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C3HA4297

Product Data Sheet

FEATURES

Il AC’97 1.03 Compatible
B Industry Leading Mixed Signal Technology

B 18-bit stereo full-duplex Codec with fixed 48 kHz
sampling rate

B Four analog line-level stereo inputs for connec-
tion from LINE IN, CD, VIDEO and AUX

I Two analog line-level mono inputs for speaker-
phone and internal PC Beeper

Il Mono microphone input switchable from two
external sources

B High quality differential CD input
Il Dual Stereo line level outputs
I Extensive power management support

Il Meets or exceeds Microsoft's ® pc’97 and PC'98
audio performance requirements.

ORDERING INFO
CS4297-KQ, 48-pin TQFP, 9x9x1 mm
CS4297-JQ, 48-pin TQFP, 9x9x1 mm

CrystalClear™
SoundFusion™ Audio
Codec 97

DESCRIPTION

The CS4297 is a AC'97 1.03 compatible stereo au-
dio Codec designed for PC multimedia systems.
Using the industry leading CrystalClear delta-sig-
ma and mixed signal technology, the CS4297
paves the way for PC’97-compliant desktop, porta-
ble, and entertainment PCs, where high-quality
audio is required.

The CS4297, when coupled with a DC'97 PCI au-
dio accelerator such as the CS4610, implements a
cost-effective, superior quality, two-chip audio so-
lution. The CS4297 Audio Codec '97 and CS4610
PCI Audio Accelerator are the first members of the
SoundFusion family of advanced PCI audio prod-
ucts for next generation multimedia PCs.
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ANALOG CHARACTERISTICS (standard test conditions unless otherwise noted: Tampient = 25° C,
AVdd = 5.0 V £5%, DVdd = 3.3 V £5%; 1 kHz Input Sine wave; Sample Frequency, Fs = 48 kHz; Z 5| =10 kQ/680
pF load Cp, = 18 pF load (Note 1); Measurement bandwidth is 20 Hz - 20 kHz, 18-bit linear coding; Mixer registers
set for unity gain.

CS4297-KQ CS4297-JQ
Parameter Symbol| Path | Min | Typ | Max | Min | Typ | Max Unit
(Note 2) (Note 3)

Full Scale Input Voltage Vv
Line Inputs A-D | 0.91 ] 1.00 - 0.91 | 1.00 - RMS
Mic Inputs (20 dB=0) A-D | 0.91 ] 1.00 - 0.91 | 1.00 - VRms
Mic Inputs (20 dB=1) A-D |0.091]| 0.10 - 0.091| 0.10 - VRms
Full Scale Output Voltage
Line,Alternate Line, and Mono Outputs D-A |091| 10 | 1.13 | 091 | 1.0 | 1.13 | Vrums
Frequency Response (Note 4)| FR
Analog Ac=+0.5dB A-A 20 - |20,000| 20 - |20,000 Hz
DAC Ac=+0.5dB D-A 20 - |20,000| 20 - |20,000 Hz
ADC Ac=+0.5dB A-D 20 - |20,000| 20 - |20,000 Hz
Dynamic Range
Stereo Analog inputs to LINE_OUT DR A-A 90 95 - - 90 - dBFS A
Mono Analog inputs to LINE_OUT A-A 85 90 - - 85 - dBFS A
DAC Dynamic Range D-A 85 90 - - 87 - dBFS A
ADC Dynamic Range A-D 85 90 - - 85 - dBFS A
DAC SNR (-20 dB FS input w/
CCIR-RMS filter on output) SNR D-A - 63 - - - - dB
Total Harmonic Distortion + Noise
(-3 dB FS input signal):
Line/Alternate Line Output THD+N| A-A - -94 -80 - - -74 |dBFS A
DAC D-A - -86 -80 - - -74 |dBFS A
ADC (all inputs except phone/mic) A-D - -87 -80 - - -74 |dBFS A
ADC (phone/mic) A-D - -87 -74 - - -74 |dBFS A
Power Supply Rejection Ratio
(1 kHz, 0.5 Vgps W/ 5 V DC offset)(Note 4) 40 60 - - 40 - dB
Interchannel Isolation 70 87 - - 87 - dB
Spurious Tone (Note 4) - -100 - - -100 - dB FS
Input Impedance (Note 4) 10 - - 10 - - kQ
External Load Impedance 10 - - 10 - - kQ
Output Impedance (Note 4) - 730 - - 730 - Q
Input Capacitance (Note 4) - 5 - - 5 - pF
Vrefout 20 | 23 25 20 | 23 25 Y

Notes: 1. Z,, refers to the analog output pin loading and Cp, refers to the digital output pin loading.
2. Parameter definitions are given in the Parameter and Term Definitions section.

3. Pathrefers to the signal path used to generate this data. These paths are defined in the Parameter and
Term Definitions section.

4. This specification is guaranteed by silicon characterization, it is not production tested.
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MIXER CHARACTERISTICS (for cs4297-KQ only)

Parameter Min Typ Max Unit
Mixer Gain Range Span
Line In, Aux, CD, Video, Micl Mic2, Phone, PC Beep - 46.5 - dB
Line Out, Alternate Line Out, Mono Out - 94.5 - dB
Step Size
All volume controls except PC Beep - 15 - dB
PC Beep - 3.0 - dB
ABSOLUTE MAXIMUM RATINGS (Avss1 = Avss2 = DVss1 = DVss2 = 0 V)
Parameter Min Typ Max Unit
Power Supplies +3.3 V Digital| -0.3 - 6.0 \%
+5 V Digital| -0.3 - 6.0 \%
Analog| -0.3 - 6.0 \%
Total Power Dissipation (Supplies, Inputs, Outputs) - 210 450 mwW
Input Current per Pin (Except Supply Pins) -10 - 10 mA
Output Current per Pin (Except Supply Pins) -15 - 15 mA
Analog Input voltage -0.3 - Avdd+ \%
0.3
Digital Input voltage -0.3 - Dvdd + \%
0.3
Ambient Temperature (Power Applied) -55 - 110 °C
Storage Temperature -65 - 150 °C
RECOMMENDED OPERATING CONDITIONS (Avss1 = AVss2 = DVss1 = DVss2 = 0 V)
Parameter Symbol Min Typ Max Unit
Power Supplies +3.3 V Digital| DVvdd1, Dvdd2 | 3.135 3.3 3.465 \%
+5 V Digital| DVdd1, DVdd2 4.75 5 5.25 Y,
Analog| Avddl, Avdd2 4.75 5 5.25 Y,
Operating Ambient Temperature 0 - 70 °C

L./}
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POWER DOWN STATES
Parameter Min Typ Max Unit
Full Power 3.3 V digital 12.7
5 V digital 21.4
5V analog - 35.0 - mA
ADCs and Input Mux Powerdown (PRO) 3.3 V digital 5.32
5 V digital 9.80
5V analog - 23.1 - mA
DACs Powerdown (PR1) 3.3 V digital 9.25
5V digital 16.0
5V analog - 30.0 - mA
Analog Mixer Powerdown, Vref on (PR2) 3.3 V digital 9.20
5V digital 16.0
5V analog - 10.7 - mA
Analog Mixer Powerdown, Vref off (PR3) 3.3 V digital 5.30
5 V digital 9.80
5V analog - ~0.00 - mA
AC-Link Powerdown (PR4) 3.3 V digital 3.30
5V digital 6.92
5V analog - 23.0 - mA
Internal Clock Disable (PR5) 3.3 V digital 0.004
5 V digital 0.005
5V analog - 0.001 - mA
Alternate Line Output Buffer Powerdown (PR6) 3.3 V digital 5.30
5 V digital 9.80
5V analog - 20.3 - mA
DIGITAL FILTER CHARACTERISTICS
CS4297-KQ CS4297-JQ
Parameter Min Typ Max Min Typ Max Unit
Transition Band 04xFs| - |06xFg|04xFg| . |0.6xFg Hz
Stop Band 06xFs| - - |06xFs| - - Hz
Stop Band Rejection (Note 4,5)| 74 - - 74 - - dB
Out-of-Band Energy (Note 6) - -82 - - -40 - dB
Group Delay (Note 4) - - 1 - - 1 ms

Notes: 5. Stop Band rejection determines filter requirements. Out-of-band rejection determines audible noise.

6. The integrated Out-of-Band generated by the DAC process, during normal PCM audio playback, over
a bandwidth 28.8 kHz to 100 kHz, with respect to a 1 Vgrys DAC output.
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DIGITAL CHARACTERISTICS (Avss = DVss = 0 V (See Grounding and Layout section))

Parameter Symbol Min Typ Max Unit
Low level input voltage Vi - - 0.16 xDvdd | V
High level input voltage Vih 0.40 x Dvdd - - \%
High level output voltage Voh 0.70 x Dvdd |0.99 x Dvdd - \%
Low level output voltage Vo - 0.03 0.10xDvdd | V
Input Leakage Current (AC-link inputs) -10 - 10 A
Output Leakage Current (Tri-stated AC-link outputs) -10 - 10 A
Output buffer drive current (Note 4) - 100 400 A
SERIAL PORT TIMING
Parameter ‘ Symbol Min Typ Max Unit
RESET Timing
DVdd 90% maximum value to RESET# inactive pre-delay
(Note 4) | Tvddarst# 1.5 - - ms
RESET# active low pulse width Trst_low 1.0 - - ps
RESET# inactive to BIT_CLK start-up delay Trstoclk - 42.7 - ms
1st SYNC active to CODEC READY set Tsynczerd - 40.6 - Hs
Clocks
BIT_CLK frequency - 12.288 - MHz
BIT_CLK period Teik_period - 81.4 - ns
BIT_CLK output jitter (depends on XTAL_IN source) - - 750 ps
BIT_CLK high pulse width Teik_high - 40.7 - ns
BIT_CLK low pulse width Teik_low - 40.7 - ns
SYNC frequency - 48 - kHz
SYNC period Tsync_period - 20.8 - ps
SYNC high pulse width Tsync_high - 1.3 - Hs
SYNC low pulse width Tsync_low - 19.5 - Hs
SYNC active to RESET# inactive pre-delay Trstasnyc - - 250 ms
Data Setup and Hold
Output Propagation delay from rising edge of BIT_CLK Tprop - 6 8 ns
Output hold from falling edge of BIT_CLK Tohold 5 - - ns
Input setup time from falling edge of BIT_CLK Tisetup 10 - - ns
Input hold time from falling edge of BIT_CLK Tihold 0 - - ns
Input Signal rise time Tirise 2 - 6 ns
Input Signal fall time Titall 2 - 6 ns
Output Signal rise time (Note 4) Tofall 2 4 6 ns
Output Signal fall time (Note 4)|  Tofall 2 4 6 ns

