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Sowrl, .. Stereo Audio
DIGITAL-TO-ANALOG CONVERTER
WITH PROGRAMMABLE PLL

FEATURES DESCRIPTION

e ACCEPTS 16-, 20-, OR 24-BIT INPUT DATA The PCM1723 is a complete low cost stereo audio

e COMPLETE STEREO DAC: Includes Digital digital-to-analog converter (DAC) with a phase-locked
Filter and Output Amp loop (PLL) circuit included. The PLL derives either

25615 or 384 system clock from an external 27MHz

e DYNAMIC RANGE=ZD reference frequency. The DAC contains a 3rd-oider

e MULTIPLE SAMPLING FREQUENCIES: modulator, a digital interpolation filter, and an analog
16kHz, 22.05kHz, 24kHz output amplifier. The PCM1723 can accept 16-, 20-, or
32kHz, 44.1kHz, 48kHz 24-bit input data in either normal ¢Sl formats.

KRz, 88.2kHz, 96kHz The digital filter performs an 8X interpolation func-
e PROGRAMMABLE PLL CIRCUIT: tion and includes selectable features such as soft mute
256f4/384f5 from 27MHz Master Clock digital attenuation and digital de-emphasis. The PLL
e NORMAL OR 12S DATA INPUT EORMATS can be programmed for sampling at standard digital
) audio frequencies as well as one-half and double

e SELECTABLE FUNCTIONS: sampling frequencies.

Soft Mute
Digital Attenuator (256 Steps) The PCM1723 is ideal for applications which combine
Digital De-emphasis compressed audio and video data such as DVD, DVD-

ROM, set-top b d MPEG sound cards.
e OUTPUT MODE: Left, Right, Mono, Mute » Sel-Iop boxes an sound cards

BCKIN F— Multi-level }— L Vourl
Serial Delta-Sigma DAC Dz{l-tpass
LRCIN Input ) —— Modulator |— e
\IE 8X Oversampling y'

DIN Digital Filter %7 CAP
with Function
’—> Controller L Multi-level |—] - VR
Delta-Sigma DAC Low-pass

ML —{ Modulator |— Filter

MC { ]

MD Mode — ZERO

Control
IIE — | BPZ-Cont.
256f4/384fg Open Drain
RSTB
PLL osc Power Supply

i
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SPECIFICATIONS

All specifications at +25°C, +Vcc = +Vpp = +Vep = +5V, fg = 44.1kHz, and 16-bit input data, SYSCLK = 384fs, unless otherwise noted.

PCM1723
PARAMETER CONDITIONS MIN TYP MAX UNITS
RESOLUTION 16 Bits
DATA FORMAT
Audio Data Interface Format Standard/I2S
Data Bit Length 16/20/24 Selectable
Audio Data Format MSB First, Binary Two’s Complement Selectable
Sampling Frequency (fs) Standard fg 32 44.1 48 kHz
One-half fg 16 22.05 24 kHz
Double fg 64 88.2 96 kHz
PLL PERFORMANCE
Master Clock Input Frequency® 26.73 27 27.27 MHz
Master Clock Output Frequency 4.096 36.864 MHz
Generated Sysclk Frequency 256f5/384fg
Output Logic Level Von loy = 2mA Vpp — 0.4 vDC
(MCKO, SCKO) Voo loL = 4mA 0.5 vDC
Generated Sysclk Jitter Standard Dev +150 ps
Generated Sysclk Transient(t) fy = 27MHz 20 ms
Power-Up Time To Programmed Frequency 15 30 ms
Generated Sysclk Duty Cycle fw = 27MHz, C, = 15pF 40 50 60 %
DIGITAL INPUT LOGIC LEVEL TTL
DYNAMIC PERFORMANCE @
THD+N at fg (0dB) fs = 44.1kHz -89 -80 dB
fs = 96kHz -87 dB
THD+N at —60dB fs = 44.1kHz =31 dB
fs = 96kHz -29 dB
Dynamic Range (EIAJ Method) fs = 44.1kHz 90 94 dB
fs = 96kHz 91 dB
Signal-to-Noise Ratio® (EIAJ Method) fs = 44.1kHz 90 96 dB
fs = 96kHz 95 dB
Channel Separation fs = 44.1kHz 88 93 dB
DC ACCURACY
Gain Error +1.0 +3.0 % of FSR
Gain Mismatch, Channel-to-Channel +1.0 +2.0 % of FSR
Bipolar Zero Error Vout = Vcc/2 at BPZ +30 mV
ANALOG OUTPUT
Output Voltage Full Scale (—0dB) 0.62 X Ve Vp-p
Center Voltage Vecl2 Vpe
Load Impedance AC Load 5 kQ
DIGITAL FILTER PERFORMANCE
Passband 0.445 fs
Stopband 0.555 fs
Passband Ripple +0.17 dB
Stopband Attenuation -35 dB
Delay Time 11.125/fg sec
De-emphasis Error -0.2 +0.55 dB
INTERNAL ANALOG FILTER
—3dB Bandwidth 100 kHz
Passband Response f = 20kHz -0.16 dB
POWER SUPPLY REQUIREMENTS
Voltage Range Vee = Vop = Vep 4.5 5 55 vDC
Supply Current: Iec + Ipp + Icp fs = 44.1kHz 20 24 mA
TEMPERATURE RANGE
Operation -25 +85 °C
Storage -55 +100 °C

