ANALOG
DEVICES

Low Cost Parallel-Port 16-Bit
SoundPort Stereo Codec

AD1846

FEATURES
Low Cost, Pin- and Register-Compatible Alternative to
AD1848
Single-Chip Integrated YA Digital Audio Stereo Codec
Supports the Microsoft Windows Sound System*
Multiple Channels of Stereo Input and Output
Analog and Digital Signal Mixing
Programmable Gain and Attenuation
On-Chip Signal Filters
Digital Interpolation and Decimation
Analog Output Low-Pass
Sample Rates from 5.5 kHz to 48 kHz
68-Lead PLCC Package
Operation from +5 V Supply
Byte-Wide Parallel Interface to ISA and EISA Buses
Supports One or Two DMA Channels and
Programmed 1/O

PRODUCT OVERVIEW

It provides a direct, byte-wide interface to both ISA (“AT”) and
EISA computer buses for simplified implementation on a com-
puter motherboard or add-in card. The AD1846 generates en-
able and direction controls for IC buffers such as the 74_245.

The AD1846 SoundPort Stereo Codec supports a DMA re-
guest/grant architecture for transferring data with the host com-
puter bus. One or two DMA channels can be supported.
Programmed 1/O (PIO) mode is also supported for control reg-
ister accesses and for applications lacking DMA control. Two
input control lines support mixed direct and indirect addressing
of twenty-one internal control registers over this asynchronous
interface.

External circuit requirements are limited to a minimal number
of low cost support components. Anti-imaging DAC output
filters are incorporated on-chip. DAC dynamic range exceeds
80 dB over the 20 kHz audio band. Sample rates from 5.5 kHz
to 48 kHz are supported from external crystals.

The Codec includes a stereo paifydf analog-to-digital con-

The Parallel-Port AD1846 SoundPbBtereo Codec integrates verters and a stereo pair @A digital-to-analog converters. In-

key audio data conversion and control functions into a single

inputs to the ADC can be selected from four stereo pairs of analog

tegrated circuit. The AD1846 is intended to provide a completgignals: line, microphone (“mic”), auxiliary (“aux”) line #1, and

single-chip audio solution for business audio and multimedia
applications requiring operation from a single\#Supply.

*Windows Sound System is a trademark of Microsoft Corp.
SoundPort is a registered trademark of Analog Devices, Inc.

post-mixed DAC output. A software-controlled programmable
gain stage allows independent gain for each channel going into
the ADC. The ADCs’ output can be digitally mixed with the
DACs’ input.

(Continued on page 9)
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AD1846-SPECIFICATIONS

STANDARD TEST CONDITIONS UNLESS OTHERWISE NOTED

Temperature 25
Digital Supply(Vpp) 5.0
Analog Supply (\c) 5.0
Word Rate (k) 48
Input Signal 1007
AnalogOutputPassband 20 Hz to 20 kHz
FFT Size 4096
Viy 24
Vi 0.8
Vo 24
VoL 0.4

ANALOG INPUT

DAC Output Conditions
Post-Autocalibrated
°C 0 dB Attenuation
\% Full Scale (0 dB)
\/ 16-Bit Linear Mode
kHz No Output Load
Hz Mute Off

ADC Input Conditions
Post-Autocalibrated
0dB Gain
—1.0 dB Relative to Full Scale
Line Input
16-Bit Linear Mode
Inputs Driven with Low Impedance 60 Q) Source

<<<<

Min Typ Max Units
Full Scale Input Voltage (RMS Values Assume Sine Wave Input)
Line 1 V rms
25 2.8 3.1 V p-p
Mic 1 V rms
MGE =0 25 2.8 3.1 V p-p
MGE =1 0.29 0.36 0.43 V p-p
Input Impedance 100 kQ
Input Capacitance 15 pF
PROGRAMMABLE GAIN AMPLIFIER—ADC
Min Typ Max Units
Step Size (0 dB to 22.5 dB) 1.0 15 2.0 dB
(All Steps Tested)
PGA Gain Range Span 21.0 225 24.0 dB
AUXILIARY INPUT ANALOG AMPLIFIERS/ATTENUATORS
Min Typ Max Units
Step Size (+12 dB to —28.5 dB, Referenced to DAC Full Scale 1.3 1.5 1.7 dB
(—30 dB to —34.5 dB, Referenced to DAC Full Scale) 1.0 15 2.0 dB
Auxiliary Gain/Attenuation Range Span 45.5 46.5 47.5 dB
Auxiliary Input Impedance* 10 kQ
—2— REV. A
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AD1846

DIGITAL DECIMATION AND INTERPOLATION FILTERS*

Min Max Units
Passband 0 0.4X Fg Hz
Passband Ripple +0.1 dB
Transition Band 0.4X Fg 0.6 X Fg Hz
Stopband 0.6 X Fs 0 Hz
Stopband Rejection 74 dB
Group Delay 30/Ks
Group Delay Variation Over Passband 0.0 ps
ANALOG-TO-DIGITAL CONVERTERS
Min Typ Max Units
Resolution 16 Bits
Dynamic Range (—60 dB Input, 70 75 dB
THD+N Referenced to Full Scale, A-Weighted)
THD+N (Referenced to Full Scale) 0.02 %
-72 -70 dB
Signal-to-Intermodulation Distortion 83 dB
ADC Crosstalk*
Line Inputs (Input L, Ground R, Read R; -80 dB
Input R, Ground L, Read L)
Line to MIC (Input LINE, Ground and -80 dB
Select MIC, Read Both Channels)
Line to AUX1 -80 dB
Line to AUX2 -80 dB
Gain Error (Full-Scale Span Relative to Nominal Input Voltage) +10 %
Interchannel Gain Mismatch +0.5 dB
(Difference of Gain Errors)
ADC Offset Error 12 mV
DIGITAL-TO-ANALOG CONVERTERS
Min Typ Max Units
Resolution 16 Bits
Dynamic Range (—60 dB Input, 80 83 dB
THD+N Referenced to Full Scale, A-Weighted)
THD+N (Referenced to Full Scale) 0.02 %
-73 —70 dB
Signal-to-Intermodulation Distortion 86 dB
Gain Error (Full-Scale Span Relative to Nominal Output Voltage) +10 %
Interchannel Gain Mismatch +0.5 dB
(Difference of L and R Gain Errors)
DAC Crosstalk* (Input L, Zero R, Measure -80 dB
R_OUT,; Input R, Zero L, Measure L_OUT)
Total Out-of-Band Energy* -50 dB
(Measured from 0.& Fsto 96 kHz)
Audible Out-of-Band Energy* —70 dB
(Measured from 0.& Fsto 20 kHz, Tested at 5.5 kHz)

*Guaranteed Not Tested.
Specifications subject to change without notice.

