programmed using the serial control interface that was previously discussed in this data sheet.
lists the available mode control functions, along with their reset default conditions and associated
register index.

Register Map

The mode control register map is shown in [Table 4. Each register includes a W/R bit that indicates whether a
register read (W/R = 1) or write (W/R = 0) operation is performed.
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Table 3. User-Programmable Mode Controls
FUNCTION DEFAULT REGISTER BIT

FUNCTIONS AVAILABLE FOR BOTH WRITE AND READ

Digital attenuation control 0dB 16 for L-channel ATL[7:0]
0 dB to —120 dB in 0.5-dB steps 17 for R-channel ATR[7:0]

Attenuation load control Attenuation disabled 18 ATLD
Disabled, enabled

Attenuation speed selection x1 fg 19 ATS[1:0]
x1 fg, x(1/2) fs, x(1/4) fs, x(1/8) fg

Soft mute control Mute disabled 18 MUTE
Mute disabled, enabled

Infinite zero mute control Disabled 19 INZD
Disabled, enabled

Input audio data format selection 16-bit standard format 18 FMTI[2:0]
16-, 20-, 24-bit standard (right-justified) format
24-bit, MSB-first, left-justified format
16-, 24-bit 12S format

De-emphasis control De-emphasis disabled 18 DME
Disabled, enabled

Sampling rate selection for de-emphasis De-emphasis disabled 18 DMF[1:0]
Disabled, 44.1 kHz, 48 kHz, 32 kHz

Digital filter rolloff selection Sharp rolloff 19 FLT
Sharp rolloff, slow rolloff

Output phase reversal Normal 19 REV
Normal, reversed

DAC operation control DAC operation 19 OPE
Enabled, disabled enabled

System clock (SCKO) output control Output enabled 19 CLKE
Output Enabled, disabled

System clock (SCKO) rate control SCKI 19 CLKD
SCKI, SCKI/2

System reset control Normal operation 20 SRST
Reset operation, normal operation

Mode control register reset control Normal operation 20 MRST
Reset operation, normal operation

Digital-filter bypass control DF enabled 20 DFTH
DF enabled, DF bypassed

Delta-sigma oversampling rate selection %64 fg 20 0S[1:0]
x64 fs, x128 fs, x32 fS

Monaural mode selection Stereo 20 MONO
Stereo, monaural

Channel selection for monaural mode data L-channel 20 CHSL
L-channel, R-channel

FUNCTIONS AVAILABLE ONLY FOR READ

Zero detection flag Not zero =0 21 ZFGL for L-channel

ZFGR for R-channel

22
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Table 4. Mode Control Register Map
REGISTER | B15 | B14 | B13 | B12 | B1l | B10 | B9 B8 B7 B6 B5 B4 B3 B2 B1 BO
16 W/R 0 0 1 0 0 0 0 ATL7 ATL6 ATL5 ATL4 ATL3 ATL2 ATL1 ATLO
17 W/R 0 0 1 0 0 0 1 ATR7 ATR6 ATR5 ATR4 ATR3 ATR2 ATR1 ATRO
18 W/R 0 0 1 0 0 1 0 ATLD FMT2 FMT1 FMTO DMF1 DMFO DME MUTE
19 W/R 0 0 1 0 0 1 1 REV ATS1 ATSO OPE CLKD CLKE FLT INZD
20 WR | 0 0 1 0 1 0 0 | RSV® | SRST | MRST | DFTH | MONO | CHSL | OS1 | 0S0
21 R 0 0 1 0 1 0 1 | RSV | RSV® | RSV | RSV | RSV® | RSV | ZFGR | ZFGL
(1) RSV is assigned for factory test operation.
REGISTER DEFINITIONS
B15 B14 B13 B12 B11 B10 B9 B8 B7 B6 B5 B4 B3 B2 B1 BO
REGISTER 16 W/R 0 0 1 0 0 0 0 ATL7 ATL6 ATL5 ATL4 ATL3 ATL2 ATL1 ATLO
REGISTER 17 WIR 0 0 1 0 0 0 1 ATR7 ATR6 ATR5 ATR4 ATR3 ATR2 | ATR1 ATRO
W/R Read/Write Mode Select
When W/R = 0, a write operation is performed.
When W/R = 1, a read operation is performed.
Default value: 0
ATL/R[7:0] Digital Attenuation Level Setting

These bits are read/write.

Default value: 1111 1111b

Each DAC output has a digital attenuator associated with it. The attenuator may be set from 0
db to —120 dB, in 0.5-dB steps. Alternatively, the attenuator may be set to infinite attenuation (or

mute).