NOTES: (1) Sysclk transient is the maximum frequency lock time when the PLL frequency is changed. (2) Dynamic performance specs are tested with 20kHz low
pass filter and THD+N specs are tested with 30kHz LPF, 400Hz HPF, Average-Mode. (3) SNR is tested at Infinite Zero Detection off. (4) PLL evaluations tested
with 1ns maximum jitter on the 27MHz input clock.
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PIN CONFIGURATION PIN ASSIGNMENTS

TOP VIEW SSop PIN | NAME [TYPE | FUNCTION
1 XTI IN Master Clock Input.
sl 24 | xT0 2 SCKO | OUT | System Clock Out. This output i§ 256fg or 384fs.
system clock generated by the internal PLL.
SCKO E 23 | PGND 3 Vep PWR | PLL Power Supply (+5V).
4 NC N/A No connection.
Ver E 22 | DGND 5 MCKO | Out | Buffered clock output of crystal oscillator.
NC | 4 21 | Vpp 61 ML IN Latch for serial control data.
7™ MC IN Clock for serial control data.
MCKO | 5 20 | RES .
8 MD IN Data for serial control.
ML| 6 19 [NC 9 | RSTB IN Reset Input. When this pin is low, the digital
filters and modulators are held in reset.
MC | 7 18 | LRCIN 10 ZERO OUT | Zero Data Flag. This pin is low when the input
MD | 8 17 | DIN data is continuously zero for more than 65, 535
cycles of BCKIN.
RSTB | 9 16 | BCKIN 11 | VourR | OUT | Right Channel Analog Output.
ZERO | 10 15 | cap 12 AGND | GND | Analog Ground.
13 Vee PWR | Analog Power Supply (+5V).
VourR E 14 | Vourk 14 Voutk OUT | Left Channel Analog Output.
AGND | 12 13 | Ve 15 CAP Common pin for analog output amplifiers.
16| BCKIN IN Bit clock for clocking in the audio data.
17@| DIN IN Serial audio data input.
18@ | LRCIN IN Left/Right Word Clock. Frequency is equal to fs.
19 NC N/A No connection.
PACKAGE INFORMATION 20 RES N/A Reserved for factory use, do not connect.
21 Vop PWR | Analog Power Supply (+5V).
PRODUCT PACKAGE PACEAS;B'E';@:V'NG 22 | DGND | GND | Digital Ground.
23 PGND GND | PLL Ground.
PCM1723E 24-Pin SSOP 338 24 XTO Out Crystal oscillator output.
NOTE: (1) For detailed drawing and dimension table, please see end of data Note: (1) Schmitt triger input with internal pull-up resistors. (2) Schmitt triger
sheet, or Appendix C of Burr-Brown IC Data Book. Input.

ABSOLUTE MAXIMUM RATINGS

Power Supply Voltage.....
+V¢c to +Vpp Difference
Input Logic Voltage
Input Current (except power supply) .
Power Dissipation ...
Operating Temperature Range
Storage Temperature .
Lead Temperature (soldering, 5s) .
Thermal Resistance, ;5

.+0.1V
—0.3V to (Vpp + 0.3V)
.. =10mA
.530mw
25°C to +85°C
—55°C to +125°C

The information provided herein is believed to be reliable; however, BURR-BROWN assumes no responsibility for inaccuracies or omissions. BURR-BROWN assumes no
responsibility for the use of this information, and all use of such information shall be entirely at the user’s own risk. Prices and specifications are subject to change without notice.
No patent rights or licenses to any of the circuits described herein are implied or granted to any third party. BURR-BROWN does not authorize or warrant any BURR-BROWN
product for use in life support devices and/or systems.
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TYPICAL PERFORMANCE CURVES

At Tp = +25°C, Ve = Vpp = Vep = 45V, fg = 44.1kHz, 16-bit input data, 384fg, unless otherwise noted. Measurement bandwidth is 20kHz.