REV. A -3—
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AD1846

DAC ATTENUATOR
Min Typ Max Units
Step Size (0 dB to —60 dB) 1.3 15 1.7 dB

(Tested at Steps 0 dB, —19.5 dB and —60 dB
Step Size (—60 dB to —94.5 dB)* 1.0 1.5 2.0 dB
Output Attenuation Range Span* 93.5 94.5 95.5 dB
ANALOG OUTPUT

Min Typ Max Units
Full-Scale Output Voltage 0.707 V rms

1.8 2.0 2.2 V p-p
Output Impedance* 600 Q
External Load Impedance 10 kQ
Output Capacitance* 15 pF
External Load Capacitance 100 pF
VRer 2.00 2.25 2.50 \%
Vger Current Drive 100 PA
Vger Output Impedance 4 kQ
Mute Attenuation of 0 dB -80 dB

Fundamental* (OUT)

Mute Click 5 mv

(JMuted Output Minus Unmuted

Midscale DAC Output|)

SYSTEM SPECIFICATIONS
Min Typ Max Units
Peak-to-Peak Frequency Response Ripple* 1.0 dB

(Line In to Line Out)

Differential Nonlinearity* +1 Bit
Phase Linearity Deviation* 5 Degrees
STATIC DIGITAL SPECIFICATIONS

Min Max Units
High Level Input Voltage (V)

Digital Inputs 2.4 (Vpp) + 0.3 \Y

XTAL1/2] 2.4 (Vpp) + 0.3 \%
Low Level Input Voltage (V) -0.3 0.8 \%
High Level Output Voltage (W) at loy = —2 mA 2.4 \%
Low Level Output Voltage (M) at lo. =2 mA 0.4 \%
Input Leakage Current -10 10 HA

(GO/NOGO Tested)

Output Leakage Current -10 10 A

(GO/NOGO Tested)

DIGITAL MIX ATTENUATOR
Min Typ Max Units
Step Size (0 dB to —94 dB)

(Tested at Steps 0 dB, —19.5 dB) 1.0 1.5 2.0 dB
Output Attenuation Range Span* -93.5 95.5 dB
*Guaranteed, not tested.

REV. A
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TIMING PARAMETERS (GUARANTEED OVER OPERATING TEMPERATURE RANGE)

AD1846

Min Max Units
WR/RD Strobe Width @rw) 130 ns
WR/RD Rising toWR/RD Falling (wno) 140 ns
Write Data Setup t&R Rising (tvosu) 10 ns
RD Falling to Valid Read Datagpv) 20 40 ns
CS Setup toWR/RD Falling (tssu 10 ns
CS Hold fromWR/RD Rising (tswp) 0 ns
Adr Setup toWR/RD Falling (apsu) 10 ns
Adr Hold fromWR/RD Rising (kpup) 10 ns
DAK Rising toWR/RD Falling (kupk1) 60 ns
DAK Falling toWR/RD Rising (tupk2) 0 ns
DAK Setup toWR/RD Falling (bksu) 25 ns
Data Hold fromRD Rising (brp1) 0 20 ns
Data Hold fromWR Rising (bup2) 15 ns
DRQ Hold fromWR/RD Falling (bgro) 0 30 ns
DAK Hold fromWR Rising (bxnpa) 10 ns
DAK Hold fromRD Rising (bkrpb) 10 ns
DBEN/DBDIR Delay fromWR/RD Falling (bgpL) 0 20 ns
POWER SUPPLY
Min Max Units
Power Supply Range — Analog 4.75 5.25 \%
Power Supply Range — 5 V Digital 4.75 5.25 \%
Power Supply Current — 5 V Operating 120 mA
(5 V Supplies)
Analog Supply Current — 5 V Operating 65 mA
Digital Supply Current — 5 V Operating 55 mA
Digital Power Supply Current — Power Down 0.5 mA
Analog Power Supply Current — Power Down 0.5 mA
Power Dissipation — 5 V Operating 600 mw
(Currente Nominal Supplies)
Power Dissipation — Power Down
(Currente Nominal Supplies) 5 mw
Power Supply Rejection (100 mV p-p Signal @ 1 kHz)* 40 dB
(At Both Analog and Digital Supply Pins, Both ADCs
and DACSs)
CLOCK SPECIFICATIONS*
Min Max Units
Input Clock Frequency 27 MHz
Recommended Clock Duty Cycle Tolerance +10 %
Initialization Time
16.9344 MHz Crystal Selected 70 ms
24.576 MHz Crystal Selected 90 ms
*Guaranteed, not tested.
Specifications subject to change without notice.
REV. A -5
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AD1846

ABSOLUTE MAXIMUM RATINGS* ORDERING GUIDE
Min Max Units
Power Supplies Temperature Package
Digital (Vpp) -0.3 6.0 Y Model Range Description
Analog (Vec) —03 6.0 v AD1846JP 0°C to +70C 68-Lead PLCC
Input Current
(Except Supply Pins) +10.0 mA

Analog Input Voltage (Signal Pins}0.3 (Vcc) + 0.3 V

Digital Input Voltage (Signal Pins}-0.3 (Vpp) + 0.3 V

Ambient Temperature (Operating) +70 °C

Storage Temperature —-65 +150 °C

*Stresses greater than those listed under “Absolute Maximum Ratings” may cause
permanent damag® the device. This is a stress rating only and functional
operation of the device at these or any other conditions above those indicated in the
operational section of this specification is not implied. Exposure to absolute
maximum rating conditions for extended periods may affect device reliability.

CAUTION
ESD (electrostatic discharge) sensitive device. Electrostatic charges as high asréa@y
accumulate on the human body and test equipment and can discharge without detectio WARNING! @
Although the AD1846 features proprietary ESD protection circuitry, permanent damage may “

occur on devices subjected to high energy electrostatic discharges. Therefore, proper ES

precautions are recommended to avoid performance degradation or loss of functionality. ESD SENSITIVE DEVICE

68-Lead Plastic Leaded Chip Carrier Pinout

=) 222 2 g I 2 8% 9|z &
58s5i5:3s5:55 B3
[ 1le171[e1s [« 1512 1 1[es][e7][es][es][62] [ss][e] [o2]
[ ]
ADRO 0] 0] RD
coaK [iz] l59] cs
corQ [i2] ls8] xcTi1
PDAK [i3] ls57] INT
PDRQ E E XCTLO
Voo E El NC
GNDD [ I52] Voo
xTaLl i7] AD1846 ls3] enDD
xTAL1O [i8] ls2] ne
Veo o] TOP VIEW ls1] ne
oNoD [0 50] NC
xTaL2l [21] l49] nc
XTAL20 [22] l48] nC
PWRDWN [23] l47] ne
Voo E El NC
GNDD 25 145] Voo
RFILT [25] l44] enDD
[27]]28][2s ] [so] a2 [[=2][ss] 3] [ss [se] [s7][se [so  [eo[ ax][22] 4s]
L8887 g3 485853558
o x4 T @h % o o :(I j\ R :I :\
S
t
>
NC = NO CONNECT
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Downloaded fronDatasheet.su



AD1846

PIN DESCRIPTION
Parallel Interface

Pin Name PLCC /O Description

CDRQ 12 O Capture Data Request. The assertion of this signal indicates that the Codec has a captured
audio sample from the ADC ready for transfer. This signal will remain asserted until all the
bytes from the capture buffer have been transferred.

CDAK 11 | Capture Data Acknowledge. The assertion of this active LO signal indicates tR& the
cycle occurring is a DMA read from the capture buffer.

PDRQ 14 (0] Playback Data Request. The assertion of this signal indicates that the Codec is ready for
more DAC playback data. The signal will remain asserted until all the bytes needed for a
playback sample have been transferred.

PDAK 13 I Playback Data Acknowledge. The assertion of this active LO signal indicates theR the
cycle occurring is a DMA write to the playback buffer.

ADR1:0 9& 10 I Codec Addresses. These address pins are asserted by the Codec interface logic during a cor
trol register/PIO access. The state of these address lines determine which register is accesse

RD 60 | Read Command Strobe. This active LO signal defines a read cycle from the Codec. The
cycle may be a read from the control/P1O registers, or the cycles could be a read from the
Codec’'s DMA sample registers.

WR 61 | Write Command Strobe. This active LO signal indicates a write cycle to the Codec. The
cycle may be a write to the control/P1O registers, or the cycle could be a write to the Codec’s
DMA sample registers.