DS242F5 7
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SERIAL PORT TIMING (continued)

Misc. Timing Parameters

End of Slot 2 to BIT_CLK, SDATA_IN low (PR4) Ts2_pdown - 16.24 16.36 us
SYNC pulse width (PR4) Tsync_pra 1.0 - - Hs
SYNC inactive (PR4) to BIT_CLK start-up delay Tsyncaclk 162.8 244 - ns
Setup to trailing edge of RESET# (test modes) (Note 4)| Tsetuparst 15 - - ns
Rising edge of RESET# to Hi-Z delay (Note 4) Toft - - 25 ns

BIT_CLK y

)

Trst_low Trstock

RESET# Z

Tvdd2rst#

C

Vdd

TrstZSync
SYNC 3

Power Up Timing

BIT_CLK J—\—/M( M ]L/K

Torise ﬂ < H Tifall

Teik _high Tclk low ( Teik _period

SYNC

Tirise % < Tsync high Tital J‘H Tsync low

Tsync_period
Clocks

SYNC FLJLJW_

Tsynchrd

C
CODEC_READY T%

C C C C
PP P 0D P

Codec Ready from Startup or Fault Condition
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Tsetup 1

Data Setup and Hold

am_cuc (MAAAAAAAAAANANNT (0

—

hold

Slot 1 Slot 2
SDATA OUT Write to 0x20 Data PR4 .. Don't Care
TsZ_pdown
SDATA IN .
SYNC | |
Tsync_pra TéynchW
R
PR4 Powerdown
RESET#
Tsetup2rst
SDATA_OUT,
SYNC T
off
SDATA IN, .
- Hi-Z
BIT_CLK
Test Mode
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PARAMETER AND TERM DEFINITIONS

AC’97 Specification
Refers to the Audio Codec ‘97 Component Specification Ver 1.03 published b)® Intel

Corporation [1].

AC’97 Controller
Refers to the control chip which interfaces to the CS4297’'s AC-Link. This has been also called

“‘DC'97” [1].
‘set’
Refers to a digital value of Vcc, “1”, or “high”.

‘clear’ or ‘cleared’
Refers to a digital value of GND, “0” or “low”.

AC’97 Registers

Refers to the 64-field register map defined in the AC’97 Specification.
ADC
Refers to a single Analog-to-Digital converter in the CS4297. “ADCs” refers to the stereo pair

of Analog-to-Digital converters.

DAC
A single Digital-to-Analog converter in the CS4297. “DACs” refers to the stereo pair of

Digital-to-Analog converters.

Codec
Refers to the set of ADCs, DACs, and Analog mixer portions of the CS4297.

FFT
Fast Fourier Transform.
Resolution
The number of bits in the output words to the DACs, and in the input words to the ADCs.

Differential Nonlinearity
The worst case deviation from the ideal code width. Units in LSB.

dB FSA

L./}
DS242F5

10

dB FS is defined as dB relative to full-scale. The “A” indicates an A weighting filter was used



CHA297
CrystalClear™ SoundFusion™ Audio Codec '97

i

——== CIRRUS LOCGIC

Frequency Response (FR)
FR is the deviation in signal level verses frequency. The O dB reference point is 1 kHz. The
amplitude corner, Ac, lists the maximum deviation in amplitude above and below the 1 kHz
reference point. The listed minimum and maximum frequencies are guaranteed to be within the
Ac from minimum frequency to maximum frequency inclusive.

Dynamic Range (DR)
DR is the ratio of the RMS full-scale signal level divided by the RMS sum of the noise floor,
in the presence of a signal, available at any instant in time (no change in gain settings between
measurements). Measured over a 20 Hz to 20 kHz bandwidth with unitsin dB FS A.

Total Harmonic Distortion plus Noise (THD+N)

THD+N is the ratio of the RMS sum of all non-fundamental frequency components, divided by
the RMS full-scale signal level. It is tested using a -3 dB FS input signal and is measured over
a 20 Hz to 20 kHz bandwidth with unitsin dB FS A.

Signal to Noise Ratio (SNR)

SNR, similar to DR, is the ratio of an arbitrary sinusoidal input signal to the RMS sum of the
noise floor, in the presence of a signal. It is measured over a 20 Hz to 20 kHz bandwidth with
units in dB.

I nterchannd | solation

The amount of 1 kHz signal present on the output of the grounded AC-coupled line input
channel with 1 kHz 0 dB signal present on the other line input channel. Units in dB.

Interchannd Gain Mismatch

For the ADCs, the difference in input voltage to get and equal code on both channels. For the
DACs, the difference in output voltages for each channel when both channels are fed the same
code. Unitsin dB.

PATHS: [4]
A-D: Analog in, through the ADC, onto the serial link.

D-A: Serid interface inputs through the DAC to the analog output

A-A: Analog in to Analog out (analog mixer)

]
DS242F5 11
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GENERAL DESCRIPTION AC’97 Register Interface
Overview The CS4297 implements the AC’97 Registers in

The CS4297 is a mixed-signal serial Codec based accprdance with the AC_:’97 Specifica_tion. See the
on the AC'97 Specification. It is designed to be Eesgfztgr7sl r;':eerli‘sfeer Sseetctlon for details on the
paired with adigital controller, typicaly located on 9 '

the PCI bus. The AC'97 Controller is responsiblePower Management

for all communications between the CS4297 an

. ﬁlhe CS4297 supports a number of different power
?nealrc?Strﬁggre Zy;teegéwg é: Sa4§i7refgn|§,tél\%nsaiz ¥dwn modes. They are accessed through register
9 ' ' ' Bx26h of the CS4297 register interface. Please refer

con1trol and digital audio stream interface to theio thePower Manag ¢ section of the data sheet.
AC’97 Controller.

The CS4297 contains two distinct functional sec2Analog Section
tions: Digital and Analog. The Digital section in- Please refer to Figure 1, Mixer diagram, for a high
cludes the AC-Link registers, power managemerievel graphical representation of the CS4297 ana-
support, SYNC detection circuitry, and AC-Link log mixer structure.
serial port interface logic. The Analog section in- .
cludes the analog input multiplexor (mux), stereooUtput Mixer
output mixer, mono output mixer, stereo ADCs,There are two output mixers on the CS4297. The
stereo DACs, and analog volume controls. stereo output mixer sums together the analog inputs
. . to the CS4297 according to the settings in the vol-
Digital Section ume control registers. The mono output mixer gen-
AC-Link erates a monophonic sum of the left and right

L : . channels from the stereo output mixer. However,
The AC-Link is the 5-wire digital interface to the . P .
the mono output mixer does not include the

AC’97 Controller chip. The CS4297 generates th . . :

BIT_CLK and the SDATA_IN signals. The AC'97 PC_BEEP and PHONE signals which are included

Controll t dri the SYNC. SDATA OUT in the stereo OUtpUt mix. The stereo OUtpUt mix IS
oRiroTer muist arve e ’ Z oL ingent o the LINE_OUT and ALT_LINE_OUT out-

fming secton fo the timing characterstis of et PIS Of the €54297. The mono output mix i
interface. The interface uses the SYNC signaﬁent tothe MONO_OUT output pin on the CS4297.
which is synchronous with BIT_CLK, to align the Input Mux

data within the frame. The AC-Link signals may be'I'he input multiplexor controls which analog input

referenced to either 5 Volts or 3.3 Volts. Theis sent to the ADCs. The output of the input mux is

CS4297 should use the Same digital supply VOItag@onverted to stereo 18-bit digital PCM data and
as the AC'97 Controller chip. sent to the AC’97 Controller chip in Slots 3 and 4
of the AC-Link SDATA _IN signal.

Volume Control

The volume control registers of the AC’97 Register
interface control analog input level to the input
mixer, the master volume level, and the alternate

12 DS242F5
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volume level. All analog volume controls, except  fers from the AC’97 Specification in a a few minor
PC_BEEP, implement controlled volume steps at  ways. The following list captures the specification
nominally 1.5dB per step. PC_ BEEP uses 3 dB  deviations and the implementation decisions made
steps. The analog inputs alow a mixing range of  to resolve ambiguities.

+12 dB of signal gain to -34.5 dB of signal attenu-
ation. The analog output volume controls allow
from 0dB to -945dB of attenuation. The

1. The rising edge of RESET# must occur at least
1.5 ms after the digital power supply DVdd reaches
90% of maximum value.

PC_BEEP input volume control allows from 0 dB

to -45 dB of attenuation.

AC’97 IMPLEMENTATION

The CS4297 implements an AC'97 compliant de0-4 X Vdd, Max'\jj = 0.16 x Vdd.

sign as defined in the Intel Audio Codec 97 Speci3, The delay between setting the PR4 bit to power-
fication Version 1.03. Due to certain design tradeing down the AC-Link interface is implemented as
offs and implementation decisions, the CS4297 dift6.24s.

PC_BEEP

PHONE

PCM_OUT

MAIN D/A

CONVERTERS

MIC1

MIC SELECT

P DAC

—»

JOA

TONA

I0A

2. The digital input voltage threshold levels are
specified as percentages of the Vdd digital power
supply and are TTL level compatible. Min,\=
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Figurel. Mixer Diagram
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4. Thedigital outputs are specified with a 18 pF ca-
pacitive load.

5. Thenominal Vrefout level is2.2V.

6. All analog mixer input and output paths are de-
signed to achieve greater than 90 dBFSA Dynamic
Range.

7. All stereo-to-mono mixer stages contain a scale
factor of -6 dB to prevent output clipping of the
summed mono signal.

8. When the analog mixer is powered down, the
control registers for Record Select and Record
Gain are frozen. The analog mixer stage must be
powered up to gain access to these registers.

9. The Headphone Output pins have been imple-
mented as an Alternate Line Output. These pins
must drive loads greater than 10 kQ, just as the
Line Outputs.

