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ANALOG
DEVICES AC '97 SoundMAX® Codec

AD1881

AC '97 2.1 FEATURES ENHANCED FEATURES
Variable Sample Rate Mabile Low Power Mixer Mode
True Line-Level Output Digital Audio Mixer Mode

DSP 16-Bit Serial Part Format, Slot 16 Mode

AC '97 FEATURES J
Supports All Required WHQL Sample Rates

Fully Compliant AC '97 Analog 1/O Component

48-Lead LQFP Package Full Duplex Variable 7 kHz to 48 kHz Sampling Rate

Multibit XA Converter Architecture for Improved
S/N Ratio greater than 90 dB
16-Bit Stereo Full-Duplex Cadec

with 1 Hz Resolution
Phat™ Stereo 3D Stereoc Enhancement
Split Power Supplies (3.3 V Digital/5 V Analag)
Extended 6-Bit Master Volume Caontrol
Audio Amp Power-Down Signal

Power Management Suppo
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AD1881—SPECIFICATIONS

STANDARD TEST CONDITIONS UNLESS OTHERWISE NOTED

Input —3.0 dB Relative to Full-Scale

Temperature 25 °C DAC Test Conditions
Digital Supply (Vpp) 3.3/5.0 v Calibrared
Analog Supply (Vee) 5.0 \Y
Sample Rate (Fs) 48 kHz Input 0 dB
Input Signal 1008 Hz 10 kQ Ourput Load
ADC Test Conditions
Calibrated
0 dB Gain
ANALOG INPUT

—3 dB Arrenuation Relarive to Full-Scale

Input Capacitance*

MASTER VOLUME

Parameter

Step Size (0 dB to —94.5 dB); LINE_OUT_L, LINE_OUT R —~J 15 dB

Ourpur Attenuation Range Span* -94.5

Step Size (0 dB o —46.5 dB); MONO_OUT 1.5

Output Attenuation Range Span™ —46.5 dB

Mute Attenuation of 0 dB Fundamental* 80 B
N .

PROGRAMMABLE GAIN AMPLIFIER—ADC

Parameter Min Typ Max Units

Step Size (0 dB to 22.5 dB) 1.5 dB

PGA Gain Range Span 22.5 dB

ANALOG MIXER—INPUT GAINJAMPLIFIERS/ATTENUATORS B

Parameter Min Typ Max | Units

Signal-to-Noise Ratio (SNR)

CD to LINE OUT 50 dB

Other to LINE OUT 90 dB
Step Size (+12 dB to —34.5 dB): (All Steps Tested)

MIC, LINE_IN, AUX, CD, VIDEO, PHONE_IN, DAC 1.5 dB
Input Gain/Attenuation Range: MIC, LINE, AUX, CD, VIDEQ, PHONE_IN, DAC 46.5 | dB
Step Size (0 dB to —45 dB): (All Steps Tested) PC_BEEP 3.0 | dB
Input Gain/Artenuation Range: PC_BEEP 45 [ dB

*Guarantced, not tested.
Specifications subject to change without notice.

REV. 0
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AD1881

DIGITAL DECIMATION AND INTERPOLATION FILTERS*

Parameter Min Typ Max Units
Passband o} 0.4xFs | Hz
Passband Ripple +0.09 dB
Transition Band 0.4 x Fg 0.6 x Fg Hz
Stopband 0.6 x Fg oo Hz
Stopband Rejection ~74 dB
Group Delay 12/Fs sec
Group Delay Variation Over Passband 0.0 Ls
ANALOG-TO-DIGITAL CONVERTERS
Parameter Min Typ Max Units
Resolution 16 Bits
armonic Distortion (THD) 0.02 %
-74 dB
Input THD+N Referenced to Full Scale, A-Weighted) 85 87 dB
Distortion* (CCIF Method) 85 dB

t R, Ground L, Read L) -100 50

dB
00 —85 dB
rmnal 1 p i Yo
ors) ; dB
+ mV

DIGITAL-TO-ANALOG CONV%‘ERS/ \\ / / / /
~—" /]

Parameter

Resolution %
Total Harmonic Distortion (THD) LINE _OUT, LNLVL. OUT

Dynamic Range (—60 dB Input THD+N Referenced to Full Scale, A-Weighted)

Signal-to-Intermodulation Distortion* (CCIF Method)

Gain Error (Full-Scale Span Relative to Nominal Input Voltage)

Interchannel Gain Mismarch (Difference of Gain Errors)

DAC Crosstalk* (Input L, Zero R, Measure R_OUT; Input R, Zero L,
Measure [._OUT)

Total Audible Out-of-Band Energy (Measured from 0.6 x Fg to 20 kHz)*

ANALOG OUTPUT

Parameter Min Typ Max Units
Full-Scale Output Voltage 1 V rms
(LINE_OUT, INLVL_OUT) 2.83 V p-p
Output Impedance* 500 Q
External Load Impedance* 10 k2
Output Capacitance* 15 pF
External Load Capacitance 100 pF
Vibish 2.0 2.2 2.4 Y
VREF_OU"T 2.2 \%
VREF_OUT Current DTiVe 5 lTlA
Mute Click (Mured Output Minus Unmuted Midscale DAC Outpur) +5 | mV

*Guarantced, not tested.
Specifications subject to change without notice.

REV. 0 —3-
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STATIC DIGITAL SPECIFICATIONS
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Parameter Min Typ | Units
High Level Input Voltage (Viy): Digital Inputs 0.65 x DVpp A"
Low Level Input Voltage (V) 035xDVpp | V
High Level Output Voltage (Vou), Iog = —0.5 mA 0.9 x DVpp |V
Low Level Ourtpur Voltage (Vor), Ior = +0.5 mA 0.1 x DVpp \%
Inpur Leakage Current -10 10 HA
Output Leakage Current -10 10 pA
POWER SUPPLY ) o B
Parameter Min Typ Max Units
Power Supply Range — Analog 4.75 5:25 v
Power Supply Range — Digital (5/3.3 V) 4.75/3.0 5.25/3.6 A"
2 . 520 mW
330 mW
40 mA
63 mA
40 mA
40 dB
CLOCK SPECIFI%NS*/ W\ \\) / / ) / / /\
Parameter / / / / Qh\ Units

Input Clock Frequency
Recommended Clock Duty Cycle

\\_//7

POWER-DOWN MODE

\4\4}[2.\
[~
DVpp 3.3V) w V) Z%
Parameter Set Bits Typ Typ Units
ADC PRO 31 26 ~may
DAC PRI 31 24 mA
ADC and DAC PRI, PRO 6 18 mA
ADC + DAC + Mixer (Analog CDOn)  LPMIX, PRI, PRO 6 10 mA
Mixer PR2 35 16 mA
ADC + Mixer PR2, PRO 31 10 mA
DAC + Mixer PR2, PRI 31 8 mA
ADC + DAC + Mixer PR2, PRI, PRO 6 2 mA
Analog CD Only (AC-Link On) L PMIX, PR5, PRI, PRO 6 10 mA
Analog CD Only (AC-Link Off) I PMIX, PRI, PRO 0 10 mA
Standby PR5, PR4, P43, PR2, PRI, PRO 0 0.13 mA

*Guarantced, not tested.
Specifications subject to change without notice.