The attenuation data for each channel can be set individually. However, the data load control
(ATLD bit of mode control register 18) is common to both attenuators. ATLD must be setto 1 in

order to change an attenuator's setting. The attenuation level may be set using the following

formula:

Attenuation level (dB) = 0.5 dB x (ATL/R[7:0]pgc— 255)
where ATL/R[7:0]pgc = 0 through 255
For ATL/R[7:0]pec = O through 14, the attenuator is set to infinite attenuation.

The following table shows attenuator levels for various settings.

ATL/R[7:0] Decimal Value Attenuator Level Setting
1111 1111b 255 0 dB, no attenuation (default)
1111 1110b 254 -0.5dB

1111 1101b 253 -1dB

0001 0000b 16 119.5dB

0000 1111b 15 120 dB

0000 1110b 14 Mute

0000 0000b 0 Mute
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BI5  Bl4  BI3  BI2 B11 B10 B9 B8 B7 B6 B5 B4 B3 B2 B1 BO
REGISTER 18 ‘ WIR ‘ 0 ‘ 0 | 1 ‘ 0 ‘ 0 | 1 ‘ 0 ‘ ATLD ‘ FMT2 | FMT1 | FMTO ‘ DMF1 ‘DMFO‘ DME | MUTE ‘

W/R Read/Write Mode Control
When W/R = 0, a write operation is performed.
When W/R = 1, a read operation is performed.
Default value: 0
ATLD Attenuation Load Control
This bit is read/write.
Default value: 0
ATLD =0 Attenuation control disabled (default)
ATLD =1 Attenuation control enabled
The ATLD bit is used to enable loading of attenuation data set by registers 16 through 17. When
ATLD = 0, the attenuation settings remain at the previously programmed level, ignoring new data
loaded to registers 16 through 17. When ATLD = 1, attenuation data written to registers 16 through
17 is loaded normally.
FMT[2:0] Audio Interface Data Format
These bits are read/write.
Default value: 000
FMT[2:0] Audio Data Format Selection
000 16-bit, standard-format, right-justified data (default)
001 20-bit, standard-format, right-justified data
010 24-bit, standard-format, right-justified data
011 24-bit, MSB-first, left-justified format data
100 16-bit, 1°S-format data
101 24-bit, 1°S-format data
110 Reserved
111 Reserved
The FMT[2:0] bits are used to select the data format for the serial audio interface.
For external digital-filter interface mode (DFTH mode), this register is operated as shown in the
BApplication for External Digital Filter Tnterface section of this data sheet.
24
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DMF[1:0] Sampling Frequency Selection for the De-Emphasis Function
These bits are read/write.
Default value: 00
DMF[1:0] De-Emphasis Same Rate Selection
00 Disabled (default)

01 48 kHz
10 44.1 kHz
11 32 kHz

The DMF[1:0] bits are used to select the sampling frequency used for the digital de-emphasis
function when it is enabled by setting the DME bit. The de-emphasis curves are shown in the
Typical Performance Curves section of this data sheet.

For DSD mode, analog FIR filter performance may be selected using this register. Filter response
plots are shown in the Typical Performance Curves section of this data sheet. The register map is
shown in the Application for DSD Format (DSD Mode) Interfacq section of this data sheet.

DME Digital De-Emphasis Control
This bit is read/write.

Default value: 0

For DSD mode, DME must be set to 1.

DME =0 De-emphasis disabled (default)

DME =1 De-emphasis enabled

The DME bit is used to enable or disable the de-emphasis function for both channels.
MUTE Soft-Mute Control

This bit is read/write.

Default value: 0

MUTE =0 MUTE disabled (default)

MUTE=1 MUTE enabled

The MUTE bit is used to enable the soft-mute function for both channels. The mute function is also
available through the MUTE control input (pin 15). Soft mute is performed by using the 256-step
attenuator, cycling one step per time interval to — (mute). The time interval is set by the rate select
bit (ATS), located in register 19.
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Bl5 B4 B3  Bl2 B11 B10 B9 B8 B7 B6 BS5 B4 B3 B2 B1 BO
REGISTER 19 ‘ WIR ‘ 0 ‘ 0 | 1 ‘ 0 ‘ 0 | 1 ‘ 1 ‘ REV ‘ ATSL | ATSO | OPE ‘ CLKD ‘CLKE‘ FLT | INZD ‘
W/R Read/Write Mode Control

When W/R = 0, a write operation is performed.
When W/R = 1, a read operation is performed.
Default value: 0
REV Output Phase Reversal
This bit is read/write.
Default value: 0
REV =0 Normal output (default)
REV =1 Inverted output
The REV bit is used to invert the output phase for both the left and right channels.
ATS[1:0] Attenuation Rate Select
This bit is read/write.
Default value: 00
ATS[1:0] Attenuation Rate Selection
00 LRCK (default)
01 1/2 x LRCK
10 1/4 x LRCK
11 1/8 x LRCK

The ATS[1:0] bits are used to select the rate at which the attenuator is decremented or incremented
during level transitions.