DYNAMIC PERFORMANCE

THD+N (0dB) vs TEMPERATURE and THD+N (0dB) vs POWER SUPPLY VOLTAGE
Vo= 5V, 384fg T, = 25°C, 384
-70 -70
-75 =75
fs = 96k fs = 96k
— —_— / —~
g 80 g 80
z z
+ +
o [a)
I -85 I -85
= fg = 44.1k = fo = 44.1K
/ s
\ \
-90 -90
-95 -95
-25 0 25 50 75 85 4.5 5.0 55
Temperature (°C) Power Supply Voltage (V)
THD+N (0dB) vs SAMPLING RATE (fg) POWER SUPPLY CURRENT vs SAMPLING RATE (f5)
Ve =5V, T,=25°C Ve =5V, To=25°C
-70 30
-75 L —
< 384fg — |
— E
o _ =
z 80 2561 —] 5 ~ 2561
z 5 20
a 3 ———
I -85 >
= S
\\ o
@
384f,
-90 S
-95 10
44.1k 48k 88.2k 96k 44.1k 48k 88.2k 96k
Sampling Rate, fg (Hz) Sampling Rate, fg (Hz)
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TYPICAL PERFORMANCE CURVES

At Tp = +25°C, Vg = +5V, R = 44.1kHz, and fgyg = 384fs, unless otherwise noted.

DIGITAL FILTER

dB

Level (dB)

Level (dB)

Level (dB)

-100

-2

—6
-8
-10
-12

-2

-6
-8
-10
-12

OVERALL FREQUENCY CHARACTERISTIC

mu M\ / ’\"’\I \
|'|| | /
B
0 0.4536fg 1.3605fg 2.2675fg 3.1745fg 4.0815fg
Frequency (Hz)
DE-EMPHASIS FREQUENCY RESPONSE (32kHz)

5k 10k 15k 20k 25k
Frequency (Hz)

DE-EMPHASIS FREQUENCY RESPONSE (44.1kHz)

5k 10k 15k 20k 25k
Frequency (Hz)

DE-EMPHASIS FREQUENCY RESPONSE (48kHz)

5k 10k 15k 20k 25k
Frequency (Hz)

dB

Error (dB)

Error (dB)

Error (dB)

0.6
0.4
0.2

0.2
0.4
—0.6

0.6
0.4
0.2

-0.2
-0.4
-0.6

0.6
0.4
0.2

0.2
0.4
—0.6

PASSBAND RIPPLE CHARACTERISTIC

WA /NN

S —
0.1134fg 0.2268fg 0.3402fg 0.4535fg
Frequency (Hz)
DE-EMPHASIS ERROR (32kHz)
3628 7256 10884 14512
Frequency (Hz)
DE-EMPHASIS ERROR (44.1kHz)
I—
4999.8375 9999.675 14999.5125 19999.35
Frequency (Hz)
DE-EMPHASIS ERROR (48kHz)
5442 10884 16326 21768

Frequency (Hz)
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TYPICAL CONNECTION DIAGRAM PLL CIRCUIT

Figure 1 illustrates the typical connection diagram for PCM1723 has a programmable internal PLL circuit, as
PCM1723 in an MPEG2 application. The 27MHz master shown in Figure 2. The PLL is designed to accept a 27MHz
video clock (f;) drives XTI (pin 1) of PCM1723. A pro- master clock or crystal oscillator and generate all internal
grammable system clock is generated by the PCM1723 PLL,system clocks required to operate the digital filter Aad
with SCKO used to drive the MPEG2 decoder’s system modulator, either at 25gfor 384£, If an external master
clock input. The standard audio signals (data, bit clock, andclock is used, XTO should be connected to GND. The PLL
word clock) are generated in the decoder from PCM1723'swill directly track any variations in the master clock’s
system clock, providing synchronization of audio and video frequency, and jitter on the system clock is specified at
signals. 250ps maximum. Figure 3 illustrates the timing require-
ments for the 27MHz master clock. Figure 4 illustrates the
system clock connections for an external clock or crystal
oscillator.

I

1T +5V Analog
J,— Tzs Tzz TZl Ta

PGND DGND Vpp Vep
17 14
SERO DIN Vourlk O Lch Analog Out
Audio  goxo 16 Lk cAP
Decoder 18
LRCKO LRCIN
2
SYSCKI <|| SCKO
VourR O Rch Analog Out
Buffer
256/384f5 PCM1723 10
ZERO
1 6
—_| Master XTI ML STRB
SCR® PLL 27MHz CLK OUT 7
or 2 MC SCKO  System
PCR XTO MD [=— spo ~ Controller
] 9
- RSTB PIO
AGND Vg

PCR: Program Clock Reference

C
12 13
NOTE: (1) SCR: System Clock Reference i O +5V Analog

FIGURE 1. Connection Diagram for External Master Clock in a Typical MPEG2 Application.

Sampling Frequency Selection
256f4/384f5 Selection

<z

| N Counter I—‘
Frequency Phase Detector

Selection ROM and Loop Filter veo

L (e
‘ l Y
] [+] [5] 2]

XTO XTI MCKO PLL Generated
System Clock Out

Oscillator

FIGURE 2. PLL Block Diagram.