REV. 0
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AD1881

TIMING PARAMETERS (GUARANT EED OVER OPERA'I'ING TEMI‘ERATURE RANGE)

Parameter Symbol Min Typ Max | Units
RESET Active Low Pulsewidth tRST LOwW 50 ns
RESET Inactive to BIT_CLK Startup Delay TRST2CLK 833 Lis
SYNC Active ngh Pulsewidth TsyNe HIGH 80 ns
SYNC Low Pulsewidth TeyNC LOwW 19.5 Hs
SYNC Inactive to BIT CLK Staﬂllp Delay tsv~IczoLe 162.8 ns
BIT _CLK Frequency 12.288 MHz
BIT_CLK Period LCLK_PERIOD 81.4 ns
BIT_CLXK Output Jitter! 750 ps
BIT_CLK High Pulsewidth TCLK_HIGH 36.62  40.69 44.76 | ns
BIT_CIK Low Pulsewidth toLr Low 36.62  40.69 44.76 | ns
SYNC Frequency 48.0 [ kHz
SYN( Penod ISyNC PERIOD | 20.8 Hs
~ tSE'TUP | 5 ns
THoLD | 5 | ns
TRISECLK |2 4 10 ' ns
TFALL LI 2 4 10 ns
TRISES YO 2 4 10 ns
TEALLSYNCG 2 4 10 ns
tRISEDN 2 4 10 ns
TEALL DY 2 4 10 ns
TRISED 2 4 10 ns
bDATA _OuUT I*all Time tEALL & 4 10 ns
End of Slor 2 to BIT_CLK, SDATAS sz pobwhy 10 ms
Setup to Trailing Edge of RESET (Applies to S tsrries 15 ns

Rising Edge of RESET to HI-Z Delay (ATE Test Mo
Propagation Delay

NOTES
'Output jitter is dircctly dependent on crystal input jitter.
Specifications subject to change without notice.

REV. 0
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AD1881

ABSOLUTE MAXIMUM RATINGS* ORDERING GUIDE
Parameter Min | Max Units Temperature 1 Package Package
. At
Power Supplies Model Range Description Option
Digital (Vpp) -0.3 | 6.0 v ADI1881]JST | 0°Cto +70°C 48-Lead LQFP ST-48
Analog (Vee) -0.3 | 6.0 \Y n .
; ST =Tt ad Flatpack.
Input Current (Except Supply Pins) +10.0 mA hin Quad Flatpac
Analog Input Voltage (Signal Pins) | —0.3 | Vee+0.3 |V ENVIRONMENTAL CONDITIONS
Digital Input Voltage (Signal Pins) | -0.3 | Vpp+ 0.3 |V Ambient Temperature Rating
Ambient Temperature (Operating) | O +70 “C T = Tonsti~ PD X 0ex)
Storage Temperature —65 +150 o ']—:CASL = Case Temperamre in °C
*Stresses greater than those listed under Absolute Maximum Ratings may causc PD = Power Dissiparion in W
permancnt damage to the device. This is a stress rating only; functional cperation 8(‘*‘. = Thermal Resistance (Case-to-Ambient)
of the device at these or any other conditions above those indicated in the a 7 = Thermal Resistance (Junction-to-Ambient)
opcr'ltlorml scction of this specificationisnotimplicd. Exposure to absolu te maximum em = Th 1 Rasi g Cise
sapditions for extended periods may affect device reliability. o = CFIA sistance (Juncrion-to-Case)
Package Bra B | Bca
LQFP 76.2°C/\W 17°C/\Y | 59.2°C/\W

igh as 4000 V

ldctjostatic charges|as

ESD (electrostatic dis ge) se W
accumulate on the human body /

PIN CONFIGURATION
48-Lead LQFP

g € o
ﬁ F4 1 J 5
S & 3 8 3
£, PR g
58B88ggz323z8
,r"‘ﬂl“T |[+6][a5 [aa][a3 [z ] a1 a0 ] 35|38 ][ 57
DVDD1 [T . 36| LINE_OUT_R
T [2] N en [35] LINE_oUT L
XTL_ouT [ 3] 34| Cx3D
pvss [4 33| RX3D
SDATA_OUT |6 32| FILT_L
BIT_CLK [§] 5021:21 31| FLT_R
ovasz 7] (Not to Scale) 30| AFILT2
SDATA_IN [ 8] 23| AFILT1
pvDDZ |8 (28| vREFOUT
sync [10 27| vREF
RESET |11 26| avss
PC_BEEP [12] 25| avpbD1
[13][14 15|16 17 [18][1s [[20]21 ] 22 23] 24]
Z-@C ar- @
ngﬂc'g ggéz
g¥88 ¢ Yy
S a5
8

NC = NO CONNECT

REV. 0
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PIN FUNCTION DESCRIPTIONS

Digital VO e .
Pin Name LQFP Lo Description
XTL IN 2 1 Crystal (or Clock) Input, 24.576 MHz.
X I OT 3 O Crystal Output.
SDATA_OUT 5 1 AC-Link Serial Dara Qurpur, AD1881 Input Stream.
BIT CLK 6 O1* AC-Link Bit Clock. 12.288 MHz Serial Data Clock. Daisy Chain Ourpur Clock.
SDATA IN 8 0 AC-Link Serial Data Inpur. AD1881 Qurtpur Stream.
SYNC 10 1 AC-Link Frame Sample Sync 48 kHz Fixed Rate.
RESET 11 1 AC-Link Reset. AD1881 Master H/W Reset.
*Input if configurcd as a slave device.
Daisy Chain Connections -
Type | Description
1 Daisy Chain Codec Select LSB, ADC/DAC Right Bit Sreams.
1 Daisy Chain Codec Select MSB, ADC/DAC Left Bir Streams.
O External Amp Power-Down Control Signal, Default 1O, Active HI
1 Daisy Chain Data Input for Data from Slave Codecs SDATA_IN.

\}Xi?ﬁ MHz Buffered Clock Input/Output for Slave Codecs.

g gources and\s

These signals conn ks, ;"Huding microphones and speakers.
PioName | T o phdifeon ) [/~
PC_BEEP 12 ~——_rC PC Speajfe assthrough. [ [~
PHONE IN 13 1 Phone. Telkphbony system Spe hone or Handse
AUX L 14 1 Auxiliary t Ch

AUX R 15 I Auxiliary Input Right

VIDEO L. 16 I Video Audio Left Channel.