OPE DAC Operation Control
This bit is read/write.
Default value: 0
OPE=0 DAC operation enabled (default)
OPE=1 DAC operation disabled

The OPE bit is used to enable or disable the analog output for both channels. Disabling the analog
outputs forces them to the bipolar zero level (BPZ), ignoring the audio data input(s).

CLKD SCKO Frequency Selection
This bit is read/write.
Default value: 0
CLKD =0  Full-rate, fgcko = fsck; (default)
CLKD =1  Half-rate, fscko = fscki2
The CLKD bit is used to determine the output frequency at the system clock output pin, SCKO.
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CLKE SCKO Output Enable
This bit is read/write.
Default value: 0
CLKE=0  SCKO enabled (default)
CLKE =1 SCKO disabled
The CLKE bit is used to enable or disable the system clock output pin, SCKO.
FLT Digital Filter Rolloff Control
This bit is read/write.
Default value: 0
FLT=0 Sharp rolloff (default)
FLT=1 Slow rolloff

The FLT bit allows the user to select the digital filter rolloff characteristics. The filter responses for
these selections are shown in the Typical Performance Curves section of this data sheet.

INZD Infinite Zero Detect Mute Control
This bit is read/write.
Default value: 0
INZD =0 Infinite zero detect mute disabled (default)
INZD = 1 Infinite zero detect mute enabled

The INZD bit is used to enable or disable the zero detect mute function. Setting INZD = 1 allows the
analog outputs to be set to the bipolar zero level when the PCM1738 detects zero data for both left
and right channels for 1024 sampling periods (or LRCK cycles).
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B15 B14 B13 B12 B11 B10 B9 B8 B7 B6 B5 B4 B3 B2 Bl BO

ReGisTER20 [ WR [ o [ o [ 1 | o | 1 | o | o | Rsv | SRST | MRST | DFTH | MONO [ cHsL| osi | oso |

W/R

SRST

MRST

DFTH

MONO

Read/Write Mode Control

When W/R = 0, a write operation is performed.

When W/R = 1, a read operation is performed.

Default value: 0

System Reset Control

This bit is read/write.

Default value: 0

SRST =0 Normal operation (default)

SRST =1 System reset operation

The SRST bit is used to reset the PCM1738 to the initial system condition.
Mode Control Register Reset Control

This bit is read/write.

Default value: 0

MRST =0 Normal operation (default)

MRST =1 Mode control register reset operation

The MRST bit is used to set the mode control registers to their default conditions.
Digital Filter Bypass (or Through-Mode) Control

This bit is read/write.

Default value: 0

DFTH =0 Digital filter enabled (default)

DFTH =1 Digital filter bypassed for either external-digital-filter mode or DSD mode

The DFTH bit is used to enable or bypass the internal digital filter. This function is used when using
the external-digital-filter interface or the DSD-mode interface.

Monaural Mode Selection

This bit is read/write.

Default value: 0

MONO =0 Stereo mode (default)
MONO =1 Monaural mode

The MONO function is used to change the operation mode from normal stereo mode to monaural
mode. When the monaural mode is selected, both DACs operate in balanced mode for the selected
audio input data. Left- and right-channel data selection is set by the CHSL bit, described as follows.
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CHSL

0S[1:0]

REGISTER 21

ZFGx

Channel Selection for Monaural Mode
This bit is read/write.
Default value: 0
This bit is available when MONO = 1.
CHSL =0 L-channel selected (default)
CHSL =1 R-channel selected
The CHSL bit is used to set the audio data selection for the monaural mode.
Delta-Sigma Oversampling Rate Selection
These bits are available for read/write.
Default value: 00
For DSD mode, this register is used to select the speed of BCK (pin 7) for the analog FIR filter.
OS[1:0] Operation Speed Select
00 64x (default)
01 Reserved
10 128x
11 32x

The OS bits are used to change the oversampling ratio of the delta-sigma modulator. This function is
useful when considering the output low-pass filter design that can handle a wide range of sampling
rates. As an example, selecting 128x for fg = 44.1 kHz, 64x for fg = 96 kHz, and 32x for fg = 192 kHz
operation would require a low-pass filter with a single cutoff frequency to accommodate all three
sampling rates.

BI5 B4  B13  BI2 B11 B10 B9 B8 B7 B6 B5 B4 B3 B2 B1 BO
‘R’ 0 ]o| 1 ] 0 ‘ 1 |o‘ 1 ‘RSV‘RSV|RSV|RSV’RSV’RSV’ZFGR|ZFGL’

Read Mode Control

Only set to 1 for read-back mode.

Zero Detection Flag

When x = L or R, corresponding to the DAC output channel.
These bits are available only for readback.