1/27MHz

tey: 10ns (min) iy (Viy = Vpp) : 4mA max
ter: 15ns (min) I, (V,.=0) : 700pA max

FIGURE 3. XTI Input Timing.
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27MHz
Out

27MHz Internal Master Clock

External Clock

PCM1723

CRYSTAL RESONATOR CONNECTION

EXTERNAL CLOCK INPUT

27MHz Internal Master Clock

PCM1723

FIGURE 4. System Clock Connection.

‘ 1/

! L_ch

LRCIN (pin 4) *
BCKIN (pin 6) N

i
I
AUDIO DATA WORD = 16-BIT |

DIN (pin5) 14

\
LSB MSB |
AUDIO DATA WORD = 20-BIT |
777777777777 I
DIN (pin5) 18 [ 19 20]] [1T2]3fF------- {18]19]20 [1]2]3fF------- {18]10]20]
L \ 777777 \ / !
| MSB LSB MSB LSB :
AUDIO DATA WORD = 24-BIT | !
DIN(in5)  |23|24] [t J22T23]24] [1]2]s]-——----- {22]23]24]
L L \ / |
MSB LSB MSB LSB
FIGURE 5. “Normal” Data Input Timing.
‘ 1t ‘
| 1 !
LRCIN (pin 4) } Lch [ R_ch

;0;
BCKIN (pin 6)
I
I
AUDIO DATA WORD = 16-BIT

I
] ]
I I
I I
DIN(pin5) [1]2]s] Jaa]us[as] [1]2]s]----Juafas]s] 2
I I I
| \MSB LsB | MSB LsB |
AUDIO DATA WORD = 20-BIT ! ! !
ongns)  [1]eJs[-——--- Twefeefo]  [afefsf--——---—-- ] E N Y P
| \ | |
| MSB LsB | MsB LsB |
AUDIO DATA WORD = 24-BIT ! | |
ongns)  [1JeJs[—-—-—--- {2J2s]ea]  [afefa[-—-—-—--———- {e2]2s[a]  [1]c
| | \ |
MSB LsB MSB LsB
FIGURE 6. “BS” Data Input Timing.
BURR - BROWN®
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BCKIN Pulse Cycle Time
BCKIN Pulse Width High
BCKIN Pulse Width Low

DIN Set-up Time
DIN Hold Time

BCKIN Rising Edge to LRCIN Edge
LRCIN Edge to BCKIN Rising Edge

tgcy |+ 100ns (min)
tgey | 2 50Ns (min)
tacL 50ns (min)
el 30ns (min)
ts 30ns (min)
tos 30ns (min)
ton 30ns (min)

FIGURE 7. Audio Data Input Timing.

PCM1723's internal PLL can be programmed for nine
different sampling frequencies (LRCIN), as shown in Table
I. The internal sampling clocks generated by the various

SPECIAL FUNCTIONS

PCM1723 includes several special functions, including digi-
tal attenuation, digital de-emphasis, soft mute, data format

programmed frequencies are shown in Table Il. The systemselection and input word resolution. These functions are

clock output frequency for PCM1723 is 100% accurate.

Sampling Frequencies-LRCIN (kHz)

Half of Standard Sampling Freq 16 22.05 24
Standard Sampling Freq 32 441 48
Double of Standard Sampling Freq 64 88.2 96

TABLE |. Sampling Frequencies.

controlled using a three-wire interface. MD (pin 8) is used
for the program data, MC (pin 7) is used to clock in the
program data, and ML (pin 6) is used to latch in the program

data. Table Il lists the selectable special functions.

FUNCTION

DEFAULT MODE

Input Audio Data Format Selection
Normal Format
12S Format

Normal Format

Input Audio Data Bit Selection

Sampling g .
Frequency System Clock  |System Clock 16/20/24 Bits 16 Bits
(LRCIN) 256fg 384fg Input LRCIN Polarity Selection
Lch/Rch = High/Low Lch/Rch = High/Low
16kHz Half 4.096MHz 6.144MHz Lch/Reh = LowiHigh
32kHz Standard 8.192MHz 12.288MHz De-emphasis Control OFF
64kHz Double 16.384MHz 24.576MHz Soft Mute Control OFF
22.05kHz Half 5.6448MHz 8.4672MHz Attenuation Control 0dB
44.1kHz Standard 11.2896MHz 16.9344MHz Lch, Reh Individually Lch, Reh Individually Fixed
88.2kHz Double 22.5792MHz 33.8688MHz Lch, Reh Common
24kHz Half 6.144MHz 9.216MHz Infinite Zero Detection Circuit Control OFF
48kHz Standard 12.288MHz 18.432MHz Operation Enable (OPE) Enabled
96kHz Double 24.576MHz 36.864MHz Sample Rate Selection
Internal System Clock Selection
TABLE Il. Sampling Frequencies vs Internal System 256fs 384fg
384fg

Clock (= Output Frequencies of PLL).

Frequency error of generated system clock by programmed
PLL is less thant0.03ppm due to high accuracy PLL
construction.

