AsahiKASEI [AK4671]

AKM AK4671
Stereo CODEC with MIC/RCV/HP- AMP

| GENERAL DESCRIPTION |
The AK4671 is a stereo CODEC with a built-in Microphone-Amplifier, Receiver-Amplifier and
Headphone-Amplifier. The AK4671 features dual PCM I/F in addition to audio I/F that allows easy
interfacing in mobile phone designs with Bluetooth I/F. The AK4671 is available in a 57pin BGA, utilizing
less board space than competitive offerings.

| FEATURES |
1. Recording Function (Stereo CODEC)
¢ 4 Stereo Input Selector x 2ch
¢ 4 Stereo Inputs (Single-ended) or 2 Stereo Input (Full-differential)
o MIC Amplifier: +30dB ~ —12dB, 3dB step
e Digital ALC (Automatic Level Control): +36dB  ~-54dB, 0.375dB Step, Mute
¢ Wind-noise Reduction Filter
e Stereo Separation Emphasis
¢ 5-band Programmable Notch Filter
« Audio Interface Format: 16bit MSB justified, | %S, DSP Mode
2. Playback Function (Stereo CODEC)
¢ Digital Volume (+12dB ~ —115.0dB, 0.5dB Step, Mute)
e Digital ALC (Automatic Level Control): +36dB  ~ -54dB, 0.375dB Step, Mute
e Stereo Separation Emphasis
¢ 5-band EQ
e Stereo Line Output
e Mono Receiver-Amp
- BTL Output
- Output Power: 30mW@32 Q (AVDD=3.3V)
¢ Stereo Headphone-Amp
- Output Power: 30mW@16 Q (AVDD=3.3V)
¢ Analog Mixing: 4 Stereo Input
¢ Audio Interface Format:
- 16bit MSB justified, 16bit LSB justified, 16-24bit | %S, DSP Mode
3. Dual PCM I/F for Baseband & Bluetooth Interface
e Sample Rate Converter (Up sample: up to x6: Down sample: down to x1/6)
e Sample Rate: 8kHz
e Digital Volume
¢ Audio Interface Format:
- 16bit Linear, 8bit A-law, 8bit p-law
- Short/Long Frame, | 2S, MSB justified
4. 10bit SAR ADC
¢ 3 Input Selector
5. Power Management
6. Master Clock:
(1) PLL Mode
e Frequencies: 11.2896MHz, 12MHz, 12.288MHz, 13MHz, 13. 5MHz, 19.2MHz,
24MHz, 26MHz, 27MHz (MCKI pin)
1fs (LRCK pin)
32fs or 64fs (BICK pin)
(2) External Clock Mode
¢ Frequencies: 256fs, 384fs, 512fs, 768fs or 1024fs (MCKI pin)
7. Output Master Clock Fr equencies: 32fs/64fs/128fs/256fs
8. Sampling Rate (Stereo CODEC):
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¢ PLL Slave Mode (LRCK pin): 8kHz ~ 48kHz
e PLL Slave Mode (BICK pin): 8kHz ~ 48kHz
¢ PLL Slave Mode (MCKI pin):
8kHz, 11.025kHz, 12kHz, 16kHz, 22.05kH z, 24kHz, 32kHz, 44.1kHz, 48kHz
¢ PLL Master Mode:
8kHz, 11.025kHz, 12kHz, 16kHz, 22.05kH z, 24kHz, 32kHz, 44.1kHz, 48kHz
e EXT Master/Slave Mode:
8kHz ~ 48kHz (256fs, 384fs), 8kHz ~ 26kHz (512fs, 768fs),
8kHz ~ 13kHz (1024fs)
9. uP I/F: 4-wire Serial / | °C Bus (Ver 1.0, 400kHz Fast Mode)
10. Master/Slave mode
11. Ta=-30 ~ 85°C
12. Power Supply:
¢ AVDD, PVDD, SAVDD: 2.2 ~ 3.6V
¢ DVDD, TVDD2, TVDD3: 1.6 ~ 3.6V
13. Package : 57pin BGA (5mm x 5mm, 0.5mm pitch)
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W Ordering Guide
AK4671EG -30~ +85°C 57pin BGA (0.5mm pitch)
AKD4671 Evaluation board for AK4671
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PIN/FUNCTION |

No. [ Pin Name 1/0O Function
Al | MDT | MIC Detection Pin (Internal pull down by 500k
Bl | MPWR O | MIC Power Supply Pin
C1l | SAIN3 | 10bit SAR ADC Analog Input 3 Pin
C2 | SAIN2 | 10bit SAR ADC Analog Input 2 Pin
D1 | SAIN1 I 10bit SAR ADC Analog Input 1 Pin
D2 | SAVDD - | 10bit SAR ADC Power Supply Pin, 2.2 3.6V
E1l | VSS3 - | Ground 3 Pin
E2 | TVvDD3 - | Digital /0O Power Supply 3 Pin, 163.6V
F2 | SDTOB O | Serial Data Output B Pin
F1 | SYNCB I/0 | Sync Signal B Pin
G2 | BICKB I/O | Serial Data Clock B Pin
G1 | SDTIB I Serial Data Input B Pin
H1 | SDTI | | Audio Serial Data Input Pin
J1 | GPO1 O | General Purpose Output 1 Pin
Control Data Output Pin (12C pin = “L": 4-wire Serial Mode)
J2 | CDTO O | "Hi-z (12C pin = “H": IC Bus Mode)
H2 | SDTO O | Audio Serial Data Output Pin
Power-Down Mode Pin
H3 | PDN I “H": Power-up, “L": Power-down, reset and initializes the control register.
“L” time of 150ns or more after power-up is needed to reset the AK4671.
J3 | LRCK I/0 | Input/ Output Channel Clock Pin
H4 | MCKI I External Master Clock Input Pin
J4 | MCKO O | Master Clock Output Pin
Control Mode Select Pin
HS | 12C ! “H": | °C Bus, “L”: 4-wire Serial
J5 [ BICK I/O | Audio Serial Data Clock Pin
16 CSN 1] Chip Select Pin (12C pin = “L": 4-wire SerialMode) |
CADO I Chip Address 0 Select Pin (12C pin = “H*0 Bus Mode)
e |.CCLK __I_| Control Data Clock Pin (I2C pin = "L": 4-wire Serial Mode)
SCL | | Control Data Clock Pin (12C pin = “H"*C Bus Mode)
H7 | VSS4 - | Ground 4 Pin
J7 | DVDD - | Digital Power Supply Pin, 1.6 3.6V
H8 et __1__] Control Data Input Pin (12C pin = "L": 4-wire Serial Mode) __ _________ ________
SDA I/0 | Control Data Input Pin (12C pin = “H”*C Bus Mode)
J9 | GPO2 O | General Purpose Output 2 Pin
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No. | Pin Name 1/O Function
J8 | SDTIA I Serial Data Input A Pin
G8 | BICKA I/O | SerialData Clock A Pin
H9 | SYNCA I/O | Sync Signal A Pin
G9 | SDTOA O | Seriabata Output A Pin
F8 | TVDD2 - | Digital /O Power Supply 2 Pin, 163.6V
F9 [ VSS2 - Ground 2 Pin
E8 | PVDD - | PLLBT Power Supply Pin, 2.2 3.6V
Output Pin for Loop Filter of PLLBT Circuit
E9 | VCOCBT O Thﬁs pin should bz connected to VSS2 pin with one resistor and capacitor in
ps | vcoc o Output I_Din for Loop Filter of PLL Circuit o . o
This pin should be connected to VSS1 pin with one resistor and capacitor in
Common Voltage Output Pin, 0.5 x AVDD
D9 | VCOM 0 Bias voltage of ADC inputs and DAC outputs.
Mute Time Constant Control Pin
€8 | MUTET © Connected to VSS1 pin withcapacitor for mute time constant.
C9 | ROUT2 O | Rch Headphone-Amp Output Pin
B9 | LOUT2 O | Lch Headphone-Amp Output Pin
Test Pin
A9 | TEST " | This pin should be open.
A8 | AVDD - | Analog Power Supply Pin, 2.2 3.6V
B8 | VSS1 - | Ground 1 Pin
g7 |ROUTL O _[Reh Stereo Line Output 1 Pin (RCV bit = "0": Stereo Line Output)
RCN O | Receiver-Amp Negative Output PIRCV bit = “1": Receiver Output)
A7 ouTt O _| Lch Stereo Line Output 1 Pin (RCV bit = “0™ Stereo Line Output)
RCP O | Receiver-Amp Positive Output PIRCV bit = “1": Receiver Output)
A | ROUT3 O [ Reh Stereo Line Output 3 Pin (LODIF bit = “0’: Single-ended Stereo Output) |
LON O | Negative Line Output Pin (LODIF bit = “1": Full-differential Mono Output)
B6 LouTs . O _| Lch Stereo Line Output 3 Pin (LODIF bit = *0": Single-ended Stereo Output)
LOP O | Positive Line Output Pin (LODIF bit = “1": Full-differential Mono Output)
ag [RINA __I__|_Rch Analog Input 4 Pin (MDIF4 bit = "0": Single-ended Input)
IN4— I Negative Line Input 4 Pin (MDIF4 bit = “1”: Full-differential Input)
Bs |LIN4 1| .Lch Analog Input 4 Pin (MDIF4 bit = “0”: Single-ended Input) |
IN4+ I Positive Line Input 4 Pin (MH4 bit = “1": Full-differential Input)
Ba |RIN3 _I__| Rch Analog Input 3 Pin (MDIF3 bit = “0": Single-ended Input)
IN3— I Negative Line Input 3 Pin (MDIF3 bit = “1”: Full-differential Input)
aq lLINS _1__] Lch Analog Input 3 Pin (MDIF3 bit = 0" Single-ended Input) |
IN3+ I Positive Line Input 3 Pin (M3 bit = “1": Full-differential Input)
B3 RINZ __I__|_Rch Analog Input 2 Pin (MDIF2 bit = "0": Single-ended Input) ____________ ___
IN2— | Negative Line Input 2 Pin (MDIF2 bit = “1”: Full-differential Input)
A | LIN2 1| Lch Analog Input 2 Pin (MDIF2 bit = “0": Single-ended Input)
IN2+ I Positive Line Input 2 Pin (MH2 bit = “1": Full-differential Input)
B2 RINT _I__|.Rch Analog Input 1 Pin (MDIF1 bit = “0": Single-ended Input) ________________|
IN1- I Negative Line Input 1 Pin (MDIF1 bit = “1": Full-differential Input)
A2 LINT _1__| Lch Analog Input 1 Pin (MDIF1 bit = “0": Single-ended Input)
IN1+ I Positive Line Input 1 Pin (MH1 bit = “1": Full-differential Input)
c3 | Ne _ | No Connect Pin

No internal bonding. This pin should be open or connected to the ground.

Note 1. All input pins except analog input pins (MDT, LIN1Z/IN1+, RINIAHNLIN2/IN2+, RIN2/IN2-, LIN3/IN3+,
RIN3/IN3-, LIN4/IN4+, RIN4/IN4-, SAIN1, SAIN2, SAIN3) should not be left floating.
I/0 pins except SDA pin (LRCK, BICK, SYNCA, BICKAYNCB, BICKB) should be processed appropriately.

Please refer theMaster Mode/Slave Mod€P.45) and PCM I/F Master Mode/Slave Motl€P.105). SDA pin

should be pulled-up by a resistor externally and be connected to (DVDD+0.3)V or less voltage.
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m Handling of Unused Pin on the System

The unused 1/O pins on the system should be processed appropriately as below.

Classification Pin Name Setting
MPWR, MDT, VCOC, ROUB/LON, LOUT3/LOP,
ROUT2, LOUT2, MUTET, ROUT1/RCN,

Analog LOUT1/RCP, RIN4/IN4-, LIN4/IN4+, RIN3/IN3-, These pins should be open.
LIN3/IN3+, RIN2/IN2—-, LIN2/IN2+, RIN1/IN1-,
LIN1/IN1+, VCOCBT, SAIN1, SAIN2, SAIN3

MCKO, SDTOA, SDTOB, GPO1, GPO2, CDTO These pins should be open.

MCKI, SDTIA, SDTIB.____ ] These pins should be connected to VS44.
When all pins are unused, these pins sh¢uld
be connected to VSS4 and PMPCM it
Digital must be always “0".

BICKA, SYNCA, BICKB, SYNCB When either PCM I/F A(BICKA/ SYNCA
or PCM I/F B(BICKB/SYNCB) is used,
unused pins are connected to pull-downyup

resistor of about 10@k
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ABSOLUTE MAXIMUM RATINGS |

(VSS1=VSS2=VSS3=VSS4=0Wote 2 Note 3

Parameter Symbol min max Units
Power Supplies:| Analog AVDD -0.3 4.0 \
PLLBT PVDD -0.3 4.0 \Y
10bit SAR ADC SAVDD -0.3 4.0 V
Digital DVDD -0.3 4.0 \Y
Digital 1/0 2 TvDD2 -0.3 4.0 \Y,
Digital 1/0 3 TvDD3 -0.3 4.0 \Y
Input Current, Any Pin Except Supplies IIN - +10 mA
Analog Input Voltage 1Note 4 VINAL -0.3 AVDD+0.3 V
Analog Input Voltage 2Note § VINA2 -0.3 SAVDD+0.3 V
Digital Input Voltage 1{ote § VIND1 -0.3 DVDD+0.3 V
Digital Input Voltage 2 {lote 7 VIND2 -0.3 TVDD2+0.3 V
Digital Input Voltage 3lote § VIND3 -0.3 TVDD3+0.3 \%
Ambient Temperature (powered applied) Ta -30 85 °C
Storage Temperature Tstg —65 150 °C

Note 2. All voltages with respect to ground.
Note 3. VSS1, VSS2, VSS3 and VSS4 must be connected to the same analog ground plane.
Note 4. RIN4/IN4-, LIN4/IN4+, RIN3/IN3-, LIN3/IN3+, RIN2/IN2-, LIN2/IN2+, RIN1/IN1-, LIN1/IN1+ pins
Note 5. SAIN1, SAIN2, SAINS pins
Note 6. PDN, 12C, CSN/CADO, CCLK/SCL, CDTI/SDA, SDTI, LRCK, BICK, MCKI pins
Pull-up resistors at SDA and SCL pins shduddconnected to (DVDD+0.3)V or less voltage.
Note 7. BICKA, SYNCA, SDTIA pins
Note 8. BICKB, SYNCB, SDTIB pins

WARNING: Operation at or beyond these limits may result in permanent damage to the device.
Normal operation is not guarieed at these extremes.

RECOMMENDED OPERATING CONDITIONS |

(VSS1=VSS2=VSS3=VSS4=0Wote I

Parameter Symbol min typ max Units
PowerSupplies | Analog AVDD 2.2 3.3 3.6 \%
(Note 9 | PLLBT PVDD 2.2 3.3 3.6 \%
10bit SAR ADC SAVDD 2.2 3.3 3.6 \%
Digital DVvDD 1.6 3.3 3.6 Vv
Digital 1/0 2 TVvDD2 1.6 3.3 3.6 Vv
Digital I/O 3 TVDD3 1.6 3.3 3.6 \%
Difference AVDD-PVDD -0.1 0 +0.1 \

Note 2. All voltages with respect to ground.

Note 9. The power-up sequence between AVDD, PVSBYDD, DVDD, TVDD2 and TVDD3 is not critical.
The PDN pin should be held to “L” when power-up. Tim\NFpin should be set to “H” after all power supplies are
powered-up. The AK4671 should be operated lyréitommended power-up/down sequence showgyistém
Design (Grounding and Power Supply Decoupliriglavoid pop noise at recadr output, hedphone output and
line output.
When the power is OFF partially except for DVDD,mwer management bits (PMVCM, PMMP, PMMICL,
PMMICR, PMADL, PMADR, PMDAL, PMDAR, PMPLL, PMLOOPL, PMLOOPR, PMAINL1, PMAINR1,
PMAINL2, PMAINR2, PMAINL3, PMAINR3, PMAINL4, PMAINR4, PMLO1, PMRO1, PMLO2, PMRO?2,
PMLO2S, PMRO2S, PMLO3, PMRO3, PMSRA, PMSRB, PMPCM, PMSAD) should be “0” or the PDN pin
should be “L”. DVDD should not be powered OFF while AVDD, PVDD, SAVDD, TVDD2 or TVDD3 is
powered ON. When only DVDD is OFF, the current of 10mA to 100mA around may occur.

* AKM assumes no responsibility for the usdggyond the conditions in this datasheet.
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ANALOG CHARACTERISTICS (CODEC)

(Ta=25C; AVDD=PVDD=SAVDD=DVDD=TVDD2=TVDD3=3.3/; VSS1=VSS2=VSS3=VSS4=0V;
Signal Frequency=1kHz; 16bit Data; fs=44.IBICK=64fs; Measurement frequency=20H20kHz; unless

otherwise specified)

Parameter | min typ | max | Units
MIC Amplifier: LIN1Z/RIN1/LIN2/RIN2/LIN3/RIN3/LIN4/RIN4 pins; PMAINL1/R1/L2/R2/L3/R3/L4/R4 bits = “0”
Input Resistance
MGNL/RO bit = “0” 28 | 42 | 56 | ko
MGNL/RO bit = “1” 20 30 40 kQ
Gain (Note 1Q
Max (MGNL/R3-0 bits="“FH" | - +30 | - dB
Min (MGNL/R3-0 bits = “1H") - -12 - dB
MIC Power Supply: MPWR pin
Output Voltage lote 19 2.47 2.64 2.81 V
Load Resistance 0.5 - - kQ
Load Capacitance - - 30 pF
MIC Detection: MDT pin
Comparator Voltage LeveNpte 19 0.165 0.247 mV
Internal pull down Resistance 250 500 750 kQ
Stereo ADC Analog Input Characteristics:
LINT/RINT/LIN2/RIN2/LIN3/RIN3/LIN4/RIN4 pins— Stereo ADC— IVOL, IVOL=0dB, ALC=0OFF
Resolution - - 16 Bits
(Note 19 | ¢ 0150 | . 0176 | 0203 | Vpp.
Input Voltage Kote 13 (Note 15 168 1.08 228 Vpp
2 (Note 19 | 282 dB___
S/(N+D) 1dBFS) (Note 15 _ 87 - dB
] el (Note19 | N I R dB_
D-Range £60dBFS, A-weighted) (Note 15 i 95 - dB
wei (Note 19 | 5 8 dB___
S/IN (A-weighted) (Note 15 _ 95 - dB
i (Note 19 | LT IR - O R B N dB___
Interchannel Isolation (Note 15 i 100 - 4B
i i (I}Iot_e__ll)_ __________ PR D, Q_:_L _________________ (_)_'_8_____________d_5____
Interchannel Gain Mismatch (Note 15 - 01 08 4B

Note 10. In case of full-differentiahput, MGAIN=0dB (min) and AVDD=2.4V (min).
Note 11. Output voltage is proportional to AVDD voltage. Vout = 0.8 x AVDD (typ).
Note 12. Comparator Voltage Level is proportional to AVDD voltage. Vth = 0.05 x AYDD(min), 0.075 x AVDD(max).
Note 13. Input voltage is proportional to AVDD v@t Vin = 0.053 x AVDD (typ)@MGNL3-0=MGNR3-0 bits =

“CH” (+21dB), Vin = 0.6 x AVDD(typ)@MGNI3-0=MGNR3-0 bits = “5H" (0dB).
Note 14. MGNL3-0=MGNR3-0 bits = “CH" (+21dB).
Note 15. MGNL3-0=MGNR3-0 bits = “5H” (0dB).
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Parameter | min | typ | max | Units
Stereo DAC Characteristics:
Resolution | - | - | 16 | Bits

Stereo Line Output Characteristics:

Stereo DAC— LOUT1/ROUT1/LOUT3ROUTS3 pins, ALC=OFF, IVOL8dB, OVOL=0dB, L1VL=L3VL=0dB,

RCV bit = “0”, R =10kQ; unless otherwise specified.

Output Voltage lote 16 1.78 1.98 2.18 Vpp
S/(N+D) (0dBFS) 75 85 - dB
S/IN (A-weighted) 82 92 - dB
Interchannel Isolation 85 100 - dB
Interchannel Gain Mismatch - 0.1 0.8 dB
Load Resistance 10 - - kQ
Load Capacitance - - 30 pF

Mono Receiver-Amp Output Characteristics:

Stereo DAC—» RCP/RCN pins, ALC=0OFF, IVOL=0dB, OVOL=0dB, L1VL=0dB, RCV bit = “1", £32Q, BTL;

unless otherwise specified.