VIDEO_R 17 1 Video Audio Right Channel.

CD_L 18 | CD Audio Left Channel.

CD_GND_REF 19 1 CD Audio Analog Ground Reference for Differential CD Inpfr.
CD_R 20 1 CD Audie Right Channel.

MIC1 21 1 Microphone 1. Desktop Microphone Input.

MIC2 22 1 Microphone 2. Second Microphone Input.

LINE IN L 23 1 Line In Left Channel.

LINE_IN_R 24 I Line In Right Channel.

LINE OUT_L 35 O Line Our Left Channel.

LINE OUT_R 36 o] Line Out Right Channel.

MONO_OUT 37 o] Monaural Output to Telephony Subsystem Speakerphone.
INLVL OUT_L 39 O Line-ILevel Output Left Channel.

ILNLVL_OUT_R 41 (o] Line-Level Ourput Right Channel.

Filter/Reference

These signals are connected to resistors, capacitors, or specific voltages.

PPin Name LQFP Lo Description

VREF 27 0] Voltage Reference Filter.

VREFOUT 28 (o] Voltage Reference Ourput 5 mA Drive (Intended for MIC Bias).
AFILTI1 29 o Anrialiasing Filter Capacitor—ADC Right Channel.

AFILT2 30 o Anrialiasing Filter Capacitor—ADC Left Channel.

FILT R 31 o AC-Coupling Filter Capacitor—ADC Right Channel.

FILT_ L 32 O AC-Coupling Filter Capacitor—ADC Left Channel.

RX3D 33 O 3D Phat Stereo Enhancement—Capacitor.

CX3D 34 1 3D Phat Stereo Enhancement—Capacitor.

-8 REV. 0



ANALOG DEVICES FAX-ON-DEMAND HOTLINE - Page 18

AD1881

Power and Ground Signals

Pin Name LQFP Type Description
DVpp, 1 1 Digital Vpp -5.0V/3.3 V
DVss, 4 1 Digital GND
DVgs, 7 1 Digital GND
DVpp2 9 1 Digital Vpp -5.0V/3.3 V
AVDDA 25 1 Analog VDD S0V
AVss; 26 1 Analog GND
AVDDZ 38 1 Analog VDD -5.0V
AVss, 42 1 Analog GND
No Connects B
Pin Name LQFP Type Description

No Connect

No Connect

No Connect

:
)
7

AD1881
i:‘\ \/\\I‘ / \Il ///7 /E.'ﬁ;‘;]'\ .
e N A ATA o -
N S - Ji 7 LS (1) L
~—_L"11 / / P:mm\;
STEREO MIX {L) = 3 L\ l-sl":*;:{ﬂ G ___2:“0!‘9
MONO MIX \% ]

' STERED MIX {R) A5 53

GA 0x0C
GA O0x0E|| GA 0x10{| GA 0x12|| GA 0x16| | GA 0x14
PHY mev v Lev LAV Lvv PCM DAC RATE 0x2C
I ALA ACY RAV RVV il ax7a |
M 0x0C | | K7 R R D S (O | %
PHM W ox0E|[m ox10|[m ox1z][m oxi6|[m ox1a| [ PomADC RATE axz2
0x78

LNLVL_OUT_L ()—

M 02| | A Ouxi2
LINE_OUT_L W How
M oxos| [A ox06| (g g
MONO_OuT ~ 1 %
M My 20 H
X
M Oxd2| | A Ox(2
LINE_OUT_R H
L RMV
LNLVL_OUT_H = \"
PCM G = GAIN
T A =ATTENUATE
AQx0A M = MUTE

MV = MASTER VOLUME

PCY _OSL‘:II.LATDHS

. L
XTL_ouT XTL_IN

PC_BEEP ()

Figure 8. Block Diagram Register Map
LPBK available in rest mode only. (Needs modification)

REV. 0 "
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AD1881

PRODUCT OVERVIEW

The ADI188I is the first audio Codec to meet the Audio Codec
97 2.0 and 2.1 Extensions. In addition, the AD1881 Sound MAX
Codec is designed to meet all requirements of the Audio Codec
’97, Component Specification, Revision 1.03, © 1996, Intel Cor-
poraton, found at wevew. Intel. com. The AD1881 also includes
some other Codec enhanced features such as communicating
to three Codecs on the same link, a DSP serial port mode,
modem sample rates and filtering, and built-in Phat Stereo 3D
enhancement.

The ADI1881 is an analog front end for high performance PC
audio, modem, or DSP applications. The AC 97 architecture
defines a 2-chip audio solution comprising a digiral audio
conu'oller, plus a high quality analog component that includes
i Armteg Converters (DACs), Analog-ro-Digital Con-

intended as a general introduction to the capabilities of the
device. Detailed reference information may be found in the
descriptions of the Indexed Control Registers.

Analog Inputs

The Codec contains a stereo pair of TA ADCs. Inputs to the
ADC may be selected from the following analog signals: tele-
phony (PHONE _IN), mono microphone (MIC1 or MIC2),
stereo line (LINE_IN), auxiliary line inpur (AUX), stereo CD
ROM (CD), stereo audio from a video source (VIDEO) and
post-mixed stereo or mono line output (LINE_OUT).

Analog Mixing

PHONE_IN, MIC1 or MIC2, LINE_IN, AUX, CD and
VIDEO can be mixed in the analog domain with the stereo
output from the DACs. Each channel of the stereo analog in-
puts may be independently gained or attenuated from +12 dB to
-34.5 dB in 1.5 dB steps. The summing path for the mono
inputs (PHONE_IN, MIC1, and MIC2 to LINE_OUT) dupli-
cates mono channel data on both the left and right LINE _OUT.
Addirionally, the PC artention signal (PC_BEEP) may be mixed
with the line output. A switch allows the ourpur of the DACs to
bypass the Phat Stereo 3D enhancement.

Digital Audio Mode

The ADI1881 is designed with a Digital Audio Mode (DAM)
thar allows mixing of all analog inputs independent of the DAC
ourput signal path. Mixed analog input signals may be sent to
the ADCs for processing by the controller or the host, and may
be used during simulraneous capture and playback art different
sample rates.

10—

Analog-to-Digital Signal Path

The selector sends left and right channel information to the
programmable gain amplifier (PGA). The PGA following the
selecror allows independent gain conrtrol for each channel enrer-
ing the ADC from 0 dB to +22.5 dB in 1.5 dB steps. Each
channel of the ADC is independent, and can process left and
right channel dara ar different sample rates.