CS 59 | AD1846 Chip Select. The Codec will not respond to any control/P1O cycle accesses unless
this active LO signal is LO. This signal is ignored during DMA transfers.

DATA7:0 3-6& /0 Data Bus. These pins transfer data and control information between the Codec and the host

65-68
DBEN 63 (@] Data Bus Enable. This pin enables the external bus drivers. This signal is normally HI.
For control register/P1O cycles,
DBEN = (WR ORRD) AND CS
For DMA cycles,
DBEN = (WR ORRD) AND (PDAK OR CDAK)

DBDIR 62 O Data Bus Direction. This pin controls the direction of the data bus transceiver. HI enables
writes from the host to the AD1846; LO enables reads from the AD1846 to the host bus.
This signal is normally HI.

For control register/PIO cycles,
DBDIR =RD AND CS
For DMA cyclis,
DBDIR = RD AND (PDAK OR CDAK)
REV. A —7—
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AD1846

Analog Signals

Pin Name PLCC /O Description

L_LINE 30 | Left Line Input. Line level input for the left channel.

R_LINE 27 | Right Line Input. Line level input for the right channel.

L_MIC 29 | Left Microphone Input. Microphone input for the left channel. This signal can be ei-
ther line level or —20 dB from line level.

R_MIC 28 | Right Microphone Input. Microphone input for the right channel. This signal can be
either line level or —20 dB from line level.

L_AUX1 39 I Left Auxiliary #1 Line Input

R_AUX1 42 | Right Auxiliary #1 Line Input

L_AUX2 38 | Left Auxiliary #2 Line Input

R_AUX2 43 I Right Auxiliary #2 Line Input

L_OuUT 40 (0] Left Line Level Output

R_OUT 41 (@) Right Line Level Output

Miscellaneous

Pin Name PLCC /fe] Description

XTAL1I 17 I 24.576 MHz Crystal #1 Input

XTAL1O 18 O 24.576 MHz Crystal #1 Output

XTAL2I 21 | 16.9344 MHz Crystal #2 Input

XTAL20 22 O 16.9344 MHz Crystal #2 Output

PWRDWN 23 | Power-Down Signal. Active LO control places AD1846 in its lowest power consump-
tion mode. All sections of the AD1846, including the digital interface, are shut down
and consume minimal power.

INT 57 0] Host Interrupt Pin. This signal is used to notify the host that the DMA Current Count
Register has underflowed.

XCTL1:0 56 & 58 (@] External Control. These signals reflect the current status of register bits inside the
AD1846. They can be used for signaling or to control external logic. XLTL1 and
XLTLO are open-drain outputs.

VRer 32 (@] Voltage Reference. Nominal 2.25 volt reference available externally for dc-coupling and
level-shifting. \kgr should not be used where it will sink or source current.

Vier F 33 I Voltage Reference Filter. Voltage reference filter point for external bypassing only.

L_FILT 31 | Left Channel Filter Input. This pin requires a fifdcapacitor to analog ground for
proper operation.

R_FILT 26 | Right Channel Filter Input. This pin requires a gF0capacitor to analog ground for
proper operation.

NC 46-52, 55 No Connect. Do not connect.

Power Supplies

Pin Name PLCC /O Description

Ve 35& 36 I Analog Supply Voltage (+5 V)

GNDA 34 & 37 I AnalogGround

Vbp 1,7, 15,19, | Digital Supply Voltage (+5 V)

24, 45,54
GNDD 2, 8, 16, 20, I Digital Ground
25, 44, 53, 64

Downloaded fronDatasheet.su
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AD1846

(Continued from page 1) Analog Mixing
AUX1 and AUX2 analog stereo signals can be mixed in the ana-
ADDRESS . log domain with the DAC output. Each channel of each auxil-
AD1846 = DECODE iary analog input can be independently gained/attenuated from

" +12 dB to —34.5 dB in —1.5 dB steps or completely muted. The

post mixed DAC output is available on OUT externally and as
A0 SA0 .
— an input to the ADCs.

ORC Even if the AD1846 is not playing back data from its DACs, the
analog mix function can still be active.

DATA7:0 Analog-to-Digital Datapath

The AD18463A ADCs incorporate a fourth order modulator.
ISA BUS A single pole of passive filtering is all that is required for anti-

A aliasing the analog input because of the ADC's high 64 times
DRQ<X> oversampling ratio. The ADCs include linear phase digital deci-
DRQ<Y> mation filters that low-pass filter the input to X4Fs. (“Fs” is
DAK<X> the word rate or “sampling frequency”). ADC input overrange
conditions will cause bits to be set that can be read.

A A

7 SA19:2
SAl

A AL

RD

A
A

e Y VY

DATAT7:0
DBDIR
DBEN

A
N
A

DIR

N

@
S

PDRQ
CDRQ
PDAK

CDAK
INT

DAK<Y>

Il

IRQ<Z>

Each channel of the mic inputs can be amplified digitally by

+18 dB to compensate for the voltage swing differences between
line levels and typical condenser microphone levels. This +18
dB digital gain is enabled with the same control bits (LMGE

The pair of 16-bit outputs from the ADCs is available over a  and RMGE) as the +20 dB analog gain in the AD1848.
byte-wide bidirectional interface that also supports 16-bit digita|

input to the DACs and control information. The AD1846 can
accept and generate 16-bit twos-complement PCM linear digit
data, 8-bit unsigned magnitude PCM linear data, and 8-bit
p-law or A-law companded digital data.

Figure 1. Interface to ISA Bus

IZ)igitaI—to-Anang Datapath

;’lhe >A DACs contain a programmable attenuator and a low-
pass digital interpolation filter. The anti-imaging interpolation
filter oversamples by 64 and digitally filters the higher frequency
images. The attenuator allows independent control of each
The A DACs are preceded by a digital interpolation filter. An - pAC channel from 0 dB to —94.5 dB in 1.5 dB steps plus full
attenuator provides independent user volume control over eachute. The DACSYA noise shapers also oversample by 64 and
DAC channel. Nyquist images and shaped quantization noise convert the signal to a single bit stream. The DAC outputs are
are removed from the DACs’ analog stereo output by on-chip then filtered in the anagmdomain by a combinatioof switched-
switched-capacitor and continuous-time filters. Two stereo paifgapacitor and continuous-time filters. They remove the very

of auxiliary line-level inputs can also be mixed in the analog dOT‘"gh frequency Components of the DAC bitstream Output_ No

main with the DAC output. external components are required. Phase linearity at the analog
output is achieved by internally compensating for the group
AUDIO FUNCTIONAL DESCRIPTION delay variation of the analog output filters.

This section overviews the functionality of the AD1846 and is Chanaes in DAC output attenuation take effect onlv on zero
intended as a general introduction to the capabilities of the de- 9 thereb I'p inating “zi " noise. E hyh Ih
vice. As much as possible, detailed reference information has crossings, thereby eliminating “zipper: noise. =ach channet has

been placed in “Control Registers” and other sections. The us% :r\]Nré 'ggr?tﬁ’glngfcnsitzrer%ﬁ:ﬁfg}'”%:gﬁgg; ?r?; ?éteS:Si?c; Vol-
is not expected to refer repeatedly to this section. 9 - Y- €r g d .
ume changes will occur even in the absence of an input signal

Analog Inputs that changes sign. The time-out period is 8 milliseconds at a

The AD1846 SoundPort Stereo Codec accepts stereo line-levelg kHz sampling rate and 48 milliseconds at an 8 kHz sampling
and mic-level inputs. LINE, MIC, and AUX1 inputs and post- rate. (Time out [ms} 384/ [kHz].)

mixed DAC output analog stereo signals are multiplexed to the

. . s Digital Mixing
internal programmable gain amplifier (PGA) stage. Stereo digital output from the ADCs can be mixed digitally with

The PGA following the input multiplexer allows independent  the input to the DACs. Digital output from the ADCs going out
selectable gains for each channel from 0 to 22.5 dB in +1.5 dBof the data port is unaffected by the d|g|ta| mix. A|Ong the d|g|_
steps. The Codec can operate either in a global stereo mode @a| mix datapath, the 16-bit linear output from the ADCs is
in a global mono mode with left channel inputs appearing at  attenuated by an amount specified with control bits. Both chan-
both channel outputs. nels of the monitor data are attenuated by the same amount.
(Note that internally the AD1846 always works with 16-bit
PCM linear data, digital mixing included; format conversions
take place at the input and output.)