Default value: 00

ZFGx=0 Not ZERO

ZFGx =1 ZERO detected

When the PCM1738 detects that audio input data is continuously zero for 1024 LRCKs, the ZFGx bit
is set to 1 for the corresponding channel(s). Zero detect flags are also available at ZEROL (pin 2)
and ZEROR (pin 3).
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TYPICAL CONNECTION DIAGRAM IN PCM MODE

| Controller I

5V
PCM1738E
| -
1| rsT Vo3 [28|—4—4— mmmmmmmmmm oo
» cc n I
[5] ! !
< 2 | zeroL AGND2 E_% I I
L= SC| 1
<— JT ZEROR loutl— | 26 : 1
L~ - 1
L/R Clock (fg) —E LRCK loutL* | 25 : VOUT:
t L-Channel |
Audio DATA ——E DATA V2 E_< l |
1 1
Bit Clock ——E BCK Veel| 23 1 |
4 1 1
System Clock ——E SCKI Veom3 Z__Z'—T ! :
1
118 pew rer [ 21— i :
= | I
ssvo— T 1o | Voo Voou? | 20 ! !
| | I
10 | SCKO Veou! | 19 ] }— : |
1
o e | 1] v
< 11| MDO AGND1 | 18 p out |
< 1
] — R-Channel |
» 12| MDI loutR+ | 17 : :
» 13| MC loutR- | 16 | I |
— — ! L L 1
p{ 14| TS MUTE | 15 : - - 1
1
s R —_— Analog Output Stage f — = = — — — — — 1

NOTE: Regarding R/C values for the analog output stage, see Figure 43.
Figure 39. Typical Application Circuit for Standard PCM Audio Operation

$0241-01

30

bubmit Documentation Feedback


http://focus.ti.com/docs/prod/folders/print/pcm1738.html
http://www.go-dsp.com/forms/techdoc/doc_feedback.htm?litnum=SBAS174C&partnum=PCM1738

*5‘ TeExAS
INSTRUMENTS D 3

www.ti.com
SBAS174C—FEBRUARY 2002—-REVISED FEBRUARY 2007

ANALOG OUTPUTS

+5V
PCM1738E Q

0.1uF 10pF
Vee E’—i—_h'
+
[y

AGND2

3]
|

loutl~
lourk* | 25

Vee2 | 24

+
10uF
Veon3 E’_‘r& .
16kQ — 10uF
Veom? | 20

[ q |
AGND1 | 18 T
17
16

Vour
L-Channel

C12

K
HR 1HH

Vour
R-Channel

loutR*

IOUTR_

MUTE | 15 1

OPAG627BP, BM OPA134, OPA2134, or
NOTE: Example R/C Values for fg 45kHz. or OPA5534 Op Amp OPAG04, OPA2604 Op Amp

R;1~R1g Ro—Ryg: 6200
C41» C42, Cyy, Coy: Not Populated
Ci13: C14: Ca3, Coy: 5600 pF
Cys, Cys: 8200 pF
Cigr Ci7: Cog, Cyy 1800 pF
S0242-01

Figure 40. Typical Application for Analog Output Stage

ANALOG OUTPUT LEVEL AND I/V CONVERTER

The signal level of the DAC current output pins (IoytL+, loutk—, loytR*+, and IgytR-) is £2.48 mAp-p at 0 dB (full
scale). The voltage output of the I/V converter is given by the following equation:

Vour = £2.48 mAp-p X R

Here, R is the feedback resistor in the I/V (current-to-voltage) conversion circuit, R;4, Ri5, Ry1, and R,, in the
typical application circuit, Figure 40. The common level of the I/V conversion circuit must be the same as the
common level of DAC Iyt that is given by the Vo\2 reference voltage, 2.5 V dc. The non-inverting inputs of
the operational amplifiers shown in the I/V circuits are connected to Voy2 to provide the common bias voltage.

Operational Amplifiers for I/V Converter Circuit

The OPA627BP/BM, or 5534 type operational amplifier, is recommended for the 1/V conversion circuit to obtain
the specified audio performance. Dynamic performance, such as gain bandwidth, settling time, and slew rate of
the operational amplifiers creates the audio dynamic performance of the I/V section. The input noise
specification of the operational amplifiers should be considered to obtain 120-dB S/N ratio.
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Analog Gain by Balanced Amplifier

The I/V converters are followed by balanced amplifier stages that sum the differential signals for each channel,
creating a single-ended voltage output. In addition, the balanced amplifiers provide a second-order, low-pass
filter function that band-limits the audio output signal. The cutoff frequency and gain is given by external R and C
component values. In the case of Figure 40, the cutoff frequency is 45 kHz with a gain of 1. The output voltage
for each channel is 6.2 Vp-p, or 2.2 Vrms.

REFERENCE CURRENT RESISTOR

As shown in the analog output application circuit, marked R; on Figure 40, there is a resistor connected from
Iree (pin 21) to the analog ground, designated as R;. This resistor sets the current for the internal reference
circuit. The value of R; must be 16 kQ, +1% in order to match the specified gain error shown in the
table.

