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1. Features

High performance CODEC with high S/N ratio (>90 dB)

18-bit ADC and 20-bit DAC resolution

Compliant with AC’97 2.2 specifications

18-bit stereo full-duplex CODEC with independent and variable sampling rate

4 analog line-level stereo inputs with 5-bit volume control: LINE IN,CD,VIDEO,AUX
2 analog line-level mono inputs: PC_ BEEP,PHONE IN

Mono output with 5-bit volume control

Stereo output with 5-bit volume control

6 channel slot selectable DAC output for multi-channel applications

One standard MIC input, and one dedicated Front-MIC input for front panel applications (software selectable)
LINE Inputs shared with surround output; MIC1 and MIC2 shared with Center and LFE output
2 MIC inputs, which are software selectable

Power management capabilities

3D Stereo enhancement

Embedded 50mW/200hm OP at front LINE output

External amplifier power down capability

Digital S/PDIF output

Digital S/PDIF input. (ALC650 Rev. E or later)

No external crystal/clock required

Supports 1 general purpose /0 pin

Power supply: Digital:3.3V; Analog: 5V/3.3V

Standard 48-Pin LQFP Package

2. General Description

The ALC650 is an 18-bit, full duplex AC'97 2.2 compatible stereo audio CODEC designed for PC multimedia systems,
including host/soft audio and AMR/CNR based designs. The ALC650 incorporates proprietary converter technology to
achieve a high SNR, greater than 90 dB. The ALC650 AC'97 CODEC supports multiple CODEC extensions with independent
variable sampling rates and built-in 3D effects. The ALC650 CODEC provides three pairs of stereo outputs with independent
volume controls, a mono output, and multiple stereo and mono inputs, along with flexible mixing, gain and mute functions to
provide a complete integrated audio solution for PCs. The digital interface circuitry of the ALC650 CODEC operates from a
3.3V power supply with EAPD (External Amplifier Power Down) control for use in notebook and PC applications. The
ALC650 integrates a 5S0mW/20ohm headset audio amplifier into the CODEC, which can save BOM costs. The ALC650 also
supports an AC’97 2.2 compliant SPDIF out function which allows easy connection from the PC to consumer electronic
products, such as AC3 decoder/speaker and mini disk. The ALC650 CODEC supports host/soft audio from Intel
810/815/820/845 chipsets as well as audio controller based VIA/SIS/ALI chipsets. Bundled Windows series drivers
(Win95/98/ME/2000/XP/NT) and sound effect utilities (supporting Karaoke, emulation of 26 sound environments, and 10-
band equalizer) provide a more comprehensive entertainment package for PC users. Finally, internal PLL circuits generate
required timing signals, eliminating the need for external clocking devices.
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3. Block Diagram
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4. Pin Assignments
a
5 - >
F
o=d .23« 0 : o g
NA—A=H Quo @)
BAKXO AV <LnZn < =
48 47 46 45 44 43 42 41 40 39 38 37
DVDD] e=m 36 m=m L INE-OUT-R
XTL-IN e - 35 mmm [LINE-OUT-L
XTL-OUT e 3 34 e Front-MIC
DVSS] «=m 4 33 mmm NC
SDATA-OUT e« 5 3) mm VRDA
BIT-CLK == g 3] mmm VRAD
DVSS2 == 7 ALC650 30 e AFILT2
SDATA-IN e g 20 mem AFILTI1
DVDD?2 «a= ¢ 28 mum VREFOUT
SYNC == 1o 27 mum VREF
RESETH# = 11 26 mum AVSS1
PC-BEEP «== 1|9 25 mmm AVDDI1
13 14 15 16 17 18 19 20 21 22 23 24
Sa [ RN = N W- <R o I =
2O dAZAEEZ22Z
CE52R2C068554¢%
A< < = a A Z 'z
> © S5
2002/10/25 4 Revl.28

Tel: +49(0)234-9351135 - Fax: +49(0)234-9351137 EMAIL: info@cornelius-consult.de

http://www.cornelius-consult.de



S22 REALTEK

S. Pin Description

5.1 Digital 1/O Pins
Name Type | Pin No Description Characteristic Definition
RESET# I 11 AC'97 master H/W reset Schmitt input,V;=0.3Vdd, V;=0.4Vdd
XTL-IN 1 2 Crystal input pad (24.576Mhz) Crystal input pad
XTL-OUT 0 3 Crystal output pad Crystal output pad
SYNC 1 10 Sample Sync (48Khz) Schmitt input,V;=0.3Vdd, V,;,=0.4Vdd
BIT-CLK 10 6 Bit clock output (12.288Mhz) CMOS input/output, Vt=0.35Vdd, internal pulled
low by a 100K resistor.
SDATA- I 5 Serial TDM AC’97 output Schmitt input,V;=0.3Vdd, V,;=0.4Vdd
ouT
SDATA-IN (0] 8 Serial TDM AC’97 input CMOS output, internal pulled low by a 100K
resistor.
GPIOO0 1/O 45 General Purpose 1/0 0
XTLSEL I 46 Crystal Selection
S/PDIFI/ /O 47 S/PDIF input / External Digital input / output
EAPD Amplifier power down control
S/PDIFO 0 48 S/PDIF output Digital output
TOTAL: 11 Pins
5.2 Analog 1I/0 Pins
Name Type | Pin No Description Characteristic Definition
PC-BEEP 1 12 PC speaker input Analog input (1Vrms)
PHONE 1 13 Speaker phone input Analog input (1Vrms)
AUX-L 1 14 AUX Left channel Analog input (1Vrms)
AUX-R 1 15 AUX Right channel Analog input (1Vrms)
VIDEO-L 1 16 Video audio Left channel Analog input (1Vrms)
VIDEO-R 1 17 Video audio Right channel Analog input (1Vrms)
CD-L 1 18 CD audio Left channel Analog input (1Vrms)
CD-GND 1 19 CD audio analog GND Analog input (1Vrms)
CD-R 1 20 CD audio Right channel Analog input (1Vrms)
MICl1 I/0 21 First Mic input / CEN-OUT Analog input (1Vrms) / Analog output (1 Vrms)
MIC2 (6] 22 Alternative LFE-OUT Analog output (1Vrms)
LINE-L I/0 23 Line-In Left channel / S-OUT-L | Analog input (1Vrms) / Analog output (1Vrms)
LINE-R I/0 24 Line-In Right channel / S-OUT- | Analog input (1Vrms) / Analog output (1Vrms)
R
Front-MIC I 34 Dedicated MIC Input Analog input (1 Vrms) for front panel MIC input
LINE-OUT-L (6] 35 Line-Out Left channel Analog output (1Vrms)
LINE-OUT-R 0 36 Line-Out Right channel Analog output (1Vrms)
MONO-OUT (0] 37 Speaker Phone output Analog output (1Vrms)
S-OUT-L 0 39 Surround Out Left channel Analog output (1Vrms)
S-OUT-R 0 41 Surround Out Right channel Analog output (1Vrms)
CEN-OUT 0 43 Center Out channel Analog output (1Vrms)
LFE-OUT O 44 Low Frequency Effect Out Analog output (1Vrms)
channel
TOTAL: 21 Pins
2002/10/25 5 Revl.28
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5.3 Filter/Reference