REV. A o
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AD1846

Sixty-four steps of —1.5 dB attenuation are supported to compressen = 8 7 0
-94.5 dB. The digital mix datapath can also be completely NPT DATA. | MSB Lse | [
muted, preventing any mixing of the analog input with the digi- }
tal input. Note that the level of the mixed signal is also a func- ‘15 Vo o
tion of the input PGA settings, since they affect the ADCs’
output_ EXPANSION | MSB LSB |
The attenuated digital mix data is digitally summed with the ‘L 3/2‘} o O+
DAC input data prior to the DACs’ datapath attenuators. The

DAC INPUT |MSB LSB| 000/00|

digital sum of digital mix data and DAC input data is clipped at
plus or minus full scale and does not wrap around. Because

both stereo signals are mixed before the output attenuators, mix Figure 2. A-Law or y-Law Expansion

data is attenuated a second time by the DACs’ datapath When 8-bit companding is specified, the ADCs’ linear output is
attenuators. compressed to the format specified.
In case the AD1846 is capturing data but ADC output data is 15 0
not removed in time (“ADC overrun”), then the last sample ADC OUTPUT [MsB LsB |
captured before overrun will be used for the digital mix. In case } +
the AD1846 is playing back data hut input digital DAC data ‘15 o o
fails to arrive in time (“DAC underrun”), then a midscale zero
TRUNCATION |MSB LSB | |

will be added to the digital mix data.

Analog Outputs is */ o

A stereo line level output is available at external pins. Each 8

channel of this output can be independently muted. When cowpRession [Ms i8] 00000000 |
muted, the outputs will settle to a dc value negg\Vthe
midscale reference voltage.

Figure 3. A-Law or |-Law Compression

Digital Data Types Note that all format conversions take place at input or output.

The AD1846 supports four data types: 16-bit twos-complemen't€rnally, the AD1846 always uses 16-bit linear PCM represen-
linear PCM, eight-bit unsigned linear PCM, compangiaiv, tations to maintain maximum precision.

and 8-bit companded A-law, as specified by control register bitRower Supplies and Voltage Reference

Data in all four formats is always transferred MSB first. Stereo The AD1846 operates from +5 V power supplies. Independent
data is always transferred in the left-right order. All data formatanalog and digital supplies are recommended for optimal perfor-
that are less than 16 bits are properly aligned to insure the utilimance though excellent results can be obtained in single supply
zation of full system resolution. systems. A voltage reference is included on the Codec and its

The 16-bit PCM data format is capable of representing 96 dB &f2° V buffered output is available on an external pig:/ _
dynamic range. Eight-bit PCM can represent 48 dB of dynamic! N€ reference output can be used for biasing op amps used in
range. Compandegiaw and A-law data formats use nonlinear dc coupling. The internal refere_nce must be externally bypassed
coding with less precision for large amplitude signals. The loss to analog ground at thex¥g_F pin.

of precision is compensated for by an increase in dynamic rangelocks and Sample Rates

to 64 dB and 72 dB, respectively. The AD1846 operates from external crystals. Two crystal inputs
are provided to generate a wide range of sample rates. The oscil-

ear representation, according to whetlsaw or A-law was lators for _these crystals are on the AD1846, as i'_s, a mu_ltiplexer
specified in the Codec's internal registers. Note that wHaw for selecting between them. They can be overdriven with exter-

compressed data is expanded to a linear format, it requires 14M@l ClOCk,S by the user, if so desired. The recommended crystal
bits. A-law data expanded requires 13 bits. frequencies are 16.9344 MHz and 24.576 MHz. From them the

following sample rates are divided down: 5.5125, 6.615, 8, 9.6,
11.025, 16, 18.9, 22.05, 27.42857, 32, 33.075, 37.8, 44.1,
48 kHz.

On input, 8-bit companded data is expanded to an internal lin

—-10— REV. A
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AD1846

CONTROL REGISTERS

Control Register Architecture

The AD1846 SoundPort Stereo Codec accepts both data and
control information through its byte-wide parallel port. Indirect
addressing minimizes the number of external pins required to
access all 21 of its byte-wide internal registers. Only two exter-
nal address pins, ADR1:0, are required to accomplish all data
and control transfers. These pins select one of five direct regis-
ters. (ADR1:0 = 3 addresses two registers, depending on
whether the transfer is a playback or a capture.)

ADRL1:0 Register Name

0 Index Address Register
1 Indexed Data Register
2 Status Register

3 P10 Data Registers

Figure 4. Direct Register Map

A write to or a read from the Indexed Data Register will access
the indirect register which is indexed by the value most recently
written to the Index Address Register. The Status Register an
the PIO Data Register are always accessible directly, without in-
dexing. The 16 indirect registers are indexed in Figure 5.

Direct Registers:

Index Register Name

0 Left Input Control
1 Right Input Control
2 Left Aux #1 Input Control
3 Right Aux #1 Input Control
4 Left Aux #2 Input Control
5 Right Aux #2 Input Control
6 Left Output Control
7 Right Output Control
8 Clock and Data Format
9 Interface Configuration

10 Pin Control

11 Test and Initialization

12 Miscellaneous Information

13 Digital Mix

14 Upper Base Count

15 Lower Base Count

Figure 5. Indirect Register Map

A detailed map of all direct and indirect register contents is
gummarized for reference as follows:

ADR1:0 Data 7 Data 6 Data 5 Data 4 Data 3 Data 2 Data 1 Data O
0 INIT | MCE | TRD | res [ IXA3 IXA2 IXA1 IXAOQ
1 IXD7 IXD6 IXD5 IXD4 IXD3 IXD2 IXD1 IXDO
2 CU/L | CL/IR | CRDY | SOUR | PU/L | PL/IR | PRDY | |INT
3 CD7 CD6 CD5 CD4 CD3 CD2 CD1 CDO
3 PD7 PD6 PD5 PD4 PD3 PD2 PD1 PDO

Indirect Registers:

IXA3:.0 Data 7 Data 6 Data 5 Data 4 Data 3 Data 2 Data 1 Data O
0 LSS1 LSSO | LMGE res LIG3 LIG2 LIG1 LIGO
1 RSS1 RSSO [ RMGE res RIG3 RIG2 RIG1 RIGO
2 LMX1 res res LX1A4 LX1A3 LX1A2 LX1A1 LX1AO0
3 RMX1 res res RX1A4 RX1A3 RX1A2 RX1A1 RX1A0
4 LMX2 res res LX2A4  LX2A3 LX2A2 LX2A1l LX2A0
5 RMX2 res res RX2A4 RX2A3 RX2A2 RX2A1 RX2A0
6 LDM res LDAS5 LDA4 LDA3 LDA2 LDA1 LDAO
7 RDM res RDA5 RDA4 RDA3 RDA2 RDA1 RDAO
8 res FMT ciL | sm CFS2 CFS1 CFSO CSS
9 CPIO PP O res res ACAL | sSDC CEN PEN
10 XCTL1 XCTLO res res res res IEN res
11 COR | PUR ACI | DRS ORR1 ORRO ORL1 ORLO
12 res res res res 1D3 ID2 ID1 IDO
13 DMAS DMA4 DMA3 DMA?2 DMA1 DMAO [ res DME
14 UB7 UB6 UB5 UB4 UB3 UB?2 UB1 UBO
15 LB7 LB6 LB5 LB4 LB3 LB2 LB1 LBO

sample period.