To provide MCKO clock and SCKO clock for external

Double Sampling Rate Selection
Standard Sampling Rate—44.1/48/32kHz
Double Sampling Rate—88.2/96/32kHz
Half Sampling Rate—22.05/24/16kHz
Sampling Frequency

Standard Sampling Rate

circuit, external buffer circuit is effective to avoid degrading
audio performance.

44.1kHz Group 44.1kHz
48kHz Group
32kHz Group
Analog Output Mode
L, R, Mono, Mute Stereo

BURR - BROWN®
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MAPPING OF PROGRAM REGISTERS

Bl5 B4 B3 B2 Bl BIO B9 B3 B7 BS B5 B4 B3 B2 Bl BO
MODEO [ res | res | res [ res | res | AL | o [ oL | a7z [ A6 | As | A [ a3 ] A2 | A A |
MODEL [ res | res | res | res | res | AL | Ao | LDR| AR7 [ AR6 | ARS | AR4 | AR3 | AR2 | AR1 [ ARO |
MODE2 [ res | res | res | res | res | A1 | Ao [ P3| P2 [ 1| Po | w1 | wo | opE | DEM [ muT |
MODE3 [ res | res | res | res | res | A1 | Ao | iz [ sF1 [ sFo [ psri|Dsro| sys | atc [ LrRP [ ps |

PROGRAM REGISTER BIT MAPPING

loaded into ALO:AL7, but it will not affect the attenuation

PCM1723's special functions are controlled using four pro- level until LDL is set to 1. LDR in Register 1 has the same
gram registers which are 16 bits long. These registers are affunction for right channel attenuation.

loaded using MD. After the 16 data bits are clocked in, ML Attenuation Level (ATT) can be controlled as following
is used to latch in the data to the appropriate register. TableResistor set AL (R) (7:0).

IV shows the complete mapping of the four registers and
Figure 8 illustrates the serial interface timing.

REGISTER BIT
NAME NAME DESCRIPTION
Register 0 AL (7:0) DAC Attenuation Data for Lch
LDL Attenuation Data Load Control for Lch
A (1:0) Register Address
Res Reserved
Register 1 AR (7:0) DAC Attenuation Data for Rch
LDL Attenuation Data Load Control for Rch
A (1:.0) Register Address
Res Reserved
Register 2 MUT Left and Right DACs Soft Mute Control
DEM De-emphasis Control
OPE Left and Right DACs Operation Control
IW (1:0) Input Audio Data Bit Select
PL (3:0) Output Mode Select
A (1:0) Register Address
res Reserved
Register 3 12S Audio Data Format Select
LRP Polarity of LRCIN (pin 7) Select
ATC Attenuator Control
SYs System Clock Select
DSR (1:0) Double Sampling Rate Select
SF (1:0) Sampling Rate Select
1ZD Infinite Zero Detection Circuit Control
A (1:.0) Register Address
Res Reserved

TABLE V. Internal Register Mapping.

REGISTER 0 (A1 = 0, A0 = 0)

B15 B14B13 B12 B11B10 B9 B8 B7 B6 B5 B4 B3 B2 Bl BO
|res | res |res| res | res | Al |A0 |LDL |AL7|AL6|AL5|AL4|AL3|AL2|AL1|ALO|

Register 0 is used to control left channel attenuation. Bits
0 - 7 (ALO - AL7) are used to determine the attenuation
level. The level of attenuation is given by:

ATT = [20 log10 (ATT_DATA/255)] dB

ATTENUATION DATA LOAD CONTROL

Bit 8 (LDL) is used to control the loading of attenuation data
in BO:B7. When LDL is set to 0, attenuation data will be

AL (R) (7:0) ATT LEVEL
00h -0odB (Mute)
01h —48.16dB
FEh —-0.07dB
FFh 0dB

REGISTER 1 (A1 =0, A0 = 1)

B15 B14 B13 B12 B11 B10 B9 B8 B7 B6 B5 B4 B3 B2 Bl BO
|res |res |res |res |res | Al | A0 |LDR|AR7|AR6|AR5|AR4|AR3|AR2|AR1|ARO|

Register 1 is used to control right channel attenuation. As
in Register 1, bits 0 - 7 (ARO - AR7) control the level of
attenuation.

REGISTER 2 (Al = 1, AO = 0)

B15 B14 B13 B12 B11 B10 B9 B8 B7 B6 B5 B4 B3
| resl resl resl resl resl Al | A0 |PL3|PL2| PL1|PLO| IW1| IwWo |OPE|DEM|MUTE|

B2 Bl BO

Register 2 is used to control soft mute, de-emphasis, opera-
tion enable, input resolution, and output format. Bit 0 is used
for soft mute: a “HIGH” level on bit 0 will cause the output

to be muted (this is ramped down in the digital domain, so
no “click” is audible). Bit 1 is used to control de-emphasis.
A “LOW” level on bit 1 disables de-emphasis, while a
“HIGH" level enables de-emphasis.