Output Voltage lote 17

Z6dBFS, R=320 (Po=15mW) | . 176 |- 196 | . _: 216 | Vpp_

—3dBFS, R=32Q (Po=30mW) - 2.77 - Vpp
S/(N+D)

-6dBFS, R=32Q (Po=156mW) | 4 60 . SR R dB

—3dBFS, R=32Q (Po=30mW) - 20 - dB
S/IN (A-weighted) 82 92 - dB
Load Resistance 32 - - Q
Load CapacitanceNpte 18 - - 30 pF

Headphone-Amp Characteristics: DAC — LOUT2

RL=1GQ

Output Voltage lote 19

—6dBFS (Po=76mwW) | 089 | 099 [ 1.09 | Vpp_

0dBFS (Po=30mW) - 1.98 - Vpp
S/(N+D)

-6dBFS (Po=7.6mwW) | 40 | eo | - | dB

0dBFS (Po=30mW) - 40 - dB
S/IN (A-weighted) 80 90 - dB
Interchannel Isolation 65 75 - dB
Interchannel Gain Mismatch - 0.1 0.8 dB
Load Resistance 16 - - Q

. ClinFigure 2 - - 30 pF

Load Capacitance C2 inFigure 2 - _ 300 oF

Note 16. Output voltage is proportional to AVDD voltage. Vout = 0.6 x AVDD (typ).

Note 17. Output voltage is proportional to AVDD voltage. Vout = (REMCN) = 0.59 x AVDD (typ) @6dBFS.
Note 18. Load Capacitance for VSS1.

Note 19. Output voltage is proportional to AVDD voltage. Vout = 0.3 x AVDD (tyfH@BFS.
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HP-Amp

LOUT2 pin Measurement Point
ROUT2 pin 100p
h

e
!

1 0.22uF Ic2 16Q

Figure 2. Headphone-Amp output circuit

Parameter | min | typ | max | Units

Mono Line Output Characteristics: Stereo DAG— LOP/LON pins, ALC=-F, IVOL=0dB, OVOL=0dB,
L3VL=0dB, LODIF bhit =“1", R =10kQ for each pin (Full-differential)

Output Voltage lote 20 3.52 3.96 4.36 Vpp
S/(N+D) (0dBFS) 75 85 - dB
SIN (A-weighted) 85 95 - dB
Load Resistance (LOP/LON pins, respectively) 10 - - kQ
Load Capacitance (LOP/LON pins, respectively) i i 30 bF
(Note 29

Single-ended Line Input: LIN1/RINI/LIN2/RIN2/LIN3/RIN3/LIN4/RIN4 pins;
(MDIF1=MDIF2=MDIF3=MDIF4 bits = “0")

Maximum Input VoltageNote 29 | - | 1.98 | - | Vpp
Gain
Input>LOUT1/ROUTL/LOUT2/ROUT2/LOUT3/ROUT3 (LODIF=RCV bhits = “0")
| -1 | 0 | +1 [ dB
Input> RCP/RCN/LOP/LON (LODIF=RCYV bits = “1”
- | +6 | - | dB
Full-differential Line Input: IN1+/—, IN2+/~, IN3+/~, IN4+/- pins;
(MDIF1=MDIF2=MDIF3=MDIF4 bhits = “1")
Maximum Input VoltageNote 23 | - | 1.98 | - | Vpp
Gain
INnput>LOUT1/ROUTL/LOUT2/ROUT2/LOUT3/ROUT3 (LODIF=RCV bits = “0")
| -1 | 0 | +1 | dB
Input-> RCP/RCN/LOP/LON (LODIF=RCYV bits = “1"Note 29
| - | +6 | - | dB
Power Supply Current:
Power Up (PDN pin = “H", All Circuits Power-up)
AVDD+PVDD+DVDD Note29 | ool 21 SUS S mA
+TVDD2+TVDD3+SAvDD |-(Note29 | - 23 30 mA_.
(Note 27 - 8 12 mA
Power Down (PDN pin = “L") Note 2§
AVDD+PVDD+DVDD ) 1 30 A
+TVDD2+TVDD3+SAVDD H

Note 20. Output voltage is proportional to AVDD voltage. Vout = (LOF)ON) = 1.2 x AVDD (typ).

Note 21. Load Capacitance for VSS1.

Note 22. Maximum Input voltage which analog output does not clip is proportional to AVDD voltage. Vin = 0.6 x AVYDD

(typ).

Note 23. Maximum Input voltage which analog output does not clip is proportional to AVDD voltage. Vin = {N4+)
(IN4-) = 0.6 x AVDD (typ).

Note 24. Vout = (RCP)} (RCN) at RCV bit = “1", Vout = (LOP} (LON) at LODIF bit = “1".

Note 25. EXT Slave Mode and LP bit = “0", fs=44.1kHz, PMMICL = PMMICR = PMADL = PMADR = PMDAL =
PMDAR = PMLO1 = PMRO1 = PMLO2 = PMRO2 = RIM@2S = PMRO2S = PMLO3 = PMRO3 =PMSAD =

MS0666-E-02 2010/06
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PMVCM = MUTEN bits = “1”, PMPLL = MCKO = PMMP= M/S = PMSRA = PMSRB = PMPCM bits = “0".
AVDD=13.2mA (typ), PVYDD=0mA (typ, DVDD=6.7mA (typ), TVDD2=0mA (typ), TVDD3=0mA (typ),
SAVDD=0.8mA (typ).

Note 26. PLL Master Mode and LP bit = “0", fs=44.1kHz, PMADL = PMMICL= PMMICR= PMADR = PMDAL =
PMDAR = PMLO1 = PMRO1 = PMLO2 = PMRO2 = R\®2S = PMRO2S = PMLO3 = PMRO3 =PMSAD =
PMVCM = PMPLL = M/S = PMMP = MUTEN bits = “1 MCKO = PMSRA = PMSRB = PMPCM bits = “0”,
PLL Reference Clock = MCKI = 11.2896MHz.

AVDD=14.7mA (typ), PVYDD=0mA (typ, DVDD=7.0mA (typ), TVDD2=0mA (typ), TVDD3=0mA (typ),
SAVDD=0.8mA (typ).

Note 27. In case of LP bit = “1", fs=8kHz, EXT S&aWode and PMVCM = PMMP = PMMICL = PMADL = PMDAR =
RCV = PMLO1 = PMRO1 = PMSRA = PMSRB = PMPCM bits = “1".

AVDD=5.2mA (typ), PVYDD=0.6mA (typ, DVDD=2.2mA (typ), TVDD2=0mA (typ), TVDD3=0mA (typ),
SAVDD=0mA (typ).
Note 28. All digital input pins are fixed #ach supply pin (DVDD, TVDD2 or TVDD3) or VSS4.

SRC CHARACTERISTICS I

(Ta=25C; AVDD=PVDD=SAVDD=DVDD=TVDD2=TVDD3=3.3/; VSS1=VSS2=VSS3=VSS4=0V;
Signal Frequency=1kHz; 16bit Data; Measurement frequency=2@#kHz; unless otherwise specified)

Parameter | Symbol | min | typ | max | Units
SRC Characteristics (Down Sampling: SRC-A): SDTI > SRC-A-> SDTOA/SDTOB
Resolution - - 16 Bits
Input Sample Rate FSI (fs) 8 - 48 kHz
Output Sample Rate FSO (fs2) - 8 - kHz
THD+N (Input = 1kHz~1dBFS,Note 29

FSO/FSI = 8kHz/44.1kHz - -94 - dB
Dynamic Range (Input = 1kHz60dBFS Note 29

FSO/FSI = 8kHz/44.1kHz - 97 - dB
Ratio between Input and Output Sample Rate FSOJFSI 1/6 1 -
SRC Characteristics (Up Sampling: SRC-B): SDTIA/SDTIB > SRC-B-> SDTO
Resolution - - 16 Bits
Input Sample Rate FSI (fs2) - 8 - kHz
Output Sample Rate FSO (fs) 8 - 48 kHz
THD+N (Input = 1kHz~1dBFS,Note 29

FSO/FSI = 44.1kHz/8kHz - —95 - dB
Dynamic Range (Input = 1kHz60dBFS Note 29

FSO/FSI = 44.1kHz/8kHz - 100 - dB
Ratio between Input and Output Sample Rate FSO(FSI il 6 -

Note 29. Measured by Audio Precision System Two Cascade.
Note 30. fs is the sampling frequency &tereo CODEC. fs2 is for PCM I/F.

MS0666-E-02 2010/06
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ANALOG CHARACTERISTICS (10bit SAR ADC)

(Ta=25C; AVDD=PVDD=SAVDD=DVDD =TVDD2 =TVDD3=3.3V;VSS1=VSS2=VSS3=VSS4=0V; unless

otherwise specified)

Parameter | min typ | max | Units
10bit SAR ADC Characteristics

Resolution 10 - Bits
No Missing Codes 10 - Bits
Integral Linearity Error - +2 LSB
DNL +1 - LSB
Analog Input Voltage Range - SAVDD V
Offset Error - +3 LSB
Gain Error - +2 LSB
Accuracy (Note 3) - +1 %

Note 31. Accuracy is the difference between the output code when 1.1V is input to SAIN1, SAIN2 or SAIN3 pin and the

“ideal” code at 1.1V.

FILTER CHARACTERISTICS (CODEC)

(Ta=25C; AVDD=PVDD =SAVDD=2.2~ 3.6V; DVDD=TVDD2 =TVDD3=1.6~ 3.6V, fs=44.1kHz; Programmable

Filter=OFF)
Parameter | Symbol | min typ max | Units
ADC Digital Filter (Decimation LPF):
PassbandN\ote 39 +0.16dB PB 0 - 17.3 kHz
-0.66dB - 19.4 - kHz
-1.1dB - 19.9 - kHz
—6.9dB - 22.1 - kHz
Stopband SB 25.9 - - kHz
Passband Ripple PR - - +0.1 dB
Stopband Attenuation SA 69 - - dB
Group Delay Kote 33 GD - 19 - 1/fs
Group Delay Distortion AGD - 0 - us
DAC Digital Filter (LPF):
Passband\ote 39 +0.1dB PB 0 - 17.4 kHz
-1.0dB - 20.0 - kHz
-3.0dB - 21.1 - kHz
Stopband SB 25.7 - - kHz
Passband Ripple PR - - +0.1 dB
Stopband Attenuation SA 68 - - dB
Group Delay Kote 33 GD - 19 - 1/fs
DAC Digital Filter (LPF) + SCF:
Frequency Response~®0.0kHz | FR | - +1.4 - | dB

Note 32. The passband and stopband frequesc#s with fs (system sampling rate).

For example, DAC is PB=0.454 x fs (@.7dB). Each response refers to that of 1kHz.
Note 33. The calculated delay time causedibital filtering. This time is from thaput of analog signal to setting of the
16-bit data of both channels from the input register to the output register of the ADC.

For the DAC, this time is from setting the 16-bit data of both channels from the input register to the output of

analog signal.
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FILTER CHARACTERISTICS (SRC)

(Ta=25C; AVDD=PVDD = SAVDD=2.2~ 3.6V, DVDD=TVDD2 =TVDD3=1.6~ 3.6V; fs2=8kHz; Programmable

Filter=OFF)

Parameter Symbol | min | typ | max | Units
Down Sampling (SRC-A): fs=8kHz

Passband | +0.15dB PB 0 - 3.0 kHz
Stopband SB 4.7 - - kHz
Passband Ripple PR - +0.15 dB
Stopband Attenuation SA 69 - dB
Group Delay KNote 39 GD - 5 - ms
Down Sampling (SRC-A): fs=11.025kHz

Passband | +0.15dB PB 0 - 3.1 kHz
Stopband SB 4.7 - - kHz
Passband Ripple PR - +0.15 dB
Stopband Attenuation SA 69 - dB
Group Delay Kote 39 GD - 4 - ms
Down Sampling (SRC-A): fs=12kHz

Passband | +0.15dB PB 0 - 3.1 kHz
Stopband SB 4.7 - - kHz
Passband Ripple PR - +0.15 dB
Stopband Attenuation SA 69 - dB
Group Delay Kote 39 GD - 4 - ms
Down Sampling (SRC-A): fs=16kHz

Passband | +0.15dB PB 0 - 3.1 kHz
Stopband SB 4.7 - - kHz
Passband Ripple PR - +0.15 dB
Stopband Attenuation SA 69 - dB
Group Delay Note 39 GD - 3 - ms
Down Sampling (SRC-A): fs=22.05kHz

Passband | +0.15dB PB 0 - 3.1 kHz
Stopband SB 4.7 - - kHz
Passband Ripple PR - +0.15 dB
Stopband Attenuation SA 69 - dB
Group Delay Kote 39 GD - 3 - ms
Down Sampling (SRC-A): fs=24kHz

Passband | +0.15dB PB 0 - 3.1 kHz
Stopband SB 4.7 - - kHz
Passband Ripple PR - +0.15 dB
Stopband Attenuation SA 69 - dB
Group Delay Kote 39 GD - 3 - ms

Note 34. The calculated delay time caused by digital filgerThis time is from setting the 16-bit data from the input
register to the output register.
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Parameter Symbol | min typ max Units
Down Sampling (SRC-A): fs=32kHz

Passband | +0.1dB PB 0 - 3.1 kHz
Stopband SB 4.7 - - kHz
Passband Ripple PR - +0.1 dB
Stopband Attenuation SA 69 - dB
Group Delay Note 39 GD - 3 - ms
Down Sampling (SRC-A): fs=44.1kHz

Passband | +0.1dB PB 0 - 3.1 kHz
Stopband SB 4.7 - - kHz
Passband Ripple PR - +0.1 dB
Stopband Attenuation SA 69 - dB
Group Delay Note 39 GD - 3 - ms
Down Sampling (SRC-A): fs=48kHz

Passhand | +0.1dB PB 0 - 3.1 kHz
Stopband SB 4.7 - - kHz
Passband Ripple PR - +0.1 dB
Stopband Attenuation SA 69 - dB
Group Delay Kote 39 GD - 3 - ms

Note 34. The calculated delay time caused by digital filgerThis time is from setting the 16-bit data from the input

register to the output register.
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Parameter Symbol | min typ max Units
Up Sampling (SRC-B): fs=8kHz

Passband | +0.1dB PB 0 - 3.1 kHz
Stopband SB 4.7 - - kHz
Passband Ripple PR - +0.1 dB
Stopband Attenuation SA 68 - dB
Group Delay Note 39 GD - 2 - ms
Up Sampling (SRC-B): fs=11.025kHz

Passband | +0.1dB PB 0 - 3.1 kHz
Stopband SB 4.7 - - kHz
Passband Ripple PR - +0.1 dB
Stopband Attenuation SA 68 - dB
Group Delay Note 39 GD - 2 - ms
Up Sampling (SRC-B): fs=12kHz

Passhand | +0.1dB PB 0 - 3.1 kHz
Stopband SB 4.7 - - kHz
Passband Ripple PR - +0.1 dB
Stopband Attenuation SA 68 - dB
Group Delay Kote 39 GD - 2 - ms
Up Sampling (SRC-B): fs=16kHz

Passband | +0.1dB PB 0 - 3.1 kHz
Stopband SB 4.7 - - kHz
Passband Ripple PR - +0.1 dB
Stopband Attenuation SA 68 - dB
Group Delay Kote 39 GD - 2 - ms
Up Sampling (SRC-B): fs=22.05kHz

Passband | +0.1dB PB 0 - 3.1 kHz
Stopband SB 4.7 - - kHz
Passband Ripple PR - +0.1 dB
Stopband Attenuation SA 68 - dB
Group Delay Note 39 GD - 2 - ms
Up Sampling (SRC-B): fs=24kHz

Passband | +0.1dB PB 0 - 3.1 kHz
Stopband SB 4.7 - - kHz
Passband Ripple PR - +0.1 dB
Stopband Attenuation SA 68 - dB
Group Delay Kote 39 GD - 2 - ms

Note 34. The calculated delay time caused by digital filgerT his time is from setting the 16-bit data from the input
register to the output register.
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Parameter Symbol | min typ max Units
Up Sampling (SRC-B): fs=32kHz

Passband | +0.1dB PB 0 - 3.1 kHz
Stopband SB 4.7 - - kHz
Passband Ripple PR - +0.1 dB
Stopband Attenuation SA 68 - dB
Group Delay Note 39 GD - 2 - ms
Up Sampling (SRC-B): fs=44.1kHz

Passband | +0.1dB PB 0 - 3.1 kHz
Stopband SB 4.7 - - kHz
Passband Ripple PR - +0.1 dB
Stopband Attenuation SA 68 - dB
Group Delay Note 39 GD - 2 - ms
Up Sampling (SRC-B): fs=48kHz

Passhand | +0.1dB PB 0 - 3.1 kHz
Stopband SB 4.7 - - kHz
Passband Ripple PR - +0.1 dB
Stopband Attenuation SA 68 - dB
Group Delay Kote 39 GD - 2 - ms

Note 34. The calculated delay time caused by digital filgerThis time is from setting the 16-bit data from the input

register to the output register.
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DC CHARACTERISTICS |
(Ta=25C; AVDD=PVDD =SAVDD=2.2~ 3.6V; DVDD=TVDD2 =TVDD3=1.6~ 3.6V)
Parameter Symbol min Typ max Units
High-Level Input Voltage 1 | 2.2¥DVDD<3.6V_| VIH1 | 704DVDD | -l -] Vo
(Note 35 1.6Vv<DVDD<2.2V VIH1 80%DVDD - - \Y
Low-Level Input Voltage 1 | 22wDvDD<36V | viti [ - | - 1 306DVDD |V
(Note 35 1.6\<DVDD<2.2V VIL1 - - 20%DVDD V
High-Level Input Voltage 2 | _2.29TVDD2<3.6V | VIH2 | 70%TvDD2 | - | - [ vV
(Note 36 1.6V<TVDD2<2.2V | VIH2 | 8Q%TVDD2 - - vV
Low-Level Input Voltage 2 | _2.2¥TVDD2<3.6V | VIL2 | - - | 3oeTvDD2 |V
(Note 36 1.6V\<TVDD2<2.2V | VIL2 - - 20%6TVDD2 V
High-Level Input Voltage 3 | 2.29TVDD3<3.6V | VIH3 | 704TVDD3 | S R
(Note 3% 1.6V<TVDD3<2.2V | VIH3 | 8Q%TVDD3 - - V
Low-Level Input Voltage 3 | 2.2¥TVDD3<3.6V | VIL3 | S - | 30%TVDD3 | V
(Note 37 1.6V<TVDD3<2.2V | VIL3 - - 20%TVDD3 \Y
High-Level Output Voltage
(Note 3§ (lout==200uA) | VOH1 | DVDD-0.2 - - Vv
(Note 39 (lout=—200uA) | VOH2 | TVvDD2-0.2 - - \%
(Note 4Q (lout=—200uA) | VOH3 | TvDD3-0.2 - - \Y,
Low-Level Output Voltage
(Except SDA pin: lout=20@A) | VOL1 - - 0.2 \%
(SDA pin, 2.04DVDD<3.6V: lout=3mA)| VOL2 - - 0.4 V
(SDA pin, 1.6\KkDVDD<2.0V: lout=3mA)| VOL2 - - 20%DVDD V
Input Leakage Current
(Note 4) lind - - +2 pA
(Note 49 lina - - 2 LA

Note 35. CSN/CADO, CCLK/SCL, CDTI/SDA, 12C, PDN, BICK, LRCK, SDTI, MCKI pins.
Note 36. BICKA, SYNCA, SDTIA pins.
Note 37. BICKB, SYNCB, SDTIB pins.
Note 38. MCKO, BICK, LRCK, SDTO, CDTO, GPO1, GPO2 pins.
Note 39. BICKA, SYNCA, SDTOA pins.
Note 40. BICKB, SYNCB, SDTOB pins.
Note 41. SYNCB, BICKB, SDTIB, SDTI, LRCK, MCKBICK, CSN/CADO, CCLK/SCL, CDTI/SDA, SDTIA,BICKA,

SYNCA pins.

I/0 pins (SYNCB, BICKB, LRCK, BICK, SDA, BICKA, SYNCA) are at the time of Input state.