REV. A
Downloaded fronDatasheet.su

Figure 6. Register Summary
Note that the only sticky bit in any of the AD1846 control registers is the interrupt (INT) bit. All other bits change with every
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AD1846

Direct Control Register Definitions
Index Register (ADR1:0 = 0)

ADR1:0 Data 7 Data 6 Data 5 Data 4 Data 3 Data 2 Data 1 Data O
0 [ inoT | MCE | TRD | res | IXA3 IXA2 IXAL IXAO |

IXA3:0 Index Address. These bits define the address of the AD1846 register accessed by the Indexed Data Register. These bits
are read/write.

res Reserved for future expansion. Always write a zero to this bit.

TRD Transfer Request Disable. This bit, when set, causes all data transfers to cease when the Interrupt Status (INT) bit of the
Status Register is set.

0 Transfers Enabled During Interrupt. PDRQ and CDRQ pin outputs are generated uninhibited by interrupts.
DMA Current Counter Register decrements with every sample period when either PEN or CEN are enabled.

1 Transfers Disabled By Interrupt. PDRQ and CDRQ pin outputs are generated only if INT bit is O (when either
PEN or CEN, respectively, are enabled). Any pending playback or capture requests are allowed to complete at the
time when TRD is set. After pending requests complete, midscale inputs will be internally generated for the
DACs, and the ADC output buffer will contain the last valid output. Clearing the sticky INT bit (or the TRD bit)
will cause the resumption of playback and/or capture requests (presuming PEN and/or CEN are enabled). The
DMA Current Counter Register will not decrement while both the TRD bit is set and the INT bit is a one.

MCE Mode Change Enable. This bit must be set whenever the current functional mode of the AD1846 is changed. Specifically,
the Clock and Data Format and Interface Configuration registers cannot be changed unless this bit is set. The exceptions
are CEN and PEN in the Interface Configuration which can be changed “on-the-fly.” MCE should be cleared at the com-
pletion of the desired register changes. The DAC outputs are automatically muted when the MCE bit is set. After MCE is
cleared, the DAC outputs will be restored to the state specified by the LDM and RDM mute bits.

Both ADCs and DACs are automatically muted for approximately 128 sample cycles after exiting the MCE state to allow
the reference and all filters to settle. The ADCs will produce midscale values; the DACs’ analog output will be muted. All
converters are internally operating during thek28 sample cycles, and the AD1846 will expect playback data and will
generate (midscale) capture data. Note that the autocalibrate-in-process (ACI) bit will be set on exit from the MCE state
regardless of whether or not ACAL was set. ACI will remain HI for th&28 sample cycles; system software should poll

this bit rather than count cycles.

Special sequences must be followed if autocalibrate (ACAL) is set or sample rates are changed (CFS2:0 and or CSS)
during mode change enable. See the “Autocalibration” and “Changing Sample Rates” sections below.

INIT AD1846 Initialization. This bit is set when the AD1846 is in a state which cannot respond to parallel bus cycles. This bit
is read only.

Immediately after reset and once the AD1846 has left the INIT state, the initial value of this register will be “0100 0000 (40h).”
During AD1846 initialization, this register cannot be written to and will always read “100x 0000 (80h).”

Indexed Data Register (ADR1:0 = 1)

ADR1:0 Data 7 Data 6 Data 5 Data 4 Data 3 Data 2 Data 1 Data O
1 | IXD7 IXD6 IXD5 IXD4 IXD3 IXD2 IXD1 IXDO |

IXD7:0 Indexed Register Data. These bits contain the contents of the AD1846 register referenced by the Indexed Data Register.

During AD1846 initialization, this register cannot be written to and will always read as “1000 0000 (80h).”

—12— REV. A
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AD1846

Status Register (ADR1:0 = 2)

ADR1:0 Data 7 Data 6 Data 5 Data 4 Data 3 Data 2 Data 1 Data O
2 [ cuiL | cur | crby | sour | pPu/L | PL/R | PRDY [ INT |
INT Interrupt Status. This sticky bit (the only one) indicates the status of the interrupt logic of the AD1846. This bit is cleare

PRDY

PL/R

PU/L

SOUR

CRDY

CL/R

CU/L

by any host write of any value to this register. The IEN bit of the Pin Control Register determines whether the state of th
bit is reflected on the INT pin of the AD1846. The only interrupt condition supported by the AD1846 is generated by the
underflow of the DMA Current Count Register.

0 Interrupt pin inactive
1 Interrupt pin active

Playback Data Register Ready. The PIO Playback Data Register is ready for more data. This bit should only be used w
direct programmed I/O data transfers are desired. This bit is read only.

0 DAC data is still valid. Do not overwrite.
1 DAC data is stale. Ready for next host data write value.

Playback Left/Right Sample. This bit indicates whether the PIO playback data needed is for the right channel DAC or le
channel DAC. This bit is read only.

0 Right channel needed
1 Left channel or mono

Playback Upper/Lower Byte. This bit indicates whether the P1O playback data needed is for the upper or lower byte of tl
channel. This bit is read only.

0 Lower byte needed
1 Upper byte needed or any 8-bit mode

Sample Over/Underrun. This bit indicates that the most recent sample was not serviced in time and therefore either a ¢
ture overrun (COR) or playback underrun (PUR) has occurred. The bit indicates an overrun for ADC capture and an
underrun for DAC playback. If both capture and playback are enabled, the source which set this bit can be determined
reading COR and PUR. This bit changes on a sample-by-sample basis. This bit is read only.

Capture Data Ready. The PIO Capture Data Register contains data ready for reading by the host. This bit should only
used when direct programmed I/O data transfers are desired. This bit is read only.

0 ADC data is stale. Do not reread the information.
1 ADC data is fresh. Ready for next host data read.

Capture Left/Right Sample. This bit indicates whether the PIO capture data waiting is for the right channel ADC or left
channel ADC. This bit is read only.

0 Right channel
1 Left channel or mono

Capture Upper/Lower Byte. This bit indicates whether the PIO capture data ready is for the upper or lower byte of the
channel. This bit is read only.

0 Lower byte ready
1 Upper byte ready or any 8-bit mode

The PRDY, CRDY, and INT bits of this status register can change asynchronously to host accesses. The host may access this re
ter while the bits are transitioning. The host read may return a zero value just as these bits are changing, for example. A “1” value
would not be read until the next host access.

This registers’s initial state after reset is “1100 1100.”

REV. A
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AD1846

Pl1O Data Regigers (ADR1:0 = 3)

ADR1:0 Data 7 Data 6 Data 5 Data 4 Data 3 Data 2 Data 1 Data O
3 CD7 CD6 CD5 CD4 CD3 CD2 CD1 CDO
3 PD7 PD6 PD5 PD4 PD3 PD2 PD1 PDO

The PIO Data Registers are two registers mapped to the same address. Writes send data to the PIO Playback Data Register (PD7:0
Reads will receive data from the PIO Capture Data Register (CD7:0).