Bit 2, (OPE) is used for operational control. Table V illus-
trates the features controlled by OPE.

SOFTWARE MODE
DATA INPUT DAC OUTPUT INPUT
(1)
OPE=1 Zero Forced to BPZ Enabled
Other Forced to BPZ(®) Enabled
Zero Controlled by 1ZD Enabled
OPE=0
Other Normal Enabled

TABLE V. Operation Enable (OPE) Function.

BURR - BROWN &
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OPE controls the operation of the DAC: when OPE is REGISTER 3 (A1 =1, A0 = 1)
“LOW?", the DAC will convert all non-zero input data. If the
input data is continuously zero for 65, 536 cycles of BCKIN,
the output will be forced to zero only if 1ZD is “HIGH".
When OPE is “HIGH”, the output of the DAC will be forced
to bipolar zero, irrespective of any input data.

B15 B14 B13B12B11 B10 B9 B8 B7 B6 B5 B4 B3 B2 Bl BO
| res | resl resl resl res | All A0 | 1ZD |SF1|SFO |DSR1|DSRD|SYS|ATC| LRPl IZS|

Register 3 is used to control input data format and polarity,
attenuation channel control, system clock frequency, sam-
pling frequency and infinite zero detection.

DATA INPUT DAC OuTPUT Bits 0 (PS) and 1 (LRP) are used to control the input data
ZD=1 Zero Forced to BPZW format. A “LOW” on bit O sets the format to “Normal”
Other o (MSB-first, right-justified Japanese format) and a “HIGH”
1ZD =0 é;rsr ;E:;(a)l sets the format to?§ (Philips serial data protocol). Bit 1
(LRP) is used to select the polarity of LRCIN (sample rate
TABLE VI. Infinite Zero Detection (1ZD) Function. clock). When bit 1 is “LOW?”, left channel data is assumed
when LRCIN is in a “HIGH” phase and right channel data
SOFTWARE is assumed when LRCIN is in a “LOW” phase. When bit
MODE 1 is “HIGH?”, the polarity assumption is reversed.
AR A O il Bit 2 (ATC) is used for controlling the attenuator. When
RSTB = "HIGH" Zero Conuoled by OPE and 20 §_ Enavled bit 2 is “HIGH", the attenuation data loaded in program
Other Controlled by OPE and 1ZD Enabled X X ’ i
A T Forced 0 BPZO Dieabled l:F)z_egls_ter“ Ois E,Jsed for both left and right channels. When
Other Forced to BPZO Disabled it 2 is “LOW", the attenuation data for each register is

. applied separately to left and right channels.
TABLE VII. Reset (RSTB) Function. } ) ) o
NOTE: (1) AY is disconnected from output amplifier. (2) AY is connected to Bit 3 (SYS) is the SyStem clock sel_ectlon. When bit 3 is
output amplifier. “LOW”, the system clock frequency is set to 384iVhen
bit 3 is “HIGH”, the system clock frequency is set to 256f

Bits 3 (IW0) and 4 (IW1) are used to determine input word Bits 4 (DSRO) and 5 (DSR1) are used to control multiples
resolution. PCM1723 can be set up for input word resolu- of the sampling rate:
tions of 16, 20, or 24 bits:

DSR1 DSRO Multiple
Bit 4 (IW1) Bit 3 (IW0) Input Resolution 0 0 Normal 32/44.1/48kHz
0 0 16-bit Data Word 0 1 Double 64/88.2/96kHz
0 1 20-bit Data Word 1 0 One-half 16/22.05/24kHz
1 0 24-bit Data Word 1 1 Reserved Not Defined
1 1 Reserved

Bits 6 (SF0) and 7 (SF1) are used to select the sampling
Bits 5, 6, 7, and 8 (PLO:3) are used to control output format.frequency:
The output of PCM1723 can be programmed for 16 differentgj; g 5 ysed to control the infinite zero detection function

states, as shown in Table VIII. (1ZD).
PLO | PL1 | PL2 | PL3 | Lch OUTPUT Rch OUTPUT NOTE
0 0 0 0 MUTE MUTE MUTE SF1 SFO Sampling Frequency
0 0 0 1 MUTE R 0 0 44.1kHz group 22.05/44.1/88.2kHz
0 0 1 0 MUTE L 0 1 48kHz group 24/48/96kHz
o f o wE | R D 2| TR Not Defned
0 1 0 0 R MUTE
0 1 0 1 R R
o | 1|10 R L REVERSE When 1ZD is “LOW?”, the zero detect circuit is off. Under
S I R R L+R)y2 this condition, no automatic muting will occur if the input
tjpopogo L MUTE is continuously zero. When 1ZD is “HIGH”, the zero detect
i g ‘1) ; t T STEREO feature is enabled. If the input data is continuously zero for
ol 1l L L+ RY2 65, 536 cycle_s of BCKIN, the output will be |mmed|§tely
P PR B I L+ R)2 MUTE forced toa bipolar zero state &IZ). The zero detection
1l 1ol 1 L+R)2 R feature is used to avoid noise which may occur when the
111l 1] o L+R)2 L input is DC. When the output is forced to bipolar zero,
1 1] 1|1 (L +R)2 (L +R)2 MONO there may be an audible click. PCM1723 allows the zero
detect feature to be disabled so the user can implement an
TABLE VIII. Programmable Output Format. external muting circuit.