APPLICATION FOR EXTERNAL DIGITAL FILTER INTERFACE

1 | RST Veed | 28
2 | ZEROL AGND2 | 27
3 | ZEROR loutl— | 26
WDCK (Word Clock) 4 | WDCK (LRCK)  loytk* | 25
DATA-L 5 | DATAL (DATA) Vec2 | 24
BCK 6 | BCK Veel | 23 Analog
| Output Stage
SCK 7 | SCKI Veom3 | 22
L |
Same as Standard
8 | DGND lrer | 21 Application
9 | Voo Veom2 | 20
DF1704 10 | scko Veou! | 19
DF1706
11 | MDO AGND1 | 18
PMD200
B ey [ s [17]
Mode 4@ MC lOUTR_ 16
Control
4@ CS DATAR (MUTE) El—‘
DATA-R
('): Original Pin Name

B0201-01

Figure 41. Connection Diagram for External Digital Filter (Internal DF Bypass Mode) Application

APPLICATIONS FOR INTERFACING WITH THE EXTERNAL DIGITAL FILTER

For some applications, it may be desirable to use an external digital filter to perform the interpolation function, as
it may provide improved stop-band attenuation or other special features not available with the PCM1738's
internal digital filter.

The PCM1738 supports the use of an external digital filter, including:

e The DF1704 and DF1706 from Texas Instruments

e Pacific Microsonics PMD100 HDCD filter/decoder ICs

« Programmable digital signal processors
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The external digital-filter application mode is available by programming the following bits in the corresponding
mode control registers:

DFTH = 1 (register 20)
DME = 0 (register 18)
The pins used to provide the serial interface for the external digital filter are shown in the application diagram of

Fiqure 41]. The word (WDCK) and bit (BCK) clock signals, as well as the audio data inputs (DATAL and DATAR)
must be operated at 8x or 4x the original sampling frequency at the input of the digital filter.

SYSTEM CLOCK (SCKI) AND INTERFACE TIMING

The PCM1738, in external digital-filter mode, allows any system-clock frequency synchronized with BCK and
WDCK. The system clock may be phase-free with BCK and WDCK. See for interface timing among
WDCK, BCK, DATAL, and DATAR.

AUDIO FORMAT

In external digital-filter interface mode, the PCM1738 supports a right-justified audio format interface including
16-, 20-, and 24-bit audio data (see Figure 47) that should be selected by FMT[2:0] of mode control register 18.

FUNCTIONS AVAILABLE IN THE EXTERNAL DIGITAL-FILTER MODE

The external digital-filter mode allows access to the majority of the PCM1738's mode-control functions.
shows the register mapping available when the external digital-filter mode is selected, along with descriptions of
functions that are modified for this mode selection.

< 114 fg or 1/8 fg >

»,
|

WDCK y [

|
Audio Data Word = 16-Bit | |

DaaR__|15[16] [1T2]3]4]s]e]7[e] o 10[11]12]13]14]15]16
| |
| MSB LSB |

Audio Data Word = 20-Bit : :

SQTT:; [19]20] [1T2]3]4]s]e]7]8] o 10]11]12]13]14]15]16]17]18]10]20

| |
, , | MSB s |
Audio Data Word = 24-Bit | |

DAl T3] 24] [1]2]3]4]56[7e[o]ro]1]r2][1a][1a]15][16][17[18] 1] 20] 21 22] 23] 24

| AN Pl
MSB LsB

T0198-01

Figure 42. Audio Data Input Format for External Digital Filter (Internal DF Bypass Mode) Application
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14V

BCK 14V

 — (=) —

T0199-01

PARAMETER MIN MAX UNIT
tecy) BCK clock cycle time 18 ns
twecL) BCK pulse duration, LOW 7 ns
twBcH) BCK pulse duration, HIGH 7 ns
t@L) BCK rising edge to WDCK falling edge 5 ns
twp) WDCK falling edge to BCK rising edge 5 ns
tos) DATA setup time 5 ns
toH) DATA hold time 5 ns

Figure 43. Audio Interface Timing for External Digital Filter (Internal DF Bypass Mode) Application

Table 5. Register Mapping in the External Digital-Filter Mode

REGISTER B15 B14 B13 B12 B11 B10 B9 B8 B7 B6 B5 B4 B3 B2 B1 BO
16 WIR 0 0 1 0 0 0 0 -@ - - - - - - -
17 WIR 0 0 1 0 0 0 1 - - - - - - - -
18 WI/R 0 0 1 0 0 1 0 - FMT2 | FMT1 FMTO - - | DME®@ -
19 WI/R 0 0 1 0 0 1 1 - - - OPE CLKD | CLKE - INZD
20 WIR 0 0 1 0 1 0 0 RSV | SRST | MRST | DFTH® RSV | RSV | Os1 0S0
21 R 0 0 1 0 1 0 1 RSV RSV RSV RSV RSV RSV | ZFGR ZFGL

(1) - = function disabled. No operation regardless of data setting.