During AD1846 initialization, the PIO Playback Data Register cannot be written and the Capture Data Register is always read
“1000 0000 (80h).”

CD7:0 PIO Capture Data Register. This is the control register where capture data is read during programmed 1/O data transfers.

The reading of this register will increment the state machine so that the following read will be from the next appropriate

byte in the sample. The exact byte which is next to be read can be determined by reading the Status Register. Once all rel-
evant bytes have been read, the state machine will stay pointed to the last byte of the sample until a new sample is received
from the ADCs. Once this has occurred, the state machine and status register will point to the first byte of the sample.

Until a new sample is received, reads from this register will return the most significant byte of the sample.

PD7:0 PIO Playback Data Register. This is the control register where playback data is written during programmed I/O data
transfers.

Writing data to this register will increment the playback byte tracking state machine so that the following write will be to
the correct byte of the sample. Once all bytes of a sample have been written, subsequent byte writes to this port are ig-
nored. The state machine is reset when the current sample is sent to the DACs.

Indirect Control Register Definitions
The following control registers are accessed by writing index values to IXA3:0 in the Index Address Register (ADR1:0 = 0) followed
by a read/write to the Indexed Data Register (ADR1:0 = 1).

Left Input Control (1 XA3:0 = 0)

IXA3:0 Data 7 Data 6 Data 5 Data 4 Data 3 Data 2 Data 1 Data O
0 [ Lss1 LSS0 | LMGE | res | LIG3 LIG2 LIG1 LIGO |

LIG3:0 Leftinput gain select. The least significant bit of this gain select represents +1.5 dB. Maximum gain is +22.5 dB.
res Reserved for future expansion. Always write a zero to this bit.
LMGE Left Input Microphone Gain Enable. Setting this bit will enable the +18 dB digital gain of the left mic input signal.
LSS1:0 Left Input Source Select. These bits select the input source for the left gain stage preceding the left ADC.

0 Left Line Source Selected

1 Left Auxiliary 1 Source Selected

2 Left Microphone Source Selected

3 Left Line Post-Mixed DAC Output Source Selected

This register’s initial state after reset is “000x 0000.”
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AD1846

Right Input Control (1XA3:0 = 1)

IXA3:0 Data 7 Data 6 Data 5 Data 4 Data 3 Data 2 Data 1 Data O
1 [ RSS1 RSSO | RMGE | res | RIG3 RIG2 RIG1 RIGO |

RIG3:0 Right Input Gain Select. The least significant bit of this gain select represents +1.5 dB. Maximum gain is +22.5 dB.
res Reserved for future expansion. Always write a zero to this bit.
RMGE Right Input Microphone Gain Enable. Setting this bit will enable the +18 dB digital gain of the right mic input signal.
RSS1:0 Right Input Source Select. These bits select the input source for the right channel gain stage preceding the right ADC.
0 Right Line Source Selected
1 Right Auxiliary 1 Source Selected
2 Right Microphone Source Selected
3 Right Post-Mixed DAC Output Source Selected

This register’s initial state after reset is “000x 0000.”

Left Auxiliary #1 Input Control (I1XA3:0 = 2)

IXA3:0 Data 7 Data 6 Data 5 Data 4 Data 3 Data 2 Data 1 Data O
2 [ Lmx1 | res res | LX1A4 LX1A3 LX1A2 LX1A1 LX1A0 |

LX1A4:0 Left Auxiliary Input #1 Attenuate Select. The least significant bit of this gain/attenuate select represents —1.5 dB.
LX1A4:0 = 0 produces a +12 dB gain. LX1A4:0 = “01000" (8 decimal) produces 0 dB gain. Maximum attenuation is
—34.5 dB.

res Reserved for future expansion. Always write zeros to these bits.

LMX1  Left Auxiliary #1 Mute. This bit, when set, will mute the left channel of the Auxiliary #1 input source. This bit is set to
“1” after reset.

This register’s initial state after reset is “1xx0 0000.”

Right Auxiliary #1 Input Control (I1XA3:0 = 3)

IXA3:0 Data 7 Data 6 Data 5 Data 4 Data 3 Data 2 Data 1 Data O
3 [ rRMmX1 | res res | RX1A4 RX1A3 RX1A2 RX1A1 RX1A0 |

RX1A4:0 Right Auxiliary Input #1 Attenuate Select. The least significant bit of this gain/attenuate select represents —1.5 dB.
RX1A4:0 = 0 produces a +12 dB gain. RX1A4:0 = “01000” (8 decimal) produces 0 dB gain. Maximum attenuation is
—34.5 dB.

res Reserved for future expansion. Always write zeros to these bits.
RMX1  Right Auxiliary #1 Mute. This bit, when set, will mute the right channel of the Auxiliary #1 input source. This bit is set to
“1” after reset.

This register’s initial state after reset is “1xx0 0000.”

REV. A 15—
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AD1846

Left Auxiliary #2 Input Control (1XA3:0 = 4)

IXA3:.0 Data 7 Data 6 Data 5 Data 4 Data 3 Data 2 Data 1 Data O
4 [ Lmx2 | res res | LX2A4 LX2A3 LX2A2 LX2A1 LX2A0 |

LX2A4:0 Left Auxiliary Input #2 Attenuate Select. The least significant bit of this gain/attenuate select represents —1.5 dB.
LX2A4:0 = 0 produces a +12 dB gain. LX2A4:0 = “01000” (8 decimal) produces 0 dB gain. Maximum attenuation is
—34.5 dB.

res Reserved for future expansion. Always write zeros to these bits.

LMX2  Left Auxiliary #2 Mute. This bit, when set to 1, will mute the left channel of the Auxiliary #2 input source. This bit is set
to “1” after reset.

This register’s initial state after reset is “1xx0 0000.”

Right Auxiliary #2 Input Control (I1XA3:0 = 5)

IXA3:0 Data 7 Data 6 Data 5 Data 4 Data 3 Data 2 Data 1 Data O
5 [ rRMX2 | res res | RX2A4 RX2A3 RX2A2 RX2A1 RX2A0 |

RX2A4:0 Right Auxiliary Input #2 Attenuate Select. The least significant bit of this gain/attenuate select represents —1.5 dB.
RX2A4:0 = 0 produces a +12 dB gain. RX2A4:0 = “01000” (8 decimal) produces 0 dB gain. Maximum attenuation is
—34.5 dB.

res Reserved for future expansion. Always write zeros to these bits.

RMX2  Right Auxiliary #2 Mute. This bit, when set, will mute the right channel of the Auxiliary #2 input source. This bit is set to
“1" after reset.

This register’s initial state after reset is “1xx0 0000.”

Left DAC Control (1 XA3:0 = 6)

IXA3:0 Data 7 Data 6 Data 5 Data 4 Data 3 Data 2 Data 1 Data O
6 [ Lbm | res | LDAS LDA4 LDA3 LDA2 LDA1 LDAO |

LDA5:0 Left DAC Attenuate Select. The least significant bit of this attenuate select represents —1.5 dB. LDA5:0 = 0 produces a
0 dB attenuation. Maximum attenuation is —94.5 dB.

res Reserved for future expansion. Always write a zero to this bit.

LDM Left DAC Mute. This bit, when set to 1, will mute the left DAC output. Auxiliary inputs are muted independently with
the Left Auxiliary Input Control Registers. This bit is set to “1” after reset.

This register’s initial state after reset is “1x00 0000.”