Name Type | Pin No Description Characteristic Definition
VREF 0 27 Reference voltage Analog output. +4.7uf and 0.1uf cap to AVSS
VREFOUT 0 28 Ref. voltage out with SmA drive | Analog output (2.25V —2.75V)
AFILTI O 29 ADC anti-aliasing filter capacitor | Analog output. 1nf cap to AVSS
AFILT2 O 30 ADC anti-aliasing filter capacitor | Analog output. 1nf cap to AVSS
VRAD (0] 31 Vref for ADC Analog output. luf cap to AVSS
VRDA O 32 Vref for DAC Analog output. luf cap to AVSS
TEST 0 48 Output DAC clock and ADC clock | Digital output (Test mode) (shared with SPDIFO)
NC 33,40 | NC
TOTAL: 9 Pins
5.4 Power/Ground
Name Type | Pin No Description Characteristic Definition
AVDDI1 I 25 Analog VDD (5.0V) The minimum value is 3.0V
The maximum value is 5.5V
AVDD2 I 38 Analog VDD (5.0V) The minimum value is 3.0V
The maximum value is 5.5V
AVSS1 I 26 Analog GND
AVSS2 I 42 Analog GND
VDDI1 I 1 Digital VDD (3.3V) The minimum value is 3.0V (DVdd-0.3)
The maximum value is 3.6V (DVdd+0.3)
VDD2 I 9 Digital VDD (3.3V) The minimum value is 3.0V (DVdd-0.3)
The maximum value is 3.6V (DVdd+0.3)
VSS1 1 4 Digital GND
VSS2 1 7 Digital GND

TOTAL: 8 Pins

5.5 Crystal Selection

Name Type | Pin No Description Characteristic Definition
XTLSEL I 46 Crystal selection Internal pull high
TOTAL: 1 Pin
XTLSEL:

XTLSEL=floating, bypass 14.318MHz->24.576MHz digital PLL. The clock source is 24.576MHz crystal or external clock.
XTLSEL=pull low, select 14.318MHz—>24.576MHz digital PLL
The default value of MX7A.2 is decided by XTLSEL, and, upon power up, is latched inversely to XTLSEL.
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[
6. Registers
L3 °
6.1 Mixer Registers
Access to registers with an odd number will return a 0. Reading unimplemented registers will also return a 0.
REG.| NAME [D15(D14|(D13|(D12|D11|(D10| D9 | D8 | D7 | D6 | D5 | D4 | D3 | D2 | D1 | DO |DEFAULT
(HEX)
00h Reset X | SE4 | SE3 | SE2 [ SE1 [ SE0 | ID9 | ID§ | ID7 | ID6 | ID5 | ID4 | ID3 | ID2 | ID1 | IDO 5940h
02h Master [Mute| X | X |[ML4|ML3|ML2|MLI|[MLO| X | X | X |MR4]|MR3|MR2|MRI1|MRO 8000h
Volume
06h [ Mono-Out [Mute| X [ X [ X [ x [ x | x | x | x | x | x [mM™m4|mM™m3|M™m2|MMI|MMO|  8000h
Volume
0Ah [ PCBEEP |[Mute| X | X | X | X | X [ x [ x [ x [ x [ x [PB3|PB2|PBl|[PBO| X 0000h
Volume
0Ch PHONE Mute [ X X X X X X X X X X | PH4 | PH3 | PH2 | PH1 | PHO 8008h
Volume
OEh [MICVolume [Mute [ X | X | X | X [ X | X | x | X [20dB] X [ MI4 | M3 [ MI2 | MIl | MIO 8008h
10h Line-ln  [Mute| X | X |NL4 |NL3|[NL2|NL1|NLO| X | X | X [NR4|[NR3[NR2[NRI |[NRO 8808h
Volume
12h CD Volume |Mute| X X [CL4 | CL3 | CL2 | CL1 |CLO | X X X | CR4 | CR3 | CR2 | CRI | CRO 8808h
14h  |Video Volume|Mute | X | X [vri4 [vE3 | vL2 [ VL1 [VLO[ X [ X [ X [VR4[VR3[VR2[VRI [ VRO 8808h
16h [ Aux Volume | Mute | X X [AL4 | AL3 | AL2 | ALl | ALO | X X X | AR4 | AR3 | AR2 | AR1 | ARO 8808h
18h PCMOut |Mute| X | X |PL4 |PL3|PL2 |PLI [PLO| X | X | X |PR4|PR3|PR2| PRI [ PRO 8808h
Volume
1Ah | Record Select| X X X X X |[LRS2|LRS1|LRSO| X X X X X |[RRS2|RRS1|RRSO 0000h
ICh [ Record Gain [Mute [ X [ X [ X [LRG3[LRG2[LRGI[LRGO] X | X | X | X |RRG3|RRG2|RRGI|RRGO|  8000h
20h General POP | X 3D X X X |MIX| MS |LBK| X X X X X X X 0000h
Purpose
22h [ 3DControl | X [ X [ X [ X [ X [ X [ x| x| x| x| x ] x ] x ] x |[DP1L]DPO 0000h
26h | Power Down | EAPD| PR6 | PR5 | PR4 | PR3 [ PR2 [ PR1 [PRO [ X [ X [ X | X |REF|ANL|DAC|ADC| 000Fh
Ctrl/Status
28h Extended ID1 | IDO X X [REVI|REVO|AMA |LDAC|SDAC|CDAC| X X X |[SPDIF| DRA | VRA 07C7h
Audio ID P
2Ah Extended X | X |PRK| PRJ | PRI [SPCV| X | X [SDAC| X [SPSA|{SPSA| X |[SPDIF|DRA|VRA| 0080h
Audio Status 1 0
2Ch | PCM front | FSR [FSR14|FSR13[FSR12[FSR11{FSR10| FSRY | FSR8 [ FSR7|FSR6 | FSR5|FSR4 [ FSR3|FSR2 [FSR1|FSRO| BB8Oh
Sample Rate | 15
2Eh PCM Surr. | SSR [SSR14[SSRI13[SSR12[SSR11|SSR10] SSR9 | SSR8 | SSR7 | SSR6 [ SSR5 | SSR4 | SSR3 | SSR2 | SSR1 | SSRO BB80h
Sample Rate | 15
30h PCM LFE. | SSR |SSR14|SSR13[SSR12[SSR11[SSR10| SSR9 | SSR8 | SSR7 | SSR6 | SSR5 [ SSR4 [ SSR3 [ SSR2 [ SSR1 | SSRO BB80h
Sample Rate | 15
32h PCM Input [I[SR 15[ ISR | ISR | ISR | ISR | ISR | ISR | ISR | ISR [ ISR [ ISR | ISR | ISR | ISR | ISR | ISR BB80h
Sample Rate 14 13 12 11 10 9 8 7 6 5 4 3 2 1 0
36h | Center/LFE [Mute| X | X |LFE4[LFE3|LFE2|LFE1|LFEO|Mute| X [ X |CNT4[CNT3|CNT2[CNT1|CNTO[ 8080h
Volume
38h Surround |Mute| X | X |LSR4|LSR3|LSR2|{LSR1|{LSRO|{Mute| X [ X [RSR4[RSR3[RSR2[RSRI[RSRO| 8080h
Volume
3Ah S/PDIF Ctl \Y% 0 |SPSRI|SPSRO| L CC6 | CC5 | CC4 | CC3 [ CC2 | cCCl|cCCo | PRE |COPY)/AUDI] PRO 2000h
o
64h Surr. DAC [Mute | X X |LSD4|LSD3|LSD2|LSD1|LSD0O| X X X |RSD4(RSD3|RSD2|RSD1|RSDO 0808h
Volume
66h CEN/LFE |Mute| X X |[LD4 (LD3 |LD2|LDI |LD0O| X X X | CD4 | CD3 | CD2|CDI1 | CDO 0808h
DAC Volume
6Ah | Multi-channel | SM1 | SM0O 0 X X X X 0 0 0 0 0 0 0 0 0 0000h
Ctl
6Eh |Vendor Define| 0 0 0 0 0 0 1 0 0 0 0 0 0 0 0 0 0200h
78h Extension 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0000h
Control
7Ch Vendor ID1 0 1 0 0 0 0 0 1 0 1 0 0 1 1 0 0 414Ch
7Eh Vendor ID2 0 1 0 0 0 1 1 1 0 0 1 0 0 0 0 0 4720h
X: reserved bit
*: MX36 is the master volume control of CENTER/LFE output.
MX38 is the master volume control of surround output.
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6.1.1 MX00 Reset
Default: 5980H

Writing any value to this register will start a register reset, and causes all of the registers to revert to their default values. Reading this
register returns the ID code of the specific part.

Bit Type Function
15 - Reserved
14:10 R Return 10110h (Realtek 3D Stereo Enhancement)
9 R Read as 0 (Does not support 20-bit ADC)
8 R Read as 1 (Supports 18-bit ADC)
7 R Read as 1 (Supports 20-bit DAC)
6 R Read as 0 (Does not support 18-bit DAC)
5 R Read as 0 (No Loudness support)
4 R Read as 0 (No True Line Level output support)
3 R Read as 0 (No simulated stereo for analog 3D block use)
2 R Read as 0 (No Bass & Treble Control)
1 R Read as 0 (No Modem Line support)
0 R Read as 0 (No Dedicated Mic PCM input channel)

O Writing any data into this register will reset all mixer registers to their default value. The
written data is ignored.

6.1.2 MX02 Master Volume
Default: S000H

These registers control the overall volume level of the output functions. Each step on the left and right channels correspond to
1.5dB in increase/decrease in volume.

Bit Type Function
15 R/W  |Mute Control 0: Normal 1: Mute (-0 dB)
14:13 - Reserved
12:8 R/W |Master Left Volume (ML[4:0]) in 1.5 dB steps
7:5 - Reserved
4:0 R/W__[Master Right Volume (MR[4:0]) in 1.5 dB steps
© For MR/ML, 00h +3 dB gain for D/E version, 0dB for F version
02h 0 dB gain for D/E version, -3dB (attenuation) for F version
1Fh -43.5 dB (attenuation) for D/E version, -45dB for F version
® MR/ML are 5-bit R/W variables. The 6th bit implementation is optional. For this reason, when
6th bit is written by 1, it is equivalent to writing low 5-bit with 1. For example, writing 1xxxxx
will read back 01111.
2002/10/25 8 Revl.28
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6.1.3 MX06 MONO_ OUT Volume
Default: 8000H

Register 06H controls the mono volume output. Mono output is the same data sent on all output channels. Each step in bits 0:4
correspond to 1.5dB in increase/decrease in volume, allowing 32 levels of volume from 00000 to 11111.

Bit Type Function
15 R/W  |Mute Control 0: Normal 1: Mute (-0 dB)

14:5 - Reserved

4:0 R/W |Mono Master Volume (MM[4:0]) in 1.5 dB steps

O For MM, 00h 0 dB attenuation
1Fh 46.5 dB attenuation
® Implement 5-bit volume control only. Writing 1xxxxx will be interpreted as x11111 and
respond when read with x11111 as well.