10. Reserved bits in the AC’97 serial data input
stream may return a ‘set’ or a ‘cleared’ value.

11. The Vref pin defined in the AC’97 Specifica-
tion has been renamed to REFFLT. This pin is used
for internal filtering and should not be used as an
external circuit bias voltage. The Vrefout pin is
used to supply biasing voltages to external analog
circuitry. This pin is not capable of supplying 5 mA
of bias current as the specification indicates.

14
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DIGITAL HARDWARE DESCRIPTION tion in a new serial data frame is FO and the last bit
AC’97 AC-Link position in the serial data frame is F255.

The AC-Link is the serial connection between the
AC’97 Controller and the CS4297. The interfac
consists of 5 signal lines (2 data, 2 clocks, and 1 re
set). The basic connections of the link are shown in
Figure 2. The signals will be explained in detail be
low.

When SYNC goes active (high) and is sampled ac-
tive by the CS4297 (on the falling edge of
BIT _CLK), both devices are synchronized to a new
"Serial data frame. The data on the SDATA_OUT
pin at this clock edge is the final bit of the previous
€serial data frame’s data. On the next rising edge of
BIT_CLK, the first bit of slot 0 is driven by the
AC-Link Protocol AC’97 Controller on the SDATA_OUT pin. The

The CS4297 serial interface is designed accordlr}%sd'zworllatﬁzeﬁ;;t t?;ﬁ.:;t: dgj gﬁr:gStBFTlt ?;E?e

to the AC’97 Specification to allow connection toCIOCk sianal
any AC’97 Controller. An AC-Link audio frame is gna.

divided into 13 ‘slots’; 1 16-bit slot and 12 20-bit Digital AC'97
. . . - Controller CS4297

slots. During each audio frame, data is passed bi-di-
rectionally between the CS4297 and the AC'97 SYNC
Controller.

BIT_CLK
AC-Link Serial Data Output Frame

SDATA_OUT

For the serial data output frame, the SYNC,
BIT_CLK, and SDATA_OUT signals are used. In SDATA_IN
the serial data output frame, data is passed on the
SDATA_OUT pin FROM the AC’97 Controller
TO the CS4297. In Figure 3 and in the following
Frame Slot definitions, the position of each bit lo- Figure2. AC-link Connections
cation within the frame is noted. The first bit posi-

RESET#

20.8uS
(48 KHz)
Tag Phase T Data Phase

G R -

12.288 M Hz

Bit Frame

Position Fzss‘ FO  F1 F12 F13 Fl4 F15 ‘ F16 F36 ‘ F37 ‘ F56  F57 ‘ F76 ‘F97 p255:
SoATA OUT -mﬁmm;\----s
| \
\

Bit Frame ‘
Position F2551 FO  F1 Fl2 F3 Fl4 FI5 | Fi6 F36 \ Fa7 \ F56 F57 ! F76 Fo7 F255
SDATA_IN nm\wnnnnns
M/JW\/\/W

Slot 0 Slot 1 Slot2 Slot 3 Slot 4 Slots 5-12

Figure3. AC-Link Input and Output Framing
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Sot 0: Serial Data Output Sot Tags

Thefirst dlot, Slot 0, isa 16-hit slot which containsinformation about the validity of datafor theremaining
12 dlots. The 16 bits of thisslot are defined as:

Fo | F1 | F2 | F3 | F4 | F5 | F6 | F7 | F8 | F9 | F10 | F11 | F12 | F13 | F14 | F15
Bit15| 14 | 13 12 11 10 9 8 7 6 5 4 3 2 1 0
Valid | Slot1 | Slot2 | Slot 3 | Slot 4
Frame| Valid | Valid | Valid | Valid

Valid Frame - Bit 15 determines if any of the following slots contain valid data. If this bit is ‘set’, at least
one of the other 12 slots contain valid data. If this bit is ‘cleared’, the remainder of the frame will be ig-
nored.

Slot 1 Valid - Bit 14 indicates the validity of data in the serial data output Slot 1. If this bit is ‘set’, Slot 1
contains valid data. If this bit is ‘cleared’, Slot 1 will be ignored.

Not Used

Slot 2 Valid - Bit 13 indicates the validity of data in the serial data output Slot 2. If this bit is ‘set’, Slot 2
contains valid data. If this bit is ‘cleared’, Slot 2 will be ignored.

Slot 3 Valid - Bit 12 indicates the validity of data in the serial data output Slot 3. If this bit is ‘set’, Slot 3
contains valid data. If this bit is ‘cleared’, Slot 3 will be ignored.

Slot 4 Valid - Bit 11 indicates the validity of data in the serial data output Slot 4. If this bit is ‘set’, Slot 4
contains valid data. If this bit is ‘cleared’, Slot 4 will be ignored.

Slot 0 bits 10 through 0 represent unimplemented data slots in the CS4297 and will be ignored.

The input PCM data to the CS4297 on the SDATA_OUT pin is shifted out MSB justified (most significant
bit of the actual data of the 20-bit slots). In any case where there are less than 20-bits of valid data for a
slot (i.e.: 18-bit PCM data in a 20-bit slot), the trailing bits of the slot must be ‘cleared’ by the AC’97 Con-
troller. For Slots 5 - 12, the AC'97 Controller should ‘clear’ each bit in each frame, however data in these
slots will be ignored.

Slot 1: AC’'97 Register Address

Slot 1 indicates the Register Address of the current frame’s register access. The 20 bits of this slot are de-
fined as:

F16 | F17 | F18 | F19 | F20 | F21 | F22 | F23 | F24 | F25 | F26 | F27 | F28 | F29 | F30 | F31 | F32 | F33 | F34 | F35
BitiQ 18 | 17 | 16 | 15 | 14 | 13 | 12 | 11 | 10 9 8 7 6 5 4 3 2 1 0
R/W | RI6 | RI5 | RI4 | RI3 | RI2 | RI1 | RIO Reserved

Table 1. Command Address Port Bit Definition
R/W - Bit 19 is the Read/Writbit. When this bit is ‘set’, a read of the AC’97 Register specified by the
Register Index will occur. When the bit is ‘cleared’, a write will occur. In both cases, register accesses only
occur when the Slot Valid bit 14 of Slot O (F1) corresponding to Slot 1 is ‘set’.

RI6 - RIO - Bits 18-12 contain the 7-bit register index to the AC’97 Registers in the CS4297. All registers
are defined at word addressable boundaries. Bit 12 will be saved for historic purposes but is not decoded.

Bits 11-0 are reserved and should always be ‘cleared’ the AC'97 Controller.

16 DS242F5
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Slot 2: AC’97 Register Write Data

Slot 2 indicates the Register Data of the current frame’s register write access.The 20 bits of this slot ar
defined as:

F36 | F37 | F38 | F39 [ F40 [ F41 [ F42 [ F43 | F44 | F45 | F46 | F47 | F48 [ F49 [ F50 [ F51 [F52[F53[F54]F55
Bit19| 18 | 17 | 16 [ 15 [ 14 [ 13 [ 12 [ 11 [ 10| 9 | 8 | 7 [ 6 [ 5 [ 4 [3][2]1]0
WD15|WD14/wD13)wD12|wD11|wD10] WD9 | WD8 | WD7 [ WD6 | WD5 | WD4 | wD3 | wD2 | WD1 [WD0|  Reserved

WD15 - WDO - Bits 19-4 contain the 16-bit value to be written to the register. Bits 3-0 are ignored, but
should always be ‘cleared'. If the access is a read, this slot is ignored. The data in Slot 2 will only be val
when the Slot Valid bit 13 of Slot 0 (F2) corresponding to Slot 2 is ‘set’.

NOTE: For any write to an AC’97 Register, the write is defined to be an ‘atomic’ access. This means th:
when the slot valid bit for Slot 1 is ‘set’, the slot valid bit for Slot 2 should always be ‘set’ during the same
audio frame. No write access may be split across 2 frames.

Sot 3: Left Channel PCM Playback Data

Slot 3 contains the left channel data. The 20 bits of this slot are defined as:

F56 | F57 | FS8 | F59 | F60 | F61 | F62 | F63 | F64 | F65 | F66 | F67 | F68 | F69 | F70 | F71 | F72 | F73 | F74 | F75
Bit19| 18 | 17 | 16 | 15 | 14 | 13 | 12 | 11 | 10 9 8 7 6 5 4 3 2 1 0
LP17|LP16|LP15|LP14|LP13|LP12|LP11|LP10| LP9 | LP8 | LP7 | LP6 | LP5 | LP4 | LP3 | LP2 | LP1 | LPO | Reserved

LP17 - LPO - This is the 18-bit PCM playback 2’s compliment data for the left channel DAC in the
CS4297. The PCM playback data will be taken from the most significant 18 of the 20 bits in the slot. Th
least significant 2 bits will be ignored. Any PCM data from the AC’97 Controller that is not at least 18-
bits should be left justified in Slot 3 and dithered or zero-padded in the unused bit positions.

Sot 4: Right Channel PCM Playback Data

Slot 4 contains the right channel data. The 20 bits of this slot are defined as:

F76 | F77 | F78 | F79 | F80O | F81 | F82 | F83 | F84 | F85 | F86 | F87 | F88 | F89 | F90 | F91 | F92 | F93 | F94 | F95
Bit19| 18 | 17 | 16 | 15 | 14 | 13 | 12 | 11 | 10 9 8 7 6 5 4 3 2 1 0
RP17|RP16|RP15|RP14|RP13|RP12|RP11|RP10| RP9 | RP8 | RP7 | RP6 | RP5 | RP4 | RP3 | RP2 | RP1 | RPO | Reserved

RP17 - RPO - This is the 18-bit PCM playback 2’'s compliment data for the right channel DAC in the
CS4297. The PCM playback data will be taken from the most significant 18 of the 20 bits in the slot. Th
least significant 2 bits will be ignored. Any PCM data from the AC’97 Controller that is not at least 18-
bits should be left justified in Slot 4 and dithered or zero-padded in the unused bit positions.

]
DS242F5 17



T — Cs4297

CrystalClear™ SoundFusion™ Audio Codec '97
CIRRUS LOGIC

AC-Link Audio Input Frame AC’'97 Controller. The data format for the input
frame is very similar to the output frame. Synchro-
nization of the CS4297 to the AC’97 Controller is
performed in the same manner. Please refer to Fig-
ure 3 for the serial port timing waveform.