Note 42. SAIN1, SAIN2, SAIN3 pins.
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SWITCHING CHARACTERISTICS

(Ta=25C; AVDD=PVDD =SAVDD=2.2~ 3.6V; DVDD=TVDD2 =TVDD3=1.6~ 3.6V; G =20pF (except SDA pin) or
400pF (SDA pin); unless otherwise specified)

Parameter | Symbol | min | typ | max | Units
PLL Master Mode (PLL Reference Clock = MCKI pin)
MCKI Input Timing
Frequency fCLK 11.2896 - 27 MH2Z
Pulse Width Low tCLKL 0.4/fCLK - - ns
Pulse Width High tCLKH 0.4/fCLK - - ns
MCKO Qutput Timing
Frequency fMCK 0.256 - 12.288 MH3
Duty Cycle
Except 256fs at fs=32kHz, 29.4kHz dMCH 40 50 60 9
256fs at fs=32kHz, 29.4kHz dMCK - 33 - %
LRCK Output Timing
Frequency fs 8 - 48 kHz
DSP Mode: Pulse Width High tLRCKH - tBCK - ns
Except DSP Mode: Duty Cycle Duty - 50 - %
BICK Output Timing
Period BCKO bit = “0” tBCK - 1/(32fs) - ns
BCKO bit ="“1" tBCK - 1/(64fs) - ns
Duty Cycle dBCK - 50 - %
PLL Slave Mode (PLL Reference Clock = MCKI pin)
MCKI Input Timing
Frequency fCLK 11.2896 - 27 MHZ
Pulse Width Low tCLKL 0.4/fCLK - - ns
Pulse Width High tCLKH 0.4/fCLK - - ns
MCKO Output Timing
Frequency fMCK 0.256 - 12.288 MH3
Duty Cycle
Except 256fs at fs=32kHz, 29.4kHz dMCH 40 50 60 9
256fs at fs=32kHz, 29.4kHz dMCK - 33 - %
LRCK Input Timing
Frequency fs 8 - 48 kHz
DSP Mode: Pulse Width High tLRCKKH  tBCKO - 1/fs— tBCK ns
Except DSP Mode: Duty Cycle Duty 45 - 55 %
BICK Input Timing
Period tBCK 1/(64fs) - 1/(32fs) ns
Pulse Width Low tBCKL | 0.4 x tBCK - - ns
Pulse Width High tBCKH| 0.4 x tBCK - - ns
MS0666-E-02 2010/06
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Parameter | Symbol | min typ max | Units
PLL Slave Mode (PLL Reference Clock = LRCK pin)
LRCK Input Timing
Frequency fs 8 - 48 kHz
DSP Mode: Pulse Width High tLRCKH  tBGKO - 1/fs— tBCK ns
Except DSP Mode: Duty Cycle Duty 45 - 55 %
BICK Input Timing
Period tBCK 1/(64fs) - 1/(32fs) ns
Pulse Width Low tBCKL 130 - - ns
Pulse Width High tBCKH 130 - - ns
PLL Slave Mode (PLL Reference Clock = BICK pin)
LRCK Input Timing
Frequency fs 8 - 48 kHz
DSP Mode: Pulse Width High tLRCKH tBCK-60 - 1/fs—tBCK ns
Except DSP Mode: Duty Cycle Duty 45 - 55 %
BICK Input Timing
Period PLL3-0 bits = “0010” tBCK - 1/(32fs) - ns
PLL3-0 bits = “0011" tBCK - 1/(64fs) - ns
Pulse Width Low tBCKL | 0.4 x tBCK - - ns
Pulse Width High tBCKH| 0.4 x tBCK| - - ns
External Slave Mode
MCKI Input Timing
Frequency | 256fs fCLK 2.048 - 12.288 MHE
384fs fCLK 3.072 - 18.432 MHz
512fs fCLK 4.096 - 13.312 MHz
768fs fCLK 6.144 - 19.968 MHz
1024fs fCLK 8.192 - 13.312 MHZ
Pulse Width Low tCLKL 0.4/fCLK - - ns
Pulse Width High tCLKH 0.4/fCLK - - ns
LRCK Input Timing
Frequency | 256fs/384fs fs 8 - 48 kHZ
512fs/768fs fs 8 - 26 kHz
1024fs fs 8 - 13 kHz
DSP Mode: Pulse Width High tLRCKH tBCK-60 - 1/fs—tBCK ns
Except DSP Mode: Duty Cycle Duty 45 - 55 %
BICK Input Timing
Period tBCK 3125 - - ns
Pulse Width Low tBCKL 130 - - ns
Pulse Width High tBCKH 130 - - ns
External Master Mode
MCKI Input Timing
Frequency | 256fs fCLK 2.048 - 12.288 MHE
384fs fCLK 3.072 - 18.432 MHz
512fs fCLK 4.096 - 13.312 MHz
768fs fCLK 6.144 - 19.968 MHz
1024fs fCLK 8.192 - 13.312 MHZ
Pulse Width Low tCLKL 0.4/fCLK - - ns
Pulse Width High tCLKH 0.4/fCLK - - ns
LRCK Output Timing
Frequency fs 8 - 48 kHz
DSP Mode: Pulse Width High tLRCKH - tBCK - ns
Except DSP Mode: Duty Cycle Duty - 50 - %
BICK Output Timing
Period BCKO bit = “0” tBCK - 1/(32fs) - ns
BCKO bit="1" tBCK - 1/(64fs) - ns
Duty Cycle dBCK - 50 - %
MS0666-E-02 2010/06
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| Symbol | min |

| Units

Parameter typ max
Audio Interface Timing (DSP Mode)
Master Mode
LRCK “1” to BICK “1” (Note 43 tDBF | 0.5xtBCK-40| 0.5 xtBCK | 0.5xtBCK+4Q ns
LRCK “T” to BICK “1” (Note 49 tDBF | 0.5xtBCK-40| 0.5xtBCK | 0.5xtBCK + 40 ns
BICK “1” to SDTO (BCKP bit = “0") tBSD =70 - 70 ns
BICK “{” to SDTO (BCKP bit = “1") tBSD -70 - 70 ns
SDTI Hold Time tSDH 50 - - ns
SDTI Setup Time tSDS 50 - - ng
Slave Mode
LRCK “T” to BICK “1” (Note 43 tLRB 0.4 x tBCK - - ns
LRCK “T” to BICK “J” (Note 49 tLRB 0.4 x tBCK - - ns
BICK “1” to LRCK “1” (Note 43 tBLR 0.4 x tBCK - - ns
BICK “J” to LRCK “T” (Note 49 tBLR 0.4 x tBCK - - ns
BICK “1” to SDTO (BCKP bit = “0") tBSD - - 80 ns
BICK “” to SDTO (BCKP bit = “1") tBSD - - 80 ns
SDTI Hold Time tSDH 50 - - ns
SDTI Setup Time tSDS 50 - - ng
Audio Interface Timing (Right/Left justified & I’S)
Master Mode
BICK “J” to LRCK Edge Note 49 tMBLR -40 - 40 ns
LRCK Edge to SDTO (MSB) tLRD -70 - 70 ns
(Except fS mode)
BICK “J” to SDTO tBSD =70 - 70 ns
SDTI Hold Time tSDH 50 - - ns
SDTI Setup Time tSDS 50 - - ng
Slave Mode
LRCK Edge to BICK 1 (Note 45 tLRB 50 - - ns
BICK “T” to LRCK Edge Note 45 tBLR 50 - - ns
LRCK Edge to SDTO (MSB) tLRD - - 80 ns
(Except fS mode)
BICK “J” to SDTO tBSD - - 80 ns
SDTI Hold Time tSDH 50 - - ns
SDTI Setup Time tSDS 50 - - ng

Note 43. MSBS, BCKP bits = “00” or “11".
Note 44. MSBS, BCKP bits = “01” or “10".
Note 45. BICK rising edge must not occur at the same time as LRCK edge.
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Parameter | Symbol | min | typ max | Units
PCM Interface Timing (BICKA, SYNCA, SDTIA, SDTOA pins; Slave Mode):
SYNCA Timing
Frequency fs2 - 8 - kHz
Serial Interface Timing at Short/long Frame Sync
BICKA Frequency fBCK2 128 - 2048 kHz
BICKA Period tBCK2 488 - - ns
BICKA Pulse Width Low tBCKL2 200 - - ns
Pulse Width High tBCKH2 200 - - ns
SYNCA Edge to BICKA 4" (Note 49 tSYB2 50 - - ns
SYNCA Edge to BICKA 1 (Note 47 tSYB2 50 - - ns
BICKA “” to SYNCA Edge Note 4§ tBSY2 50 - - ns
BICKA “1” to SYNCA Edge Note 47 tBSY2 50 - - ns
SYNCA to SDTOA (MSB) (Except Short Frame) tSYDZ - - 80 ns
BICKA “1" to SDTOA (BCKPA bit = “0") tBSD2 - - 80 ns
BICKA “!” to SDTOA (BCKPA bit = “1") tBSD2 - - 80 ns
SDTIA Hold Time tSDH2 50 - - ns
SDTIA Setup Time tSDS2 50 - - ns
SYNCA Pulse Width Low tSYL2 0.8 x tBCK? - - ns
Pulse Width High tSYH2 0.8 x tBCK2 - - ns
Serial Interface Timing at MSB justified and I’S
BICKA Frequency fBCK2 256 - 2048 kHz
BICKA Period tBCK2 488 - - ns
BICKA Pulse Width Low tBCKL2 200 - - ns
Pulse Width High tBCKH2 200 - - ns
SYNCA Edge to BICKA 1 tSYB2 50 - - ns
BICKA “1” to SYNCA Edge tBSY2 50 - - ns
SYNCA to SDTOA (MSB) (Except$ mode) tSYD2 - - 80 ns
BICKA “” to SDTOA tBSD2 - - 80 ns
SDTIA Hold Time tSDH2 50 - - ns
SDTIA Setup Time tSDS2 50 - - ns
SYNCA Duty Cycle dSyYC2 45 50 55 %
Note 46. MSBSA, BCKPA bits = “00” or “11".
Note 47. MSBSA, BCKPA bits = “01” or “10".
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Parameter | Symbol | min | typ | max | Units
PCM Interface Timing (BICKA, SYNCA, SDTIA, SDTOA pins; Master Mode):
SYNCA Timing
Frequency fs2 - 8 - kHz
BICKA Timing
Period (BCKO2 bit = “0") tBCK2 - 1/(16fs2) - ns
(BCKO2 bit =“1") tBCK2 - 1/(32fs2) - ns
Duty Cycle dBCK2 - 50 - %
Serial Interface Timing at Short/long Frame Sync
SYNCA Edge to BICKA 4” (Note 46 tSYB2 | 05xtBCK2-40 | 0.5xtBCK2 | 0.5xtBCK2+40[ ns
SYNCA Edge to BICKA ™ (Note 47 tSYB2 | 05xtBCK2-40 | 0.5xtBCK2 | 0.5xtBCK2+40[ ns
BICKA “71” to SDTOA (BCKPA bit = “0”) tBSD2 -70 - 70 ns
BICKA “J” to SDTOA (BCKPA bit = “17) tBSD2 -70 - 70 ns
SDTIA Hold Time tSDH2 50 - - ns
SDTIA Setup Time tSDS2 50 - - ns
SYNCA Pulse Width High tSYH2 - tBCK2 - ns
Serial Interface Timing at MSB justified and I’S
BICKA “J” to SYNCA Edge tMBSY2 -40 - 40 ns
SYNCA to SDTOA (MSB) (Excepts mode) tSYD2 -70 - 70 ns
BICKA “J” to SDTOA tBSD2 -70 - 70 ns
SDTIA Hold Time tSDH2 50 - - ns
SDTIA Setup Time tSDS2 50 - - ns
SYNCA Duty Cycle dsyC2 - 50 - %

Note 46. MSBSA, BCKPA bits = “00” or “11”".
Note 47. MSBSA, BCKPA bits = “01” or “10".
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Parameter | Symbol | min | typ max | Units
PCM Interface Timing (BICKB, SYNCB, SDTIB, SDTOB pins; Slave Mode):
SYNCB Timing
Frequency fs2 - 8 - kHz
Serial Interface Timing at Short/long Frame Sync
BICKB Frequency fBCK3 128 - 2048 kHz
BICKB Period tBCK3 488 - - ns
BICKB Pulse Width Low tBCKL3 200 - - ns
Pulse Width High tBCKH3 200 - - ns
SYNCB Edge to BICKB 4" (Note 49 tSYB3 50 - - ns
SYNCB Edge to BICKB 7 (Note 49 tSYB3 50 - - ns
BICKB “{” to SYNCB Edge Klote 49 tBSY3 50 - - ns
BICKB “7” to SYNCB Edge Klote 49 tBSY3 50 - - ns
SYNCB to SDTOB (MSB) (Except Short Frame) tSYD3 - 80 ng
BICKB “1” to SDTOB (BCKPB bit = “0”) tBSD3 - - 80 ns
BICKB “{” to SDTOB (BCKPB bit = “1”) tBSD3 - - 80 ns
SDTIB Hold Time tSDH3 50 - - ns
SDTIB Setup Time tSDS3 50 - - ns
SYNCB Pulse Width Low tSYL3 0.8 x tBCK3 - - ns
Pulse Width High tSYH3 0.8 x tBCK3 - - ns
Serial Interface Timing at MSB justified and I’S
BICKB Frequency fBCK3 256 - 2048 kHz
BICKB Period tBCK3 488 - - ns
BICKB Pulse Width Low tBCKL3 200 - - ns
Pulse Width High tBCKH3 200 - - ns
SYNCB Edge to BICKB 1 tSYB3 50 - - ns
BICKB “*1” to SYNCB Edge tBSY3 50 - - ns
SYNCB to SDTOB (MSB) (Except$ mode) tSYD3 - - 80 ns
BICKB “{” to SDTOB tBSD3 - - 80 ns
SDTIB Hold Time tSDH3 50 - - ns
SDTIB Setup Time tSDS3 50 - - ns
SYNCB Duty Cycle dSYC3 45 50 55 %
Note 48. MSBSB, BCKPB bits = “00” or “11”".
Note 49. MSBSB, BCKPB bits = “01” or “10".
MS0666-E-02 2010/06
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Parameter | Symbol | min typ max | Units
PCM Interface Timing (BICKB, SYNCB, SDTIB, SDTOB pins; Master Mode):

SYNCB Timing

Frequency fs2 - 8 - kHz

BICKB Timing

Period (BCKO2 bit = “0") tBCK3 - 1/(16fs2) - ns
(BCKO2 bit =“1") tBCK3 - 1/(32fs2) - ns
Duty Cycle dBCK3 - 50 - %
Serial Interface Timing at Short/long Frame Sync
SYNCB Edge to BICKB 4” (Note 49 tSYB3 | 0.5xtBCK3-40 | 0.5xtBCK3 | 0.5xtBCK3+40| ns
SYNCB Edge to BICKB 1 (Note 49 tSYB3 | 05xtBCK3-40 | 0.5xtBCK3 | 0.5xtBCK3+40| ns
BICKB “1” to SDTOB (BCKPB bit = “0”) tBSD3 -70 - 70 ns
BICKB “\” to SDTOB (BCKPB bit = “1”) tBSD3 -70 - 70 ns
SDTIB Hold Time tSDH3 50 - - ns
SDTIB Setup Time tSDS3 50 - - ns
SYNCB Pulse Width High tSYH3 - tBCK3 - ns
Serial Interface Timing at MSB justified and I’S
BICKB “\” to SYNCB Edge tMBSY3 -40 - 40 ns
SYNCB to SDTOB (MSB) (Except$ mode) tSYD3 -70 - 70 ns
BICKB “\” to SDTOB tBSD3 -70 - 70 ns
SDTIB Hold Time tSDH3 50 - - ns
SDTIB Setup Time tSDS3 50 - - ns
SYNCB Duty Cycle dSYC3 - 50 - %

Note 48. MSBSB, BCKPB bits = “00” or “11".

Note 49. MSBSB, BCKPB bits = “01” or “10".
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Parameter | Symbol | min | typ | max | Units
Control Interface Timing (4-wire Serial mode)
CCLK Period (Note 5) tCCK 200 - 33000 ns
CCLK Pulse Width Low tCCKL 80 - - ns
Pulse Width High tCCKH 80 - - ns
CDTI Setup Time tCDS 40 - - ns
CDTI Hold Time tCDH 40 - - ns
CSN “H” Time tCSW 150 - - ns
CSN Edge to CCLK " (Note 59 tCSS 50 - - ns
CCLK “T" to CSN Edge Kote 52 tCSH 50 - - ns
CDTO Delay tDCD - - 70 ns
CSN “T” to CDTO Hi-Z tCCZ - - 70 ns
Control Interface Timing (I’°C Bus mode): (Note 50
SCL Clock FrequencyNote 53 fSCL 30 - 400 kHz
Bus Free Time Between Transmissions tBUF 1.3 - - ps
Start Condition Hold Time (prior to first clock pulse) tHD:STA 0.6 - - us
Clock Low Time tLOW 1.3 - - ps
Clock High Time tHIGH 0.6 - - us
Setup Time for Repeated Start Condition tSU:STA 0.4 - - us
SDA Hold Time from SCL FallingNote 59 tHD:DAT 0 - - us
SDA Setup Time from SCL Rising tSU:DAT 0.1 - - us
Rise Time of Both SDA and SCL Lines tR - - 0.3 us
Fall Time of Both SDA and SCL Lines tF - - 0.3 us
Setup Time for Stop Condition tSU:STO 0.6 - - us
Capacitive Load on Bus Cb - - 400 pF
Pulse Width of Spike Noise Suppressed by Input Hilter tSH ¢ 50 ns
Power-down & Reset Timing
PDN Pulse WidthNote 55 tPD 150 - - ns
PMADL or PMADR “1” to SDTO valid (Note 5§ tPDV - 1059 - 1/fs
PMSRA “” to SDTOA valid (Note 57 tPDV2 - 21 - 1/fs2
PMSRB ‘7" to SDTO valid (Note 59 tPDV3 - 135 - 1/fs

Note 50. fC-bus is a trademark of NXP B.V.

Note 51. CCLK should be input succesgly until 10bit data of SAR ADC isad out at 4-wire serial modeigure 97.

Note 52. CCLK rising edge must not occur at the same time as CSN edge.

Note 53. In case that SAR ADC data is read out¥@alus, SCL should be input succeedingly corresponding 2 byte data
including ACK (Figure 104.

Note 54. Data must be held long enoughridge the 300ns-transition time of SCL.

Note 55. The AK4671 can be reset by bringing PDN pin = “L” to “H” only upon power up.

Note 56. This is the count of LRCK™ from the PMADL or PMADR bit= “1” at PMSRB bit = “1”.

Note 57. The signal path is SDT SRC-A— SDTOA and PLLBT is locked.

Note 58. The signal path is SDTA SRC-B— SDTO.
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W Timing Diagram

MCKI

1/fCLK

1/fs

tLRCKL

50%DVDD

Duty = tLRCKH x fs x 100
tLRCKL x fs x 100

tBCKL

1/fMCK

< N

50%DVDD

dBCK = tBCKH / tBCK x 100
tBCKL / tBCK x 100

50%DVDD

dMCK = tMCKL x fMCK x 100

Figure 3. Clock Timing (PL

Note 59. MCKO is not available at EXT Master mode.