Right DAC Control (IXA3:0 = 7)

IXA3:.0 Data 7 Data 6 Data 5 Data 4 Data 3 Data 2 Data 1 Data O
7 [ rRDM | res | RDA5 RDA4 RDA3 RDA2 RDA1 RDAO |

RDA5:0 Right DAC Attenuate Select. The least significant bit of this attenuate select represents —1.5 dB. RDA5:0 = 0 produces
0 dB attenuation. Maximum attenuation is —94.5 dB.

res Reserved for future expansion. Always write a zero to this bit.

RDM Right DAC Mute. This bit, when set to 1, will mute the right DAC output. Auxiliary inputs are muted independently with
the Right Auxiliary Input Control Registers. This bit is set to “1” after reset.

This register’s initial state after reset is “1x00 0000.”
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AD1846

Clock and Data Format Register (1 XA3:0 = 8)

IXA3:0 Data 7 Data 6 Data 5 Data 4 Data 3 Data 2 Data 1 Data O
8 | res | FEMT | c/L | SM | CFS2 CFS1 CFsSo| css |

The contents of the Clock and Data Format Register cannot be changed except when the AD1846 isin Mode Change Enable (MCE) state.
Write attempts to this register when the AD1846 is not in the MCE state will not be successful.

CSsSs Clock Source Select. These bits select the crystal clock source which will be used for the audio sample rates.
0 XTAL1 (24.576 MHz)
1 XTAL2 (16.9344 MHz)

CFS2:0 Clock Frequency Divide Select. These bits select the audio sample rate frequency. The actual audio sample rate deper
on which crystal clock source is selected and the frequency of that source.

Divide XTAL1 XTAL2
CFS Factor 24.576 MHz 16.9344 MHz
0 3072 8.0 kHz 5.5125kHz
1 1536 16.0 kHz 11.025 kHz
2 896 27.42857 kHz 18.9kHz
3 768 32.0 kHz 22.05 kHz
4 448 Not Supported 37.8kHz
5 384 Not Supported 44.1kHz
6 512 48.0 kHz 33.075 kHz
7 2560 9.6 kHz 6.615 kHz

Note that the AD1846’s internal oscillators can be driven by external clock sources at the crystal input pins. If an externe
clock source is applied, it will be divided down by the selected Divide Factor. It need not be at the recommended crystal
frequencies.

S/IM Stereo/Mono Select. This bit determines how the audio data streams are formatted. Selecting stereo will result with alte
nating samples representing left and right audio channels. Mono playback plays the same audio sample on both channe
Mono capture only captures data from the left audio channel.

0 Mono
1 Stereo

C/L Companded/Linear Select. This bit selects between a linear digital representation of the audio signal or a nonlinear, cor
panded format for all input and output data. The type of linear PCM or the type of companded format is defined by the
FMT bits.

0 Linear PCM
1 Companded
FMT Format Select. This bit defines the format for all digital audio input and outputs based on the state of the C/L bit.

Linear PCM (C/L = 0) Companded (C/L = 1)

0 8-bit Unsigned PCM 8-bit p-law Companded
1 16-bit Twos-Complement PCM  8-bit A-law Companded

res Reserved for future expansion. Always write a zero to this bit.

This register’s initial state after reset is “x000 0000.”
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AD1846

I nterface Configuration Register (1 XA3:0 = 9)

IXA3:0 Data 7 Data 6 Data 5 Data 4 Data 3 Data 2 Data 1 Data O
9 [ cpio | pPPO | res res | ACAL | sbc | CEN | PEN |

The contents of the Interface Configuration Register cannot be changed except when the AD1846 isin Mode Change Enable (MCE) state.
Write attempts to thisregister when the AD1846 is not in the MCE state will not be successful. PEN and CEN are exceptions; these bits may al-
ways be written.

PEN Playback Enable. This bit will enable the playback of data in the format selected. The AD1846 will generate PDRQ and
respond t@DAK signals when this bit is enabled and PPIO = 0. If PPIO = 1, this bit enables Programmed 1/O (PIO)
playback mode. PEN may be set and reset without setting the MCE bit.

0 Playback disabled (PDRQ and PIO Playback Data Register inactive)
1 Playback enabled

CEN Capture Enable. This bit will enable the capture of data in the format selected. The AD1846 will generate CDRQ and re-
spond toCDAK signals when this bit is enabled and CPIO = 0. If CPIO = 1, this bit enables P1O capture mode. CEN
may be set and reset without setting the MCE bit.

0 Capture disabled (CDRQ and PIO Capture Data Register inactive)
1 Capture enabled

SDC Single DMA Channel. This bit will force both capture and playback DMA requests to occur on the Playback DMA chan-
nel. The Capture DMA CDRQ pin will be LO. This bit will allow the AD1846 to be used with only one DMA channel.
Simultaneous capture and playback cannot occur in this mode. Should both capture and playback be enabled
(CEN = PEN = 1) in the mode, only playback will occur. See “Data and Control Transfers” for further explanation.

0 Dual DMA channel mode
1 Single DMA channel mode

ACAL  Autocalibrate Enable. This bit determines whether the AD1846 performs an autocalibrate whe®BW&RDIVEN pin is
deasserted or from the Mode Change Enable (MCE) bit being reset. ACAL is normally set. See “Autocalibration” below
for a description of a complete autocalibration sequence.

0 No autocalibration
1 Autocalibration after power down/reset or mode change
res Reserved for future expansion. Always write zeros to these bits.

PPIO Playback PIO Enable. This bit determines whether the playback data is transferred via DMA or PIO.
0 DMA transfers only
1 P10 transfers only

CPIO Capture PIO Enable. This bit determines whether the capture data is transferred via DMA or PIO.
0 DMA transfers only
1 P10 transfers only

This register’s initial state after reset is “00xx 1000.”

Pin Control Register (1 XA3:0 = 10)

IXA3:0 Data 7 Data 6 Data 5 Data 4 Data 3 Data 2 Data 1 Data O
10 [ XCTL1 XCTLO | res res res res | IEN | res |
res Reserved for future expansion. Always write zeros to these bits.
IEN Interrupt Enable. This bit enables the interrupt pin. The Interrupt Pin will go active HI when the number of samples pro-
grammed in the Base Count Register is reached.
0 Interrupt disabled
1 Interrupt enabled

XCTL1:0 External Control. The state of these independent bits is reflected on the respective XCTL1:0 pins of the AD1846.
0 TTL Logic LO on XCTL1:0 pins
1 TTL Logic HI on XCTL1:0 pins

This register’s initial state after reset is “00xx xx0x.”
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AD1846

Test and Initialization Register (I XA3:0 = 11)
IXA3:0 Data 7 Data 6 Data 5 Data 4 Data 3 Data 2 Data 1 Data O
11 [ corR | PUR | Act | DRS | ORR1 ORRO ORL1 ORLO |

ORL1:0 Overrange Left Detect. These bits indicate the overrange on the left input channel. This bit changes on a sample-by-
sample basis. This bit is read only.

0 Less than —1 dB underrange

1 Between —1 dB and 0 dB underrange
2 Between 0 dB and +1 dB overrange
3 Greater than +1 dB overrange

ORR1:0 Overrange Right Detect. These bits indicate the overrange on the right input channel. This bit changes on a sample-by-
sample basis. This bit is read only.