6.1.4 MX0A PC BEEP Volume
Default: 0000H

This register controls the input volume for the PC beep signal. Each step in bits 4:1 correspond to a 3dB increase/decrease in
volume. 16 levels of volume are available, from 0000 to 1111.

The purpose of this register is to allow the PC Beep signals to pass through the ALC650, eliminating the need for an external system
speaker/buzzer. The PC BEEP pin is directly routed (internally hardwired) to the LINE-OUTL & R pins. If the PC speaker/buzzer is
eliminated, it is recommended to connect the external speakers at all times so the POST codes can be heard during reset.

Bit Type Function
15 R/W  |Mute Control 0: Normal 1: Mute (-0 dB)

14:5 - Reserved

4:1 R/W |PC Beep Volume (PB[3:0]) in 3 dB steps
0 - Reserved

O For PB, 00h 0 dB attenuation
OFh 45 dB attenuation

2002/10/25 9 Revl1.28
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6.1.5 MX0C PHONE Volume
Default: S008SH

Register 0CH controls the telephone input volume for software modem applications. Because software modem applications may not
have a speaker, the CODEC can offer a speaker-out service. Each step in bits 4:0 correspond to 1.5dB in increase/decrease in
volume, allowing 32 levels of volume, from 00000 to 11111,

Bit Type Function
15 R/W  |Mute Control 0: Normal 1: Mute (-0 dB)

14:5 - Reserved

4:0 R/W  |Phone Volume (PV[4:0]) in 1.5 dB steps

O For PV, 00h +12 dB Gain
08h 0dB gain
1Fh -34.5dB Gain

6.1.6 MX0OE MIC Volume
Default: SO0SH

Register OEH controls the microphone input volume. Each step in bits 4:0 correspond to 1.5dB in increase/decrease in volume,
allowing 32 levels of volume, from 00000 to 11111. Each step in bit 6 corresponds to a magnification of 20dB increase in volume.

Bit Type Function
15 R/W  |Mute Control 0: Normal 1: Mute (-0 dB)

14:7 - Reserved
6 R/W |20 dB Boost Control 0: Normal 1:20 dB boost
5 - Reserved

4:0 R/W  |Mic Volume (MV[4:0]) in 1.5 dB steps

O For MV, 00h +12 dB Gain
08h 0dB gain
1Fh -34.5dB Gain

6.1.7 MX10 LINE_IN Volume
Default: 8808H

Register 10H controls the LINE IN input volume. Each step in bits 4:0 correspond to 1.5dB in increase/decrease in volume for the
right channel, allowing 32 levels of volume, from 00000 to 11111. Each step in bits 12:8 correspond to 1.5dB in increase/decrease in
volume for the left channel, allowing 32 levels of volume, from 00000 to 11111.

Bit Type Function
15 R/W  |Mute Control 0: Normal 1: Mute (-0 dB)
14:13 - Reserved
12:8 R/W |Line-In Left Volume (NL[4:0]) in 1.5 dB steps
7:5 - Reserved
4:0 R/W |Line-In Right Volume (NR[4:0]) in 1.5 dB steps

O For NL/NR, 00h +12 dB Gain
08h 0dB gain
1Fh -34.5dB Gain
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6.1.8 MX12 CD Volume
Default: 8808H

Register 12H controls the CD input volume. Each step in bits 4:0 correspond to 1.5dB in increase/decrease in volume for the right
channel, allowing 32 levels of volume, from 00000 to 11111. Each step in bits 12:8 correspond to 1.5dB in increase/decrease in
volume for the left channel, allowing 32 levels of volume, from 00000 to 11111.

it Type Function
15 R/W  |Mute Control 0: Normal 1: Mute (-0 dB)
14:13 - Reserved
12:8 R/W |CD Left Volume (CL[4:0]) in 1.5 dB steps
7:5 - Reserved
4:0 R/W__|CD Right Volume (CR[4:0]) in 1.5 dB steps

© For CL/CR, 00h +12 dB Gain
08h 0dB gain
IFh  -34.5dB Gain

6.1.9 MX14 VIDEO Volume
Default: 8808H

Register 14H controls the video input volume. Each step in bits 4:0 correspond to 1.5dB in increase/decrease in volume for the right
channel, allowing 32 levels of volume, from 00000 to 11111. Each step in bits 12:8 correspond to 1.5dB in increase/decrease in
volume for the left channel, allowing 32 levels of volume, from 00000 to 11111.

Bit Type [Function

15 R/W  |Mute Control 0: Normal 1: Mute (-0 dB)
14:13 - Reserved
12:8 R/W |Video Left Volume (VL[4:0]) in 1.5 dB steps
7:5 - Reserved

4:0 R/W__|Video Right Volume (VR[4:0]) in 1.5 dB steps
O For VL/VR, 00h +12 dB Gain
08h 0dB gain
1Fh -34.5dB Gain

6.1.10 MX16 AUX Volume
Default: 8808H

Register 16H controls the auxiliary input volume. Each step in bits 4:0 correspond to 1.5dB in increase/decrease in volume for the
right channel, allowing 32 levels of volume, from 00000 to 11111. Each step in bits 12:8 correspond to 1.5dB in increase/decrease in
volume for the left channel, allowing 32 levels of volume, from 00000 to 11111.

Bit Type Function
15 R/W  |Mute Control 0: Normal 1: Mute (-0 dB)
14:13 - Reserved
12:8 R/W |AUX Left Volume (AL[4:0]) in 1.5 dB steps
7:5 - Reserved
4:0 R/W |AUX Right Volume (AR[4:0]) in 1.5 dB steps

O For AL/AR, 00h +12 dB Gain
08h 0dB gain
1Fh -34.5dB Gain
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Tel: +49(0)234-9351135 - Fax: +49(0)234-9351137 EMAIL: info@cornelius-consult.de http://www.cornelius-consult.de




S22 REALTEK

6.1.11 MX18 PCM_OUT Volume
Default: 8808H

Register 18H controls the PCM_OUT output volume. Each step in bits 4:0 correspond to 1.5dB in increase/decrease in volume for
the right channel, allowing 32 levels of volume, from 00000 to 11111. Each step in bits 12:8 correspond to 1.5dB in
increase/decrease in volume for the left channel, allowing 32 levels of volume, from 00000 to 11111.