L/EXT Master mode)

. tLRCKH

LRCK oo f oo N -+ 50%DVDD

«  DBF

T R Y ¢ 50%DVDD
(BCKP ="0")

BICK o N -/ 50%DVDD
(BCKP ="1")

t8SD

sbTO ><

Figure 4. Audio Interface Timing (PLL/EXWaster mode, DSP mode, MSBS = “0")
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tLRCKH
50%DVDD
BICK 50%DVDD
(BCKP ="1")
BICK 50%DVDD
(BCKP ="0")

O R L - MSB >< 50%DVDD

tSDS tSDH

VIH1
VIL1

Figure 5. Audio Interface Timing (PLL/EXWaster mode, DSP mode, MSBS = “1")

I 509DVDD

50%DVDD

50%DVDD

tSDS tSDH

Figure 6. Audio Interface Timing (PLEXT Master mode, Except DSP mode)
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BICK
(BCKP ="0") 7/

BICK
(BCKP ="1")

1/fs
Ige g
AN NN Vo
RN N4
b))
tBLR

[AK4671]

Figure 7. Clock Timing (PLL Slave mode; PLL Reference Clock = LRCK or BICK pin, DSP mode, MSBS = “0")

BICK
(BCKP ="1") 7/~

BICK
(BCKP ="0")

tBLR

Figure 8. Clock Timing (PLL Slave mode; PLL Reference Clock = LRCK or BICK pin, DSP mode, MSBS = “1")
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1/fCLK

tCLKH tCLKL
) EE—

¢ (LRCKH | | WRCKL 1 Duty = tLRCKH x fs x 100
tLRCKL x fs x 100

A
A

tBCK
«—p
———————————————————————————————————————————— VIH1
BICK
Y/ VIL1
_ tBCKH tBCKL
1/fMCK
(0 (O T e 50%DVDD
dMCK = tMCKL x fMCK x 100
Figure 9. Clock Timing (PLL Slave mode; Except DSP mode)
P tLRCKH %
———————————————————————————————— AR VIHL
LRCK
———————————————————————————————— A VLD
tLRB
BICK

(BCKP ="0")

BICK
(BCKP ="1")

SDTO >< ——————————————————————————————————————————————— - MSB >< ——————————— 50%DVDD

tSDH

Figure 10. Audio Interface Timing (PLL Slave mode, DSP mode; MSBS = “0")
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t{LRCKH

———————————————————————————————— AR VIHL
———————————————————————————————— AN VILL

LRCK

BICK

(BCKP ="1")

BICK
(BCKP ="0") -y

Figure 11. Audio Interface Timing (PLL Slave mode, DSP mode, MSBS = “1")

1/fCLK

tLRCKH tLRCKL Duty = tLRCKH x fs x 100
o tLRCKL x fs x 100

Figure 12. Clock Timing (EXT Slave mode)
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LRCK
BICK
SDTO

tSDS tSDH
SDTI

Figure 13. Audio Interface Timing (PLEXT Slave mode, Except DSP mode)
1/fs2
---------------------------------------------- VIH2
synea VI N ViL2
<
tSYL2 dSYC2 = tSYH2 x fs2 x 100

tBCK2 = 1/fBCK2

\ 4

tBCKL2

tBCKH2

A 4

tSYL2 x fs2 x 100

Figure 14. Clock Timing of PCM I/F A (Slave mode)
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BICKA
(BCKPA =“0")

BICKA
(BCKPA =*"1")

tBSD2

VIH2
VIL2

BICKA

(BCKPA =*1")

BICKA /
(BCKPA =“0")

Figure 16. PCM I/F A Timing at short and long frame sync (Slave mode; MSBSA = “1")
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SYNCA
BICKA
SDTOA
VIH2
SDTIA
VIL2

Figure 17. PCM I/F A Timing at MSB justified ant5l (Slave mode)

1/fs2

————————————————————————————/—Z ——————— \-o-mm e 50%TVDD2

tSYL2 dSYC2 =tSYL2 x fs2 x 100

A 4

tBCK2 = 1/fBCK2

BICKA _// //\\_ 50%TVDD2

tBCKH2 | tBCKL2

Vl‘

\ 4

A

dBCK2 = tBCKL2 /tBCK2 x 100

Figure 18. Clock Timing of PCM I/F A (Master mode)

MS0666-E-02 2010/06
-33-



AsahiKASEI [AK4671]

(BCKPA =“0")

BICKA
(BCKPA =“17)

—> tBSD2

BICKA
(BCKPA = “17)
BICKA 50%TVDD2
(BCKPA = “0")
SDTOA  ----- ><— T EEEEEEEREe ————————-——————————————————><50%TVD02
tSDH2

--------------------------------------------------------------- “VIH2
SDTIA
—————————————————————————————————————————————————————————————— VIL2

Figure 20. PCM I/F A Timing at short and long frame sync (Master mode; MSBSA = “1")
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SYNCA >< ----------------------------------------------- 50%TVDD2
tMBSY2 —»,
1/fs2
—————————————————————————————————————————————— VIH3
SYNCB
--------------------------- VIL3
tSYL3 dSYC3 = tSYH3 x fs2 x 100
tSYL3 x fs2 x 100
tBCK3 = 1/fBCK3 N
-------------------------------------- 7(----—----------- -==== VIH3
BICKB Y/ [ I B NS i W VIL3
tBCKH3 tBCKL3 R
> | >
Figure 22. Clock Timing of PCM I/F B (Slave mode)
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N

tSYB3, |

d
<

BICKB
(BCKPB = “0")

BICKB
(BCKPB =*1")

tBSD3

A N

BICKB
(BCKPB =*1")

BICKB
(BCKPB = “0")

Figure 24. PCM I/F B Timing at short and long frame sync (Slave mode; MSBSB = “1")

MS0666-E-02 2010/06
-36 -



AsahiKASEI [AK4671]

SYNCB
BICKB
SDTOB
VIH3
SDTIB
VIL3

Figure 25. PCM I/F B Timing at MSB justified an®I(Slave mode)

1/fs2

————————————————————————————/—Z ——————— \-o-mm e 50%TVDD3

tSYL3 dSYC3 =tSYL3 x fs2 x 100

A 4

tBCK3 = 1/fBCK3

BICKB _// //\\_ 50%TVDD3

tBCKH3 |  tBCKL3

Vl‘

A
\ 4

dBCK3 = tBCKL3 /tBCK3 x 100

Figure 26. Clock Timing of PCM I/F B (Master mode)
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(BCKPB = “0")

BICKB
(BCKPB = “1")

—> tBSD3

BICKB
(BCKPB = “17)
BICKB 50%TVDD3
(BCKPB = “0")
SDTOB  ----- ><— et E LR EEER -""-"'-""""-""""><50%TVDD3
tSDH3

--------------------------------------------------------------- “VIH3
SDTIB
—————————————————————————————————————————————————————————————— “VIL3

Figure 28. PCM I/F B Timing at short and long frame sync (Master mode; MSBSB = “1")
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SYNCB >< ----------------------------------------------- 50%TVDD3

tMBSY3 —p|

tCCKH

tCCKL
P

CDTO

Figure 30. WRITE Command Input Timing
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CSN
CCLK
CDTI
CDTO Hi-Z
Figure 31. WRITE Data Input Timing

——————————————————————————————————————————————————————————————————————————————————————————————————————————————— VIH1
CSN

——————————————————————————————————————————————————————————————————————————————————————————————————————————————— VIL1
CCLK

——————————————————————————————————————————————————————————————————————————————————————————————————————————— VIH1
CDTI Al A0

———————————————————————————————————————————————————————————————————————————————————————————————————————————— ViL1

«—p| tDCD
Hi-Z

cbtTo ——————————— D7 oo >< —————— D6 -~ 50%DVDD

Figure 32. READ Data Output Timing 1
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CSN
CCLK
—————————————————————————————————————————————————————————————————————————————————————————————————————————————— VIH1
CDTI
—————————————————————————————————————————————————————————————————————————————————————————————————————————————— VILL
g tCCZ
509%DVDD

> e > T e
‘ tHD:STA tHD:DAT tSUDAT  tSU:STA |

,,,,,,,, [ [

Figure 34. 1C Bus Mode Timing
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PMADL bit
or
PMADR bit

SDTO

PMSRA bit

SDTOA

PMSRB bit

SDTO

MS0666-E-02

[AK4671]
P tPDV -
—————————————————————————————————————————————————————————————————————————————————————————————————————— 50%DVDD
Figure 35. Power Down & Reset Timing 1
Figure 36. Power Down & Reset Timing 2
tPDV2
—————————————————————————————————————————————————————————————————————————————————————————————————————— 50%TVDD2
Figure 37. Power Down & Reset Timing 3
tPDV3
—————————————————————————————————————————————————————————————————————————————————————————————————————— 50%DVDD
Figure 38. Power Down & Reset Timing 4
2010/06
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| OPERATION OVERVIEW |
W System Clock (Audio I/F)

There are the following five clock modtsinterface with external device3.able 1andTable 3

Mode PMPLL bit M/S bit PLL3-0 bits Figure
PLL Master Mode Note 6Q 1 1 SeeTable 4 Figure 39
PLL Slave Mode 1 ;

(PLL Reference Clock: MCKI pin) ! 0 SeeTable 4 Figure 40
PLL Slave Mode 2 Figure 41
(PLL Reference Clock: LRCK or BICK pin ! 0 SeeTable 4 Figure 42
EXT Slave Mode 0 0 X Figure 43
EXT Master Mode 0 1 X Figure 44

Note 60. If M/S bit = “1", PMPLL bit = “0” and MCKO bit = “1” during the setting of PLL Master Mode, the invalid
clocks are output from MCKO pin when MCKO bit is “1”.
Table 1. Clock Mode Setting (x: Don’t care)

Mode MCKO bit | MCKO pin | MCKI pin BICK pin LRCK pin
0 L Output
Selected b tput
PLL Master Mode 1 Selected by PELeBC-(? bitsy (Selected by O&fg;
PS1-0 bits BCKO bit)
PLL Slave Mode 0 Selelc_ted by Selected by Input Input
(PLL Reference Clock: MCKI pin) 1 PS1-0 bits PLL3-0 bits (= 32fs) (1fs)
Input
PLL Slave Mode Input
(PLL Reference Clock: LRCK or BICK pin 0 L GND éSL?_lge?Segt:)y (1fs)
Selected by Input Input
EXT Slave Mode 0 L FS1-0bits | (= 32fs) (1fs)
Output
EXT Master Mode 0 L S,:esli%egitzy (Selected by ?ﬁ;g)u t
BCKO bit)

Table 2. Clock pins state in Clock Mode

B Master Mode/Slave Mode

The M/S bit selects either master ava mode. M/S bit = “1” selects mastenae and “0” selects slave mode. When the
AK4671 is power-down mode (PDN pin = “L”) and exits resatestthe AK4671 is slave mode. After exiting reset state,

the AK4671 goes to master mode by changing M/S bit = “1”.

When the AK4671 is used by master mode, LRCK and BI®K are a Hi-Z state until MASt becomes “1”. LRCK and
BICK pins of the AK4671 should be pulled-down or pulled-up by the resistor (abouR2)l @8kernally to avoid the

floating state.

M/S bit Mode
0 SlaveMode
1 MasterMode

(default)

Table 3. Select Master/Slave Mode

MS0666-E-02
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W PLL Mode (PMPLL bit = “1")

[AK4671]

When PMPLL bit is “1”, a fully integrated analog phase kxtkoop (PLL) generates a clock that is selected by the

PLL3-0 and FS3-0 bits. The PLL lock time is showiT@&ble 4 whenever the AK4671 is supplied to a stable clocks after

PLL is powered-up (PMPLL bit = “0= “1") or sampling frequency changes. When AIN3 bit = “1”, the PLL is not

available.

1) Setting of PLL Mode

PLL3 | PLL2 | PLLL | PLLO | PLL Reference]  Input Rand C of | PLL Lock
Mode . i . . ; VCOC pin Time
bit bit bit bit Clock Input Pin|] Frequency
RQ] | CIF] | (max)
0 0 0 0 LRCKpin 1fs 6.8k | 220n| 160ms
. 10k 4.7n 2ms
0 0 1 0 BICKpin 32fs 10K 10N ams
. 10k 4.7n 2ms
3 0 0 1 1 BICKpin 64fs 10K 1on ams
4 0 1 0 0 MCKIpin 11.2896MHz 10k | 4.7n 40ms
5 0 1 0 1 MCKIpin 12.288MHz 10k | 4.7n 40ms
6 0 1 1 0 MCKIpin 12MHz 10k | 10n 40ms | (default)
7 0 1 1 1 MCKIpin 24MHz 10k 10n 40ms
8 1 0 0 0 MCKIpin 19.2MHz 10k | 4.7n 40ms
12 1 1 0 0 MCKIpin 13.5MHz 10k | 10n 40ms
13 1 1 0 1 MCKIpin 27MHz 10k | 10n 40ms
14 1 1 1 0 MCKIpin 13MHz 10k | 220n 60ms
15 1 1 1 1 MCKIpin 26MHz 10k | 220n 60ms
Others Others N/A

Table 4. Setting of PLL Mode (*fs: Sampling Frequency, N/A: Not available)

2) Setting of sampling frequency in PLL Mode
When PLL reference clock input is MCKI pin, the samglirequency is selected by FS3-0 bits as defindciie 5

Mode FS3 bit FS2 bit FS1 bit| FSO bit Sampling Frequency

0 0 0 0 0 8kHz

1 0 0 0 1 12kHz

2 0 0 1 0 16kHz

3 0 0 1 1 24kHz

5 0 1 0 1 11.025kHz

7 0 1 1 1 22.05kHz

10 1 0 1 0 32kHz

11 1 0 1 1 48kHz

15 1 1 1 1 44.1kHz (default)
Others Others N/A

(N/A: Not available)
Table 5. Setting of Sampling Frequency at PMPLL bit = “1" (Reference Clock = MCKI pin)
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When PLL reference clock input is LRCK or BICK pin, the sampling frequency is selected by FS3Fatliesq.

Mode FS3 bit FS2 bit FS1 bit FSO bit] Sampling Frequency R4nge

0 0 0 X X 8kHz < fs< 12kHz

1 0 1 X X 12kHz < fs< 24kHz

2 1 X X X 24kHz < fs< 48kHz (default)
Others Others N/A

(x: Don't care, N/A: Not available)
Table 6. Setting of Sampling Frequency at PMPLL bit = “1" (Reference Clock = LRCK or BICK pin)

B PLL Unlock State

1) PLL Master Mode (PMPLbit = “1”, M/S bit = “1")

In this mode, LRCK and BICK pins go to “L” and irregular frequency clock is output from the MCKO pin at MCKO bit
is “1” before the PLL goes to ¢k state after PMPLL bit = “0=> “1”. If MCKO bit is “0”, the MCKO pin changes to “L”
(Table 3.

After the PLL is locked, a first period of LRCK and BICK may be invalid clock, but these clocks return to normal state
after a period of 1/fs.

When sampling frequency is changed, BICK and LRCK gmsot output irregular frequency clocks but go to “L” by
setting PMPLL bit to “0".

MCKO pin . .
PLL State VICKO bii = 0" MCKO bit =17 BICK pin LRCK pin
After that PMPLL bit “0"> “1” “L” Output Invalid “L” Output “L” Output
PLL Unlock (except above case “L” Output Invalid Invalid Invalid
PLL Lock “L” Output See€Table 9 SeeTable 10 1fs Output

Table 7. Clock Operation at PLL Mastdode (PMPLL bit = “1", M/S bit = “1")

2) PLL Slave Mode (PMPLLib= “1", M/S bit = “0")

In this mode, an invalid clock is output from the MCKO pin before the PLL goes to lock state after PMPLL bib= “0"
“1". After that, the clock selected Byable 9is output from the MCKO pin when PLL is locked. ADC and DAC output
invalid data when the PLL is unlocked. For DAC, thepatisignal should be muted hyiting “0” to DACL and DACH

bits.
MCKO pin

PLL State MCKO bit = “0" | MCKO bit = “1"

After that PMPLL bit “0"> “1” “L” Output Invalid

PLL Unlock “L” Output Invalid

PLL Lock “L” Output Output

Table 8. Clock Operation at PLL Slavode (PMPLL bit = “0”, M/S bit = “0")
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W PLL Master Mode (PMPLL bit = “1", M/S bit = “1”)

When an external clock (11.2896MHz, 12MHz, 12.288Mt&MHz, 13.5MHz, 19.2MHz, 24MHz, 26MHz or 27MHz)

is input to the MCKI pin, the MCKO, BICK and LRCK clocks are generated by an internal PLL circuit. The MCKO
output frequency is selected by PS1-0 bitshle 9 and the output is enabled by MCKO bit. The BICK output frequency
is selected between 32fs or 64fs, by BCKO bil{le 10.

11.2896MHz, 12MHz, 12.288MHz, 13MHz,
13.5MHz, 19.2MHz, 24MHz, 26MHz,
27MHz

AK4671 DSP or uP
MCKI
MCKO 256f5/128fs/64fs/32( |\
BICK S2fs, 64y ek
LRCK 1fs » |LRCK
SDTO »| |sDTi
SDTI < SDTO
Figure 39. PLL Master Mode
Mode PS1 bit PS0 bit MCKO pin
0 0 0 256fs (default)
1 0 1 128fs
2 1 0 64fs
3 1 1 32fs
Table 9. MCKO Output Frequency (PLL Mode, MCKO bit = “1")
BCKO bit BICK Output
Frequency
0 32fs (default)
1 64fs

Table 10. BICK Output Frequency at Master Mode

MS0666-E-02 2010/06
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W PLL Slave Mode (PMPLL bit = “1”, M/S bit = “0")

A reference clock of PLL is selected among the input clocks to MCKI, BICK or LRCK pin. The required clock to the
AK4671 is generated by an internal PLL circuit. Input frequency is selected by PLL3-Udiits §.

a) PLL reference clock: MCKI pin

BICK and LRCK inputs should be synchronized wiRKO output. The phase between MCKO and LRCK does not
matter. The MCKO pin outputs the frequency selected by PS1-0rhitée(9 and the output is enabled by MCKO bit.
Sampling frequency can be selected by FS3-0 Biblé 5.

In case that the CODEC is used without Audio I/F (like phone call), the CODEC can be operated by MCKI only. In this
case, BICK and LRCK can be stopped.

11.2896MHz, 12MHz, 12.288MHz, 13MHz,

[ 13.5MHz, 19.2MHz, 24MHz, 26MHz,
27MHz
AK4671
DSP or puP

MCKI

256fs/128fs/64fs/32fs
MCKO B |MCLK
BICK = 32fs BCLK
LRCK < 1fs LRCK
SDTO » |sDTI
SDTI < SDTO

Figure 40. PLL Slave Mode 1 (PLL Reference Clock: MCKI pin)
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b) PLL reference clock: BICK or LRCK pin

Sampling frequency corresponds to 8kHz to 48kHz by changing FS3-0 dlite @.

AK4671
MCKO DSP or uP
MCKI
BICK < 32fs or 64fs BCLK
LRCK < 1fs LRCK
SDTO » |SDTI
SDTI < SDTO

Figure 41. PLL Slave Mode 2 (PLL Reference Clock: BICK pin)

AK4671
MCKO DSP or uP
MCKI
BICK < = 32f BCLK
LRCK < 1fs LRCK
SDTO »[ | spTi
SDTI < SDTO

Figure 42. PLL Slave Mode 2 (PLL Reference Clock: LRCK pin)

MCKI should always be present whenever the ADC or DAC is in operation (PMADL bit = “1", PMADR bit = “1”,
PMDAL bit = “1” or PMDAR bit = “1"). If MCKI is not provided, the AK4671 may draw excess current and it is not
possible to operate properly because utilizes dynamic refreshed logic intdfdMaBKI is not present, the ADC and
DAC should be in the power-down mode (PMADL=PMADR=PMDAL=PMDAR bits = “0").
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B EXT Slave Mode (PMPLL bit = “0”, M/S bit = “0”)

When PMPLL bit is “0”, the AK4671 becomes EXT mode. Master clock is input from the MCKI pin, the internal PLL
circuit is not operated. This mode is compatible witholfEhe normal audio CODEC. The clocks required to operate the
AK4671 are MCKI (256fs, 384fs, 512fs, 768fs or 1024fs), LRCK (fs) and Bi32fs). The master clock (MCKI)

should be synchronized with LRCK. The phase between thesiks does not matter. The input frequency of MCKI is
selected by FS2-0 bitg¢ble 1).

In case that the CODEC is used without Audio I/F (like phone call), the CODEC can be operated by MCKI only. In this
case, BICK and LRCK can be stopped.

Mode | Fs3bit | Fs2ib | FSibit | Fsobit| MCK!Input | Sampling Frequency
Freguency Range

0 X 0 0 0 256fs 8kHz ~ 48kHz

1 X 0 0 1 1024fs 8kHz ~ 13kHz

4 X 1 0 0 384fs 8kHz ~ 48kHz

5 X 1 0 1 768fs 8kHz ~ 26kHz

6 X 1 1 0 512fs 8kHz ~ 26kHz

7 X 1 1 1 256fs 8kHz ~ 48kHz (default)
Others Others N/A N/A

(x: Don't care, N/A: Not available)
Table 11. MCKI Frequency at EXT Slaiode (PMPLL bit = “0”, M/S bit = “0")

The S/N of the DAC at low sampling frequencies is wéhs@ at high sampling frequencies due to out-of-band noise.
The out-of-band noise can be reduced by using higher fregjoéttee master clock. The S/N of the DAC output through
LOUT/ROUT pins at fs=8kHz is shown rable 12

SIN
MCKI | (1s=8kHz, 20kHzLPF + A-weightedl
256fs, 3847 83dB
512fs, 768fs 93dB
1024fs 93dB

Table 12. Relationship between MCKI and S/N of LOUT1/ROUTL1 pins

MCKI should always be present whenever the ADC or DAC is in operation (PMADL bit = “1”, PMADR bit = “1”,
PMDAL bit = “1” or PMDAR bit = “1"). If MCKI is not provided, the AK4671 may draw excess current and it is not
possible to operate properly because utilizes dynamic refreshed logic intdfMBKI is not present, the ADC and
DAC should be in the power-down mode (PMADL=PMADR=PMDAL=PMDAR bits = “0").