Sample Rates and D’S
The ADI1881 default mode sets the Codec to operarte ar 48 kHz
sample rates. The converter pairs may process left and right
channel data at different sample rates. The AD1881 sample rate
generator allows the Codec to instantaneously change and pro-
cess sample rates from 7 kHz to 48 kHz with a resolution of

1 Hz. The in-band integrated noise and distortion artifacts
introduced by rate conversions are below —90 dB. The AD1881
uses a 4-bit D/A structure and Data Directed Scrambling (DFS)
to enhance noise immuniry on motherboards and in PC enclo-
sures, and to suppress idle rones below rthe device’s quanrization
noise floor. The D’S process pushes noise and distortion arti-
facts caused by errors in the multibit DAC to frequencies be-

ing station and home theater applications. The line-lf
does not change with master volume settings.

Host-Based Echo Cancellation Support

The ADI1881 supports rime correlated IO data format by pre-
senting MIC dara on the left channel of the ADC and the mono
summation of left and right outpur on the right channel. The
ADC is splirtable; left and right ADC data can be sampled at
different rates.

Power Management Modes

The AD1881 is designed to meet ACPI power consumption

requirements through flexible power management control of all
internal resources.

REV. 0



ANALOG DEVICES FAX-ON-DEMAND HOTLINE

- Page 20

AD1881

Indexed Control Registers
.’ R
Reg |
Num | Name D15 D14 D13 D12 D11 D10 DY D8 D7 D6 Ds D4 D3 D2 D1 Do Detiault
00h Reset X SEt SE3 SE2 SEl SE0 D9 1D8 1D7 ID6 ID5 D1 D3 | 1D2 1D1 DO 01008
02Zh Master Volume MM X LMV5| LMV4 [LMV3 |[LMV2 | LMV1| LMV | X X RMV5| RMV4 | RMV3 | RMV2 |RMV1 | RMVD | 8000h
Oth Reserved X X X X X X X X .4 p.4 X X = X X X
06h Master Volume Mono MMM | X X X v X X X X X X MMV (MMV |[MMV MMV |MMV | 8000h
1 2 2 1 0
08h Reserved X X X X 3 X X X X b4 = X X X X X
0Ah PC Beep Volume PCM (X X X X X X X X X X PCV3 |PCV2 |PCV1 |PCVD |X B000h
0Ch Phone In Volume PHM (X X = .4 X X X 4 X PHV4 (PHV 3|PHV 2 [PHV 1 |PHV 0 | 8008h
A M20 MCVE [MCV3 | MCV2 [MCVI1 [MCVD | 8008k
= — T olume MCM | X X X X X X X X M2 X i
0Oh Line -_alum:/b\l.‘\d X X I1V4 [I1V3 [11.V2 |[11V1 |1IVD X X X RLV4 [RLV3 |[RLV2 |[RLVI1 |RLV0 | 8808h
12h CD V;luq e / / W X P LCV4 |[LCV3 |ICV2 |LCV1 | ILCVD | X X X RCV4 |[RCV3 |[RCV2 |[RCV1 [RCVO | 8808h
14h vm;lv lun% k‘: é?(l )( ( -h ILyV4 |LVV3 |[IVV2 |ILVV] [ IVVD | X X X RVV4i [RVV3 |[RVVZ [RVV] [RVV(D | 8808h
—TRorfua] | YREN ] .
A ol X \ LAV l/ Ww \1<\V1 Lﬁn X X X RAV1 [RAV3 |RAV2Z |RAV1 |RAVD | 8808h .
) — N \
18h PCM Out M r-i{ X \LD‘ 1 V3 | LOV2 V1 01X b 4 X ROV4 [ROV3 |[ROVZ |[ROV1 [ROVD | 8808h
1Ah | Record Select X \i\ X / IA X Ls2 | 141 L{n X X / Bi\i{:l X  |RS2 |RS1 RSO | 0000h
1Ch Record Gain M X X = ) AM/ ;ZLW) X X / [ X X ? m&%\dl RIMO | 8000k
y
~J
1Eh | Reserved x x |x |x \X/X/& X #FX\B = /)/ X I ~T
20h General Purpose POP |X 3D =z X MIX M\DBK /{ L X X X / X / X 0000k
22h 3D Control X X X X X X X X X if DPIA DP2 Df] r ] ‘Q-‘Mfl)h
26h Power-Down Cntrl/Stat | EAPD | X PE5 |PRt |PR3 |PR2 |PR1 |PRD X X X R.£E[ ANL E%A¢ ADC | 000Xh
T —
28h Extended Audio ID ID1 mo (X X p 4 X X X X X %\m\wmh
~/
2Ah Extended Audio Stav'Crrl | X X X X X X X P4 X X p: X VRA | 0000h
2Ch/ | PCM DAC Rate (SR1) SR15 |SR14 [SR13 |SRI2 |SR11 [SR10 |SRY |SR8 (SR7 |SRs (SRS |SRt |SR3 |SRK2 |SR1 |SRD BB8(h
(7AR)*
32h/ | PCM ADC Rate (SRO) SR15 |SRI4 |SR13 |SRI2 (SRI1 |SR10 [SR9 |SR8 |SR7 |SR6 ([SR5 |SRt |SR3 |SR2 |[SRI [SRO BB80Oh
(78h)y*
3th Reserved X X X X X X X X X X X X X X X X X
72h Reserved X X X X X X X X p:4 X X -4 X 4 X X X
7th Serial Configuration SLOT |REG |REG |REG |DRQ |DLR |DLR |DLR |X X X X X DRRQ |DRRQ|DRRQ | 7X0Xh
16 M2 M1 0 EN Q2 Q1 Qo 2 1 [}]
T6h Misc. Control Bits DAC |IPMI|X DAM |DMS |DLSE X ALSE. | MOD | SRX1 |SRXS (X X DRSR (X ARSR. | 0404h
Zz b4 EN D7 D7
7Ch Vendor ID1 F7 Fo F5 Fi F3 F2 F1 FO 57 Soe 85 51 53 52 51 50 4144h
7Eh Vendor 1D2 T7 T6 TS T4 T3 T2 T1 TO REV7 | REV6 |REV3 | REV4 |REV3 |REV2 |REV1 |REV0 |5340h
NOTES
All registers not shown and bits containing an X are assumed to be reserved.
0Odd register addresses are aliased to the next lower even address.
Reserved registers should not be written,
Zeros should be written to reserved bits,
*Indicates Aliased register for AD1819, AD1819A backward compatibility.
REV. 0 -11-
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AD1881

Reset (Index 00h)

:ﬁ‘;ﬂ Name D15 (D14 (D13 |D12 (D11 (D10 D9 |D8 (D7 [Dé |[DS |D4a |D3 D2 |D1 |DO |Default

00h |Reset X SE4 |SE3 |SE2 |SEl |SE0 |[ID9 |ID8 |ID7 |[ID6é |(ID5 |ID4 |ID3 |ID2 |ID1 |IDO |0400h

Note: Writing any value to this register performs a register reset, which causes all registers to revert to their defaulr values (except
74h, which forces the serial configuration). Reading this register returns the ID code of the part and a code for the type of 3D Stereo
Enhancement.
ID[9:0] Identify Capability. The ID decodes the capabilities of ADD1881 based on the following:

Bit=1 Function ADI1881*

1IDO Dedicated MIC PCM In Channel

ID1 Modem Line Codec Support

ID2 Bass and Treble Control
Simulated Stereo (Mono to Stereo)

Headphone Out Support
Loudness (Bass Boost) Support

8-Bit DAC Resolution

it DAC Resolution

1881 AD tfon
\zo-Bn: -

o np‘twn;ll fea idenfifigd by thesc bits.
ent identifi e log Devices 2D 8 enhancement.
Master Volume Registers (Index 02h)

\ |
g:fn Name D15 (D14 (D13 D1z (D11 [D1o Ds DTL&IKDS /47/\_']_5\1,2 |D oo okt
™~ |
| ey |
Nty ] \E mwz!v{ufl mwol(w :
| [\

0zZh MM (X LMVS [LMV4 |[LMV3 [LMVZ [LMV1 |LMV0 | X
Volume

RMV[5:0] Right Master Volume Control. The least significant bit represents 1.5 dB. This register cuols the ¢uyput from

0 dB to a maximum attenuation of -94.5 dB.

QOO =QQQQ

X RMV:

LMVI[5:0] Left Master Volume Control. The least significant bit represents 1.5 dB. This register controls the output from
0 dB to a maximum attenuation of —94.5 dB.
MM Master Volume Mute. When this bit is set to “1,” the channel is muted.
MM xMV5...xMV0 | Function
0 00 0000 0 dB Artenuation
0 011111 —46.5 dB Attenuation
0 11 1111 —94.5 dB Artenuation
1 XX XK —o dB Attenuation

Master Volume Mono {(Index 06h)

gm Name D15 D14 (D13 D12 D11 (D10 D9 (D8 (D7 [Dé D5 |D4 D3 D2 D1 Do Default
Master Volume |
06h Mono MMM X X X X X X X X X X MMV4 MMV3 MMV2 MMV1 MMV0 8000k
|
MMV [4:0] Mono Masrer Volume Control. The least significant bit represents 1.5 dB. This register controls the ourpur from
0 dB ro a maximum artenuaton of —46.5 dB.
MMM Mono Master Volume Mure. When this birt is set to “1,” the channel is mured.

-12- REV. 0
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AD1881

PPC Beep Register (Index 0Ah)

:zfn Name D15 (D14 (D13 (D12 (D11 (D10 (D9 D8 |D7 D6 |D5 (D4 D3 D2 D1 Do [)ethu:‘
0Ah |PC_BEEP Volume |PCM |X X X X X X X X |Pcvs |pPcvz [PCvi [PCVe (X [S000B |
J

PCV[3:0] PC Beep Volume Control. The least significant bir represents 3 dB amrenuation. This register controls the outpur
from O dB to a maximum attenuation of —45 dB. The PC Beep is routed to Left and Right Line outputs even when
the RESET pin is asserted. This is so that Power on Self-Test (POST) codes can be heard by the user in case of a
hardware problem with the PC.

PCM PC Beep Mute. When this bit is set to “1,” the channel is mured.

Phone Voljinfe n Q

PCM PCV3...PCV0 | Function

0 0000 | 0 dB Artenuation

0 1111 |  —45 dB Arrenuation
1 XXX | —= dB Attenuation

N

Reg |
Nym |

D2 D1 Do Default

0Ch

S [T el oM
Phone ¥otemz

PHV2 | PHV1 | PHVO | 8008h

o PR
t

=l = Ty)

PHV[4:0] Phone Volumwg

x\e

ents 1.5 dB, and the

range is +12 dB to —34.5 dB.

PHM Phone Mute. When this bit is set to
MIC Volume (Index 0Eh)
g;‘fn Name D15 |D14 (D13 (D1z (D11 (D10 (D9 (D8 D7 D6 |D5 D4 Dz D1 Dy m
0Eh |Mic Volume MCM X X X X X X X X M2 X MCV4 | MCV3 | MCV2 N[CVlL \ﬂ‘
ﬁ[‘v\ﬂn?
MCV[4:0] MIC Volume Gain. Allows setting the MIC Volume attenuator in 32 steps. The ILSB represents 1.5 dB, and the
range is +12 dB to —34.5 dB. The default value is 0 dB, mute enabled.
M20 Microphone 20 dB Gain Block
0 = Disabled; Gain = 0 dB.
1 = Enabled; Gain = 20 dB.
MCM MIC Mute. When this bit is set to “1,” the channel is muted.
Line In Volume (Index 10h)
gi Name D15 (D14 (D13 (D12 D11 |(Di0 |D9 |D8 |[D7 |D6 |D5 |D4 | D3 D2 D1 Do Default
10h |Line InVolume [ILM |[X X LLV4 |LLV3 [LLVZ [LLV1 |[LLV0 | X |X |[X |RLV4 |RLV3 |RLVZ |RLV1 |RLV0 | 8808h
|
RLV[4:0] Right Line In Volume. Allows setting the Line In right channel attenuator in 32 steps. The LSB represents 1.5 dB,
and the range is +12 dB ro —34.5 dB. The default value is 0 dB, murte enabled.
I1IV[4:0] Line In Volume Left. Allows setting the Line In left channel attenuator in 32 steps. The LSB represents 1.5 dB,
and the range is +12 dB to —34.5 dB. The default value is 0 dB, mute enabled.
M Line In Mute. When this birt is set to “1,” the channel is mured.

REV.
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CD Volume (Index 12h)
R"” Name D15 (D14 (D13 (D12 (D11 (D0 (D9 (D8 |D?7 |Dé |D5 |D4 D3 D2 D1 Do Default |
1Zh |CD Volume [CVM (X X LCV4 |[LCV3 |LCVZ |LCV1 |LCVD | X X X RCV4 | RCV3 | RCVZ RCV1 RCVD 880%:]
RCV[4:0] Right CD Volume. Allows setting the CD right channel attenuator in 32 steps. The LSB represents 1.5 dB, and
the range is +12 dB to —34.5 dB. The default value is 0 dB, mute enabled.
LCV[4:0] Left CD Volume. Allows setting the CD left channel attenuator in 32 steps. The LSB represents 1.5 dB, and the
range is +12 dB to —34.5 dB. The default value is 0 dB, mure enabled.
CVM CD Volume Mute. When this birt is set to *“1,” the channel is mured.
Video Volume (Index 14h)
D15 (D14 (D13 (D12 D11 |D10 (D9 (D8 |D7 [Dé (D5 (D4 |D3 D2 D1 D0 | Defaulr
LVVZ [LVV1 [LVV0 | X |[X |X |RVV4 1va3 RVVZ | RVV1 | RVVD | 8808h

lt value is 0 dB, murte enabled.

ute enabled.