(2) These bits are required for selection of the external digital-filter mode.

FMT[2:0] Audio Data Format Selection

These bits are available for read/write.

Default Value: 000

FMT[2:0] Audio Data Format Select
000 16-hit, right-justified format (default)
001 20-bit, right-justified format
010 24-bit, right-justified format
Other Reserved
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0S[1:0]

ZFGx

Delta-Sigma Oversampling Rate Selection
These bits are available for read/write.
Default Value: 00
OS[1:0] Operation Speed Select
00 8 x fyypck (default)

01 Reserved
1 4 * fyypck

The effective oversampling rate is determined by the oversampling performed by both the external
digital filter and the delta-sigma modulator. For example, if the external digital filter is 8x
oversampling, and the user selects OS[1:0] = 0, then the delta-sigma modulator oversamples by 8x,
resulting in an effective oversampling rate of 64x.

Zero-Detect Flag

where x = L or R, corresponding to the DAC output channel.
These bits are available only for read-back.

Default value: 00

ZFGx =0 Not ZERO

ZFGx =1 ZERO detected

When the PCM1738 detects that audio input data is continuously zero for 1024 WDCKs, the ZFGx
bit is set to 1 for the corresponding channel(s). Zero-detect flags are also available at ZEROL (pin
2) and ZEROR (pin 3).
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APPLICATION FOR DSD FORMAT (DSD MODE) INTERFACE
1| RST Veed | 28
2 | ZEROL AGND2 | 27
3 | ZEROR loutl— | 26
Always Set LOW 4|Z N/A (LRCK) loutl* | 25
DATA-L 5 | DATAL (DATA) Vee2 | 24
Always Set LOW 4‘3 N/A (BCK) Veel | 23 Analog
Output Stage
Bit Clock (n x fg) 7 | BCK (SCKI) Veom3 | 22
Same as Standard
8 | DGND lrer | 21 Application
9 | Voo Veom2 | 20
DSD Decoder
10 | SCKO Veom? | 19
11 | MDO AGND1 | 18
12 | MDI loutR* | 17
Mode 13 | MC lourR- | 16
Control L] out
4] ET

DATA-R

FEATURES

('): Original Pin Name

B0202-01

Figure 44. Connection Diagram for DSD Format Interface

This mode is used for interfacing directly to a DSD decoder, found in Super Audio CD (SACD) applications.

DSD mode provides a low-pass filtering function to convert the 1-bit oversampled data stream to the analog
domain. The filtering is provided using an analog FIR filter structure. Four FIR responses are available and may
be selected via the serial control interface. Refer to the Typical Performance Curves section of this data sheet
for analog FIR plots. See Figure 45 and Figure 44 for timing and interface specification in DSD mode.

PIN ASSIGNMENT WHEN IN DSD-FORMAT INTERFACE

Several pins are redefined for DSD-mode operation. These include:
e DATA (pin 5)—DATAL, L-channel DSD data input

¢ MUTE (pin 15)—DATAR, R-channel DSD data input
e SCKI (pin 7)—bit clock (BCK) for DSD data

¢ LRCK (pin 4)—set LOW
¢ BCK (pin 6)—set LOW

Typical connection to a DSD decoder is shown in Figure 44.
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l————»1— t=1/(64 x 44.1 kHz)
| |
| |

a a a a a

BCK

DATAL
DATAR DO X D1 X D2 X D3 X D4

T0229-01

Figure 45. Normal Data Output Form From DSD Decoder

:4— twecn —!
« twacH) —P:
|

e A\ i )| —— |

T0010-11

PARAMETER MIN MAX UNIT
tecy) BCK clock cycle time g5 ns
twecH) BCK high-level time 30 ns
twecL) BCK low-level time 30 ns
tos) DATAL, DATAR setup time 10 ns
toH) DATAL, DATAR hold time 10 ns

(1) 2.8224 MHz x 4. (2.8224 MHz = 64 x 44.1 kHz. This value is specified at the DSD sampling rate.)
Figure 46. Timing for DSD Audio Interface
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DSD-MODE CONFIGURATION AND FUNCTION CONTROLS
Configuration for DSD interface mode:
e DFTH =1 (register 20)
e DME =1 (register 18)
shows the register mapping available in DSD mode.
Table 6. Register Mapping in DSD Mode
REGISTER | B15 | B14 | B13 | B12 | B11 | B10 | B9 | BS B7 B6 B5 B4 B3 B2 B1 BO
16 WR | 0 0 1 0 0 0 0 —W - - _ _ - _ _
17 W/R 0 0 1 0 0 0 1 - - - - - — - -
18 W/R 0 0 1 0 0 1 0 - - - - DMF1 | DMFO DME®@ -
19 W/R 0 0 1 0 0 1 1 - - - OPE CLKD | CLKE - -
20 WR | 0 0 1 0 1 0 0 RSV | SRST | MRST | DFTH® | RSV | RSV | 0S1 | 0OSO
21 R 0 0 1 0 1 0 1 RSV RSV RSV RSV RSV RSV - -
(1) - = function disabled. No operation even if any data is set.