BURR - BROWN®
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ML (pin 6) f
MC(p|n7)fffffffffff'flffff

mD (pin8)  [p1sB14]B13B12|B11|B10[ Bo [BE [ B7[B6 [ B5[B4 [ B3] B2]B1]BO]

FIGURE 8. Three-Wire Serial Interface.

MC Pulse Cycle Time tvey 100ns (min)
MC Pulse Width LOW tmeL 50ns (min)
MC Pulse Width HIGH tmeH 50ns (min)

MD Setup Time tvps 30ns (min)
MD Hold Time tvoH 30ns (min)
ML Low Level Time taie 30ns + 1SYSCLK (min)
ML High Level Time taH 30ns + 1SYSCLK (min)
ML Setup Time tuis 30ns (min)
ML Hold Time tanH 30ns (min)

SYSCLK: 1/256f or 1/384fg

FIGURE 9. Program Register Input Timing.

APPLICATION
CONSIDERATIONS

DELAY TIME

There is a finite delay time in delta-sigma converters. In A/D sional applications such as broadcast audio for studios, it is
converters, this is commonly referred to as latency. For aimportant for total delay time to be less than 2ms.
delta-sigma D/A converter, delay time is determined by the

order number of the FIR filter stage, and the chosen samplingoyTPUT FILTERING

rate. The following equation expresses the delay time ofFor testing purposes all dynamic tests are done on the

PCM1723: PCM1723 using a 20kHz low pass filter. This filter limits
Tp = 11.125x 1/fg the measured bandwidth for THD+N, etc. to 20kHz. Failure

to use such a filter will result in higher THD+N and lower
For fs = 44.1kHz, |, = 11.125/44.1kHz = 25114 SNR and Dynamic Range readings than are found in the

Applications using data from a disc or tape source, such asPecifications. The low pass filter removes out of band
CD audio, CD-Interactive, Video CD, DAT, Minidisc, etc., N0ise. Although it is not audible, it may affect dynamic
generally are not affected by delay time. For some profes-SPecification numbers.

BURR - BROWN &
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The performance of the internal low pass filter from DC to RSTB = LOW. For internal power on reset, initialize (reset)
24kHz is shown in Figure 10. The higher frequency rolloff is done automatically at power onp,y>2.2V (typ). During

of the filter is shown in Figure 11. If the user’s application internal reset = LOW, the output of the DAC is invalid and
has the PCM1723 driving a wideband amplifier, it is recom- the analog outputs are forced tg¥2. Figure 13 illustrates
mended to use an external low pass filter. A simple 3rd- the timing of internal power on reset.

order filter is shown in Figure 12. For some applications, a pcyp1723 accepts an external forced reset when RSTB = L.

passive RC filter or 2nd-order filter may be adequate. During RSTB = L, the output of the DAC is invalid and the
analog outputs are forced tq-Y2 after internal initialize

Reset (1024 system clocks count after RSTB = H.) Figure 14

PCM1723 has both internal power-on reset circuit and thelllustrates the timing of RSTB pin reset.

RSTB pin (pin 9) which accepts an external forced reset by

INTERNAL ANALOG FILTER FREQUENCY RESPONSE INTERNAL ANALOG FILTER FREQUENCY RESPONSE
(20Hz~24kHz, Expanded Scale) (10Hz~10MHz)
1.0 10

dB
dB

L

o

A1

20 100 1k 10k 24k 10 100 1k 10k 100k M 10M
Frequency (Hz) Frequency (Hz)

FIGURE 10. Low Pass Filter Frequency Response. FIGURE 11. Low Pass Filter Wideband Frequency Response.

GAIN vs FREQUENCY

6 90
N Gain
L
-14 e 0
1500pF o -34 \‘ -90 ©
2 Py
2]
5 g
O -54 -180 &
Vsin Phase N
. L Iﬁ 74 ™ Nl 270
= = = | T
—94 -360
100 1k 10k 100k iM

Frequency (Hz)

FIGURE 12. 3rd-Order LPF.
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26V |-
Vece/Vop 2.2V
1.8V

Reset

! |
Internal RESE'[I | | [ I—

- Reset Removal

i 1024 system (= XTI) clocks |

mo A OOOC nnoonnnn

FIGURE 13. Internal Power-On Reset Timing.