Bit Type Function

15 R/W  |Mute Control 0: Normal 1: Mute (-0 dB)
14:13 - Reserved

12:8 R/W |PCM Left Volume (PL[4:0]) in 1.5 dB steps

7:5 - Reserved

4:0 R/W__[PCM Right Volume (PR[4:0]) in 1.5 dB steps

© For PL/PR, 00h +12 dB Gain
08h 0dB gain
1Fh -34.5dB Gain

6.1.12 MX1A Record Select
Default: 0000H

Register 1AH controls the record input volume. Each step in bits 2:0 correspond to 1.5dB in increase/decrease in volume for the right
channel, allowing 7 levels of volume, from 000 to 111. Each step in bits 10:8 correspond to 1.5dB in increase/decrease in volume for
the left channel, allowing 7 levels of volume, from 000 to 111.
Bit Type Function
15:11 - Reserved
10:8 R/W |Left Record Source Select (LRS[2:0])
7:3 - Reserved
2:0 R/W |Right Record Source Select (RRS[2:0])
© For LRS

MIC

CD LEFT

VIDEO LEFT

AUX LEFT

LINE LEFT

STEREO MIXER OUTPUT LEFT
MONO MIXER OUTPUT
PHONE

® For
MIC

CD RIGHT

VIDEO RIGHT

AUX RIGHT

LINE RIGHT

STEREO MIXER OUTPUT RIGHT
MONO MIXER OUTPUT

PHONE

\lmwbwwwo;\)c\mhumwo
wn

2002/10/25 12 Revl1.28

Tel: +49(0)234-9351135 - Fax: +49(0)234-9351137 EMAIL: info@cornelius-consult.de http://www.cornelius-consult.de




S22 REALTEK

6.1.13 MX1C Record Gain
Default: S000H

Register 1CH controls the record gain. Each step in bits 3:0 correspond to 1.5dB in increase/decrease in gain for the right channel,
allowing 16 levels of gain, from 0000 to 1111. Each step in bits 11:8 correspond to 1.5dB in increase/decrease in gain for the left
channel, allowing 16 levels of gain, from 0000 to 1111.

Bit Type Function
15 R/W  |Mute Control 0: Normal 1: Mute (-0 dB)
14:12 - Reserved
11:8 R/W |Left Record Gain Select (LRG[3:0]) in 1.5 dB steps
7:4 - Reserved
3:0 R/W__[Right Record Gain Select (RRG[3:0]) in 1.5 dB steps
O For LRG/RRG, OFh +22.5dB

00h 0 dB (No Gain)

6.1.14 MX20 General Purpose Register
Default: 0000H

This register is used to control several functions. Bit 13 enables or disables 3D control. Bit 9 allows selection of mono output.
Bit 8 controls the mic selector. Bit 7 enables loopback of the AD output to the DA input without involving the AC-Link,
allowing for full system performance measurements.

Bit Type Function
15:14 - Reserved, Read as 0
13 R/W |3D Control 1:0On 0: Off
12:10 - Reserved, Read as 0
9 R/W |Mono Output Select 0: MIX 1: MIC
8 R/W  |Mic Select 0: MIC1 1: MIC1 + Front MIC
MX20.8 and MX6A.10 configure MIC1/Front MIC input. Refer to MX6A.10 for detailed information.
7 R/W |AD to DA Loop-Back Control 0: Disable 1: Enable
6:0 - Reserved

O Bit 13 is used to turn on 3D effects in both front and surround path.
@® Bit 7 enables ADC to front DAC loop-back.

6.1.15 MX22 3D Control
Default: 0000H

This register is used to control the 3D stereo enhancement function built into the AC’97 component. The register bits, DP1-
DPO are used to control the separation ratios in the 3D control for both LINE_OUT and DAC_OUT respectively. This allows
for independent control of the stereo enhancement between LINE_OUT and DAC_OUT.

The 3D stereo enhancement function provides for a deeper and wider sound experience with a potential 6-speaker
arrangement. Note that the 3D bit in the general purpose register (bit 13) must be set to 1 to enable this function.

Bit Type Function

15:2 - Reserved. Read as 0

1:0 R/W |Depth control (DP[1:0])

© 3D effect control
DP[1:0] Function
00 0%(off)
01 50%
10 75%
11 100%
2002/10/25 13 Revl.28

Tel: +49(0)234-9351135 - Fax: +49(0)234-9351137 EMAIL: info@cornelius-consult.de http://www.cornelius-consult.de




S22 REALTEK

ALC650

6.1.16 MX26 Powerdown Control/Status
Default: 0000H

This read/write register is used to program powerdown states and monitor subsystem readiness. The lower half of this
register is read only status; a “1” indicating that the subsection is “ready.” Ready is defined as the subsection’s ability to
perform in its nominal state.

When the AC-Link “CODEC Ready” indicator bit (SDATA _IN slot 0, bit 15) is a 1, it indicates that the AC-Link and AC’97
control and status registers are in a fully operational state. The AC’97 controller must further probe this powerdown control
/status register to determine exactly which subsections, if any are ready.

Bit Type Function
15 R/W  |PR7 External Amplifier Power Down (EAPD)
0: EAPD output low (enable external amplifier)
1: EAPD output high (shut down external amplifier)
14 - Reserved
13 R/W |[PRS 0: Normal
1: Disable internal clock usage (BCLK still be output for modem CODEC)
12 R/W |PR4 0:Normal 1:Power down AC-Link
11 R/W |PR3 0:Normal 1:Power down Mixer (Vref off)
10 R/W |PR2 0:Normal 1:Power down Mixer (Vref still on)
9 R/W |PR1 0:Normal 1:Power down PCM DAC (front DAC)
8 R/W |PRO 0:Normal 1:Power down PCM ADC and input MUX
7:4 - Reserved, Read as 0
3 R Vref Status 1: Vref'is up to normal level  0: Not yet
2 R Analog Mixer Status 1: Ready 0: Not yet
1 R DAC Status 1: Ready 0: Not yet
0 R ADC Status 1: Ready 0: Not yet
True table for power down mode:
CDAC | SDAC | LDAC | ADC | DAC | Mixer | Vref | ACLINK |Int CLK| EAPD
*
PRO=1 PD
PRI1=1 PD
PR2=1 PD
PR3=1 PD PD PD PD | PD PD PD
PR4=1 PD PD PD PD | PD PD
PR5=1 PD PD PD PD | PD PD
PR7=1 High
PRI=17 | PD
PRI=1%} PD
PRK=13* PD
PD: Power down Blank: Don’t care High: output high