An AC-Link seria data input frame uses the
SYNC, BIT_CLK, and SDATA_IN signals are
used. In the seria data input frame, datais passed
on the SDATA_IN pin FROM the C4297 TO the

Sot 0: Serial Data Input Sot Tag Bits

The first slot, Slot 0, is a 16-bit slot which contains information about the validity of data for the remaining
12 slots. The 16 bits of this slot are defined as:

FO F1 F2 F3 F4 F5 F6 F7 F8 F9 F10 F11 F12 F13 F14 F15
Bit15| 14 13 12 11 10 9 8 7 6 5 4 3 2 1 0
Codec| Slot1 | Slot 2 | Slot 3 | Slot 4

Not Used

Ready| Valid | Valid | Valid | Valid
Codec Ready - Bit 15 indicates the readiness of the CS4297’s AC-Link and the AC’97 Control and Status
Registers. Immediately after a Cold Reset this bit will be returned to the AC’97 Controller ‘cleared’. Once
the CS4297's clocks and voltages are stable, this bit will be set. Until the Codec Ready bit is ‘set’, no AC-
Link transactions should be attempted by the AC’97 Controller.

NOTE: This Codec Ready bit does not indicate readiness of the DACs, ADCs, Vref, or any other analog
function. Those must be checked in the Powerdown/Status Register by the AC’97 Controller. Any accesses
to the CS4297 while this bit is ‘cleared’ will be ignored.

Slot 1 Valid - Bit 14 indicates the validity of data in the serial data input Slot 1. If this bit is ‘set’, Slot 1
contains valid data. If this bit is ‘cleared’, Slot 1 should be ignored by the AC’97 Controller.

Slot 2 Valid - Bit 13 indicates the validity of data in the serial data input Slot 2. If this bit is ‘set’, Slot 2
contains valid data. If this bit is ‘cleared’, Slot 2 should be ignored by the AC’97 Controller.

Slot 3 Valid - Bit 12 indicates the validity of data in the serial data input Slot 3. If this bit is ‘set’, Slot 3
contains valid data. If this bit is ‘cleared’, Slot 3 should be ignored by the AC’97 Controller.

Slot 4 Valid - Bit 11 indicates the validity of data in the serial data input Slot 4. If this bit is ‘set’, Slot 4
contains valid data. If this bit is ‘cleared’, Slot 4 should be ignored by the AC’97 Controller.

Slot 0 bits 10 through 0 represent unimplemented data slots in the CS4297 and should be ignored by the
AC’97 Controller.

L./}
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Sot 1: Read-Back Address Port

Slot 1 is the Read-Back Address Port. The Read-Back Address Port is used to echo the AC’97 Regist
address back to the AC’97 Controller when the CS4297 has been issued a read request from the prev
frame. Included only for historical purposes, this address may be used by the AC’97 Controller to synch
nize read accesses. The CS4297 will only echo the register index for a read access. Write accesses wil
return valid data in Slot 1. The 20 bits of this slot are defined as:

F16 | F17 | F18 | F19 | F20 | F21 | F22 | F23 | F24 | F25 | F26 | F27 | F28 | F29 | F30 | F31 | F32 | F33 | F34 | F35
Bit19| 18 | 17 | 16 | 15 | 14 | 13 | 12 | 11 | 10 9 8 7 6 5 4 3 2 1 0
0O |RI6 |RI5| R4 |RI3S|RI2|RI1|RIO| O 0 0 0 0 0 0 0 0 0 0 0

RI6 - RIO - Bits 18-12 contain the 7-bit register index to the AC’97 Registers in the CS4297.
All other undefined bits in Slot 1 will be returned by the CS4297 ‘cleared'.

Sot 2: Read-Back Data Port

Slot 2 is the Read-Back Data Port. The Read-Back Data Port contains the register data requested by t
AC’97 Controller from the previous read request. It reflects the valid data bits from the 16-bit AC’97 Rec
ister being read. All read requests will return read addresses and data on the following serial data frarm
The 20 bits of this slot are defined as:

F36 | F37 [ F38 | F39 [ F40 [ F41 | F42 [ F43 | F44 [ F45 [ F46 | F47 [ F48 [ F49 [ F50 [ F51 | F52 [ F53 | F54 | F55
Bit19] 18 | 17 [ 16 [ 15 |14 [13 |12 | nn [10]| 9 | 8 [ 7|6 [543 [2]1]0
RD15|RD14|RD13|RD12|RD11|RD10| RD9 | RD8 | RD7 | RD6 | RD5 | RD4 |RD3 |[RD2 [RD1|RDO| 0 [ 0 | 0 [ ©

WD15 - WDO - Bits 19-4 contain the 16-bit AC'97 Register value returned to the AC’'97 Controller by the
CS4297. Bits 3-0 are undefined in Slot 2 and will be returned by the CS4297 ‘cleared’.

NOTE: The CS4297 implements bus-keeper logic for its 16-bit registers. Any read accesses from AC’9Q
Registers with undefined bits may return a ‘set’ or ‘clear’ value. The value returned depends on the ste
of that bit location from the previous access. No AC’97 Controller software dependencies should exist
the value of undefined AC’97 Register bits. For a list of the undefined bits in the AC’97 register map, se€
Table 2, Mixer Registers.

Sot 3: Left Channel PCM Capture Data

Slot 3 contains the left channel data. The 20 bits of this slot are defined as:

F56 | F57 | F58 | F59 | F60 | F61 | F62 | F63 | F64 | F65 | F66 | F67 | F68 | F69 | F70 | F71 | F72 | F73 | F74 | F75
Bit19| 18 | 17 | 16 | 15 | 14 | 13 | 12 | 11 | 10 9 8 7 6 5 4 3 2 1 0
LP17|LP16|LP15|LP14|LP13|LP12|LP11|LP10| LP9 | LP8 | LP7 | LP6 | LP5 | LP4 | LP3 | LP2 | LP1 | LPO| O 0

LP17 - LPO - This is the 18-bit PCM 2’'s compliment capture data from the left channel ADC in the
CS4297. The PCM capture data is left justified in the most significant 18 of the 20 bits in the slot.

The least significant 2 bits will be ‘cleared’.

L./}
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Sot 4: Right Channel PCM Capture Data

Slot 4 contains the right channel data. The 20 bits of this dot are defined as:
F89 | F90 | Fo1 | F92 | F93 | F94 | F95
6 | 5] 4]3]2]1]o0
RPO| 0 [ ©

F81 | F82 | F83 | F84 | F85 | F86 | F87 | F88

13 | 12 | 11 | 10 9 8 7
RP9 | RP8 | RP7 | RP6 | RP5 | RP4 | RP3 | RP2 | RP1

F76 | F77 | F78 | F79 | F80

Bit19| 18 | 17 | 16 | 15 | 14
RP17|RP16|RP15|RP14|RP13|RP12|RP11|RP10

RP17 - RPO - This is the 18-bit PCM 2’s compliment capture data from the right channel ADC in the
CS4297. The PCM capture data is left justified in the most significant 18 of the 20 bits in the slot.

The least significant 2 bits will be ‘cleared’.
Slots 5 through 12 are not implemented in the CS4297, and therefore will always be returned ‘cleared’ for

all bits.

L./}
DS242F5

20



CHA297
CrystalClear™ SoundFusion™ Audio Codec '97

i

——== CIRRUS LOCGIC

AC-Link Reset Modes AC’97 Register Reset

There are 3 methodsto reset the CS4297. Theseare  Thethird reset mode provides aregister reset to the
defined in the AC’97 Specification as ‘Cold AC'97 CS4297. This is available only when the CS4297’s
Reset’, ‘Warm AC'97 Reset’, and AC'97 RegisterAC-Link is active and the Codec Ready bit is ‘set’.
Reset. A ‘Cold AC'97 Reset’ is required to restartThe Register Reset allows all user accessible regis-
the AC-Link when bit PR5 is ‘set’ in register ters in the CS4297 to be reset to their default, pow-
(0x26). er-up values. A Register Reset occurs when any
Cold AC'97 Reset value is written to AC’97 Register 00h.

A Cold Reset is performed simply by asserting RE- AC-Link Protocol Violation - L oss of SYNC
SET# in accordance with the minimum timing The CS4297 was designed to handle SYNC proto-
specifications in the Serial Port Timing section of  col violations. The following are situations where
the data sheet. Once de-asserted, all of the AC’Qfie SYNC protocol has been violated:

Registers will be reset to their default power-onrh. gyNC signal is not sampled high for exactly
states and the BIT_CLK clock and SDATA_IN 15 T LK clock cycles at the start of an audio
signals will be reactivated. The timing of power-¢, o

up/reset events is discussed in detail inRbeer
Management section of the data sheet.

The SYNC signal is not sampled high on the 256th

BIT_CLK clock period after the previous SYNC
Warm AC’97 Reset assertion.