AK4671
MCKO DSP or uP
256fs, 384fs, 512fs,

MCKI < 768fs or 1024fs MCLK
BICK < 2 32fs BCLK
LRCK < 1fs LRCK
sSDTO N
SDTI < sSDTO

Figure 43. EXT Slave Mode
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W EXT Master Mode (PMPLL bit = “0”, M/S bit = “1")

The AK4671 becomes EXT Master Mode by setting PMPLL B@™=and M/S bit = “1”. Master clock is input from the
MCKI pin, the internal PLL circuit is not operated. The clock required to operate is MCKI (256fs, 384fs, 512fs, 768fs or
1024fs). The input frequency of MCKI is selected by FS2-0 bable 13.

Mode | FS3bit | FS2ib | Fsibit | Fsobit| MEKInput [ Sampling Frequency
Frequency Range

0 X 0 0 0 256fs 8kHz ~ 48kHz

1 X 0 0 1 1024fs 8kHz ~ 13kHz

4 X 1 0 0 384fs 8kHz ~ 48kHz

5 X 1 0 1 768fs 8kHz ~ 26kHz

6 X 1 1 0 512fs 8kHz ~ 26kHz

7 X 1 1 1 256fs 8kHz ~ 48kHz (default)
Others Others N/A N/A

(x: Don't care, N/A: Not available)
Table 13. MCKI Frequency at EXT Master Mode (PMPLL bit = “0”, M/S bit = *1")

The S/IN of the DAC at low sampling frequencies is wainsé at high sampling frequencies due to out-of-band noise.
The out-of-band noise can be reduced by using higher fregioétitee master clock. The S/N of the DAC output through
LOUT/ROUT pins at fs=8kHz is shown frable 14

SIN
MCKI (fs=8kHz, 20kHzLPF + A-weighted
256fs, 384fs 83dB
512fs, 768fs 93dB
1024fs 93dB

Table 14. Relationship between MCKI and S/N of LOUT1/ROUT1 pins

MCKI should always be present whenever the ADC or DAC is in operation (PMADL bit = “1", PMADR bit = “1”,
PMDAL bit = “1” or PMDAR bit = “1"). If MCKI is not provided, the AK4671 may draw excess current and it is not
possible to operate properly because utilizes dynamic refreshed logic intdf(BKI is not present, the ADC and
DAC should be in the power-down mode (PMADL=PMADR=PMDAL=PMDAR bits = “0").

AK4671
MCKO DSP or uP
256fs, 384fs, 512fs,

MCKI ¢ 768fs or 1024fs MCLK

BICK 32fs or 64fs > BCLK

LRCK 1fs »| |LRCK

SDTO » |sDTI

SDTI < SDTO

Figure 44. EXT Master Mode

BCKO bit BICK Output
Frequency
0 32fs (default)
1 64fs

Table 15. BICK Output Frequency at Master Mode

MS0666-E-02 2010/06
-50 -



AsahiKASEI [AK4671]

B System Reset

When power-up, the AK4671 should be reset by bringing the PBN fii”. This ensures that all internal registers reset
to their initial values.

The ADC enters an initialization cycle that starts whenrRMADL or PMADR bit is changed from “0” to “1” at PMDAL

and PMDAR bits are “0”. The initialization cycle timeli859/fs=24ms@fs=44.1kHz. Duritige initialization cycle, the

ADC digital data outputs of both channels are forced to a 2’s complement, “0”. The ADC output reflects the analog input
signal after the initialization cycle is complete. WiRMDAL or PMDAR is “1”, the ADC does not require an

initialization cycle.

W Audio Interface Format

Four types of data formats are available eaud be selected by setting the DIF1-0 bishle 16. In all modes, the serial
data is MSB first, 2's complement format. Audio interfacerfats can be used in both master and slave modes. LRCK
and BICK are output from the AK4671 in master mode, but must be input to the AK4671 in slave mode.

Mode | DIF1 bit DIFO bit SDTJADC) SDTI(DAC) BICK Figure
0 0 0 DSP Mode DSP Mode > 32fs Table 17
1 0 1 MSB justified LSB justified > 32fs Figure 49
2 1 0 MSB justified MSB justified > 32fs Figure 50 | (default)
3 1 1 S compatible | 4S compatible | > 32fs Figure 51

Table 16. Audio Interface Format

In modes 1, 2 and 3, the SDTO is clocked out on the falling edtjeof'BICK and the SDTI is latched on the rising edge
(“T").

In Modes 0 (DSP mode), the audio I/F timing is changed by BCKP and MSBSddits (17.

DIF1 | DIFO | MSBS| BCKP Audio Interface Format Figuré

MSB of SDTO is output by the rising edgé () of the
first BICK after the rising edge 1) of LRCK.

0 O [ MsB of SDTIis latched by the falling edgel{) of the | F19U"e 45| (default
BICK just after the output timing of SDTO’s MSB.
MSB of SDTO is output by the falling edgel() of the

0 1 first BICK after the rising edge {") of LRCK. Figure 46

MSB of SDTI is latched by the rising edgd(} of the
BICK just after the output timing of SDTO’s MSB.

MSB of SDTO is output by next rising edgé {} of the
falling edge (4”) of the first BICK after the rising edge
1 0 | (“T) of LRCK. Figure 47
MSB of SDTI is latched by the falling edgel{) of the
BICK just after the output timing of SDTO’s MSB.

MSB of SDTO is output by next falling edgel{) of the
rising edge (1) of the first BICK after the rising edge
1 1 | (“T) of LRCK. Figure 48
MSB of SDTI is latched by the rising edgd(} of the
BICK just after the output timing of SDTO’s MSB.

Table 17. Audio Interface Format in Mode 0

If 16-bit data that ADC outputs is converted to 8-bit data by removing LSB 8-fiitat 16bit data is converted te1”

at 8-bit data. And when the DAC playbacks this 8-bit dath; &t 8-bit data will be converted te-256” at 16-bit data
and this is a large offset. This offset can be removed byadak offset of “128” to 16-bit data before converting to 8-bit
data.
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ey — | I~
AR N

. % vV '
BlCK(ssz) 15 0 1 2 % 8 9 10 11 12 13 14 15 16 17 18 /% 24 25 26 27 26 29 30 31 0
tlech Rch '
SDTO(0) |0 15|14|%8|7|6|5|4|3|2|1|0 15|14|§8|7|6|5|4|3|2|1|0
Lch ch %
SDTI()) E 15|14|%8|7|6|5|4|3|2|1|0 15|14|%8|7|6|5|4|3|2|1|0
15 0 1 2 / 14 15 16 17 18 7 30 31 32 33 34 / 46 47 48 49 50 7 62 63 :
BICK(64fs) % % % %
! - . | | / - .
Lch % Rch % ! % %
SDTO(0) |15|14|%2|1|0 15|14 %2|1|0| % %
ch | {Rch | I - - i
| . . / /
SDTI(i) 15|14|%2|1|0|15|14| %2 1|o| % % |
< 1/fs >
15:MSB, O:LSB
Figure 45. Mode 0 Timing (BCKP = “0", MSBS = “0”)
LRCK I‘ I_
(Master)
LRCK ] L [
(Slave) ' p = !
BlCK(ssz) 15 0 1 2 % 9 10 11 12 13 14 15 16 17 18 /% 24 25 26 27 26 29 30 31 0
'Lch / I Rch / |
SDTO(0) | o 15|14|§8|7|6|5|4|3|2|1|0 15|14|§8|7|6|5|4|3|2|1|0
lich | iRch
SDTI() E 15|14|%8|7|6|5|4|3J_2 |1|O|15|14|§8|7|6|5|4|3|2|1|O
15 o 1 2 / 14 15 16 17 18 % 30 31 32 33 34 % 46 47 48 49 50 % 62 63 :
SOt BRUhLT ) ]
BICK(64fs) L oy % | % % |
.  anol %
SDTO(0) 15[14| Bl 2| 1[0 [15]14] %2|1|0| % % I_
iLch % | Rch % | % % l
SDTI() 15|14|%A | 1|0 [15]14] %2|1|0| // %/ [_
< 1/fs >
15:MSB, 0:LSB
Figure 46. Mode 0 Timing (BCKP = “1*, MSBS = “0”)
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ey | —
AR E
15 '0 1 2 7 8 9 10 11 12 13 14 15 16 17 18 / 24 25 26 27 26 29 30 31
BICK(32fs) ] %
flch \Rch = !
SDTO(o 0 1; 14 . s|7]6|s5]ala]2]1]0]15]1a % sl7]6|s]a]s|2]1]0
© %
1Lch / iRch / |
SDTI()) 15|14|%8|7|6|5|4|3l2 15|14|% |7]e|s]4]a]2]1]o0
1 / 14 15 16 17 18 // 30 31 2 33 34 / 46 47 48 49 50 % 62 63
/ | / /
BICK(64f5) _ Uy uuL / FEpEgapigip~
> i Lch % | Rch % % % |
SDTO(0) 15|14|%2|1|0 15] 14| %2““ % % l_
iLch % i Rch % % % i
SDTI() 15|14| 2|1|0|15|14| / % % .r
< 1/fs >
15:MSB, 0:LSB
Figure 47. Mode 0 Timing (BCKP = “0", MSBS = “17)
i —
LRCK _T | U_D
(Slave) T p P j
BlCK(ssz) 15 0 1 2 % 8 9 10 11 12 13 14 15 16 17 18 % 24 25 26 27 26 29 30 31 0
' Lch | 'Rch | | [
SDTO(o 0 1; 14 . s|7]6|s5]ala]2]1]0]15]1a % sl7]6|s]a]s]2]1]0
©) %
en 1 ' % |
SDTI() E 15|14|%8|7|6|5|4|3l2|1|0|15|14|% 7|e|5|4|3|2|1|o
14 15 16 17 18 // 30 31 32 33 3 46 47 48 49 50 | 62 63
- . -
BICK(64fs) —I_H_FI_I_I// Iyt % % %
/ ' . ' / /
SDTO(0) 15|14|%2|1|0 15] 14| %2|1|0| % %
iLch % | Rch Z | % % L
SDTI() s[4 | 2[1]oss]sa] | 2 % %
< 1/ >
15:MSB, 0:LSB )

Figure 48. Mode 0 Timing (BCKP = “1", MSBS = “1")

MS0666-E-02 2010/06
-53-



AsahiKASEI [AK4671]
LRCK N [
6123 9101112131415 0 1 2 3 9101112131415 0 1
BICK(32fs)
SDTO(0) I15|14|13| |7|6|5|4|3|2|1|0I15|14|13| |7|6|5|4|3|2|1|0I15|
SDTI() i15|14|13| |7|6|5|4|3|2|1|0i15|14|13| |7|6|5|4|3|2|1|0i15|
0123 1516 17 18 310123 1516 17 18 310 1
BICK(64fs)
SDTO(0) 15[14]13] [1]0] 15|14|13| | 1 | 0 | Er
SDTI(i) | DontCare  |15/14] [1]o0 DontCare  [15[14] |10 |
15:MSB, 0:LSB 5 5
i‘ Lch Data H‘ Rch Data ’i
Figure 49. Mode 1 Timing
LRCK i o
6123 9101112131415 0 1 2 3 9101112131415 0 1
BICK(32fs)
SDTO(0) I15|14|13| |7|6|5|4|3|2|1|OI15|14|13| |7|6|5|4|3|2|1|0I15|
SDTI() 15/14[13] |7]6[5]4]3]2]1]015/14]13 |7]6]5]4]3]2|1]015|
012 3 1516 17 18 310 1 2 3 1516 17 18 310 1
BICK(64fs)
SDTO(0) 15|14|13| | 1 | 0 | 15|14|13| | 1 | 0 | Er
SDTI() I15|14|13| |1 | o| Don't Care 15|14|13| |1 | o| Don't Care I15|
ilS:MSB, 0:LSB
E‘ Lch Data >E< Rch Data >E
Figure 50. Mode 2 Timing
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LRCK | | L

0123 9 1011121314150 1 2 3 9101112131415 0 1
BICK(32fs)
SDTO(0) |o 15|14| |8|7|6|5|4|3|2|1|0 15|14| |8|7|6|5|4|3|2|1|0
somiy  _Jofssf | [e[7[e]s[«[s[2[ e ofssfee] | [e[7[s[s[¢[3]2[x]o]
0123 15 16 17 18 310 1 2 3 1516 17 18 310 1
BICK(64fs)
SDTO(0) 15|14| |2 | 1|o| 15|14| |2 | 1|o|
SDTI() I15|14| |2 | 1|o| Don't Care 15|14| |2 | 1 | o| Don't Care
ilS:MSB, 0:LSB
54 Lch Data >E< Rch Data >E
Figure 51. Mode 3 Timing
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m MIC/LINE Input Selector

The AK4671 has input selector. When MDIF1, MDIF2, MDIF3 and MDIF4 bits are “0”, INL1-0 and INR1-0 bits select
LINZ/LIN2/LIN3/LIN4 and RIN1/RIN2/RIN3/RIN4, respectively. When MDIF1, MDIF2, MDIF3 and MDIF4 bits are
“1”, LINLZ/RIN1, LIN2/RIN2, LIN3/RIN3 and LIN4/RIN4 pins become IN1+/IN2+/, IN3+/~ and IN4++ pins,
respectively. In this case, full-differential input is availalflig(re 53.

MDIF1 | MDIF2 | MDIF3 | MDIF4 | INL1 INLO INR1L INRO Lch Rch
0 0 0 0 0 0 0 0 LIN1 RIN1 | (default)
0 0 0 0 0 0 0 1 LIN1 RIN2
0 0 0 0 0 0 1 0 LIN1 RIN3
0 0 0 0 0 0 1 1 LIN1 RIN4
0 0 0 0 0 1 0 0 LIN2 RIN1
0 0 0 0 0 1 0 1 LIN2 RIN2
0 0 0 0 0 1 1 0 LIN2 RIN3
0 0 0 0 0 1 1 1 LIN2 RIN4
0 0 0 0 1 0 0 0 LIN3 RIN1
0 0 0 0 1 0 0 1 LIN3 RIN2
0 0 0 0 1 0 1 0 LIN3 RIN3
0 0 0 0 1 0 1 1 LIN3 RIN4
0 0 0 0 1 1 0 0 LIN4 RIN1
0 0 0 0 1 1 0 1 LIN4 RIN2
0 0 0 0 1 1 1 0 LIN4 RIN3
0 0 0 0 1 1 1 1 LIN4 RIN4
0 0 0 1 0 0 1 1 LIN1 | IN4+/—
0 0 0 1 0 1 1 1 LIN2 | IN4+/—
0 0 0 1 1 0 1 1 LIN3 | IN4+/—
0 0 1 0 1 0 0 0 IN3+/— RIN1
0 0 1 0 1 0 0 1 IN3+/— RIN2
0 0 1 0 1 0 1 1 IN3+/— RIN4
0 0 1 1 1 0 1 1 IN3+/— IN4+/—
0 1 0 0 0 0 0 1 LIN1 | IN2+/—
0 1 0 0 1 0 0 1 LIN3 | IN2+/—
0 1 0 0 1 1 0 1 LIN4 | IN2+/—
0 1 1 0 1 0 0 1 IN3+/— IN2+/—
1 0 0 0 0 0 0 1 IN1+/— RIN2
1 0 0 0 0 0 1 0 IN1+/— RIN3
1 0 0 0 0 0 1 1 IN1+/— RIN4
1 0 0 1 0 0 1 1 IN1+/— IN4+/—
1 1 0 0 0 0 0 1 IN1+/— IN2+/—

Others N/A
Table 18. MIC-Amp Input Signal (N/A: Not available)
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AK4671
INL1-0 bits
LINL/IN1+ pin - (O)—e@
p—» ADC Lch
RINL/IN1- pin () N
é MDIF1 bit MIC-Amp Lch
MDIF3 bit
INR1-0 bits
LIN2/IN2+ pin = ()
—@% ADC Rch
RIN2/IN2- pin () ® y
MDIF2 bit MIC-Amp Rch
MDIF4 bit
LIN3/IN3+ pin () ®
RIN3/IN3-pin ()
LIN4/IN4+ pin - ()
RIN4/IN4- pin ()
= B = B = 5 5 5 5 5
| & 9 & i & 3 . o a
z z z z z z z z Q o}
< < < < < < < < o] o]
= S = = p S = S = s
o o o o o o o o o T
Lineout

Figure 52. Mic/Line Input Selector

AK4671

MPWR pin i
IN1+ pinr

. ; IN1— pinZ( >—>

1k

Figure 53. Connection Examplier Full-differential Mic Input (MDIF1/2/3/4 bits = “1")

AK4671

\/ |, INL+pin] MIC-Amp
IIII INl—pin:f >—>

Figure 54. Connection Examplier Full-differential Mic Input (MDIF1/2/3/4 bits = “1")

MS0666-E-02 2010/06
-57 -



AsahiKASEI

m MIC Gain Amplifier

[AK4671]

The AK4671 has a gain amplifier for microphone input. The gMIC-Amp Lch and Rch is independently selected by
the MGNL3-0 and MGNR3-0 bitsTable 19. The typical input impedance is 42kyp)@MGNL/RO bits = “0” or
30kQ(typ) @MGNL/RO bits = “1".

Mode MGNL3 MGNL2 MGNL1 MGNLO Input Gain Input Resistancq
MGNR3 | MGNR2 | MGNR1 | MGNRO
0 0 0 0 0 N/A N/A
1 0 0 0 1 -12dB 30I0
2 0 0 1 0 —9dB 420
3 0 0 1 1 —6dB 30K
4 0 1 0 0 —3dB 420
5 0 1 0 1 0dB 30kQ
6 0 1 1 0 +3dB 42k
7 0 1 1 1 +6dB 30kQ
8 1 0 0 0 +9dB 42k
9 1 0 0 1 +12dB 30kQ
10 1 0 1 0 +15dB 42k
11 1 0 1 1 +18dB 30kQ
12 1 1 0 0 +21dB 42k
13 1 1 0 1 +24dB 30kQ
14 1 1 1 0 +27dB 42k
15 1 1 1 1 +30dB 30kQ
Table 19. Mic Input Gain (N/A: Not available)
MS0666-E-02
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W MIC Power

[AK4671]

When PMMP bit = “1”, the MPWR pin supplies power tbe microphone. This output voltage is typically 0.8 x AVDD
and the load resistance is minimum @5kn case of using two sets of stereo mic, the load resistance is minirufar2k
each channel. Any capacitor must not be connected directly to the MPWRaqire(55.

PMMP bit MPWR pin
0 Hi-Z (default)
1 Output
Table 20. MIC Power

MIC Power

MPWR pin

MS0666-E-02

> 2kQ

[Ij—{ | O—Q Microphone
RIN2 pin

Figure 55. MIC Block Circuit
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m MIC Detection
The AK4671 has the detecting function of microphdrtee external circuit is showed figure 56

The followings show the example oftexnal microphone detection sequence:

(1) PMMP bit should be set to “1” after CPU dets the jack insertion of microphone or headphone.

(2) The MPWR pin drives external microphone.

(3) The GPO2 pin (at GPOM2 bit ="fland DTMIC bit are set afable 21 In case of Headset (with Mic), the input
voltage of MDT pin is higher than 0.075 x AVDD becauséhefrelationship between the bias resistance at the
MPWR pin (typ. 2.2K) and the microphone impedance. In case of Headphone (No Mic), the input voltage of MDT
pin is OV because the pin of headphone janknected to the MDT pin is assigned as ground.