0 Less than —1 dB underrange

1 Between —1 dB and 0 dB underrange
2 Between 0 dB and +1 dB overrange
3 Greater than +1 dB overrange

DRS Data Request Status. This bit indicates the current status of the PDRQ and CDRQ pins of the AD1846.
0 CDRQ and PDRQ are presently inactive (LO)
1 CDRQ or PDRQ are presently active (HI)

ACI Autocalibrate-In-Progress. This bit indicates the state of autocalibration or a recent exit from Mode Change Enable
(MCE). This bit is read only.
0 Autocalibration is not in progress
1 Autocalibration is in progress or MCE was exited within approximately the last 128 sample periods

PUR Playback Underrun. This bit is set when playback data has not arrived from the host in time to be played. As a result, a

midscale value will be sent to the DACs. This bit changes on a sample by sample basis.

COR Capture Overrun. This bit is set when the capture data has not been read by the host before the next sample arrives. T
sample being read will not be overwritten by the new sample. The new sample will be ignored. This bit changes on a
sample by sample basis.

The occurrence of a PUR and/or COR is designated in the Status Register's Sample Overrun/Underrun (SOUR) bit. The SOUR
is the logical OR of the COR and PUR bits. This enables a polling host CPU to detect an overrun/underrun condition while check
other status bits.

This register’s initial state after reset is “0000 0000.”

Miscellaneous Control Register (1 XA3:0 = 12)

IXA3:0 Data 7 Data 6 Data 5 Data 4 Data 3 Data 2 Data 1 Data O
12 | res res res res | ID3 ID2 ID1 IDO |
res Reserved for future expansion. The bits are read only. Do not write to these bits.

ID3:0 AD1846 Revision ID. These four bits define the revision level of the AD1846. The AD1846 is designated
ID = “1010.” Revisions increment by one LSB. These bits are read only.

This register’s initial state after reset is “xxxx RRRR” where RRRR = Revision ID of the silicon in use.
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AD1846

Digital Mix Control Register (1 XA3:0 = 13)
IXA3:0 Data 7 Data 6 Data 5 Data 4 Data 3 Data 2 Data 1 Data O
13 [ DMAS5 DMA4 DMA3 DMA2 DMA1 DMAO | res | DME |

DME Digital Mix Enable. This bit will enable the digital mix of the ADCs’ output with the DACs’ input. When enabled, the
data from the ADCs are digitally mixed with other data being delivered to the DACs (regardless of whether or not play-
back [PEN] is enabled, i.e., set). If capture is enabled (CEN set) and there is a capture overrun (COR), then the last
sample captured before overrun will be used for the digital mix. If playback is enabled (PEN set) and there is a playback
underrun (PUR), then a midscale zero will be added to the digital mix data.

0 Digital mix disabled (muted)
1 Digital mix enabled
res Reserved for future expansion. Always write a zero to this bit.

DMAS5:0 Digital Mix Attenuation. These bits determine the attenuation of the ADC data in mixing with the DAC input. Each at-
tenuate step is —1.5 dB ranging to —94.5 dB.

This register’s initial state after reset is “0000 00x0.”

DMA BASE COUNT REGISTERS(I1XA3:0=14 & 15)

The DMA Base Count Registers in the AD1846 simplify integration of the AD1846 in ISA systems. The ISA DMA controller re-
quires an external count mechanism to notify the host CPU via interrupt of a full DMA buffer. The programmable DMA Base
Count Registers will allow such interrupts to occur.

The Base Count Registers contain the number of sample periods which will occur before an interrupt is generated on the interrupt
(INT) pin. To load, first write a value to the Lower Base Count Register. Writing a value to the Upper Base Register will cause both
Base Count Registers to load into the Current Count Register. Once AD1846 transfers are enabled, each sample period the Current
Count Register will decrement until zero count is reached. The next sample period after zero will generate the interrupt and reload
the Current Count Register with the values in the Base Count Registers. The interrupt is cleared by a write to the Status Register.

The Host Interrupt Pin (INT) will go HI during the sample period in which the Current Count Register underflows when Interrupt
Enable (IEN) is set. The Host Interrupt Pin (INT) will go LO when the Interrupt Status Bit (INT) is cleared. [Note that both the
Host Interrupt Pin and the Interrupt Status Bit have the same name (INT)].

The Current Count Register is decremented every sample period when either the PEN or CEN bit is enabled and also either the
Transfer Request Disable (TRD) bit or the Interrupt Status (INT) bit are zero. Note that the internal INT bit will become one on
counter underflow even if the external interrupt pin is not enabled, i.e., IEN is zero. The Current Count Register is decremented in
both PIO and DMA data transfer modes.

Upper Base Count Register (1 XA3:0 = 14)

IXA3:0 Data 7 Data 6 Data 5 Data 4 Data 3 Data 2 Data 1 Data O
14 [ UB7 UB6 UB5 UB4 UB3 UB2 UB1l UBO |

UB7:0 Upper Base Count. This byte is the upper byte of the base count register containing the eight most significant bits of the
16-bit base register. Reads from this register return the same value which was written. The current count contained in the
counters can not be read.

This register’s initial state after reset is “0000 0000.”

Lower Upper Base Count Register (1 XA3:0 = 15)
IXA3:0 Data 7 Data 6 Data 5 Data 4 Data 3 Data 2 Data 1 Data O
15 | LB7 LB6 LB5 LB4 LB3 LB2 LB1 LBO |

LB7:0 Lower Base Count. This byte is the lower byte of the base count register containing the eight least significant bits of the
16-bit base register. Reads from this register return the same value which was written. The current count contained in the
counters cannot be read.

This register’s initial state after reset is “0000 0000.”
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AD1846

DATA AND CONTROL TRANSFERS Control and Programmed I/O (PIO) Transfers

The AD1846 SoundPort Stereo Codec supports a DMA re-  This simpler mode of transfers is used both for control register
guest/grant architecture for transferring data with the host comaccesses and programmed 1/O. The 21 control and PIO data
puter bus. One or two DMA channels can be supported. registers cannot he accessed via DMA transfers. Playback PIO is
Programmed 1/O (PIO) mode is also supported for control reg-activated when both Playback Enable (PEN) is set and Playback
ister accesses and for applications lacking DMA control. PIO PIO (PPIO) is set. Capture PIO is activated when both Capture
transfers can be made on one channel while the other is per- Enable (CEN) is set and Capture PIO (CPIO) is set. See Fig-
forming DMA. Transfers to and from the AD1846 SoundPort ures 11 and 12 for the detailed timing of the control register/
Codec are asynchronous relative to the internal data conversidplO transfers. ThBD andWR signals are used to define the
clock. Transfers are buffered, but the AD1846 supports no in- actual read and write cycles, respectively. The host l@8ds

ternal FIFOs. The host is responsible for providing playback LO during these transfers. The DMA Capture Data Acknowl-
data before the next digital-to-analog conversion and removingedge CDAK) and Playback Data Acknowleddg&XAK) must

capture data before the next analog-to-digital conversion. be held inactive, i.e., HI.

Data Ordering For read/capture cycles, the AD1846 will place data on the
The number of byte-wide transfers required depends on the DATA7:0 lines while the host is asserting the read strRbg,
data format selected. The AD1846 is designed for “little by holding it LO. For write/playback, the host must place data

endian” formats in which the least significant byte (i.e., occupy-on the DATA7:0 pins while strobing tA&R signal LO. The
ing the lowest memory address) gets transferred first. So 16-biAD1846 latches the write/playback data on the rising edge of
data transfers require first transferring the least significant bits the WR strobe.

7fO an_d then transf.erri.n_g the mqst significant bits 15:8, where \ypqp, using PIO data transfers, the Status Register must be
bit 15 is the most significant bit in the word. polled to determine when data should be transferred. Note that
In addition, left channel data is always transferred before right the ADC capture data will be ready (CRDY HI) from the previ-
channel data with the AD1846. The following figures should ous sample period shortly before the DAC playback data is

make these requiremen