The CS4297 may also be reactivated whenthe AC-  The SYNC signal goes active high before the 256th
Link ispowered down (refer tothe PR4 bitdescrip-  BIT_CLK clock period after the previous SYNC
tion in the Power Management section of the data  assertion.

sheet) by aWarm Reset. A Warm Reset dllows the Upon loss of synchronization with the AC’97 Con-

AC-_LlnI:Ito :ce:;e?clgvated W'th\%ﬂ Ioslgg |nfo_rrr_1aj . troller, the CS4297 will mute all analog outputs and
tionin the egisters. Warm Reset s Initiat o5+ the Codec Ready bit in the serial data input

id When(;hehSle(? S|gn|al |s_dr|vhen h't?h for at lfeaﬁltrame until 2 valid frames are detected. During this
s and then driven low in the absence of thgqetion period, the CS4297 will ignore all regis-

BIT_CLK cIocI_<| siglnal. T2he BIT_ICBEFF CCI?IfIK( V\;i" kter reads and writes and will discontinue the trans-
not restart until at least 2 norma i clock icsion of PCM capture data.

periods (+ 162.8 ns) after the SYNC signal is de-as-
serted.
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REGISTER INTERFACE

’\Fijr?] Name D15 | D14 |D13|(D12|D11|D10| D9 | D8 | D7 D6 | D5 | D4 | D3 | D2 | D1 | DO |Default
00h |Reset 0 0 0 0 0 0 0 1 0 1 0 1 0 0 0 0 0150h
02h [Master Volume Mute | X ML5 |ML4 (ML3 |ML2 |ML1 |MLO (X X MR5 |MR4 |MR3 [MR2 [MR1 [MRO |8000h
04h |Alternate Line Out Volume |Mute | X ML5 |ML4 (ML3 |ML2 |ML1 |MLO (X X MR5 |MR4 |MR3 [MR2 [MR1 [MRO [8000h
06h |Master Volume Mono Mute | X X X X X X X X X MM5 |MM4 |MM3 [MM2 [MM1 [ MMO |8000h
08h [Reserved 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0000h
0Ah [PC_BEEP Volume Mute | X X X X X X X X X X PV3 |PV2 [PV1 [PVO |X 0000h
0Ch [Phone Volume Mute | X X X X X X X X X X GN4 |GN3 [GN2 |GN1 |GNO |8008h
OEh [Mic Volume Mute | X X X X X X X X 20dB | X GN4 |GN3 [GN2 |GN1 |GNO |8008h
10h |Line In Volume Mute | X X GL4 |GL3 [GL2 |GL1 |GLO |X X X GR4 |GR3 [GR2 |GR1 |GRO |8808h
12h |CD Volume Mute | X X GL4 |GL3 [GL2 |GL1 |GLO |X X X GR4 |GR3 [GR2 |GR1 |GRO |8808h
14h |Video Volume Mute | X X GL4 |GL3 [GL2 |GL1 |GLO | X X X GR4 |GR3 [GR2 |GR1 |GRO |8808h
16h |Aux Volume Mute | X X GL4 |GL3 |GL2 |GL1 |GLO |X X X GR4 |GR3 [GR2 |GR1 |GRO |8808h
18h |PCM Out Vol Mute | X X GL4 |GL3 |GL2 |GL1 |GLO (X X X GR4 |GR3 [GR2 |GR1 |GRO |8808h
1Ah |Record Select X X X X X SL2 [SL1 [SLO |X X X X X SR2 |SR1 |SRO |0000h
1Ch |Record Gain Mute | X X X GL3 |GL2 |GL1 |GLO X X X X GR3 |GR2 [GR1 [GRO [8000h
1Eh |Reserved 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0000h
20n |Ceneral o o |o [o |o o |mx|[ms |PBKlo [0 |0 |0 [0 |o |o |ooooh
Purpose
22h |Reserved 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0000h
24h |Reserved 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0000h
26h |Powerdown Ctrl/Stat 0 PR6 |PR5 |PR4 PR3 [PR2 [PR1|PRO |0 0 0 0 REF |ANL |DAC |ADC [000Fh
28h |Reserved 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0000h
5Ah | Crystal Revision and Fab ID |0 0 0 0 0 0 1 1 0 0 0 0 0 0 0 1 0301h
76h |Crystal Reserved X X X X X X X X X X X X X X X X XXXXh
78h |Crystal Reserved X X X X X X X X X X X X X X X X XXXXh
7Ah |Crystal Reserved X X X X X X X X X X X X X X X X XXXXh
7Ch |Vendor ID1(CR) 0 1 0 0 0 0 1 1 0 1 0 1 0 0 1 0 4352h
7Eh |Vendor ID2(Y2) 0 1 0 1 1 0 0 1 0 0 0 0 0 0 1 1 5903h

Table 2. Mixer Registers

L./}
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Reset Register (Index 00h)

Any write to this register causes a Register Reset of the AC’'97 Registers to occur. This forces all regist
to return to their default state. Reads from the Reset Register will return configuration information abot
the part. The CS4297 supports 18-bit DAC and ADC digital audio channels and the Headphone Output
the form of the Alternate Line Output). The value read from this register will always be 0x0150h.

Master Volume (Index 02h)

The Master Volume control register controls the LINE_OUT signal’s volume. Each register step corre-
sponds to 1.5 dB volume adjustment, thus offering a range between 0 dB and 94.5 dB of attenuation.

D15 | D14 | D13 | D12 | D11 | D10 D9 D8 D7 D6 D5 D4 D3 D2 D1 DO
Mute X ML5 | ML4 | ML3 | ML2 | ML1 | MLO X X MR5 | MR4 | MR3 | MR2 | MR1 | MRO

Mute - The MSB of this register controls a master analog mute for the LINE_OUT _L and the
LINE_OUT _R output signals.

ML5 - MLO - These bits control the left channel’s volume
MR5 - MRO - These bits control the right channel’s volume.

The default value for this register is 8000h, corresponding to 0 dB attenuation and mute on.

Alternate Volume (Index 04h)

The Alternate Volume control register is used to control the ALT_LINE_OUT signal’s volume. Each reg
ister step corresponds to 1.5 dB volume adjustment, thus offering a range between 0 dB and 94.5 dB ¢
attenuation.

D15 | D14 | D13 | D12 | D11 | D10 D9 D8 D7 D6 D5 D4 D3 D2 D1 DO
Mute X ML5 | ML4 | ML3 | ML2 | ML1 | MLO X X MR5 | MR4 | MR3 | MR2 | MR1 | MRO

Mute - The MSB of this register controls a master analog mute for the ALT_LINE_OUT_L and the
ALT_LINE_OUT _R output signals.

ML5 - MLO - These bits control the left channel’s volume.

MR5 - MRO - These bits control the right channel’s volume.

The default value for this register is 8000h, corresponding to 0 dB attenuation and mute on.

Master Mono Volume (Index 06h)

The Master Mono Volume control register controls the MONO_OUT signal’s volume. Each register ste
corresponds to 1.5 dB volume adjustment, thus offering a range between 0 dB and 94.5 dB of attenuati

D15 | D14 | D13 | D12 | D11 | D10 D9 D8 D7 D6 D5 D4 D3 D2 D1 DO
Mute X X X X X X X X X MM5 | MM4 | MM3 | MM2 | MM1 | MMO

The MSB of this register controls a master analog mute for the MONO_OUT. Bits MM5 - MMO of the
register are used to control the actual volume levels.

The default value for this register is 8000h, corresponding to 0 dB attenuation and mute on.

L./}
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PC_BEEP Volume (Index OAh)

D15 | D14 | D13 | D12 | D11 | D10 D9 D8 D7 D6 D5 D4 D3 D2 D1 DO
Mute X X X X X X X X X X PV3 | PV2 | PV1 | PVO X

The PC_BEEP Volume control register controls the mix of the PC_BEEP in the Analog Output Mixer.
Eachregister step correspondsto 3.0 dB volume adjustment, thus offering arange between O dB and 45 dB
of attenuation. The MSB of thisregister controls a master analog mute for the PC_BEEP. BitsPV3 - PV0O
of the register control the actual volume levels.

NOTE: The4 valid data bits for the PC_BEEP volume control are not aligned to the least significant bits
of the register. Valid data bit 0 (PV0) corresponds to bit D1 of the register. Also, each step of the value
(PV3 - PVO0) corresponds to a 3 dB step in volume control, as opposed to all other gain controls, which
have a1.5 dB step size.

Also note that the default state of the mute bit (bit D15) is ‘cleared’, meaning that the PC_BEEP is un-
muted on power-up.

Phone_In Volume (Index OCh)

D15 | D14 | D13 | D12 | D11 | D10 D9 D8 D7 D6 D5 D4 D3 D2 D1 DO
Mute X X X X X X X X X X GN4 | GN3 | GN2 | GN1 | GNO

This register controls the gain level of the Phone_In input source to the Ouput mixer. Each register step
corresponds to a 1.5 dB gain adjustment allowing a range of 12 dB to -34.5 dB of gain. The MSB controls
an analog mute for the Phone_In signal.

The default values for Phone_In is 8008h, corresponding to 0 dB attenuation and mute on.

Microphone Volume (Index OEh)

D15 | D14 | D13 | D12 | D11 | D10 D9 D8 D7 D6 D5 D4 D3 D2 D1 DO
Mute X X X X X X X X 20dB X GN4 | GN3 | GN2 | GN1 | GNO

This register controls the gain level of the Mic_In input source to the Input Mixer. It also controls the
+20 dB gain block which connects to the input volume control and to the Input Record Mux. Each register
step (GN4 - GNO) corresponds to a 1.5 dB gain adjustment allowing a range of 12 dB to -34.5 dB of gain.
The 20dB bit, when ‘set’, enables the 20 dB gain block. The MSB controls an analog mute for the Mic_In
signal. The Mic_In source is selected through the General Purpose register

The default values for MIC_IN is 8008h, corresponding to O dB attenuation and mute on.

L./}
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Sereo Analog Mixer Input Gain Registers (Index 10 - 18h)

D15 | D14 | D13 | D12 | D11 | D10 D9 D8 D7 D6 D5 D4 D3 D2 D1 DO
Mute X X GL4 | GL3 | GL2 | GL1 | GLO X X X GR4 | GR3 | GR2 | GR1 | GRO

Theseregisters control the gain levels of the anal og input sourcesto the Input Mixer. Each register step for
al registers correspondsto 1.5 dB gain adjustment, thus allowing arange of 12 dB to -34.5 dB of gain.
The MSB of these registers control an analog mute for each source to input mixer. Bits Gx4 - GxO0 of the
registers are used to control the gain levels for each source. The gain mapping for these bitsis shown in
Table 3.

Gx4 - Gx0 Gain Level
00000 +12 dB
00001 +10.5 dB
00111 +1.5dB
01000 0dB
01001 -1.5dB
11111 -34.5dB

Table 3. Analog Mixer Input Gain Values

For the stereo source registers (10h through 18h), the default values are 8808h, corresponding to 0 dB at-
tenuation for both channels, and mute on.

Input Mux Select Register (Index 1Ah)

D15 | D14 | D13 | D12 | D11 | D10 D9 D8 D7 D6 D5 D4 D3 D2 D1 DO
X X X X X SL2 | SL1 | SLO X X X X X SR2 | SR1 | SRO

This register selects the input source to pass to the ADCs for capturing PCM data. The AC’97 specificati
allows for independent control of the left and right channels for this mux. Bits SL2 - SLO provide the de
code for the left input mux, and bits SR2 - SRO provide the decode for the right. Shown below are the p
sible values for each of these decodes:

Sx2 - Sx0 Record Source
MIC
CD Input
Video Input
AUX Input
Line Input
Stereo Mix
Mono Mix
7 Phone Input

OO W|IN|FP|O

Table 4. Input Mux Selection Options

The default power-on value for this register is 0000h, selecting the MIC inputs for both channels.