* SDAC= Surround DAC, LDAC= LFE DAC, CDAC= Center DAC.
1 PRI: Center DAC power down control bit defined in MX2A.11
1 PRJ: Surround DAC power down control bit defined in MX2A.12
X PRK: LFE DAC power down control bit defined in MX2A.13

2002/10/25
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ALC650

6.1.17 MX28 Extended Audio ID
Default: 07C7H

The Extended Audio ID register is a read only register used to communicate information to the digital controller on two functions.
ID1 and IDO echo the configuration of the CODEC as defined by the programming of pins 47 and 48 externally. “00” returned
defines the CODEC as the primary CODEC, while any other code identifies the CODEC as one of three secondary CODEC
possibilities. SDAC/LDAC/CDAC=1 tells the controller that the ALC650 is a multi-channel CODEC as defined by the Intel spec.

Bit Type Function
15 R ID1. Always read as 0
14 R ID0. Always read as 0
13:12 - Reserved, Read as 0
11:10 R REV [1:0]=01 to indicate that the ALC650 is AC’97 rev2.2 compliant
9 R AMAP, Read as 1 (DAC mapping base on CODEC ID)
8 R LDAC, Read as 1 (LFE DAC is supported, according to AC’97 rev2.2)
7 R SDAC, Read as 1 (Surround DAC is supported, according to AC’97 rev2.2)
6 R CDAC, Read as 1 (Center DAC is supported, according to AC’97 rev2.2)
5:3 - Reserved, Read as 0
2 R SPDIF, Read as 1 (S/PDIF is supported)
1 R DRA, Read as 1 (Double Rate Audio is supported)
R VRA, Read as 1 (Variable Rate Audio is supported)
2002/10/25 15 Rev1.28
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ALC650

6.1.18 MX2A Extended Audio Status and Control Register
Default: 01FOH

This register contains two active bits for powerdown and status of the surrounding DACs. Bits 0, 1 & 2 are read/write bits which are
used to enable or disable VRA, DRA and SPDIF respectively. Bits 4 & 5 are read/write bits used to determine the AC-LINK slot
assignment of the S/PDIF. Bits 6, 7 & 8 are read only bits which tell the controller when the Center, Surround and LFE DACs are
ready to receive data. Bit 10 is a read only bit which tells the controller if the S/PDIF configuration is valid. Bits 11, 12 & 13 are
read/write bits which are used to powerdown the Center, Surround and LFE DACs respectively.

Bit Type Function
15:14 - Reserved
13 R/W  [Power Down LFE DAC. (PRK)
0: Normal
1: Power down LFE DAC
12 R/W  |Power Down Surround DAC. (PRJ)
0: Normal
1: Power down Surround DAC
11 R/W  |Power Down Center DAC. (PRI)
0: Normal
1: Power down Center DAC
10 R SPCV (S/PDIF Configuration Valid) *
0: Current S/PDIF configuration {SPSA,SPSR,DAC/slot rate} is not valid
1: Current S/PDIF configuration {SPSA,SPSR,DAC/slot rate} is valid
9 - Reserved
8 R LFE DAC Status (LDAC). 0: Not yet 1: Ready t
7 R Surround DAC Status (SDAC). 0: Not yet 1: Ready t
6 R Center DAC Status (CDAC). 0: Not yet 1: Ready t
5:4 R/W  |SPSA[1:0] (S/PDIF Slot Assignment)
00: S/PDIF source data assigned to AC-LINK slot3/4
01: S/PDIF source data assigned to AC-LINK slot7/8
10: S/PDIF source data assigned to AC-LINK slot6/9
11: S/PDIF source data assigned to AC-LINK slot10/11 (default)
3 - Reserved
2 R/W |SPDIF Enable. 1: Enable 0: Disable (Hi-Z)
1 R/W |DRA Enable. 1: Enable 0: Disable }
0 R/W |VRA Enable. 1:Enable 0: Disable ¥t

* SPCV is a read only bit that indicates whether the current S/PDIF configuration is
supported or not. If the configuration is supported, SPCV is set as 1 by H/W. So driver can
check this bit to determine the status of the S/PDIF transmitter system. SPCV is always
operating, independent of the SPDIF enable bit (MX2A.2). The condition to allow S/PDIF
output is SPDIF(MX2A.2)=1 & SPACV=I1, otherwise the S/PDIF output will be all zero
when MX2A4.2=1 and SPACV=0 (invalid).

1 Bit-13 (PRK), bit-12(PRJ), bit-11(PRI), bit-8(LDAC), bit-7 (SDAC) and bit-6(CDAC) are
extended bits defined in AC’97 specification rev 2.1.

1 Only front DACs supports 96KHz sample rate when DRA=1. MX2A.1 just selects clock source
for front DACs. Software must set MX2C/MX2E/MX30 as BB80h, and mute surround DACs
and CEN/LFE DACs.

Lt If VRA = 0, ALC650 AD/DA operate at fixed 48KHz sampling rate. Otherwise, it operates
with variable sampling rate defined in MX2C, MX2E, MX30 and MX32.
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ALC650

6.1.19 MX2C PCM Front/Center Output Sample Rate

Default: BBSOH

The ALC650 allows adjustment of the front center output sample rate. This register is used to adjust the sample rate. By changing the
values, sampling rates from 8000 to 48000 can be chosen.

Bit

Type

Function

15:0

R/W

FOSR [15:0]Output sampling rate

© The ALC650 supports the following sampling rates as required in the PC99 design guide.

@ If the value written is not supported, the closest value is returned.