Input Level of MDT pin GPO2 pin DTMIC bit Result
> 0.075 x AvDD H 1 Mic (Headset)
< 0.050 x AVDD L 0 No Mic (Headphone

Table 21. Microphone Detection Result

MPWR{)_P'\;ﬁObn_<17 AK4671

| LIN1
b I Q >
L|NZI

+ | —>
Headset GIM|[R|L > MDT(
DTMIC bit
typ.
or
500k | 0,075 x AVDD
Headphone G R L >
Figure 56. Microphone Pow&upply and Mic Detection
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W Digital Block

Digital block is composed dSgure 57 Each block can be powered-downgower management bits (PMADL,
PMADR, PMDAL, PMDAR, PMSRAPMSRB and PMPCM bits). When blocks from HPF to MIX are powered-down,
both MIX and SVOLA blocks shodInot be selected by SDOL/R bits and PFMXL/R bits.

[ PmADL or PMADR
! |
' T
: <A/D HPF | !
1 L
E HPFAD |
PFSEL
PFSEL=0
PMADL ,
or :
PMADR || HpE | iHPF
PFSEL=1 !
PMDAL LPF ILPF
or 1
PMDAR Stereo | FIL3, EQQ,
or Separation| | GN1-0
PMSRA |5 hand | | cors
! Notch :
| ALC TALC, IVLIR
I 1
i
SDOD
9 H. 00 » SDTO Lch
‘
v » SDTO Rch
pmmeood DAM, MIXD _OVLR____EQ _____
E 4 M| DATT | 5-band [ &S SDTI Lch
} DA < ) [sMUTE| EQ E
' T LX L SDTI Rch
WL P g -
PMDAL [ PMDAL or PMDAR or PMSRA| PFMXL/R1-0 SDIMI-0
or PMDAR
SRAL-0, MIXD

SDTOA

L1 SRC-B [P« DATT-B |<—v SDTIA
' A

BVMX1-0 BVLT-0 &y

v SBMX1-0

Figure 57. Path Select of Digital Block
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ADC: Include the Digital Filter (LPF) for ADC as shown IRILTER CHRACTERISTICS.

DAC: Include the Digital Filter (LPF) for DAC as shown iRILTER CHRACTERISTICS.

HPF: High Pass Filter. Applicable to use as Wind-Noise Reduction Filter. [B@&al Programmable Filtér

LPF: Low Pass Filter (Sed®fgital Programmable Filt&r)

Stereo Separation: Ster8eparation Emphasis Filter & Gain Compensation. (8égtal Programmable Filtér)
Gain Compensation is composed with EQO and Gain hlddks block adjusts the fgeency response after Stereo
Separation Emphasis.

6. 5-Band Notch: Applicable to use as Equalizer or Notch Filter. (B&gtal Programmable Filtér)

7. ALC: Input Digital Volume with ALC function. (Sedriput Digital Volumé and “ALC Operatiori.)

8. SVOLA: Side Tone Volume at Internal MISPK or External Headset Phone Call. (S8elé Tone Volume)

9. 5-Band EQ: Equalizer for playback path. (SBéband Equalizér)

10. DATT: Digital Volume for playback path. (Se®igital Output Volumé.)

11. SMUTE: Soft mute. (SeeSoft Mute'.)

12. DATT-B: Digital Volume for Recading of Received Voice. (Se®igital Volume for Recording of Received

Voice")
13. DATT-C: Digital Volume of Received Voice. (SeBitital Volume for Received Voice
14. SVOLA: Side Tone Volume at B/T Headset Phone Call. (Sé#e"Tone Volume for B/T Phone Cal

arwbhpE

Mode PMADL | PMADR PMDAL PMDAR | PFSEL Figure
RecordingMode 1 1 0 0 0
1 0 0 0 0 Figure 58
0 1 0 0 0
Recording& 1 1 1 1 0
PlaybackMode 1 0 1 1 0 Figure 59
0 1 1 1 0
Playbackviode 0 0 1 1 1 Figure 60

Table 22. Recode/Playback Mode

2nd Order 1st Order Stereo Gain 5 Band ALC
» ADC > HPF > LPF > Separation »Compensation| ] Notch > (Volume) >

Figure 58. Path at Recording Mode

2nd Order 1st Order Stereo Gain 5 Band ALC
» ADC > HPF > LPF > Separation ’Compensation > Notch > (Volume)

5 Band
<+—| DAC [« DEM <« SMUTE [« |DATT [¢— E?Qn

Figure 59. Path at Recording & Playback Mode

1st Order
—» ADC > HPF ———— "“0"Data

5 Band ALC 5 Band Gain Stereo 1st Order 1st Order

<+— DAC [« DEM < SMUTE «-|DATT ¢— EQ N (Volume) N EQ [ —Compensation[* Separation [€] LPF N HPFE

Figure 60. Path at Playback Mode
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W Digital Programmable Filter

(1) High Pass Filter (HPF)

[AK4671]

Normally, this HPF is used for a Wind-Noise Reduction Filtéis is composed of 2 steps of 1st order HPF. The
coefficient of both HPF is the same and set by F1A18s0amd F1B13-0 bits. HPFAD bit controls ON/OFF of the 1st

step HPF and HPF bit controls ON/OFF of the 2nd step HPEnWHe HPF is OFF, the audio data passes this block by

0dB gain. The coefficient should be set when HPFABE bits = “0” or PMADL=PMADR=PMDAL=PMDAR bits =

“0)1.

fs: Sampling frequency
fc: Cut-off frequency

Register settingNote 6)
HPF: F1A[13:0] bits =A, F1B[13:0] bits =B
(MSB=F1A13, F1B13; LSB=F1A0, F1B0)

1/ tan (fc/fs) 1-1/tan gfc/fs)

1 + 1/ tan gfc/fs) 1 + 1/ tan ffc/fs)

Transfer function

1-z71
H(z)=A
1+Bz?

The cut-off frequency should be set as below.
fc/fs > 0.0001 (fc min = 4.41Hz at 44.1kHz)

(2) Low Pass Filter (LPF)

This is composed with 1st order LPF. F2A13-0 bits andliB2Bbits set the coefficient of LPF. LPF bit controls ON/OFF
of the LPF. When the LPF is OFF, the audio data passdsaiisby 0dB gain. The coeffient should be set when LPF

bit = “0” or PMADL=PMADR=PMDAL=PMDAR bits = “0".

fs: Sampling frequency
fc: Cut-off frequency

Register settingNote 69
LPF: F2A[13:0] bits =A, F2B[13:0] bits =B
(MSB=F2A13, F1B13; LSB=F2A0, F2B0)

1 1- 1/tan ffc/fs)

1+ 1/ tan ffc/fs) 1 + 1/ tan ffc/fs)

Transfer function
1+z71
H(z) =A
1+Bz?

The cut-off frequency should be set as below.
fc/fs > 0.05 (fc min = 2205Hz at 44.1kHz)

MS0666-E-02
-63-

2010/06



AsahiKASEI [AK4671]

(3) Stereo Separation Emphasis Filter (FIL3)

FIL3 is used to emphasize the stereo s of stereo mic recording datapbayback data. F3A13-0 and F3B13-0 bits
set the filter coefficient of FIL3. FILBecomes High Pass Filter (HPF) at F3AS bit = “0”, and Low Pass Filter (LPF) at
F3AS bit = “1". FIL3 bit controls ONDFF of FIL3. When Stereo Separation [irasis Filter is OFF, the audio data
passes this block by 0dB gain. Theffwient should be set when FIL3 bit = “0” or PMADL = PMADR = PMDAL =
PMDAR bits = “0".

1) When FIL3 is set to “HPF”

fs: Sampling frequency
fc: Cut-off frequency
K: Filter gain [dB] (0dB> K > -10dB)

Register settingNote 69
FIL3: F3AS bit = “0", F3A[13:0]bits =A, F3B[13:0] bits =B
(MSB=F3A13, F3B13; LSB=F3A0, F3B0)

1/ tan (fc/fs) 1- 1/ tan ffc/fs)
A=10x B=

1 + 1/ tan gfc/fs) 1 + 1/ tan gfc/fs)

Transfer function
1-z1
H(z) =A
1+Bz?

2) When FIL3 is set to “LPF”

fs: Sampling frequency
fc: Cut-off frequency
K: Filter gain [dB] (0dB> K > -10dB)

Register settingNote 61
FIL3: F3AS bit = “1”, F3A[13:0]bits =A, F3B[13:0] bits =B
(MSB=F3A13, F3B13; LSB= F3A0, F3B0)

1 1-1/tan ffc/fs)
A= 100 , B=
1+ 1/ tan ffc/fs) 1+ 1/ tan ffc/fs)
Transfer function
1+z71
H(z) =A
1+Bz*
MS0666-E-02 2010/06
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(4) Gain Compensation (EQO)

Gain Compensation is used to compensate the frequempmneesand the gain that isattyed by Stereo Separation
Emphasis Filter. Gain Compensation is composed wjtrakizer (EQO) and the GafddB/+12dB/+24dB). EOA15-0,
EOB13-0 and EOC15-0 bits set the coeéfittiof EQO. GN1-0 bits set the gairaple 23. EQO bit controls ON/OFF of
EQO. When EQ is OFF and the gain is 0dB, the audio data passes this block by OdBegegefficient should be set
when EQO bit = “0” or PMADL=PMADR=PMDAL=PMDAR bits = “0".

fs: Sampling frequency

fcq: Pole frequency

fc,: Zero-point frequency

K: Filter gain [dB] (Maximum +12dB)

Register settingNote 6)
EOA[15:0] bits =A, EOB[13:0] bits =B, EOC[15:0] bits =C
(MSB=EOAL15, EOB13, EOC13;SB=EOAO0, EOBO, EOCO0)
1+ 1/ tan ffc,/fs) 1- 1/tan ffc./fs) 1- 1/tan gfco/fs)
A=109x , B= ,  C=10"x
1 + 1/ tan ffcy/fs) 1 + 1/ tan ffc,/fs) 1 + 1/ tan ffcy/fs)

Transfer function

A+Cz™*
H(z) =
1+Bz*
Gain[dB] A
K
|
|
|
|
|
|
|
|
|
|
! !
| |
| |
1 ! >
fcy fc, Frequency
Figure 61. EQO Frequency Response
GN1 GNO Gain

0 0 0dB (default)

0 1 +12dB

1 X +24dB

Table 23. Gain select of gain block (x: Don't care)
MS0666-E-02 2010/06
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(5) 5-band Notch

This block can be used as Equalizer or Notch Fiidrand Equalizer (EQ1, EQ2, EQ3, EQ4 and EQ5) is ON/OFF
independently by EQ1, EQ2, EQ3, EQ4 and EQ5 bits. Winerlizer is OFF, the audio @dapasses this block by 0dB
gain. E1A15-0, E1B15-0 and E1C15-0 bits set the coefftadf EQ1l. E2A15-0, E2B15-0 and E2C15-0 bits set the
coefficient of EQ2. E3A15-0, E3B15-0 and E3C15-0 bitdlse coefficient of EQ3. E4A15-0, E4B15-0 and E4C15-0
bits set the coefficient of EQ4. E5A15-0, E5B15-0 B 15-0 bits set the coeffent of EQ5. The EQx (x=5)
coefficient should be set when EQx bit@ or PMADL=PMADR=PMDAL=PMDAR bits = “0".

fs: Sampling frequency

fo, ~ fos: Center frequency

fb, ~ fbs: Band width where the gain 3B different from center frequency
Ky ~Ks: Gain (1<K,<3)

Register settingNote 67
EQL: E1A[15:0] bits =A, E1B[15:0] bits =B, E1C[15:0] bits =¢
EQ2: E2A[15:0] bits =A, E2B[15:0] bits =B, E2C[15:0] bits =¢
EQ3: E3A[15:0] bits =A, E3B[15:0] bits =B, E3C[15:0] bits =@
EQ4: E4A[15:0] bits =A, E4B[15:0] bits =B, E4C[15:0] bits =¢
EQ5: E5A[15:0] bits =A, E5B[15:0] bits =B, E5C[15:0] bits =¢
(MSB=E1A15, E1B15, E1C15, E2A15, E2B15, E2C15, E3A15, E3B15, E3C15, E4A15, E4B15, E4AC15,
E5A15, E5B15, E5C15; LSB= E1A0, E1BO, E1&2A0, E2B0, E2C0, E3AE3B0, E3CO0, E4A0, E4BO,
E4CO0, E5A0, E5BO, E5CO)

tan (xfb/fs) 2 1 - tan (fb,/fs)
An =Ky x ,  Bn = cos(z foy/fs) x o G==
1 + tan ffb/fs) 1 + tan ffb,/fs) 1 + tan ftfb,/fs)

(n=1,2,3,4,5)

Transfer function
H(z) = 1 + h(z) + h(2) + hy(2) + hy(2) + hy(2)

1-z72

h, (2) = A,
1- Bz - Cz 2

(n=1,2,3,4,5)

The center frequency should be set as below.
fo, / fs < 0.497

Note 61. [Translation the filter coeffamt calculated by the equations abovamfreeal number to binary code (2's
complement)]
X = (Real number of filter coefficiemalculated by the equations above) 2

X should be rounded to integendathen should be translateddioary code (2's complement).
MSB of each filter coefficient $iing register is sine bit.
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W ALC Operation

The ALC (Automatic Level Control) is executed by ALC tkaghen ALC bit is “1”. ALCcircuit operates at playback
path for Playback mode and operates atrding path for Recording mode as showrrigure 60

1. ALC Limiter Operation

During the ALC limiter operation, when either Loh Rch exceeds the ALC limiter detection levEhlfle 24, the IVL
and IVR values (same value) are attenuated automatimathe amount defined by the ALC limiter ATT stdble 25.

When ZELMN bit = “0” (zero cross detiéeon is enabled), the IVL and IVR vads are changed by ALC limiter operation
at the individual zero crossimpints of Lch and Rch or at the zero crogdimeout. ZTM1-0 bits set the zero crossing
timeout period of both ALC limter and recovery operatioiigble 2§. IVL and IVR values are attenuated 1 step
immediately (period: 1/fs) by ALC limiteoperation when output level is over f3gital Full Scale). When output level
is not over FS, the IVL and IVR values are changed at the individual zero crossing pbttisaofl Rch or at the zero
crossing timeout.

When ZELMN bit = “1" (zero cross detectitmdisabled), IVL and IVR values airamediately (periodi/fs) changed by
ALC limiter operation. Attenuation step is fixedtcstep regardless of the setting of LMAT1-0 bits.

The attenuation operation is done continuously untilthatisignal level becomes ALC limiter detection leviltfle 24
or less. After completing the attenuate igen, unless ALC bit is changed td’;'@he operation repeats when the input
signal level exceeds LMTH1-0 bits.

LMTH1 | LMTHO | ALC Limier Detection Level ALCRecovery Waiting Counter Reset Leve
0 0 ALC Output> -2.5dBFS —2.5dBFS > ALC Output —4.1dBFS (default)
0 1 ALC Output> -4.1dBFS —4.1dBFS > ALC Output —6.0dBFS
1 0 ALC Output> —-6.0dBFS —6.0dBFS > ALC Output —8.5dBFS
1 1 ALC Output> —-8.5dBFS —8.5dBFS > ALC Output —-12dBFS

Table 24. ALC Limiter Detection LeVéRecovery Counter Reset Level

ALC Limiter ATT Step
LMAT1 LMATO ALC Output | ALC Output | ALC Output ALC Output
> LMTH > FS > FS + 6dB >FS +12dB
0 0 1 1 1 1 (default)
0 1 2 2 2 2
1 0 2 4 4 8
1 1 1 2 4 8

Table 25. ALC Limiter ATT Step

Zero Crossing Timeout Period

ZTM1 ZTMO 8kHz 16kHz 44.1kHz
0 0 128/fs 16ms 8ms 2.9ms | (default)
0 1 256/fs 32ms 16ms 5.8ms
1 0 512/fs 64ms 32ms 11.6ms
1 1 1024/fs 128ms 64ms 23.2ms

Table 26. ALC Zero Qrssing Timeout Period
MS0666-E-02 2010/06
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2. ALC Recovery Operation

[AK4671]

The ALC recovery operation waits for the WTM2-0 bitalfle 27 to be set after completing the ALC limiter operation.
If the input signal does not exceed “ALEcovery waiting counter reset levelable 24 during the wait time, the ALC
recovery operation is executed. The IVL and IVR valresautomatically increme&ed by RGAIN1-0 bitsTable 2§ up

to the set reference levélgble 29 with zero crossing detection which gout period is set by ZTM1-0 bit$gble 2§.
Then the IVL and IVR are set to the savadue for both channels. The ALC recoyveperation is executed in a period set
by WTM2-0 bits. When zero cross is detected at bo#metls during the wait period set by WTM2-0 bits, the ALC
recovery operation waits until WTM2-0 fi@d and the next recovenperation is executetf.ZTM1-0 is longer than
WTM2-0 and no zero crossing occurs, the ALC recoogsration is executed in a period set by ZTM1-0 bits.

For example, when the current IVL and IVR values are 3WHRGAIN1-0 bits are set to “01”, IVL and IVR values are
changed to 32H by the auto limiter operation and themha signal level is gained by 0.75dB (=0.375dB x 2). When
the IVL and IVR values exceed the reference level (REbits), the IVL and IVR values are not increased.

When

“ALC recovery waiting counter reset level (LMTH1-©)0utput Signal < ALC limiter detection level (LMTH1-0)"
during the ALC recovery operation, the waiting tine€ALC recovery operation is reset. When
“ALC recovery waiting counter reset level (LMTH1-0) > Output Signal”,

the waiting timer of ALC recovery operation starts.

The ALC operation corresponds to the impulse noise. When the impulsésnoiset, the ALC recovery operation
becomes faster than a normal recovery operation (Fast&gdOperation). When largmise is input to microphone
instantaneously, the quality of small signal level in the lamjse can be improved by tHast recovery operation. The
speed of fast recovery opemtiis set by RFST1-0 bit§gble 30.

ALC Recovery Opeattion Waiting Period
WTM2 WTM1 WTMO 8kHz ! 1%kHz g4.1kHz
0 0 0 128/fs 16ms 8ms 2.9ms
0 0 1 256/fs 32ms 16ms 5.8ms
0 1 0 512/fs 64ms 32ms 11.6ms
0 1 1 1024/fs 128ms 64ms 23.2ms
1 0 0 2048/fs 256ms 128ms 46.4ms|
1 0 1 4096/fs 512ms 256ms 92.9ms
1 1 0 8192/fs 1024ms 512ms 185.8m$
1 1 1 16384/fs 2048ms 1024ms 371.5ms
Table 27. ALC Recover@peration Waiting Period
RGAIN1 RGAINO GAIN STEP
0 0 1step 0.375dB | (default)
0 1 2step 0.750dB
1 0 3step 1.125dB
1 1 4step 1.500dB
Table 28. ALC Recovery GAIN Step
MS0666-E-02
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REF7-0 bits GAIN (dB) Step
F1H +36.0
FOH +35.625
EFH +35.25
(default E1H +30.0
92H +0.375 0.375dB
91H 0.0
90H -0.375
2H -53.625
1H -54.0
OH MUTE
Table 29. Reference Level AL.C Recovery Operation
RFST1 bit RFSTO bit Recovery Speef
0 0 4times (default)
0 1 8times
1 0 16times
1 1 N/A

Table 30. Fast Recovery Speed Setting (N/A: Not available)
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3. Example of ALC Operation

[AK4671]

Table 31andTable 32show the examples of the ALC setting for mic recording and playback, respectively.