L./}
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Record Gain Register (Index 1Ch)

D15 | D14 | D13 | D12 | D11 | D10 D9 D8 D7 D6 D5 D4 D3 D2 D1 DO
Mute X X X GL3 | GL2 | GL1 | GLO X X X X GR3 | GR2 | GR1 | GRO

Thisregister controls the input gain on the analog source which is applied after the input mux and before
the ADCs. The4-bit value allowsfor 0 dB to +22.5 dB of gainin 1.5 dB steps. The most significant bit of
the register controls an analog Mute which mutesthe signal prior to the ADCs. Thefollowing table shows
the possible gain values avail able:

Gx3 - Gx0 Gain
1111 +22.5 dB
0000 0dB

Table 5. Input Mux Selection Options

The default value for this register is 8000h, which corresponds to O dB gain with mute on.

Record Gain Mix (Index 1Eh)

The CS4297 does not support the optional 3rd ADC for the MIC PCM input. The Record Gain Mix register
has no functionin The CS4297. Writesto thisregister areignored, and readsfrom thisregister will always
return 0000N.

General Purpose Register (Index 20h)

D15 | D14 | D13 | D12 | D11 | D10 D9 D8 D7 D6 D5 D4 D3 D2 D1 DO
0 0 0 0 0 0 MIX MS | LPBK 0 0 0 0 0 0 0

Thisregister controls miscellaneous facets of the CS4297 mixer. The only bits which have defined func-
tionsinthe CS4297 arethe M1 X, MS, and LPBK bits. The MIX bit selects which datato send to the Mono

Output Path. A ‘cleared’ value enables the Mono Mix out (a mix of the 5 analog stereo sources plus
PCM_OUT), while a ‘set’ value passes the MIC to the output. The MS (Mic Select) bit determines which
of the 2 MIC inputs are passed to the rest of the mixer. A ‘cleared’ value selects the MIC1 input, while a
‘set’ value selects the MIC2 input. The LPBK bit enables ADC/DAC Loopback Mode which is used to
facilitate performance evaluation of the CS4297.
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Powerdown Control/Status Register (Index 26h)

D15 | D14 | D13 | D12 | D11 | D10 D9 D8 D7 D6 D5 D4 D3 D2 D1 DO
0 PR6 | PR5 | PR4 | PR3 | PR2 | PR1 | PRO 0 0 0 0 REF | ANL | DAC | ADC

The bits in this register correspond to the AC’97 defined powerdown and status functions. See the follo
ing tables for the definitions of the individual bits which the CS4297 supports.

Bit Name Function
REF Vref at nominal levels
ANL Analog Mixers, Mux, and Vol-
ume Controls ready
DAC DAC ready to accept data
ADC ADC ready to transmit data

Table 6. Codec Powerdown Status Bits

Bit Name Function
PRO ADCs and Input Mux Powerdown
PR1 DACs Powerdown
PR2 Analog Mixer Powerdown (Vref still on)
PR3 Analog Mixer Powerdown (Vref off)
PR4 AC-Link Powerdown (BIT_CLK off)
PR5 Internal Clock Disable
PR6 Alternate Line Output Buffer Powerdown

Table 7. Codec Powerdown Control Bits

Reserved Registers (Index 28h - 58h)

These registers are reserved for future use by the AC’97 specification. The CS4297 ignores writes to th
registers.

Crystal Revision and Fab ID Register (Index 5Ah)

D15 | D14 | D13 | D12 | D11 | D10 D9 D8 D7 D6 D5 D4 D3 D2 D1 DO
0 0 0 0 0 0 1 1 0 0 0 0 0 0 0 1

This vendor reserved register is being used by the CS4297 to indicate the revision level of the CS4297
well as the Fab ID where the part was manufactured. This is in addition to the Vendor ID registers locat
below. The revision level is indicated in bits D11:8 and will be 03h for the release revision of the chip.
The Fab ID is indicated in bits D3:0 and will be 01h.

L./}
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Vendor Reserved Registers (Index 5C - 7Ah)

Theseregisters are reserved for future use by the Crystal as needed. The C$4297 ignores writes to these
registers, and read values from these registers will return 0000h.

Vendor ID1 (Index 7Ch)

D15 | D14 | D13 | D12 | D11 | D10 D9 D8 D7 D6 D5 D4 D3 D2 D1 DO
0 1 0 0 0 0 1 0 0 1 0 1 0 0 1 0

Vendor 1D2 (Index 7Eh)

D15 | D14 | D13 | D12 | D11 | D10 D9 D8 D7 D6 D5 D4 D3 D2 D1 DO
0 1 0 1 1 0 0 1 0 0 0 0 0 0 1 1

The Vendor ID registers provide a means to determine the manufacturer of the AC’97 part within a system.
For the CS4297, the ID registers contain the ASCII code for the first 3 letters of Crystal (CRY). The final
byte of register ID2 is a Revision field for the part. In the case of the CS4297, the revision is 03h. Thus,
register ID1 contains the value 4352h, and register ID2 contains 5903h.

Register # Vendor ID Value
7Ch 4352h
7Eh 5903h

Table 8. Vendor ID Register Values

28 DS242F5



CHA297
CrystalClear™ SoundFusion™ Audio Codec '97

i

——== CIRRUS LOCGIC

POWER MANAGEMENT any Mixer register (with the exception of ‘clearing’

The AC’97 Specification defines a mixer registet"€ PR4 bit of register 26h).

called the Powerdown Control/Status register (inSetting bit PR5 causes a global powerdown of the
dex 26h) for controlling power management funcCodec. In this state, all internal clocks of the

tions within the CS4297. In the CS4297, 7 of thes€S4297 are shut down. A Cold Reset is the only
bits (bits 14 - 8) have defined functions. In effectway to restore operation to the CS4297 in the Glo-
all portions of the Codec can be shut down individbal Powerdown state.

ually and powered back up by a single Cold 0y important note: The CS4297 does not auto-

Warm Reset sequence. matically mute any input or output when the pow-
The following table shows the mapping of the pow-erdown bits are ‘set’. It is left to the software driver

er control bits to the functions they manage: controlling the AC’97 device to manage muting the
input and output analog signals before putting the
PR Bit Function part into any power management state.
PRO Main ADC’s and Input Mux Powerdown
PR1 Main DAC’s Powerdown ANALOG HARDWARE DESCRIPTION

PR2 Analog Mixer Powerdown (Vref on)
PR3 Analog Mixer Powerdown (Vref off)

The analog hardware consist of a four line-level

PR4  |AC-Link Powerdown (BIT_CLK off) stereo inputs, two selectable mono microphone in-
PR5 Internal Clock Disable puts, two mono inputs, a mono output, and dual, in-
PR6  |Alternate Line Out Buffer Powerdown dependent stereo line outputs. This section

describes the analog hardware needed to interface

Table 9. Powerdown GPR Bit Functions with these pins.

When, for example, PRO is ‘set’, the main ADCS_jne-Level Inputs

and the Input Mux are shut down and the ADC bi . . .
o : o R he analog inputs consist of four stereo analog in-
(bit O in register 26h) is ‘cleared’ to indicate the : -
puts and four mono inputs. As shown in Figlire

ADCs are no longer in a ready state. The same 'ﬁ :

. the input to the ADCs comes from the Input Mux
true for the DACS, the Analog Mixers, and the Ref_vvhich selects one of the following: Phone (Mono
erence Voltage (Vrefout). When the PR bit for one 9: ( )

) o , . Aux, Video, CD, Micl or Mic2 (Mono), Line, Ste-
of these portions of the Mixer is ‘cleared’, the Mix- : .
. . ) reo Output Mix, or the Mono Output Mix (Mono).
er section will begin a power-on process, and th

) o ._.Jnused analog inputs should be connected together
corresponding Powerdown Status bit will be ‘set :
. and then connected through a capacitor to analog
when the hardware is in a ready state.

_ _ _ ground or tied to the Vrefout line directly.
Bit PR4, which shuts down the AC-Link, CausesThe analog input mixer is designed to accommo-

the AC-Link to turn off the BIT_CLK and drive date five stereo inputs and one mono input. These
SDATA IN to a ‘0. It also ignores SYNC and . P put.

SDATA_OUT in their normal capacities. To re- Ir:?curgs ?,:_-,er:,:iitelf(z,\l,:?g)_legigggt C(:II_DINRE C))I\? mogto
store operation to the part from this state, either P b ’ P

Cold or a Warm Reset is required (see Cold AC’Q%‘S){hz |:S>t§|(;e| %3%!';2/”:'?&%/228@;;(5? g;(t)r,ue
Reset and Warm AC’97 Reset). A Cold Reset wilf P )

restore all Mixer registers to their power-on defaulfro 0 INPULS has separate volume controls for each

. hannel and one mute control for each left/right
values. A Warm Reset will not alter the values or__. . )
pair. The mono microphone input has one mute and

one volume control.
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The inputs to the output mixer are: the input mixer
output, the PC Beep mono input, and the Phone
mono input.

All analog inputs to the C$4297, including
CD_GND, should be capacitively coupled to the
input pins.

Since many analog levels can be as large as
2 Vrus the circuit shown in Figure 4 can be used
to attenuate the analog input by 6 dB (to 1 Vrys)
which is the maximum voltage allowed for al the
stereo line-level inputs: LINE_IN, AUX_IN, and
VIDEO_IN.

6.8 kQ 1.0 uF
WA R

1

.0 uF
Aﬁl/\/v\/i H P L
6.8 kQ
N 6.8 kQ 6.8 kQ

Figure4. Linelnputs

The CD linelevel inputs have an extra pin,
CD_GND, which provides a pseudo-differential
input for both CD_L and CD_R. This pin takes the
common-mode noise out of the CD inputs when
connected to the ground coming from the CD ana-
log source. Connecting the CD pins as shown in
Figure 5 provides extra attenuation of common
mode noise coming from the CDROM drive, there-
by producing a higher quality signal. One percent
resistors are recommended since the better the re-
sistors match, the better the common-mode attenu-
ation of unwanted signals. If CD is not used, the
inputs should be connected through AC capacitors
to analog ground or connected to Vrefout.