Sampling rate FOSR[15:0]
8000 1F40h
11025 2B11h
12000 2EEOh
16000 3E80h
22050 5622h
24000 5DCOh
32000 7D00h
44100 AC44h
48000 BB80h

© This register controls the sample rate of front DAC and center DAC. If MX2A.0=0 (VRA is

6.1.20 MX2E PCM Surround Output Sample Rate

disabled), this register is always BB80h.

Default: BBSOH

The ALC650 allows adjustment of the surround output sample rate. This register is used to adjust the sample rate. By changing the

values, sampling rates from 8000 to 48000 can be chosen. (See table under Section 6.1.19)

Bit Type Function
15:0 R/W |SOSR [15:0]Output sampling rate
© This register controls the sample rate of surround DAC. If MX2A.0=0 (VRA is disable), this
register is always BB8Oh.
@® For SOSR, please refer MX2C for detail.
2002/10/25 17 Rev1.28
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6.1.21 MX30 PCM LFE Output Sample Rate
Default: BBSOH

The ALC650 allows adjustment of the PCM LFE output sample rate. This register is used to adjust the sample rate. By changing the
values, sampling rates from 8000 to 48000 can be chosen. (See table under Section 6.1.19)
Bit Type Function
15:0 R/W  |LOSR [15:0]Output sampling rate
O This register controls the sample rate of LFE DAC. If MX2A.0=0 (VRA is disable), this

register is always BB8Oh.
@® For LOSR, please refer MX2C for detail.

6.1.22 MX32 PCM Input Sample Rate
Default: BBSOH

The ALC650 allows adjustment of the PCM input sample rate. This register is used to adjust the sample rate. By changing the values,
sampling rates from 8000 to 48000 can be chosen.
Bit Type Function
15:0 R/W |ISR [15:0]Output sampling rate

O ALC650 support the following sampling rate required in PC99 design guide.
Sampling rate ISR[15:0]
8000 1F40h
11025 2B11h
12000 2EEOh
16000 3E80h
22050 5622h
24000 5DCOh
32000 7D00h
44100 AC44h
48000 BB80h

@ If the value written is not support, the closest value is returned.

6.1.23 MX36 LFE/Center Master Volume
Default: S0S0H

Bit Type Function
15 R/W  |LFE Mute Control 0: Normal 1: Mute (-0 dB)
14:13 - Reserved
12:8 R/W |LFE Master Volume (LFE[4:0]) in 1.5 dB steps
7 R/W |Center Mute Control 0: Normal 1: Mute (-0 dB)
6:5 - Reserved
4:0 R/W |Center Master Volume (CNT[4:0]) in 1.5 dB steps

O For LFE/CNT, 00h 0dB Gain
1Fh  -46.5dB gain
® Implement 5-bit volume control only. Writing 1xxxxx will be interpreted as x11111 and read

asx11111.
© This register used to control the master volume of LFE and center output. And there is no gain
for MX36.
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ALC650
6.1.24 MX38 Surround Master Volume
Default: 8080H
Bit Type Function
15 R/W  |Left Mute Control 0: Normal 1: Mute (-0 dB)
14:13 - Reserved
12:8 R/W |Surround Master Left Volume (LSR[4:0]) in 1.5 dB steps
7 R/W  |Right Mute Control 0: Normal 1: Mute (-0 dB)
6:5 - Reserved
4:0 R/W  |Surround Master Right Volume (RSR[4:0]) in 1.5 dB steps
O For LSR/RSR, 00h 0dB Gain
1Fh -46.5dB gain
® Implement 5-bit volume control only. Writing 1xxxxx will be interpreted as x11111 and read
asxI1111.
© This register used to control the master volume of surround output. And there is no gain for
MX38.
6.1.25 MX3A S/PDIF Output Channel Status and Control
Default: 2000H
Bit Type Function
15 R/W |Validity Control (control V bit in Sub-Frame)
0: The V bit (valid flag) in sub-frame depends on whether or not the S/PDIF data
is under-run
1: The V bit in sub-frame is always send as 1 to indicate the invalid data is not
suitable for receiver
14 R DRS (Double Rate S/PDIF)
The ALC650 does not support double rate S/PDIF, this bit is always 0.
13:12 R/W |SPSR [1:0] (S/PDIF Sample Rate)
00: Sample rate set to 44.1KHz. Fs[0:3]=0000
01: Reserved
10: Sample rate set to 48.0KHz. Fs[0:3]=0100 (default)
11: Sample rate set to 32.0KHz. Fs[0:3]=1100
11 R/W |LEVEL (Generation Level)
10:4 R/W |CC [6:0] (Category Code)
3 R/W  |PRE (Preemphasis)
0: None 1: Filter preemphasis is 50/15 psec
2 R/W |COPY (Copyright)
0: Asserted 1: Not asserted
1 R/W  |/AUDIO (Non-Audio Data type)
0: PCM data 1: AC3 or other digital non-audio data
0 R PRO (Professional or Consumer format)
0: Consumer format  1: Professional format
ALC650 supports consumer channel status format, this bit is always 0
© To ensure the control and status information started up correctly at the beginning of S/PDIF
transmission, MX3A.[14:0] should only be written to when S/PDIF transmitter is disabled
(MX2A.2=0).
@ If validity control is set (MX3A.15=1), those data bits (bit 8 ~ bit 27) should be forced to 0 to
get better compatibility with mini disc.
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ALC650

6.1.26 MX64 Surround DAC Volume
Default: 0808H

Bit Type Function
15 R/W  |Mute Control 0: Normal 1: Mute (-0 dB)
14:13 - Reserved

12:8 R/W  |Surround DAC Left Volume (SDL[4:0]) in 1.5 dB steps

7:5 - Reserved

4:0 R/W |Surround DAC Right Volume (SDR[4:0]) in 1.5 dB steps

© For SDL/SDR, 00h +12 dB Gain
08h 0dB gain
1Fh -34.5dB Gain
@® The default value is 0808H (unmuted).

6.1.27 MX66 Center/LFE DAC Volume
Default: 0808H

Bit Type Function
15 R/W  |Mute Control 0: Normal 1: Mute (-0 dB)
14:13 - Reserved

12:8 R/W |LFE DAC Volume (LD[4:0]) in 1.5 dB steps

7:5 - Reserved

4:0 R/W |Center DAC Volume (CD[4:0]) in 1.5 dB steps

O For LD/CD, 00h +12 dB Gain
08h  0dB gain
IFh  -34.5dB Gain
® The default value is 0808H (unmuted).