(2) These bits are required for selection of the DSD mode.

DMF[1:0]

0S[1:0]

Analog FIR Performance Selection

These bits are available for read/write.

Default value: 00
DMF[1:0] Analog FIR Performance Select

00
01
10
11

DSD filter 1 (default)
DSD filter 2
DSD filter 3
DSD filter 4

Plots for the four analog FIR filter responses are shown in the Typical Performance Curves of this
data sheet.

Analog FIR Operation Speed Selection

These bits are available for read/write.

Default value: 00

00
01
10
11

0S[1:0]

Operation Speed Select
fscki (default)

Reserved

Reserved

fscal2

The OS bit in the DSD mode is used to select the operating rate of the analog FIR.

REQUIREMENTS FOR SYSTEM CLOCK
The bit clock (BCK) for DSD mode is required at pin 7 of the PCM1738. The frequency of the bit clock may be N

times the sampling frequency. Generally, N is 64 in DSD applications.

The interface timing among the bit clock, DATAL, and DATAR is required to meet the same setup and hold-time
specifications as shown for the PCM audio-format interface in Eigure 38.
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APPLICATION FOR MONAURAL-MODE OPERATION

Single-channel signals within stereo-audio data input are output to both I5yrL and IgytR as differential outputs.
Selection of channels to output is available with the CHSL bit in register 20. Applications, such as monaural
operation,are useful for high-end audio applications to provide over 120 dB for dynamic range. A typical MONO
mode application is shown in Figure 47.

PCM1738
L/R Clock » LRCK
loutl—
Audio Data P DATA —>
. loyrl* Analog Output Vour
Bit Clock »| BCK loutR= Stage L-Channel
—»
System Clock SCKI loutR*
»| MC, CS, MDI
PCM1738
LRCK
Controller —_—0 loutl—
DATA —»
loyrl* Analog Output Vour
BCK lourR— Stage R-Channel
—»
SCKI loytR*
—eeep| MC, CS, MDI

B0203-01

Figure 47. Connection Diagram for Monaural-Mode Interface
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THEORY OF OPERATION
ADVANCED SEGMENT DAC
Upper
6 Bits 0-62
ICOB Level
Decoder
0-66
Digital Input Advanced Current Analog
e DWA Segment Output
24-Bit 8fg DAC
3rd-Order,
5-Level,
Delta-Sigma| 0-4
MSB and Level

Lower 18 Bits
B0204-01

Figure 48. Architecture of Advanced Segment DAC

The PCM1738 uses the newly developed advanced segment DAC architecture to achieve excellent dynamic
performance and improved tolerance to clock jitter. The PCM1738 provides balanced current outputs, allowing
the user to optimize analog performance externally. The structure of the advanced segment DAC architecture is
shown in Eigure 48.

Digital input data from the digital interpolation filter is split into six upper bits and 18 lower bits. The upper six bits
are converted to inverted complementary offset binary (ICOB) code. The lower 18 bits associated with the MSB
are processed by five-level, third-order, delta-sigma modulators operated at 64 f5 by default conditions. The level
of the modulator is equivalent to one LSB of the ICOB code converter (decoder). The data groups processed in
the ICOB converter and the third-order delta-sigma modulator are summed together to create up to 66 levels of
digital code that is then processed by data-weighted averaging (DWA) to reduce noise produced by element
mismatch. The output data from the DWA block is then converted to an analog output using a differential current
segment DAC.

CONSIDERATIONS FOR APPLICATIONS CIRCUITS

PCB LAYOUT GUIDELINES

A typical PCB floor plan for the PCM1738 is shown in Figure 49. A ground plane is recommended, with the
analog and digital sections being isolated from one another using a split or cut in the circuit board. The
PCM1738 should be oriented with the digital I/O pins facing the ground plane split/cut to allow for short, direct
connections to the digital audio interface and control signals originating from the digital section of the board.