CDROM IN (All resistors 1%)

6.8 kQ 1.0 F |
o ° —CD_L
o 3.4 kQ 2.0 ;FH | oD GND
10 ° } \f CD R
6.8 kQ é 1.0 F

6.8 kQ §6.8 kQ
%7 $34 kQ

Figure5. Differential CDROM In

Microphone Level Inputs

The microphone level inputs, MIC1 and MIC2, in-
cludeaselectable-34.5 dB to +12 dB gain stagefor
interfacing to an external microphone. An addition-
al 20 dB gain block isalso available. Figure6illus-
trates a single-ended microphone input buffer
circuit that will support lower gain mics. The cir-
cuit in Figure 6 supports dynamic mics and phan-
tom-powered mics that use the right channel (ring)
of the jack for power.

2 kQ

1F + AR
Mcaso78or | |
MC33178 N
0.33

\F
»ﬂ{ > mic1

or
MIC2

Figure 6. Microphone Input

Mono I nputs

The mono input, PC_BEEP, is useful for mixing

the output of the “beeper” (timer chip), provided in
all PCs, with the rest of the audio signals. The at-
tenuation control allows 16 levels in -3 dB steps. In
addition, a mute control is provided. The attenuator
Is a single channel block with the resulting signal
sent to the output mixer where it is mixed with the
left and right outputs. Figure 7 illustrates a typical
input circuit for the PC_BEEP input. If PC_BEEP
is driven from a CMOS gate, the 4.@2Ishould be
tied to AGND instead of VA+. Although this input
is described for a low-quality beeper, the input is of
the same high-quality as all other analog inputs and
may be used for other purposes.

The mono input, PHONE_IN, can be used to inter-
face to the output of a MODEM Analog Front End

30
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+5VA (Low Noise) or
AGND - if CMOS Source

%4.7 kQ

47kQ 7 !
|
2.7nFL P

<

Figure7. Mono Input

PC_BEEP

(AFE) chip so that Modem dialing signals and pro-
tocol negotiations may be monitored through the
audio system. Like all other analog inputs, this pin
must be AC coupled and the input signal must be
l[imited to 1 VRMS‘

Line Level Outputs

The analog output section provides a stereo line-
level output and an alternate stereo line-level out-
put. LINE_OUT _L, LINE_OUT_R,
ALT_LINE OUT_L, and ALT_LINE_OUT_R
outputs should be capacitively coupled to external
circuitry.

——== CIRRUS LOCGIC

The mono output, MONO_OUT, can be used as ei-
ther a sum of the left and right output channels at-
tenuated by 6 dB to prevent clipping at full scale or
the selected MIC_IN signal. The mono out channel
can be used to drive the PC internal mono speaker
using an appropriate drive circuit. This approach
alows the traditional PC sounds to be integrated
with the rest of the audio system. The mute control
Is independent of the line outputs allowing the
mono channel to mute the speaker without muting
the line outputs.

Each of the 5 analog outputs, if used in the design,
require 680 pF or larger NPO dielectric capacitors
between the corresponding pin and AGND. Each
analog output is DC biased up to the Vrefout volt-
age signal referencewhichisnominally 2.2V. This
requires that the output either be AC coupled to ex-
ternal circuitry (AC load must be greater than 10
kQ) or DC coupled to abuffer op-amp biased at the
Vrefout voltage (see Figure 8 for the recommended
headphone op-amp circuit).

TDA1308

w N
+ '
=

| |22PF | 10Q
| — > A~ A—— HP_OUT R
NPO ELEC 1/4 WATT
ALT_LINE_OUT R > 2 1 :
ALT_LINE_OUT L ’ —
l 2204F 100
1 2k li I( HP_OUT_L
" Te80pF [680pF | |22PF ELEC 14 WATT
NPO | NPO |

Vrefout

0.1uF—
Y5V

AGND

6 -
z g 4| 3
514
TDA1308

47KQ

Figure 8. Headphones Driver
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Miscellaneous Analog Signals

The AFILT1 and AFILT2 pins must have a 390 pF
NPO capacitor (must not be smaller than 390 pF) to
analog ground. These capacitors, along with an in-
ternal resistor, provide asingle-pole low-pass filter
at the inputs to the ADCs. By placing these filters
at the input to the ADCs, low-pass filters at each
analog input pin are not necessary.

The REFFLT pin lowers the noise of the interna
voltage reference. A 1 pF (must not be greater than
1 uF) and 0.1 pF capacitor to analog ground should
be connected with a short, wide trace to this pin
(see Figure 10 in the Grounding and Layout section
for an example). No other connection should be
made, as any coupling onto this pin will degrade
the analog performance of the Codec. Likewise,
digital signals should be kept away from REFFLT
for similar reasons.

The Vrefout pin is typicaly 2.2V and provides a
common mode signal for single-supply external
circuits. Vrefout only supports light DC loads and
should be buffered if AC loading is needed. For
typical use, a0.1 pF in paralel with al pF capaci-
tor should be connected to Vrefout.

Power Supplies

The power supplies providing analog power should
be as clean as possible to minimize coupling into

the anal og section which could degrade anal og per-
formance. The pins AVddl and AVdd2 supply
power to al the analog circuitry on the C$4297.
This 5 Volt analog supply should be generated
from avoltage regulator (7805 type) connected to a
+12 Volt supply. This helps isolate the analog cir-
cuitry from noise typicaly found on +5 V digital
supplies which power many digital circuitsin aPC
environment. A typical voltage regulator circuit for
analog power using an MC78MO5CDT isshownin
Figure 9.

The digital power pins DVddl1 and DVdd2 should
be connected to the same digital supply as the

AC’97 Controller's AC-Link interface. Since the
digital interface on the CS4297 may operate at ei-
ther 3.3 V or 5 V, proper connection of these pins
will depend on the digital power supply of the

AC’97 Controller.

+12VD
I MC78MO05CDT
1 3 .

IN out
L GND i _*ELEC
::YSV ELEC Y5V ]_OuF
0.1yF "] 10pF )

0.1yF

+5VA

DGND AGND

Figure9. Voltage Regulator
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Vrefout
To +5VA

pZ
70
ﬁ- 0.14F
Y5V

i

AFLT1

: REFFLT AVddlE
0.&5}0Fi ‘l:| To Analog l:w
| ‘l:| AVddo Ground
— ‘ To Analog %
Ground
k ]
AVss2 |:| l:l
[ ] Analog Ground |:|‘
[ — ]
] [ ]
l:l DVssl l:l
I NI O ]
pvadd 01w/

Y5

DVss2

To +5VDO ‘
"

0.1 pF Dvdd2

Y5V
. To +5VD

To Digital Ground

Figure 10. Suggested L ayout for the CS4297

GROUNDING AND LAYOUT

Figure 10 is the suggested layout for the C$4297.
The decoupling capacitors should be located phys-
ically as close to the pins as possible. Also note the
routing of the REFFLT decoupling capacitors and
the isolation of that ground strip.

It isstrongly recommended that the device be locat-
ed on alocally separate analog ground plane. This
analog ground planeisused to keep noisefrom dig-
ital ground return currents from modulating the

ed to the digital ground plane and kept separate
from the analog ground connections of the CS4297
and any other external analog circuitry.

It is also recommended that the common connec-
tion point between the two ground planes (required
to maintain a common ground voltage potential) be
located near the CS4297 just under the digital
ground connections (vias). The AC-Link digital in-
terface connection traces should be routed such that
digital ground plane lies underneath these signals

CS4297's ground potential and degrading perfor(on the internal ground layer) from the AC’97 Con-
mance. The digital ground pins should be connecffoller continuously to the CS4297.

DS242F5
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PERFORMANCE PLOTS

Figures 11 through 26 show the overall Frequency
Response, the THD+N over frequency, and the DR
over frequency of the ADCs, the DACs, theanalog
mixer (LineInto Line Out) and the microphonein-
puts. Crosstalk plots and the noise floor FFT plots
of the DA Cs, the analog mixer and the muted noise
floor of the C4297 are also included. All plots
were taken on a CRD4297-1 with a C$4297-KQ
Codec.

Figures 11, 14, 17, and 20: The Frequency Re-
sponse plots were taken using a -20 dB FS input
signal swept over the frequency range of 20 Hz to
20 kHz and normalized to 0 dB at 1 kHz.

Figures 12, 15, 18, and 21: The THD+N plotswere
taken using a-3 dB FSinput signal swept over the
frequency range of 20 Hz to 20 kHz. These perfor-

range of 20 Hz to 20 kHz. This performance plots
used an “A’-weighted filter applied on the output

Figures 24, 25, and 26: The noise floor plots were
generated by running a 16K-point FFT on the
LINE_OUT output with no input signal applied.
The Muted Noise Floor plot was taken with the
master mute bit ‘set’ (bit D15, register 0x02h).
These performance plots used an “A”-weighted fil-
ter applied on the output

All audio performance plots used unity gain set-
tings on the analog volume controls. Additionally,

the microphone input plots were taken with the +20
dB gain stage enabled (bit D6, register 0XOEh).

The ADC plots used the A-D signal path. The DAC
plots used the D-A signal path. The mixer and the
microphone plots used the A-A signal path.

mance plots used an “A”-weighted filter applied on
the output with the exception of the ADC THD+N
plot.

Figures 13, 16, 19, and 22: The Dynamic Range
plots were taken using a -50 dB FS input signal
swept over the frequency range of 20 Hz to 20 kHz.
These performance plots used an “A”-weighted fil-
ter applied on the output with the exception of the
ADC Dynamic Range plot.

Schematic & Layout Review Service

Confirm Optimum
Schematic & Layout
Before Building Your Board.

For Our Free Review Service
Call Applications Engineering.

Figure 23: The crosstalk plot was generated using a
0dB FS input signal on one channel of the
LINE_IN input and measuring the magnitude of
the other output channel swept over the frequency

Call: (512)445-7222
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Digital 1/0 Pins

RESET# - AC’97 Chip Reset, Input

This active low signal is the asynchronous Cold Reset input to the CS4297. The CS4297 must
be reset before it can enter normal operating mode.