6.2 Vendor Defined Registers

These registers, as not defined in the AC’97 specifications, are available to Realtek and Realtek customers for specialized

functionality.

6.2.1 MX60 S/PDIF Input Channel Status [15:0]
Default: 0000H

S/PDIF Input is implemented on the ALC650 Rev. E or later only, and this register is for use with that product only.

Bit Type Function
15 R LEVEL (Generation Level)
14:8 R CC [6:0] (Category Code)
7:6 R Mode [1:0]
5:3 R PRE[2:0] (Pre-Emphasis)
2 R COPY (Copyright)
0: Asserted 1: Not asserted
1 R /AUDIO (Non-Audio Data type)

0: PCM data 1: AC3 or other digital non-audio data

0 R PRO (Professional or Consumer format)
0: Consumer format  1: Professional format

© The data in MX60 are captured from channel status [15:0] of SPDIFI.
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6.2.2 MX62 S/PDIF Input Channel Status [29:15]
Default: 0000H

ALC650

S/PDIF Input is implemented on the ALC650 Rev. E or later only, and this register is for use with that product only.
Bit Type Function
15 R Vbit in Sub-frame of SPDIF-In: This bit reflects the Validity status of SPDIF-In, and is effective only
when SPDIF-In is locked. This bit composed with its interrupt allows software to identify songs played
by the CD ROM drive.
0: Data X and Y are valid
1: At least one of data X and Y is invalid
This bit is real-time updated, and has meaning only when SPDIF-In is locked.
14 R SPDIFI Input Signal: Locked by hardware
0: Unlocked  1: Locked
13:12 R Ca [1:0] ( Clock Accuracy)
11:8 R Fs [3:0]. (Sample Frequency in channel status)
0000: 44.1KHz
0010: 48 KHz
0011: 32 KHz
Others: Reserved
7:4 R Cn [3:0] (Channel Number)
3:0 R Sn [3:0] (Source Number)

O The bits [13:0] are captured from channel status [29:16] of SPDIFI.
® The consumer channel status of SPDIFI (bit0~bit31):

0 1 2 3 4 5 6 7
PRO |/AUDIO | COPY PREO PRE1 PRE2 Mode0 | Model
8 9 10 11 12 13 14 15
CCo CCl1 CC2 CC3 CC4 CCs CCé6 LEVEL
16 17 18 19 20 21 22 23
Sn0 Snl Sn2 Sn3 Cn0 Cnl Cn2 Cn3
24 25 26 27 28 29 30 31
FsO Fsl Fs2 Fs3 Ca0 Cal 0 0

© SPDIF input detection is enabled by MX7A.1, MX62.14 indicates whether the SPDIF input
signal is locked or not, and its channel status has been completely captured. It means that the
channel status in MX60 and MX62 are meaningful only when MX62.14 is set.

® The data from SPDIF input is forced to 0 once the SPDIF input signal is unlocked. Software
must check this ‘LOCK’ bit before dealing with SPDIF input operations.
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6.2.3 MX6A Multi-Channel Control
Default: 0000h

This register is used to control various parts of the ALC650 multi-channel functions.

Bit

Type

Function

15:14

R/W

SM[1:0], Slot Modify
Used to modify DAC slot #

13

R/W

Front DAC Source

0: AC-LINK Slot-3/4 (default); 1: SPDIF Input

If PCM data are from SPDIFI, software must keep concurrence of sample rate of DAC and SPDIF
input.

12

R/W

S/PDIF Output Source
0: S/PDIF output data is from controller (default)
1: S/PDIF output data is from ADC

11

R/W

PCM Data to AC-LINK
0: PCM Data is from ADC (default)
1: PCM Data is from SPDIF input

10

R/W

MIC1 & MIC2 / CENTER & LFE Output Control
0: Pin-21 is MIC1-In, pin-22 is floating (default)
1: Pin-21 is CENTER-Out, pin-22 is LFE-Out

R/W

Line-In / Surround Output Control
0: Pin-23 and pin-24 are analog input (Line-In). (default)
1: Pin-23 and pin-24 are duplicated output of surround channel (Surround-Out)

Reserved

R/W

Independent Master Volume Left Control: (IMVL, Front output left channel) Used only for the ALC650
Rev. E or later.

0: Normal on; 1: Mute left channel of Master volume

Mute of left Master volume = MX02.15 | MX6A.7.

R/W

Independent Master Volume Right Control: (IMVR, Front output right channel) Used only for the ALC650
Rev. E or later.

0: Normal on; 1: Mute right channel of Master volume

Mute of right Master volume = MX02.15 | MX6A.6.

R/W

Analog Input Pass to Center/LFE Control
0: Off 1:0n

R/W

Analog Input Pass to Surround Control
0: Off 1:0n

R/W

Center/LFE DAC Data Exchange

0: Normal (default); 1: Exchange PCM data in Center DAC and LFE DAC.

The PCM data sent to Center DAC and LFE DAC will be exchanged when this bit is set. Software must
exchange he definition of volume control in MX36 and MX66.

R/W

Center/LFE Channel Down Mix Control.
0: Disable down mix. (default)
1: Down mix Center/LFE DAC output into LINE-OUT

R/W

Surround Channel Down Mix Control.
0: Disable down mix. (default)
1: Down mix surround DAC output into LINE-OUT

R/W

Surround OQutput Source.
0: S-OUT is the real surround output. (default)
1: S-OUT is the duplicated output of LINE-OUT

© The default source of S/PDIF output is data sent by controller. When this bit is set, S/PDIF data comes from
ALC650’s ADC is used to transfer analog input into S/PDIF output. To keep data concurrence, software must
guarantee that the sample rates in MX32 and MX3A[13:12] are the same. SPCV is no longer valid for an S/PDIF
configuration. If software doesn’t keep the same sample rates, the S/PDIF output will be auto forbidden by
hardware, and undefined consequences may occur.

® ALC650 maps DAC slot according to the following table: (default maps to AC’97 spec. rev2.2)
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