1024 system (XTI) clocks

I
‘
|
Internal Reset ‘
T 1
I
I
I
.

XTI Clock k*ﬂﬂﬂﬂrf*****ﬂﬂﬂﬂﬂﬂ”**

NOTE: (1) tggr = 20ns min

FIGURE 14. RSTB-Pin Reset Timing.

POWER SUPPLY
CONNECTIONS

PCM1723 has three power supply connections: digitgh\V

analog (M), and PLL (\p). Each connection also has a POWZ'?gi'pp,y Povf;a;gpmy
separate ground return pin. It is acceptable to use a common

+5V power supply for all three power pins. If separate ———

supplies are used without a common connection, the deltg ) > \

between the supplies during ramp-up time must be less thai +—

0.6V. An application circuit to avoid a power-on latch-up

e L v Ver V
condition is shown in Figure 15. o e

DGND AGND
BYPASSING POWER SUPPLIES é /7;7
The power supplies should be bypassed as close ajf
possible to the unit. Refer to Figure 18 for optimal values of
bypass capacitors. Its is also recommended to include g
0.1uF ceramic capacitor in parallel with thepEtantalum - —
capacitor. FIGURE 15. Latch-up Prevention Circuit.

BURR - BROWN &
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THEORY OF OPERATION AC-3 APPLICATION CIRCUIT

. . ) typical application for PCM1723 is AC-3 5.1 channel
The Qelta-5|gma_sectlon of PCM1723 is b‘?‘sed ona 5'Ie\/fer:l\udio decoding and playback. This circuit uses PCM1723 to
amplitude quantizer and a 3rd-order noise shaper. Th'sdevelop the audio system clock from the 27MHz video
section converts the oversampled input data to 5-level delta‘clock, with the SCKO pin used to drive the AC-3 decoder
sigma format. and two PCM1720 units, the non-PLL version of PCM1723.
A block diagram of the 5-level delta-sigma modulator is
shown in Figure 16. This 5-level delta-sigma modulator has

the advantage of stability and clock jitter sensitivity over the

3rd ORDER AX MODULATOR

typical one-bit (2 level) delta-sigma modulator. 20
The combined oversampling rate of the delta-sigma modu- o
lator and the internal 8X interpolation filter is 48br a 20
384f; system clock, and 64for a 256§ system clock. The

theoretical quantization noise performance of the 5-level| & 0
delta-sigma modulator is shown in Figure 17. T 60
S -80

O]
-100
Multi Lavel """ _120

I T o Pt

""" Delta Sigma _160

0 5 10 15 20 25
Frequency (kHz)

FIGURE 17. Quantization Noise Spectrum.

+ +
zZ-1 I + - 71

5-level Quantizer

Out .
48f (384fg)
641 (256fs)

FIGURE 16. 5-LevelX> Modulator Block Diagram.
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BCKO = 20 19
AC-3
LRCKO DGND V,
Audio 14| ook D\L/’ i EE Post Analog Left-Channel
Decoder out Low Pass Mute Front Speaker
16 Filter
DO_0 LRCIN
DO_1 15 13 2000
Do 2 DIN CAP .
= 2 10pF
SYSCKI SCKI T
PCM1720
Vo R 9 Post Analog Right-Channel
out Low Pass Mute Front Speaker
Filter
4
ML T
5
mc ZERO 8 Mute
6 Control
MD
7
RSTB
R AGND Vee
STRB == 10 11
q [} 3.3uF
WP SCKO ',‘—> ,: s +5V Analog
SDO v // =
Nl B3
/ 10pF
| [+
Three-wire I/F N I +5V Analog
(Serial I/0) 3 = 20 19
DGND V,
14 ackin [1? i EX Post Analog Left-Channel
out Low Pass Mute Surround Speaker
16 Filter
LRCIN
200Q
15
DIN CAP 13 "
10pF
2 K
SCKI T
PCM1720
v rl® Post Analog Left-Channel
out Low Pass Mute Surround Speaker
Filter
4
’ ML T
5
mcC zero |8 Mute
6 Control
MD
7
RSTB
AGND Vee
10 11
3.3pF
}* +5V Analog
T 10pF
}* +5V Analog
= 23 22 IZl (3
PGND DGND Vpp Ve
16 14 Post Analo
BCKIN Vourk Low Pass Muteg Center Channel
Master Clock 18 Filter
Generator LRCIN
or 17 DIN 15
PLL CAP 1+ Lo
i
2 |[scko 1
Buffer PCM1723
1 11 Post Analog
XTI VourR Low Pass Mute Sub-Woofer
Filter
6
ML
7 10 Mute
MC ZERO Control
8
MD
9
Reset RSTB 24
AGND  Vee | L
12 lm .
} T +5V Analog
— 3.3uF

FIGURE 18. Connection Diagram for a 6-Channel AC-3 Application.
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