SYNC - AC-link Serial Port Sync pulse, Input

This signal is the seria port timing signal for the AC-link of the C$4297. Its period is the
reciprocal of the sample rate of the CS4297, 48 kHz. This signal is generated by the AC’O
Controller and is synchronous to BIT_CLK. SYNC is also an asynchronous input when the
CS4297 is in a Warm Reset state. A series terminating resistor(»fshduld be connected on
this signal close to the device driving the signal.

BIT_CLK - AC-link Serial Port Master Clock, Output

This output signal controls the master clock timing for the AC-link. It is a 12.288 MHz clock
signal which is divided down by two from the XTL_IN input clock. A series terminating
resistor of 42 should be connected on this signal close to the CS4297.
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SDATA_OUT - AC-link Serial Data Input Stream to AC’'97, Input

This input signal transmits the control information and digital audio output streams to be sent
to the DACs. The data is clocked into the C$4297 on the falling edge of BIT_CLK. A series
terminating resistor of 47 Q should be connected on this signal close to the device driving the
input.

SDATA_IN - AC-link Serial Data Output Stream from AC'97, Output

This output signal transmits the status information and digital audio input streams from the
ADCs. The data is clocked out of the CS4297 on the rising edge of BIT_CLK. (See the
Digital Hardware Description section). A series terminating resistor of 47 Q should be
connected on this signal as close to the CS4297 as possible.

XTL_IN - Crystal Input

This pin accepts either a crystal, with the other pin attached to XTL_OUT, or an external
CMOS clock. XTL_IN must have a crystal or clock source attached for proper operation. The
crystal frequency must be 24.576 MHz and designed for fundamental mode, parallel resonance
operation.

XTL_OUT - Crystal Output

This pin is used for a crystal placed between this pin and XLT_IN. If an externa clock is used
on XTL_IN, this pin must be left floating with no traces or components connected to it.

Analog I/O Pins

PC_BEEP - Analog Mono Source, Input

This signal is intended to be used as an internal PC BEEP connection to the audio subsystem.
This source is NOT input to the Stereo-to-Mono mixer. The maximum allowable input is
1Vgrus (sinusoidal). This input is internally biased at the Vrefout voltage reference and
requires AC coupling to external circuitry. If this input is not used, it should be connected to
the Vrefout pin or AC coupled to Analog ground.

PHONE - Analog Mono Source, Input

This signal is intended to be used as a Voice Modem connection to the audio subsystem. This
source is NOT input to the Stereo-to-Mono mixer. The maximum allowable input is 1 Vgys
(sinusoidal). This input is internally biased at the Vrefout voltage reference and requires AC
coupling to external circuitry. If thisinput is not used, it should be connected to the Vrefout pin
or AC coupled to Analog ground.

MIC1 - Analog Mono Source, Input

This analog input is monophonic source to the analog output mixer. It is intended to be used as
a desktop microphone connection to the audio subsystem. This input is MUX selectable to the
input mixer with the MIC2 input source. The maximum allowable input is 1 Vs (Sinusoidal).
This input is internally biased at the Vrefout voltage reference and requires AC coupling to
external circuitry. If thisinput is not used, it should be AC coupled to Analog ground.

40 DS242F5



CHA297
CrystalClear™ SoundFusion™ Audio Codec '97

i

——== CIRRUS LOCGIC

MIC2 - Analog Mono Source, Input

This analog input is a monophonic source to the analog output mixer. It is intended to be used
as an alternate microphone connection to the audio subsystem. This input is MUX selectable to
the input mixer with the MIC1 input source. The maximum allowable input is 1Vgys
(sinusoidal). This input is internally biased at the Vrefout voltage reference and requires AC
coupling to external circuitry. If this input is not used, it should be AC coupled to Analog
ground.

LINE_IN_L and LINE_IN_R- Analog Line Source, I nputs

These inputs form a stereo input pair to the C$4297. The maximum allowable input is
1Vgrms (Snusoidal). These inputs are internally biased at the Vrefout voltage reference. AC
coupling to external circuitry is required. If these inputs are not used, they should both be
connected to the Vrefout pin or both AC coupled, with separate AC coupling caps, to Analog
ground.

CD_L and CD_R - Analog CD Source, Inputs

These inputs form a stereo input pair to the CS4297. It is intended to be used for the Redbook
CD audio connection to the audio subsystem. The maximum allowable input is 1Vgys
(sinusoidal). These inputs are internally biased at the Vrefout voltage reference. AC coupling to
external circuitry is required. If these inputs are not used, they should both be connected to the
Vrefout pin or both AC coupled, with separate AC coupling caps, to Analog ground.

CD_GND - Analog CD Common Source, Input

This analog input is used to remove common mode noise from Redbook CD audio signals. The
impedance on the input signal path should be one half the impedance on the CD L and CD_R
input paths. This pin requires AC coupling to external circuitry. If this input is not used, it
should be connected to the Vrefout pin or AC coupled to Analog ground.

VIDEO_L and VIDEO_R - Analog Video Audio Source, | nputs

These inputs form a stereo input pair to the CS4297. It is intended to be used for the audio
signal output of a video device. The maximum allowable input is 1 Vgys (sihusoidal). These
inputs are internally biased at the Vrefout voltage reference. AC coupling to externa circuitry
is required. If these inputs are not used, they should both be connected to the Vrefout pin or
both AC coupled, with separate AC coupling caps, to Analog ground.

AUX_L and AUX_R - Analog Auxiliary Source, Inputs

These inputs form a stereo input pair to the CS4297. The maximum allowable input is 1 Vrys
(sinusoidal). These inputs are internally biased at the Vrefout voltage reference. AC coupling to
external circuitry is required. If these inputs are not used, they should both be connected to the
Vrefout pin or both AC coupled, with separate AC coupling caps, to Analog ground.
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LINE_OUT L and LINE_OUT_R - Analog Line Level Outputs

These signals are analog outputs from the stereo output mixer. The full scale output voltage for
output is nominally 1Vgys and is internally biased at the Vrefout voltage reference. It is
required to either AC couple these pins to external circuitry or DC couple them to a buffer op-
amp biased at the Vrefout voltage. These pins need a 680 pF NPO capacitor attached to analog
ground.

ALT LINE_OUT L and ALT_LINE_OUT_R - Analog Alternate Line Level Outputs

These signals are analog outputs from the stereo output mixer. The full scale output voltage for
each output is nominaly 1Vgryus and is internally biased at the Vrefout voltage reference. It is
required to either AC couple these pins to external circuitry or DC couple them to a buffer op-
amp biased at the Vrefout voltage. These pins need a 680 pF NPO capacitor attached to analog
ground.

MONO_OUT, Analog Mono Line Level Output

This signal is an analog output from the Mono output mixer. This is a left and right channel
mix of the output of the stereo input mixer. The full scale output is nominaly 1Vgys and is
internally biased at the Vrefout voltage reference. AC coupling to external circuitry is required.
This pin needs a 680 pF NPO capacitor attached to analog ground.

Filter and Reference Pins

REFFLT - Internal Reference Voltage, Input

This is the voltage reference used interna to the part. A 0.1 pF and a 1 uF (must not be larger
than 1 pF) capacitor with short, wide traces must be connected to this pin. No other
connections should be made to this pin.

Vrefout - Voltage Reference, Output

All analog inputs and outputs are centered around Vrefout which is nominally 2.2 Volts. This
pin may be used to level shift external circuitry, however any externa loading should be
buffered.

AFLT1 - Left Channel Antialiasing Filter Input
This pin needs a 390 pF NPO capacitor attached to analog ground.

AFLT2 - Right Channel Antialiasing Filter Input
This pin needs a 390 pF NPO capacitor attached to analog ground.
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Power Supplies

DVddl, DVdd2 - Digital Supply Voltage

These pins provide the digital supply voltage for the AC-link section of the C$4297. These pins
may be tied to +5 V digital or to +3.3 V digital. The CS4297 and digital controller’s AC-link
should share a common digital supply

DVssl, DVss2 - Digital Ground

These pins are the digital ground connection for the AC-link section of the CS4297. These pir
should be isolated from analog ground currents.

Avddl, Avdd2 - Analog Supply Voltage

These pins provide the analog supply voltage for the analog and mixed signal sections of t
CS4297. These pins must be tied to +5 Volt power supply. It is strongly recommended that +
\Volts be generated from a voltage regulator to ensure proper supply currents and noi:
immunity from the rest of the system.

AVssl, AVss2 - Analog Ground

These pins are the ground connection for the analog, mixed signal, and substrate sections of
CS4297. These pins should be isolated from digital ground currents.

REFERENCES 3) Cirrus Logic, CRD4610-1 AC’'97 Motherboard
1) Intel, Audio Codec ‘97 Component Specifica- Ref.erence DesigData Sheet.
tion, Revision 1.03, September 15, 1996. http: //mww.cirrus.com/ftp/pubs/4610rd1.pdf
http: //devel oper.intel .com/pc-supp 4) Steve Harris, Clif Sanchez, Personal Computer
/platform/ac97/ Audio Quality Measurement¥er 0.5

2)

Cirrus Logic, CS4610 SoundFusion PCI Audio  NttP://www.corp.cirrus.com/products/

AcceleratorData Sheet. papers/meas/meas.htmi
http: //mmw.cor p.cirrus.conVproducts/ 5) Microsoft, PC Design Guidelings
overviews/cs4610.html http: //mwww.mi cr osoft.com/hwdev/desguid/
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INCHES MILLIMETERS
DIM MIN MAX MIN MAX
A - 0.063 _—— 1.600
Al 0.002 0.006 0.050 0.150
B 0.007 0.011 0.170 0.270
D 0.343 0.366 8.700 9.300
D1 0.272 0.280 6.900 7.100
E 0.343 0.366 8.700 9.300
El 0.272 0.280 6.900 7.100
e* 0.016 0.024 0.400 0.600
L 0.018 0.030 0.450 0.750
O 0.000° 7.000° 0.000° 7.000°

* Nominal pin pitch is 0.50 mm

Controlling dimension is mm.
JEDEC Designation: MS026

. ____________________________________________________________________________________________________________________________________|]
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