AUX Volume (Index 16h)

the Vlde(! right channel attenuator in 32 steps. The LSB represents 1.5 dB,

uator in 32 steps. The LSB represents 1.5 dB, and

~—

lg" Name D15 (D14 (D13 (D12 |D11 |D10 |D9 |D8 &Lﬂk Ds /J/\%/ D2 771/
i B AN I I NS A y 2 .
|16k |Aux Volume |AM |X |X |LAV4 [LAV3 |LAVZ LAVI [LAVO X |X [X IQ.&\“’% RAV2 nf(w myju' g

=
o

RAV[4:0] Right Aux. Volume. Allows setting the Aux right channel attenuator in 32 steps. The LSBTepresenty 145 dB, and
the range is +12 dB to —34.5 dB. The defaulr value is 0 dB, mute enabled.
LAV[4:0] Left Aux. Volume. Allows setting the Aux left channel arrenuator in 32 steps. The LSB represents 1.5 dB, and the
range is +12 dB to —34.5 dB. The default value is 0 dB, mute enabled.
AM Aux. Mute. When this bit is set to “1,” the channel is muted.
PCM Out Volume (Index 18h)
::‘;_n Name D15 (D14 (D13 D12 (D11 |D1o |D9 D8 D7 |Dé D5 |Da4 D3 I[[:92 D1 ‘Defnu.lt
18h m (:‘“ OM |X |X |LOV4|LOV3|LOVZ LOV1I|LOVDO|X |X |[X |ROV4|ROV3 [ ROV2 | ROV1 F ROVO ‘ 8808h
ROVI[4:0] Right PCM Out Volume. Allows setting the PCM right channel attenuator in 32 steps. The LSB represents 1.5dB,
and the range is +12 dB to —34.5 dB. The default value is 0 dB, mute enabled.
LOVI[4:0] Left PCM Our Volume. Allows setting the PCM left channel attenuator in 32 steps. The LSB represents 1.5 dB,
and the range is +12 dB to —34.5 dB. The default value is 0 dB, mute enabled.
oM PCM Our Volume Mure. When this bit is set to “1,” the channel is mured.

Volume Table (Index 0Ch to 18h)

MM x4...x0 Function

0 00000 +12 dB Gain

0 01000 0 dB Gain

0 11111 —34.5 dB Gain

1 OO —=o dB Gain
-14—
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AD1881

Record Select Control Register (Index 1Ah)

S":n Name D15 (D14 (D13 (D12 (D11 (D10 D9 |D8 |D7 |Dé |D5 |D4 lm D2 |D1 D0 | Default |

1Ah |RecordSeleet [X |X |X |X |[X Lsz |LS1 |Lse |[X X |[X |X X RSz |RS1 |RS0 | 0000h
| |

RS[2:0] Right Record Select

1LS[2:0] Left Record Select.

Used to select the record source independently for right and left. See table for legend.
The default value is 0000h, which corresponds to MIC in.

RS2...RS0

Right Record Source

B W N- O

MIC
CD R
VIDEO_R
AUX_R
LINE_IN R
Stereo Mix (R)
Mono Mix

95 - urce
0
1
2
3
4 AN
5 Stereo Mix (L)
6 Mono Mix
7 PHONE_IN
Record Gain (Index 1Ch)
ReB | Name D15 D14 D13 D1z (D11 D10 (D9 |Ds |D7 |D6 [Ds D4 |D3 D2 |D1  |Do | Defaul |
1Ch |Record Gain |[IM |X X X LIM3 |LIM2 |LIM1 |LIMO | X X X X RIM3 IRIA-'[?. RIM1 | RIMO | 8000k
RIM[3:0] Right Input Mixer Gain Control. Each LSB represents 1.5 dB, 0000 = 0 dB and the range is 0dB to +22.5 dB.
LIM[3:0] Left Input Mixer Gain Control. Each LSB represents 1.5 dB, 0000 = 0 dB and the range is 0 dB to +22.5 dB.
IM Inpur Mute.
0 = Unmuted,

REV. 0

1 = Muted or —eo dB gain.

IM | xIM3...xIM0 | Function
0 1111 +22.5 dB Gain
0 0000 0 dB Gain
1 o004 B —o dB Gain
B
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AD1881

General Purpose Register (Index 20h)

Reg
Num

Name D15 |D14 (D13 D12 |D11 |D10 (D9 D8 D7 !DS IDS D4 (D3 D2 |Dl D0 | Default

20h | Genersl Purpose |POP (X

|
|
|
|

3D |X x |Ix MIX |MS |LPBK X :x x |Xx |x |x 'x |oooon

Note: This register should be read before writing to generate a mask for only the bit(s) thar need ro be changed. The funcrion de-
fault value is 0000h which is all off.

ILPBK Loopback Control. ADC/DAC Digital Loopback Mode
MS MIC Select
0= MICI.
1 = MIC2.
MIX Mono Ourpur Select
0 = Mix.
3D
POP

it ¢ optional PCM our 3D bypass path (the pre- and post-3D

1 = post-3D.
3D Control Register (Index 22h)

~ [ [~ .
g“‘ Name D15 |D14 D13 |D1z (D11 |D10 ‘m D8 |D7 D5 '#4/\ﬁ\32 Dl/ DO 7%
: 7
22h* | 3D Control X |x [x |x |x |x ‘x X |x |x |[x éit*DN\JI)Pz D}ll DPO /ou
1 = e | b 1 Sl ./
DP[2:0] Depth Control. Sets 3D “Depth” Phat Stereo enhancement according to table below.
DP3. .. DP0 Depth
0000 0%
0001 6.67%
1110 93.33%
1111 100%

=1B= REV. 0
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AD1881

Subsection Ready Register (Index 26h)

| ‘ [ [ '
g:fn Name D15 |D14|Di13 |D12 D11 |D10 [D9 (D8 (D7 |Dé (D5 D4 (D3 | D2 |[)1 D0 | Default

26h | Power-Down Cnurl/Stat | EAPD | X PR5 |[PR4 |PR3 |[PR2 |PR1 |PRO (X X X X REF | ANL | DAC | ADC | N/A

Note: The ready bits are read only, writing to REF, ANL, DAC, ADC will have no effect. These bits indicate the status for the
ADI1881 subsections. If the bit is a one, then that subsection is “ready.” Ready is defined as the subsection able to perform in its
nominal state.

ADC ADC section ready to transmit data.

DAC DAC section ready to accept data.

ANL Analog gainuators, atrenuarors, and mixers ready.

REF Volmge References, VREF and VREFOUT up to nominal level.

ADI1881 Power-Down Modes. The first three bits are to be used individually rather than in combination with each

EAPD
0 = Pin 47 set to LO state (defaulfh
1 = Pin 47 set to HI state.