. fs=8kHz fs=44.1kHz
Register Name| ~ Comment Data Operation Data Operation
LMTH1-0 Limiter detection Level 01 -4.1dBFS 01 -4.1dBFS
ZELMN Limiter zero crossing dettion 0 Enable 0 Enable

Zero crossing timeout period
ZTM1-0 * ZTM1-0 bits should be equal to ¢r 01 32ms 11 23.2ms
shorter than WTM2-0 bits.
WTM2-0 Recovery waiting period 001 32ms 100 46.4ms
REF7-0 Maximum gain at recomeoperation E1H +30dB E1H +30dB
:x'F‘;'_% Gain of IVOL E1H +300B E1H +300B
LMAT1-0 Limiter ATT step 00 1 step 00 1 step
RGAIN1-0 Recovery GAIN step 00 1 step 00 1 step
RFST1-0 Fast Recovery Speed 0( 4 times Qo0 4 times
ALC ALC enable 1 Enable 1 Enable
Table 31. Example of the ALC setting (Recording Path)

. fs=8kHz fs=44.1kHz
Register Name| ~ Comment Data Operation Data Operation
LMTH1-0 Limiter detection Level 01 -4.1dBFS 01 -4.1dBFS
ZELMN Limiter zero crossing dettion 0 Enable 0 Enable
ZTM1-0 Zero crossing timeout period 01 32ms 11 23.2ms

Recovery waiting period
WTM2-0 *WTM2-0 bits should be the same pr 001 32ms 100 46.4ms
longer data as ZTM1-0 bits
REF5-0 Maximum gain at recomeoperation AlH +6dB AlH +6dB
VeSO, Gain of IVOL 91H 0dB 91H 0dB
LMAT1-0 Limiter ATT step 00 1 step 00 1 step
RGAIN1-0 Recovery GAIN step 00 1 step 00 1 step
RFST1-0 Fast Recovery Speed 0( 4 times Qo0 4 times
ALC ALC enable 1 Enable 1 Enable
Table 32. Example of the ALC setting (Playback Path)
MS0666-E-02 2010/06
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The following registers should not beactyed during the ALC operation. Thests Ishould be changed after the ALC
operation is finished by ALC bit = “0".

e LMTH1-0, LMAT1-0, WTM2-0, ZTM1-0, RGAIN1-0, REF7-0, ZELMN, RFST1-0

Example:
Limiter = Zero crossing Enable
Recovery Cycle = 32ms@8kHz
Zero Crossing Timeout Period = 32ms@8kHz
Limiter and Recovery Step =1
Fast Recovery Speed = 4 step
Gain of IVOL = +30dB
Maximum Gain = +30.0dB
Limiter Detection Level = -4.1dBFS

Manual Mode

¢ ALC bit =“1"

WR (IVL7-0) (1) Addr=12H, Data=E1H
WR (IVR7-0) (2) Addr=13H, Data=E1H
WR (REF7-0) |* The value of IVOL should be (3) Addr=14H, Data=E1H

* the same or smaller than REF’s ¢
WR (ZTM1-0, WTM2-0, RFST1-0) (4) Addr=16H, Data=05H
WR (LMTH1-0, RGAIN1-0, LMAT1-0, ZELMN) (5) Addr=17H, Data=01H
WR (ALC = “1") (6) Addr=18H, Data=03H

!

ALC Operation
Note : WR : Write

Figure 62. Registers set-gpquence at ALC operation
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m Input Digital Volume (Manual Mode)
The input digital volume becomes a manual mode when AL{S HiX'. This mode is used in the case shown below.

1. After exiting reset state, set-up the registergtie ALC operation (ZTM1-0, LMTH1-0 and etc)

2. When the registers for the ALC operation (Limiperiod, Recovery perioaind etc) are changed.
For example, in case of changing the sampling frequency.

3. When IVOL is used as a manual volume.

IVL7-0 and IVR7-0 bits set the gain of the volume contii@tfle 33. When IVOLC bit is “0”, IVL7-0 and IVR7-0 bits
control Lch and Rch volume values indegently. When IVOLC bit is “1”, IVL70 bits controls both channels. The
IVOL value is changed at zero crossing or timeout. Zepesing timeout period is set by ZTM1-0 bits. If IVL7-0 or
IVR7-0 bits are written during PMADL=PMADRIts = “0”, IVOL operation starts ith the written values at the end of
the ADC initialization cycle after PMADbr PMADR bit is changed to “1”".

IVL7-0 bits

IVR7-0 bits GAIN (dB) Step
F1H +36.0
FOH +35.625
EFH +35.25
92H +0.375

(default 91H 0.0 0.375dB

90H -0.375
O3H -53.25
02H -53.625
01H _54
00H MUTE

Table 33. Input Digital Volume Setting

W Side Tone Volume (SVOLA)

The AK4671 has the channel independsidle tone volume (5 levels, 6dBep). The volume can be set by the
SVAL/R2-0 bits. The volume is included at mixing pathnfirdLC to 5-band EQ. The outpdata of ALC is changed
from O to —24dB.

SVL2-0 Gain
OH 0dB (default)
1H -6dB
2H -12dB
3H -18dB
4H -24dB
Others N/A

Table 34. Side Tone Volume AoGe Table (N/A: Not available)

MS0666-E-02 2010/06
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W 5-Band Equalizer
The AK4671 has 5-Band Equalizer before DAC of Stereo CODEC.
The center frequencies and cut/boost amount are the followings.

e Center frequency: 100Hz, 250Hz, 1kHz, 3.5kHz and 10kHitg 62 Note 63 Note 64
e Cut/Boost amount: —10.5dB+12dB, 1.5dB step

Note 62. These are the frequencies when the sampling frequency is 44.1kHz. These frequencies are proportional to the
sampling frequency.

Note 63. 100Hz is not center frequency but the fragqueomponent lower than 100Hz is controlled.

Note 64. 10kHz is not center frequency but the frequency component higher than 10kHz is controlled.

EQ bit controls ON/OFF of this Equalizer and these Bao®unt are set by EQA3-0, EQB3-0, EQC3-0, EQD3-0 and
EQE3-0 bits, respectively, as shownTiable 35

EQAS3-0: Select the boost level of 100Hz
EQB3-0: Select the boost level of 250Hz
EQC3-0: Select the boost level of 1kHz

EQD3-0: Select the boost level of 3.5kHz
EQE3-0: Select the boost level of 10kHz

EQx3-0 Boosamount

OH +12.0dB

1H +10.5dB

2H +9.0dB

3H +7.5dB

8H 0dB (default)
DH —7.5dB

EH —9.0dB

FH —10.5dB

Table 35. Boost amount of 5-Band Equalizer
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W Digital Output Volume

[AK4671]

The AK4671 has a digital output volum256 levels, 0.5dB step, Mute). The volume can be set by the OVL7-0 and
OVR7-0 bits. The volume is included in front of a DAC blotke input data of DAC is changed from +12 to —115dB or
MUTE. When the OVOLC bit =“1”, the OVL7-0 bits conttmoth Lch and Rch attenuation levels. When the OVOLC bit
="0", the OVL7-0 bits control Lch level and OVR7-0 bits aahtRch level. This volume has a soft transition function.
The OVTM bit sets the transition tinbetween set values of OVL/R7-0 bits as either 1061/fs or 256ifdd 37. When
OVTM bit = “0”, a soft transition beteen the set values occurs (1062 levdistakes 1061/fs (=24ms@fs=44.1kHz)

from OOH (+12dB) to FFH (MUTE).

OVL/R7-0 Gain Step
0OH +12.00B
01H +11.50B
02H +11.00B
(default) 18H 0dB 0.5dB
FDH 114,508
FEH ~115.0dB
FFH MUTE (—o0)

Table 36. Digital Volume Code Table

. Transition time between DVL/R7-0 bits = 00H and FF
OVTM bit Setting fs=8KHz fs=44.1kHz
0 1061/fs 133ms 24ms
1 256/fs 32ms 6ms
Table 37. Transition Time Setg of Digital Output Volume
MS0666-E-02
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W Soft Mute

Soft mute operation is performed irettigital domain. When the SMUTE bitébanged to “1”, the output signal is
attenuated tew (“0”) during the cycle set by the OVTM bit. Whéme SMUTE bit is returnetb “0”, the mute is
cancelled and the output attenuation gradugtignges to the value set by the OVL/®Rbits during the cycle set of the
OVTM bit. If the soft mute is cancellegithin the cycle set by the OVTM bittaf starting the operation, the attenuation
is discontinued and returned to the easiet by the OVL/R7-0 bits. The soft taus effective for changing the signal
source without stopping ¢hsignal transmissiorrigure 63.

SMUTE bit

OVTM bit OVTM bit
4>

(1)
3

OVL/R7-0 bits

Attenuation

- v
: 2

Analog Output \/~

Figure 63. Soft Mute Function

(1) The output signal is attenuated urtid (“0”) in the cycle set by the OVTM bit.

(2) Analog output corresponding to diditaput has the group delay (GD).

(3) If the soft mute is cancelled withingltycle set by the OVTM bit, the attetioa is discounted and returned to the
value set by the OVL/R7-0 bits.
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| Digital Volume for Recording of Received Voice (DATT-B)

The AK4671 has a digital output volume (DATT-B: 256 levels, 0.5dB step, Nutegcording of received voice. The
volume can be set by the BVL7-0 bits. The volume is includdnt of an SRC-B block. The input data of SRC-B is
changed from +12 to —115dB or MUTE. This volume has a sofsitrfunction. The transitidime between set values of
BVL7-0 bits is 256/fs2. It takes 256/fs232ms@fs2=8kHz) from 00H (+12dB) to FFH (MUTE).

BVL7-0 Gain Step
00H +12.00B
01H +11.50B
02H +11.00B
(default) 18H 0dB 0.5dB
FDH 114,508
FEH ~115.0dB
FFH MUTE (—-0)

Table 38. Digital Volume B Code Table

W Digital Volume for Received Voice (DATT-C)

The AK4671 has a digital output volume (DATT-C: 256 levels, 0.5dB step, Ktutajceived voice. The volume can be
set by the CVL7-0 bits. The volume is included in front of SDTOB output. The inpubidBRC-C is changed from +12
to —115dB or MUTE. This volume has a soft transition funcfléve transition time between setlues of CVL7-0 bits is
256/fs2. It takes 256/f9232ms@fs2=8kHz) from O0H (+12dB) to FFH (MUTE).

CVL7-0 Gain Step
00H T12.00B
01H +11.50B
02H +11.00B
(default) 18H 0dB 0.5d8
FDH 114,508
FEH Z115.0dB
FFH MUTE (—-0)

Table 39. Digital Volume C Code Table

W Side Tone Volume for B/T Phone Call (SVOLB)

The AK4671 has the side tone volume (&els, 6dB step) for B/T phone call. The volume can be set by the SVL2-0 bits.
The volume is included at mixing path from SRC-A to DATTT he output data of SRC-A is changed from 0 to —24dB.

SVB2-0 Gain
OH 0dB (default)
1H -6dB
2H -12dB
3H -18dB
4H -24dB
Others N/A

Table 40. Side Tone Volume Bo@e Table (N/A: Not available)

MS0666-E-02 2010/06
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| Digital Volume for B/T MIC Input (BIVOL)

The AK4671 has the digital volume (5 levels, 6dB step) forBiinput. The volume can be set by the BIV2-0 bits. The
volume is included at SDTIB input. Thput data is changed from 0 to —24dB.

BIV2-0 Gain
OH 0dB (default)
1H -6dB
2H -12dB
3H -18dB
4H -24dB
Others N/A

Table 41. SDTIB Volume Code Table (N/A: Not available)

W Path & Mixing Setting of Digital Block  (Figure 57

PMADL and PMADR bits set both ADC power management@umngut data selection. kkase of mono operation, the
same data is output twth channel slots.

PMADL PMADR ADC Lch data ADC Rch data
0 0 All “0” All“0” (default)
0 1 Rch Input Signal Rch Input Signal
1 0 Lch Input Signal Lch Input Signal
1 1 Lch Input Signal Rch Input Signal

Table 42. ADC Mono/Stereo Select

PFSEL bit select the input data of programmable filter.

PFSEL Programmable Filter Input
0 ADC Output (selected byable 42 | (default)
1 SDTI Input (selected byable 48

Table 43. Programmablelter Input Signal Select

When ADM bit is “1”, ALC output datés output to both channels of SDEBd SVOLA as (L+R)/2, respectively.

ADM Lch Rch
0 L R (default)
1 (L+R)/2 (L+R)/2

Table 44. ALC Output Mono Mixing

MS0666-E-02 2010/06
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SDOL1-0 and SDOR1-0 bits set the data mixingefeh channel of SDTO from the data selecte@idiye 44and SRC-B

output data.

SDOL1 SDOLO SDTQ.ch

0 0 Lch Signal selected Byable 44

0 1 SRC-B

1 0 (Lch Signal selected Ayable 44 + (SRC-B)

1 1 N/A

Table 45. SDTO Lch Output Mixing (N/A: Not available)

SDOR1 SDORO SDT®ch

0 0 Rch Signal selected fBable 44

0 1 SRC-B

1 0 (Rch Signal selected Bwble 44 + (SRC-B)

1 1 N/A

Table 46. SDTO Rch Output Mixing (N/A: Not available)

(default)

(default)

When SDOD bit is “1”, SDTO output data can be disalfleéd to “L"). Input dataof SVOLA is not disabled.

SDOD SDTO
0 Enablg(Output) | (default)
1 Disable(“L")

Table 47. SDTO Disable

SDIM1-0 bits select stereo or monoSDTI input data. In case of mono modes #ame data is input to both channels.

SDIM1 SDIMO Lch Rch
0 0 L R (default)
0 1 L L
1 0 R R
1 1 N/A

Table 48. SDTI Stereo/Mono Select (N/A: Not available)

PFMXL1-0 and PFMXR1-0 bits set thetdamixing for each channel of 5#h EQ from the data selected bgble 48
and SVOLA output data.

PEMXL1 | PEMXLO 5-band EQ Lch Input

0 0 Lch Signal selected Byable 48

0 1 SVOLALch

1 0 (Lch Signal selected fable 4§ + (SVOLA Lch)

1 1 N/A

Table 49. 5-band EQ Lch Inpitixing 1 (N/A: Not available)

PFMXR1 | PFMXRO 5-band EQ Rch Input

0 0 Rch Signal selected fBwable 48

0 1 SVOLARch

1 0 (Rch Signal selected yable 4§ + (SVOLA Rch)

1 1 N/A

MS0666-E-02

Table 50. 5-band EQ Rch Input Mixing 1 (N/A: Not available)
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SRMXL1-0 and SRMXR1-0 bits set the data mixing éaich channel of 5-band EQ from the data selectetiable
49/ Table 50and SVOLA output data.

SRMXL1 | SRMXLO 5-band EQ Lch Input
0 0 Signal selected byable 49 (default)
0 1 SRC-B
1 0 (Signal selected biyable 49 + (SRC-B)
1 1 N/A

Table 51. 5-band EQ Lch Inplixing 2 (N/A: Not available)

SRMXR1| SRMXRO 5-band EQ Rch Input
0 0 Signal selected byable 50 (default)
0 1 SRC-B
1 0 (Signal selected biyable 50 + (SRC-B)
1 1 N/A

Table 52. 5-band EQ Rch Input Mixing 2 (N/A: Not available)

DAM and MIXD bits set the data mixing for DAC input.

DAM MIXD Lch Rch
0 X L R
1 0 L+R L+R
1 1 (L+R)/2 (L+R)/2

(default)

Table 53. DAC Mono Mixing (x: Don't care)

SRA1-0 and MIXD bits set the data mixing for SRC-A input.

(default)

SRA1 SRAO MIXD SRC-A
0 0 X L
0 1 X R
1 0 0 L+R
1 0 1 (L+R)/2
1 1 X N/A

Table 54. SRC-A Input Mixing (x: @'t care, N/A: Not available)

SDOA bit selects the output data of SDTOA.

SDOA SDTOA
0 SRC-A
1 SDTIB

Table 55. SDTOA Output Select

(default)

When SDOAD bit is “1”, SDTOA output datzan be disabled (fixed to “L")nput data of SVOLB is not disabled.

MS0666-E-02

SDOAD SDTOA
0 Enablg(Output)
1 Disable(“L")

Table 56. SDTOA Disable
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SBMX1-0 bits set the data mixing from SDTIA input @dOLB output. The mixed data output to SDTOB via

DATT-C.

(default)

SBMX1 | SBMXO DATT-CInput
0 0 SDTIA
0 1 SVOLB
1 0 (SDTIA) + (SVOLB)
1 1 N/A

Table 57. SDTOB Mixing (N/A: Not available)

When SDOBD bit is “1”, SDTOB output tiacan be disabled (fixed to “L").

SDOBD SDTOB
0 Enablg(Output)
1 Disable(“L")

(default)

Table 58. SDTOB Disable

BVMX1-0 bits set the data mixing for SRC-B from SDTiput (DATT-B output) and SDIB input (BIVOL output).

MS0666-E-02

BVMX1 BVMXO0 SRC-B Input
0 0 SDTIA (default)
0 1 SDTIB
1 0 (SDTIA) + (SDTIB)
1 1 N/A

Table 59. SRC-B Input Mixing (N/A: Not available)
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B Analog Mixing: Single-ended Input (LIN1/RI

[AK4671]

N1/LIN2/RIN2/LIN3/RIN3/LIN4/RIN4 pins)

AK4671 supports analog mixing function fragach line input to each line outp&idure 64.

When the analog mixing is used, A/Bonverter is also available if PADL or PMADR bit is “1". When
PMAINL1=PMAINR1=PMAINL2=PMAINR2=PMAINL3=PMAINR3=PMAINL4=PMAINR4=PMMICL=PMMICR
bits = “1”, the input resistance of LIN1/RINAN2/RIN2/LIN3/RIN3/LIN4/RIN4 pins becomes 28k (typ) at
MGNL/RO bits = “0” and 20K (typ) at MGNL/RO bits = “1”, respectively.

L1G1-0, L2G1-0, L3G1-0, L4G1-0 and LPGIbiis adjust the gain for each paifable 60 Table 61 Table 62 Table 63

Table 6.

AK4671
INL4-0 bits
LINL/INL+ pin - (O)—@
ADC Lch
RINL/IN1- pin () N
MDIF1 bit MIC-Amp Lch
MDIF3 bit
INR4-0 bits
[ I
LIN2/IN2+ pin ()
—@% ADC Rch
RIN2/IN2- pin () ® :
MDIF2 bit MIC-Amp Rch
MDIF4 bit
LIN3/IN3+ pin () ®
RIN3/IN3-pin ()
LIN4/IN4+ pin - ()
RIN4/IN4-pin ()
5 i 5 i 5 5 5 5 5 5
i z g & i & 3 g a a
z z z z z z z P4 o o
2 3 3 3 2 3 E S S 9
= s = s = s = s s s
o o o o o o o o o T
® °
?
® ?
®
® ?
?
? ®
° ®
F YV VY vwww¢ YV VVVY vwwvl F VVYV Y wwww¢
Figure 56, 57, 59, 60 Figure 62, 63 Figure 66, 67, 69, 70
N\ N\ N\ N\ N\ N\
LOUT1 pin ROUT1 pin LOUT2 pin ROUT2 pin LOUTS3 pin ROUT3 pin
Figure 64. Analog Mixing Circuit
MS0666-E-02 2010/06
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Table 60

Table 61

Table 62

Table 63

(default)

(default)

(default)

(default)

(default)

L1G1 hit L1GO hit Gain
0 0 0dB
0 1 +6dB
1 0 —6dB
1 1 N/A
. LIN1/RIN1 (or IN1+/) Mixing Gain (typ) (N/A: Not available)
L2G1 hit L2GO0 bhit Gain
0 0 0dB
0 1 +6dB
1 0 —6dB
1 1 N/A
. LIN2/RINZ2 (or IN2+f) Mixing Gain (typ) (N/A: Not available)
L3G1 bit L3GO hit Gain
0 0 0dB
0 1 +6dB
1 0 —6dB
1 1 N/A
. LIN3/RIN3 (or IN3+/) Mixing Gain (typ) (N/A: Not available)
LAG1 bit L4GO bit Gain
0 0 0dB
0 1 +6dB
1 0 —6dB
1 1 N/A
. LIN4/RIN4 (or IN4+/) Mixing Gain (typ) (N/A: Not available)
LPGL1 bhit LPGO bhit Gain
0 0 0dB
0 1 +6dB
1 0 —6dB
1 1 N/A

Table 64. MIC-Amp Mixing Gain (typ) (N/A: Not available)

B Analog Mixing: Full-diffe

rential Input (IN1+/IN1 —/IN2+/IN2—/IN3+/IN3—/IN4+/IN4— pins)

[AK4671]

When MDIF1, MDIF2, MDIF3 and MDIF4 bits are “11IN1/RIN1, LIN2/RIN2, LIN3/RIN3 and LIN4/RIN4 pins

become IN1+£, IN2+/~, IN3+/~ and IN4+£ pins, respectively, and analog mixing is availble.

When the analog mixing is used, A/EBonverter is also available if PANDL or PMADR bit is “1". When
PMAINL1=PMAINR1=PMAINL2=PMAINR2=PMAINL3=PMAINR3=PMAINL4=PMAINR4=PMMICL=PMMICR
bits = “1”, the input resistance of IN:+/IN2+/-, IN3+/~ and IN4++ pins becomes 2%k (typ) at MGNL/RO bits = “0”
and 20k (typ) at MGNL/RO bits = “1”, respectively.

L1G1-0, L2G1-0, L3G1-0, L4G1-0 and LPGIbils adjust the gain for each paitable 6Q Table 61 Table 62 Table 63

Table 64.