Separate power supplies are recommended for the digital and analog sections of the board. This prevents the
switching noise present on the digital supply from contaminating the analog power supply and degrading the
dynamic performance of the DACs. In cases where a common 5-V supply must be used for the analog and
digital sections, an inductance (RF choke, ferrite bead) should be placed between the analog and digital 5-V
supply connections to avoid coupling of the digital switching noise into the analog circuitry. shows the
recommended approach for single supply applications.
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Digital Power Analog Power
+Vp DGND AGND +5V, +Vg Vg
REG
N/ 1
A
Digital Logic Voo
and DGND Output i&
Audio _i& v k JT‘ JT‘ Circuits
Processor PCM1738 Digital
<4 > Ground
AGND >
T L
B Analog
Digital Section Analog Section Ground
Return Path for Digital Signals
B0031-07
Figure 49. Recommended PCB Layout
Power Supplies
RF Choke or Ferrite Bead
+5V. AGND +Vg -Vg
] REG
1
Vob Vee >
» Voo
— DGND Output
= Circuits
» PCM1738
< AGND
T T L
B Common
Digital Section Analog Section Ground
B0032-07
Figure 50. Single-Supply PCB Layout
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BYPASS AND DECOUPLING CAPACITOR REQUIREMENTS

Various sized decoupling capacitors can be used, with no special tolerances being required. All capacitors
should be located as close as physically possible to the power supply and reference pins of the PCM1738 to
reduce noise pickup from surrounding circuitry. Aluminum electrolytic capacitors that are designed for hi-fi audio
applications are recommended for larger values, while metal-flm or monolithic ceramic capacitors are
recommended for smaller values.

I’V SECTION

Using the circuit shown in for 1/V conversion achieves data-sheet performance. To obtain 0.0005%
THD+N, 117-dB signal-to-noise ratio audio performance, THD+N and input noise performance, an operational
amplifier IC must be considered. Input noise of the operational amplifier directly affects the output noise level of
the application.

All components of the I/V section should be located physically close to the PCM1738 current outputs. All
connections should be made as short as possible to eliminate pickup of radiated noise.

POST LOW-PASS FILTER DESIGN

The out-of-band noise level and sampling spectrum level are much lower than typical delta-sigma type DACs,
due to the combination of a high-performance digital filer and the advanced segment DAC architecture. The use
of a second- or third-order filter is recommended for the post low-pass filter (see for a second-order
filter) following the 1/V conversion stage. The cutoff frequency of the post LPF is dependent upon the application,
given the variety of sampling rates supported by the CD-DA (fg = 44.1 kHz), DVD-M (fs = 96 kHz), DVD-A (fs =
192 kHz), and SACD (fs = 44.1 kHz) systems.

42 bubmit Documentation FeedbacH


http://focus.ti.com/docs/prod/folders/print/pcm1738.html
http://www.go-dsp.com/forms/techdoc/doc_feedback.htm?litnum=SBAS174C&partnum=PCM1738

i3 TEXAS PACKAGE OPTION ADDENDUM
INSTRUMENTS

www.ti.com 7-Oct-2025

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 ©)
@ ©)

PCM1738E Active Production SSOP (DB) | 28 47 | TUBE Yes NIPDAU Level-1-260C-UNLIM - PCM1738E
PCM1738E.B Active Production SSOP (DB) | 28 47 | TUBE Yes NIPDAU Level-1-260C-UNLIM See PCM1738E PCM1738E
PCM1738E/2K Active Production SSOP (DB) | 28 2000 | LARGE T&R Yes NIPDAU Level-1-260C-UNLIM - PCM1738E

PCM1738E/2K.B Active Production SSOP (DB) | 28 2000 | LARGE T&R Yes NIPDAU Level-1-260C-UNLIM ~ See PCM1738E/2K PCM1738E

@ 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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TAPE AND REEL INFORMATION
REEL DIMENSIONS TAPE DIMENSIONS
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Device Package |Package|Pins| SPQ Reel Reel A0 BO KO P1 w Pinl
Type |Drawing Diameter| Width | (mm) | (mm) | (mm) [ (mm) [ (mm) |Quadrant
(mm) |W1(mm)
PCM1738E/2K SSOP DB 28 2000 330.0 17.4 8.5 108 | 24 12.0 | 16.0 Q1
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TAPE AND REEL BOX DIMENSIONS

*All dimensions are nominal

Device Package Type |Package Drawing| Pins SPQ Length (mm) | Width (mm) | Height (mm)
PCM1738E/2K SSOP DB 28 2000 336.6 336.6 28.6
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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)
PCM1738E DB SSOP 28 47 500 10.6 500 9.6
PCM1738E.B DB SSOP 28 47 500 10.6 500 9.6
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IMPORTANT NOTICE AND DISCLAIMER

TI PROVIDES TECHNICAL AND RELIABILITY DATA (INCLUDING DATA SHEETS), 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
will 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 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.

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

Mailing Address: Texas Instruments, Post Office Box 655303, Dallas, Texas 75265
Copyright © 2025, Texas Instruments Incorporated


https://www.ti.com/legal/terms-conditions/terms-of-sale.html
https://www.ti.com
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