Power-Down State PR | PRI Iﬁ%
ADC Power-Down 0 o |o 0 L /0
DAC Power-Down 0 ] 0 0 1
ADC and DAC Power-Down 0 0 ] 0 1
Mixer Power-Down 0 0 0 | 1 0 0
ADC + Mixer Power-Down 0 0 ] 1 0 |1
DAC + Mixer Power-Down 0 0 0 1 1 | 0
ADC + DAC + Mixer Power-Down 0 0 0 1 1 1
Standby 1 1 1 1 1 1
Extended Audio ID Register (Index 28h)
ﬁ:‘:ﬂ Name Dis D14 D13 D12 (D11 |D10 (D9 D8 D7 |Dé D5 |D4 |D3 |D2 |D1 |Do | Default ,

28h | Extended Audio ID ID1 |ID0 | X X X X X X X X X | X | X X X VRA |NIA

Note: The Extended Audio ID is a read only register.
VRA Variable Rate Audio. VRA = 1 enables Variable Rare Audio.
1D[1:0] ID1, IDO is a 2-bit field thar indicates the codec configuration: Primary is 00; Secondary is 01, 10, or 11.

REV. 0 P v 0
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AD1881

Extended Audio Status and Control Register (Index 2Ah)

Reg

Num Name D15 D14 |D13 |D12 D11 D10 (D9 (D8 D7 |[Dé |D5 D4 |D3 |Dz2 D1 DO Default

2Ah | Extended Audio St/Corl | X X X X X X X X X X X X X X X VRA inn |

Note: The Extended Audio Starus and Control Register is a read/write register that provides status and control of the extended audio

fearures.

VRA Variable Rate Audio. VRA = 1 enables Variable Rate Audio mode (sample rate control registers and SLOTREQ
signaling.

PCM DAC Rate Register (Index 2Ch)

D15 |D14 (D13 (D12 D11 (D10 (D9 (D8 (D7 (D6 (D5 (D4 |D3 (D2 D1 |D0 |Default

SR15 [SR14 |SR13 |SR12 |SRi11 SR10 |SR? |SR8 |SR7 |SRé6 |SR5 | SR4 |SR3 |SR2 |SR1 |SR0 | BBS0h

regisr Allows pipgyammy e sampling frequency from 7 kHz (1B58h) to 48 kHz (BB80h) in
increm) : wing a valye e range 7040 Hz (1b80h) to 48000 Hz (bb80h) causes the
0 sa te to 48 > are fryg \ i grammed or to 7 kHz if a rate less than 7 kHz is
pro or ¢ written to tje fegigref is support at value will be echoed back when

PCM ADC Rate Register (Index 32h) %
I~ )
Reg Name D15 D14 D13 D12 D11 D10 D9 [ |£g j[’jl'.-' DG/ Flm //71 !\D'O 75%

32hi(78h) | PCM ADC Rate |SR15 | SR14 |SR13 |SR12Z |SR11 |SR10 | SR9 SR8 | SR7 S 'SIHSRB S% SR1 S%J,\lﬂ'm\ahh

Note: 32h is an alias for 78h. The VRA bit in register 2Ah must be set for the alias to work; if a zero is \Wmét/to VRA,/bdth sample
rates are reset to 48k.

SR[15:0] Writing to this register allows programming of the sampling frequency from 7 kHz (1B58h) to 48 kHz (BB8Oh) in
1 Hz increments. Programming a value outside of the range 7040 Hz (1b80h) to 48000 Hz (bb80h) causes the
codec to saturate to 48 kHz if a rate greater than 48 kHz is programmed, or to 7 kHz if a rate less than 7 kHz is
programmed. For all rates, if the value written to the register is supported, that value will be echoed back when
read, otherwise the closest rate supported is returned.

Serial Configuration (Index 74h)

gg“:’ Name D1s D14 D13 D12 D11 D10 I D9 Ds D7 |D6 (DS (D4 (D3 D2 D1 Do Defaulr |
74h 8 = REGM2 | REGM1 REGMo0 DRQEN (DLRQ2 (DLRQ! (DLRQO (X |X |X |X (X |DRRQ2 | DRRQ! |DRRQO X |
Configuration |16 ! i Q Q Q

Norte: This register is not reset when the reset register (register 00h) is writren.

DRRQO Master Codec DAC right request.
DRRQI1 Slave 1 Codec DAC right request.
DRRQ2 Slave 2 Codec DAC right request.
DLRQO Master Codec DAC left request.
DIRQI1 Slave 1 Codec DAC left request.
DILRQ2 Slave 2 Codec DAC left request.
DRQEN Enable DAC request bits in status address and data slot.
REGMO Master Codec register mask.
REGM]1 Slave 1 Codec register mask.
REGM2 Slave 2 Codec register mask.
SLOTI16 Enable 16-bir slots.

-18- REV. 0
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DRQEN and DxRQx are retained only for compatibility with the AD1819. New controller designs should use the VRA bit in register
2Ah and the request bits in the starus address slot instead.

If your system uses only a single AD1881, you can ignore the register mask and the slave 1/slave 2 request bits. If you write to this
register, write ones to all of the register mask bits. The DxRQx bits are read-only.

The Codec asserts the DxRQx bit when the corresponding DAC channel can accept data in the next frame. These bits are snapshots
of the Codec state taken when the current frame began (effectively, on the rising edge of SYNC), but they also take notice of DAC
samples sent in the current frame.

If you set the DRQEN bit, the AD1881 will fill all; otherwise, unused AC Link status address and data slots with the contents of
register 74h. That makes it somewhat simpler to access the information because you don’t need to continually issue AC Link read
commands to obtain the register contents.

Also, the DAC requests are reflected in Slot 1, bits (11 . .. 6).
SLOT16 makes all AC Link slots 16 bits in length, formatted into 16 slots.

Miscellaneous Control Bits (Index 76h)
/\

Koy \\ /\% D4 |D13 D1z D1 (D0 D¢ |[Ds D7 |Dé D5 |Da |D3 Dz |D1 Do iD:f’dlll‘l‘
Num I~
T6h c s

|
\ RXS T

DA LMl X 'BA% DMS |DLSR X ALSR &C’D gl;xw F[;q X X DRSR (X ARSR |Dl]0|]]l

™~ :

Mis
z) )% [/ i |
\ lecy
DRSR i : =
0 = SRO Selecte
1 = SR1 Selected (2Ch).
SRX8D7 Multiply SR1 rate by 8/7.
SRX10D7 Multiply SR1 rate by 10/7. SRX10D7 and SRX8D7 ar 1 clusive; SRX10D7
MODEN Modem filter enable (left channel only). Change only when DACs a down
ALSR ADC left sample generaror select

0 = SRO Selected (32h)

1 = SR1 Selected (2Ch).
DILSR DAC left sample generator select

0 = SRO Selected (32h)

1 = SR1 Selected (2Ch).

DMS Digital Mono Selecr.
0 = Mixer
1 = Left DAC and Right DAC.
DAM Digital Audio Mode. DAC Ourputs bypass analog mixer and sent directly to the codec output.
IL.PMIX Low Power Mixer. Keeps CD to LINE OUT alive for notebook applications.
DACZ Zero fill (vs. repeat) if DAC is starved for data.
Sample Rate 0 (Index 78h)
R .
N:';n Name Dis D14 D13 D12 D11 D10 D9 D8 D7 |Dé D5 (D4 D3 D2 D1 DO Default

78h |Sample Rate 0 [SR015 |[SR014 |SR013 |SR012 [SR011 [SR010 [SR09 [SR08 |SR07 |SR06 |SR05 SR04 |SR03 |SR0Z [SR01 |SR00 BBES0H |
] | |

Note: 32h is an alias for 78h. The VRA birt in register 2Ah must be set for the alias to work; if a zero is written to VRA then both
sample rates are reset to 48Kk.

SRO[15:0] Writing to this register allows the user to program the sampling frequency from 7 kHz (1B58h) to 48 kHz (BB80Oh)
in 1 Hertz increments. Programming a value greater than 48 kHz or less than 7 kHz may cause unpredictable
results.

REV. O -19-
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Sample Rate 1 (Index 7Ah)

rng“ Neme D15 D14 D13 D1z D11 D10 D9 (D8 (D7 D6 D5 (D4 (D3 D2 |(D1  |D0 |Default |

7Ah |Sample Rate 1 |SR115|SR114|SR113 |SR112|SR111|SR110 |SR19 |SR18 [SR17 [SR16 [SR15 |[SR14 [SR13 [SR1z [SR11 |SR10 |BBS0h

Note: 2Ch is an alias for 7Ah. The VRA bit in register 2Ah must be set for the alias to work; if a zero is written to VRA, both sample
rates are reset ta 48k.

SR1[15:0] Writing to this register allows the user to program the sampling frequency from 7 kHz (1B58h) to 48 kHz (BB80Oh)
in 1 Hertz increments. Programming a value greater than 48 kHz or less than 7 kHz may cause unpredictable
results.

Vendor ID Registers (Index 7Ch-7Eh)

: g
g“ D15 (D14 (D13 (D12 D11 (D10 (D9 |D8 |D7 |Dé |Ds D4 |D3 |Dz |D1 |Do !Defau.lt
:r Vdor l\\ 7 5 F1 |Fo "sa' S6 |(S5 (sS4 |[s3 sz s1 S0 ‘41441.
P | |

K -/ {w @-
F[D ISTENOASCIT Xndaded ta /_\

/7NN~ | o
|R¢g N ‘BJA_ 1 9 (D8 | D7 . 6 | Ds D4 D2 | D1 |8 11] | Default
Num e /"B’i\ |

o]

REN6/ | REVS | REVS [REV3 E\Iz iy,
| /| E/'/ / 7
T[7:0] ‘This register is ASCII encoded to “S.”

REV[7:0] Revision Register field contains the revision number.

\ /
7Eh |VendorID2 |T7 |Té6 |T5 |Ta4 ”13~—1{ \Ttl R

These bits are read-only and should be verified before accessing vendor defined features.

ADI1819/AD1819A/AD1881 USER-VISIBLE DIFFERENCES
- Supports 3.3 V digital VDD (as well as 5 V).

Register Differences
- Reserved register bits always yield zero when read.

- Writes to odd registers have no effect, instead of writing preceding even register. Reads of odd registers always return zero instead
of value of preceding even register.

- Writing ones to bits 5 or 13 of register 02h no longer forces bits 4:0 or 12:8 to ones.
- Registers 04h and 08h are now reserved.

- It is no longer required that the mixer not be powered down in order to power up the DACs, and the mixer can be powered down
without also powering down the DACs.

- Aliases 2Ch (7Ah) and 32h (78h) have been added with AC 97 2.0 behavior.

- Registers 28h and 2Ah have been added; writing a zero to the LSB of register 2Ah resets registers 2Ch (7Ah) and 32h (78h).
- Register 76h default value is 0404h instead of 0000h; DAM, DMS and I.PMIX bits have been added.

- LSB of register 7Eh is 40h instead of 00h-03h.

Analog Differences
- CD to LINE_OUT path noninverting instead of inverting.

- Mixer feed through when powered off eliminared.

=9D-= REV. 0
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APPLICATIONS CIRCUITS

The ADI1881 has been designed to require a minimum amount of external circuitry. The recommended applications circuits are
shown in Figures 9 and 10. Reference designs for the AD1881 are available and may be obtained by conracting your local Analog
Devices’ sales representative or authorized distributor. Example shell programs for establishing a communications parh berween rhe

ADI1881 and an ADSP-21xx are also available.

+5AVLn

+3.30Vppn

1.37k11 100nF AVopz
PC_BEEP
4.99k1) 100nF
=+ D33uF
o= ——@ e s
. A
o

‘eb LINE_IN_L
B (21} mic1

DVpm DVppe DVes,

DVgs

DIGITAL
CONTROLLER

@) D,
o2} )
| (ix) co_L
TiF
B {8, GND D1§
0.33uF
i (i) viDED~
0.334F
D = (7 vibEO_R
0.33pF
D —] (19 aux_L
0.33pF
(o> (i) AUX_R
0.33F
D 1 (3) PHONE_IN
033uF
< il <(5) Mmono_out
0.334F
G — () LNE_OUT_R
0.33.F
<] | (9 LNE_ouT L
A 247U 247H01 AFILT! AFILT2 FILT.L FILT.R CX30 RX3D Veerour  Vher XTALIN  XTAL_OUT
@—CD E)—CD GH— @ @ (D) 'O,
v 100nF Sisie
270pF o70pF L+ . .
NmI TNW T_WF T_MLF 47TnF Dﬁnrm e Pt 22pF
: . . G F= TANTT- NPOT - T Neo
6 BDOZ T
ANALOG GROUND DIGITAL GROUND

Figure 9. Recommended One Codec Application Circuit

REV. 0

AD1881
221K .
R G Veerour

MIiC \/_E:* FB 100412 100nF
INPUT = _T_ | 2 MICT ™

/\_Eg_. 100pF 10nF~

g g NC —{22) MmiC2
=10mV RMS
{mean)
200Hz < FREQUENCY RESPONSE < 5kHz @ —3dB
NOTES:

"MAY NEED TO OPTIMIZE TO SUIT MICROPHONE
""SELECT MIC1 AND MAX GAIN 20dB +12dB for 10mV
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Figure 10. Microphone Input
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OUTLINE DIMENSIONS

Dimensions shown in inches and (mm).
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