MS0666-E-02
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W Stereo Line Output (LOUT1/ROUTL pins)

When DACL and DACR bits are “1”, Lch/Rch signal DAC is output from the LOUT/ROUTL1 pins which is
single-ended. When DACL and DACR bits are “0”, outpignal is muted and LOUTROUT1 pins output VCOM
voltage. The load impedance is IDkmin.). When the PMLO1=PMRO1=LOP%ilts = “0", LOUT1/ROUT1 enters
power-down mode and the output is pulled-down to VSS1 byQ@9g). When the LOPS1itas “1”, LOUT1/ROUT1
enters power-save mode. Pop noispater-up/down can be reduced by mgiag PMLO1 and PMROL bits at LOPS1
bit =“1". In this case, output signlithe should be pulled-down to VSS1 by ZDkfter AC coupled aBigure 65 Rise/Fall
time is 300ms(max) at CeF and AVDD=3.3V. When PMLO1=PMRO1 bits = “1” and LOPS1 bit = “0”",
LOUT1/ROUT1 is in normal operation.

L1VL3-0 bits control the volume of LOUT1/ROUT1.
When LOM bit = “1”, DAC output signal is outptd LOUT1 and ROUTL1 pins as (L+R) mono signal.
When LOOPM bit = “1”, the MIC-Amp signal is outptd LOUT1 and ROUT1 pins as (L+R) mono signal.

LOPS1 PMLO1 Mode LOUTbin
0 0 Power-down Pull-down to VSS1 (default)
1 Normal Operation Normal Operation
1 0 Power-save Fall down to VSS1
1 Power-save Rise up to VCOM

Table 65. Stereo Line Quit Mode Select (LOUT1)

LOPS1 PMRO1 Mode ROUT@In
0 0 Power-down Pull-down to VSS1 (default)
1 Normal Operation Normal Operation
1 0 Power-save Fall down to VSS1
1 Power-save Rise up to VCOM
Table 66. Stereo Line Quit Mode Select (ROUT1)
L1VL2-0 Attenuation
6H +6dB
5H 0dB (default)
4H —6dB
3H -12dB
2H -18dB
1H —24dB
OH MUTE

Table 67. Stereo Lin@utput Volume Setting

LOUT1 1uF
\ROUTl || 2200
O | —wy >

20kQ

Figure 65. External Circuit for Stereo Line @ut (in case of using Pop Noise Reduction Circuit)
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<Stereo Line Output Control Sequence (i n case of using Pop Noise Reduction Circuit)>

(2) 5)
PMLO1 bit
PMRO1 bit

(1) 3 *) (6)

LOPS1 bit I |
LOUT1 pin
ROUT1 pin Normal Output

< |- < |-

-
> 300 ms > 300 ms

Figure 66. Stereo Line OutpGontrol Sequence (in case ofngiPop Noise Reduction Circuit)

(1) Set LOPSL1 bit = “1". Stereo lingutput enters the power-save mode.

(2) Set PMLO1=PMROL1 bits = “1". Sterdime output exits the power-down mode.
LOUT1 and ROUT1 pins rise up to VCOM vaie Rise time is 200ms (max 300ms) at (=and
AVDD=3.3V.

(3) Set LOPSL1 bit = “0” after LOUT1 and ROUT1 pins rige Stereo line output exits the power-save mode.
Stereo line output is enabled.

(4) Set LOPS1 bit = “1". Stereo knoutput enters power-save mode.

(5) Set PMLO1=PMROL1 bits = “0". Stereo line output enters power-down mode.
LOUT1 and ROUT1 pins fall down to VSS1. Fall time is 200ms (max 300ms) atFCarid AVDD=3.3V.

(6) Set LOPS1 bit = “0” after LOUT1 and ROUT1 pins fadlwn. Stereo line output exits the power-save mode.

MS0666-E-02 2010/06
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<Analog Mixing Circuit for LOUT1/ROUT1>

DACL, DACR, LOM, LINL1, RINR1, LINL2, RINR2, LINL3, RINR3, LINL4, RINR4, LOOPL, LOOPR and LOOPM

bits control each path switch.
LINLZ bit

LIN1 pin L 4 +6/0/-6dB O/ O
LINL2 bit
LIN2 pin +6/0/-6dB o/ o
LINL3 bit
LIN3 pin +6/0/-60B oo
LINL4 bit
LIN4 pin +6/0/-60B oo M

LOOPL bit I —J Z '>—> LOUTL1 pin
]% +6/0/-6dB ® oo X | L1VL2-0 bits
MIC-Amp Lch

LOOPR bit x LOOPM bit
o o

DACL bit
DATT Stereo DAC Lch 0dB g O/ O
DACR bit x LOM bit

oo

RINR1 bit
RIN1 pin @ +6/0/-6dB O/C
RINR2 bit
RIN2 pin @ +6/0/-6dB O/C
RINRS bit
RIN3 pin —@ +6/0/-60B o o
RINR4 bit
RIN4 pin +6/0/-601B oo

LOOPL bit x LOOPM bit I —/%—b ROUT1 pin

o o X | L1VL2-0 bits

LOOPR bit
]_Pa . oo
MIC-Amp Rch DACL bit x LOM bit

oo

DACR bit
DATT Stereo DAC Rch 0dB ® O/C

Figure 67. LOUT1/ROUT1 Mixing Circuit (IF1=MDIF2=MDIF3=MDIF4 bits = “0")
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IN1+/- pins

+6/0/-6dB

-

LINL1 bit

oo

[AK4671]

LINL2 bit

oo

+6/0/-6dB

LINL3 bit

oo

IN3+/— pins

+6/0/-6dB

LINL4 bit

oo

LOOPL bit

MIC-Amp Lch

DATT

Stereo DAC Lch

0dB

O/C
LOOPR bit x LOOPM bit

oo

DACL bit

oo

DACR bit x LOM bit

oo

RINR1 bit

% LOUT1 pin

L1VL2-0 bits

+6/0/-6dB

O/O
RINR2 bit

oo

IN2+/- pins

+6/0/-6dB

RINRS3 bit

oo

RINR4 bit

oo

IN4+/—- pins

+6/0/-6dB

LOOPL bit x LOOPM bit

o o
LOOPR bit

oo

];/I(:P—inp Rch

DATT

Stereo DAC Rch

0dB

DACL bit x LOM bit

oo

DACR bit

oo

% ROUT1 pin

L1VL2-0 bits

Figure 68. LOUT1/ROUT1 Mixing Circuit (MIF1=MDIF2=MDIF3=MDIF4 bits = “1")
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W Receiver-Amp (RCP/RCN pins)

When RCV bit = “1”, LOUT1/ROUT1 pins become RCP/RCN pins, respectively. Lch/Rch signal of DAC or
LINLZ/RINL/LIN2/RIN2/LIN3/RIN3/LIN4/RIN4 is output fromthe RCP/RCN pins which is BTL as (L+R) signal. The
load impedance is 82 (min). When the PMLO1 = PMRO1 bits =",&the mono receiver output enters power-down
mode and the output is Hi-Z. When the PMLO1 = PMRO1bits” and LOPS1 bit = “1”, mono receiver output enters
power-save mode. Pop noise at powpfdown can be reduced by changing PMLO1 and PMRO1 bits at LOPS1 bit =
“0". When PMLO1 = PMRO1 bits = “1” and LOPS1 bit“8”, mono receiver output enters in normal operation.
L1VL3-0 bits control the valme of mono receiver output.

L1VL2-0 Attenuation

6H +12dB

5H +6dB (default)
4H 0dB

3H -6dB

2H -12dB

1H -18dB

OH MUTE

Table 68. Mono Receivé@utput Volume Setting

PMLO1/RO1 LOPS1 Mode RCP RCN
0 X Power-down Hi-Z Hi-Z (default)
1 1 Power-save Hi-Z VCOM
0 Normal Operation | Normal Operatian Normal Operafon

Table 69. Receiver-Amp Mode Setting (x: Don't care)

PMLO1 bit
PMRO1 bit \ /'
LOPS1 hit o

1 : 1

1 1 1 1

i : : i

1 1 1 1
. ! VCOM | ! VCOM | |
RCNpin  Hi-z > \ : < Hiz

= : : : :

1 1 :

Figure 69. Power-up/Powelewn Timing for Receiver-Amp
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<Analog Mixing Circuit for Receiver Output>

DACL, DACR, LINL1, RINR1, LINL2, RNR2, LINL3, RINR3, LINL4, RINR4LOOPL and LOOPR bits control each
path switch.
When MDIF1/2/3/4 bits = “1", RIR1/2/3/4 bits should be “0".

LINL1 bit
LIN1 pin s +6/0/-60B o~ o
LINL2 bit
LIN2 pin P +6101-6d8—— 0”0
LINL3 bit
LIN3 pin ® +6/0/-6dB o/o
LINL4 bit
LIN4 pin +6/0/-6d8 ——0~0
LOOPL bit
} +6/0/-6dB oo
MIC-Amp Lch
RINRL bit
RIN1 pin ° +6101-608|——0” 0 M
RINR2 bit | | %» RCP/RCN pins
RIN2 pin ® +6/0/-6dB oo X | L1VL2-0 bits
RINR3 bit
RIN3 pin —@ +6/0/-6d8——0" 0
RINR4 bit
RIN4 pin +6/01-6d8——0~ 0
LOOPR bit
]—{ +6/0/-6dB O/O
MIC-Amp Rch DACL bit
DATT Stereo DAC Lch 0dB oo
DACR bit
DATT Stereo DAC Rch 0dB O/ (@]
Figure 70. Receiver Mixin@ircuit (MDIF1=MDIF2=MDIF3=MDIF4 bits = “0")
MS0666-E-02 2010/06
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LINL1 bit
IN1+/- pins L 2 +6/0/-6dB o/ O
LINL2 bit
IN2+/- pins @ +6/0/—-6dB o/ O
LINL3 bit
IN3+/- pins @ +6/0/—-6dB O/ O
LINL4 bit
IN4+/— pins —@ +6/0/-608 ——0" 0
LOOPL bit
} +6/0/-6dB o/ e
MIC-Amp Lch
LOOPR bit
j—{ +6/0/-6dB o/ O
MIC-Amp Rch DACL bit
DATT Stereo DAC Lch 0dB O/ O
DACR bit
DATT Stereo DAC Rch 0dB O/ O

MS0666-E-02

Figure 71. Receiver Mixin@ircuit (MDIF1=MDIF2=MDIF3=MDIF4 bits = “1")
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B Headphone Output (LOUT2/ROUT2 pins)

Power supply voltage for the LOUT2/ROUT2 is supplicom the AVDD pin and centered on the 0.5 x AVDD (typ)
voltage. The load resistance i<1@min). HPG3-0 bits control the output volunieble 7(.

When LOM2 bit = “1", DAC output signal is outptd LOUT2 and ROUT2 pins as (L+R) mono signal.

When LOOPM2 bit = “1”, the MIC-Amp signal is outptst LOUT2 and ROUT2 pins as (L+R) mono signal.

HPG3-0 Attenuation

DH +6dB

CH +3dB

BH 0dB (default)
AH -3dB

2H -27dB

1H -30dB

OH MUTE

Table 70. LOUT2/ROUT2 Output Volume

When the MUTEN bit is “0”, the camon voltage of LOUT2/ROUT2 falld the outputs (LOUT2 and ROUT2 pins)
change to “L” (VSS1). When the MUTEDIt is “1”, the common voltage riséo VCOM voltage. A capacitor between
the MUTET pin and ground reduces pop na@spower-up. Rise/Fall time constastin proportional to AVDD voltage
and the capacitor at MUTET pin.

[Example]: A capacitor between the MUTET pin and ground gH,.8VDD=3.3V:

Rise/fall time constant = 100ms(typ), 250ms(max)
Time until the common goes ¥5S1 when MUTEN bit = “1= “0”: 500ms(max)

When PMLO2, PMRO2, PMLO2S and PMRO2S bits are “0”, the LOUT2/ROUT2 is powered-down, and the outputs
(LOUT2 and ROUT2 pins) go to “L” (VSS1).

PMLO2 bit, PMRO2 bit,
PMLO2S bit, PMRO2S bit

MUTEN bit

}

1

1

1

1

1

|

. i

| |

LOUT2 pin, i i
ROUT2 pin : !
| i

| i

(1) (é) ©)) (4)

Figure 72. Power-up/Power-down Timing for LOUT2/ROUT2

(1) LOUT2/ROUT2 power-up (PMLO2, PRO2, PMLO2S, PMRO2S bit = "L The outputs are still VSS1.

(2) LOUT2/ROUT2 common voltage rises up (MUTEN bit = “1").

(3) LOUT2/ROUT2 common voltage falls down (MUTEN bit = “0").

(4)LOUT2/ROUT2 power-down (PMLO2, PMRO2, PMLO2S, PMRO2S bit = “0"). The outputs are VSSL1. If the power
supply is switched off or LOUT2/ROWTis powered-down before the common voltage goes to VSS1, some POP
noise occurs.
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<Analog Mixing Circuit for LOUT2/ROUT2>

[AK4671]

DACHL, DACHR, LOM2, LINH1, RINH1, LINH2, RINH2, LNH3, RINH3, LINH4, RINH4, LOOPHL, LOOPHR and
LOOPM2 bits control each path switch.

+6/0/-6dB

LINH1 bit

LIN1 pin

oo

LINH2 bit

LIN2 pin

LIN3 pin —@

+6/0/-6dB

+6/0/-6dB

o o
LINH3 bit

oo

LIN4 pin

+6/0/-6dB

LINH4 bit

oo

+6/0/-6dB

LOOPHL bit

oo

MIC-Amp Lch

LOOPHR bit x LOOPM2 bit

oo

DATT

Stereo DAC Lch

0dB

DACHL bit

oo

+6/0/-6dB

DACHR bit x LOM2 bit

oo

RINH1 bit

oo

—/%—V LOUT2 pin

HPG3-0 bits

RIN1 pin

+6/0/-6dB

RINH2 bit

RIN2 pin

oo

RINH3 bit

RIN3 pin —@&

RIN4 pin

+6/0/-6dB

+6/0/-6dB

O/C
RINH4 bit

oo

LOOPHL bit x LOOPM?2 bit

oo

+6/0/-6dB

LOOPHR bit

oo

MIC-Amp Rch

DACHL bit x LOM2 bit

oo

DATT

Stereo DAC Rch

DACHR bit

L 4 O/C

0dB

—/%—V ROUT2 pin

HPG3-0 bits

Figure 73. LOUT2/ROUT2 Mixing Circuit (MIF1=MDIF2=MDIF3=MDIF4 bits = “0")

MS0666-E-02

2010/06



AsahiKASEI

IN1+/- pins

+6/0/-6dB

LINH1 bit

—e

O/C
LINH2 bit

oo

+6/0/-6dB

LINH3 bit

oo

IN3+/— pins

+6/0/-6dB

LINH4 bit

oo

LOOPHL bit

oo

MIC-Amp Lch

DATT

LOOPHR bit x LOOPM2 bit

oo

DACHL bit

oo

Stereo DAC Lch

0dB

DACHR bit x LOM2 bit

oo

[AK4671]

—/%—P LOUT2 pin

HPG3-0 bits

RINH1 bit

oo

RINH2 bit

IN2+/- pins

+6/0/-6dB

+6/0/-6dB

O/C
RINH3 bit

oo

RINH4 bit

oo

IN4+/- pins

+6/0/-6dB

LOOPHL bit x LOOPM2 bit

oo

LOOPHR bit

oo

MIC-Amp Rch

DATT

DACHL bit x LOM2 bit

oo

DACHR bit

o oo

—/%—V ROUT2 pin

HPG3-0 bits

Stereo DAC Rch

0dB

Figure 74. LOUT2/ROUT2 Mixing Circuit (@IF1=MDIF2=MDIF3=MDIF4 bits = “1")
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W Stereo Line Output 3 (LOUT3/ROUT3 pins)

When DACSL and DACSR bits are “1”, Lch/Rch signal of DAC is output from the LOUT3/ROUTS3 pins which is
single-ended. When DACSL and DACSR bits are “0”potisignal is muted and LOWBIROUT3 pins output VCOM
voltage. The load impedance is IDkmin.). When the PMLO3=PMRO3=LOP3ts = “0", LOUT3/ROUT3 enters
power-down mode and the output is pulled-down to VSS1 byQ@@g). When the LOPS3itas “1”, LOUT3/ROUT3
enters power-save mode. Pop noispater-up/down can be reduced by mgiag PMLO3 and PMROS bits at LOPS3

bit =“1". In this case, output signlithe should be pulled-down to VSS1 by 2ZDkfter AC coupled aBigure 75 Rise/Fall

time is 300ms(max) at CeF and AVDD=3.3V. When PMLO3=PMRO3 bits = “1” and LOPS3 bit = “0”",
LOUT3/ROUT3 is in normal operation.

L3VL3-0 bits control the volume of LOUT3/ROUTS3.
When LOMS3 bit = “1”, DAC output signal is outptd LOUT3 and ROUTS3 pins as (L+R) mono signal.
When LOOPMS bit = “1", the MIC-Amp signal is outptet LOUT3 and ROUTS3 pins as (L+R) mono signal.

LOPS3 PMLO3 Mode LOUTRiIn
0 0 Power-down Pull-down to VSS1 (default)
1 Normal Operation Normal Operation
1 0 Power-save Fall down to VSS1
1 Power-save Rise up to VCOM

Table 71. Stereo Line Quit Mode Select (LOUT3)

LOPS3 PMRO3 Mode ROUTSIN
0 0 Power-down Pull-down to VSS1 (default)
1 Normal Operation Normal Operation
1 0 Power-save Fall down to VSS1
1 Power-save Rise up to VCOM

Table 72. Stereo Line Quit Mode Select (ROUT3)

L3VL1 L3VLO Attenuation
1 1 +3dB
1 0 0dB (default)
0 1 -3dB
0 0 -6dB

Table 73. Stereo Lin®utput Volume Setting

LOUT3 1uF
BOUT?) || 220Q
e Y >

20kQ

Figure 75. External Circuit for Stereo Line @ut (in case of using Pop Noise Reduction Circuit)
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<Stereo Line Output 3 Control Sequence (in case of using Pop Noise Reduction Circuit)>

PMLO3 bit
PMRO3 bit

(1)

(2)

5)

(3)

LOPS3 bit I

LOUT3, ROUTS3 pins

[AK4671]

(6)

Normal Output

Figure 76. Stereo Line Outp8tControl Sequence (in case of using Pop Noise Reduction Circuit)

(1) Set LOPS3 bit = “1". Stereo lingutput enters the power-save mode.

(2) Set PMLO3=PMRO3 bits = “1". Sterdime output exits the power-down mode.
LOUT3 and ROUT3 pins rise up to VCOM vale Rise time is 200ms (max 300ms) at @=and

AVDD=3.3V.

(3) Set LOPS3 bit = “0” after LOUT3 and ROUTS3 pins rige Stereo line output exits the power-save mode.
Stereo line output is enabled.

(4) Set LOPS3 bit =“1". Stereo lnoutput enters power-save mode.

(5) Set PMLO3=PMRO3 bits = “0". Stereo line output enters power-down mode.
LOUT3 and ROUT3 pins fall down to VSS1. Fall time is 200ms (max 300ms) atFCarid AVDD=3.3V.
(6) Set LOPS3 bit = “0” after LOUT3 and ROUT3 pins fadlwn. Stereo line output exits the power-save mode.

MS0666-E-02

-94 -

2010/06



AsahiKASEI

<Analog Mixing Circuit for LOUT3/ROUT3>

[AK4671]

DACSL, DACSR, LOM3, LINS1, RINS1, LINS2, RINS2, NE3, RINS3, LINS4, RINS4, LOOPSL, LOOPSR and

LOMS3 bits control each path switch.

LIN1 pin

+6/0/-6dB

LINS1 bit

oo

LIN2 pin

+6/0/-6dB

LINS2 bit

oo

LIN3 pin

+6/0/-6dB

LINS3 bit

oo

LIN4 pin

+6/0/-6dB

LINS4 bit

+6/0/-6dB

oo
LOOPSL bit

oo

jﬁllz:np Lch

LOOPSR bit x LOOPM3 bit

oo

DATT

Stereo DAC Lch

0dB

DACSL bit

® O/O

RIN1 pin

+6/0/-6dB

DACSR bit x LOM3 bit

oo

RINS1 bit

oo

—/%—» LOUT3 pin

L3VL1-0 bits

RIN2 pin

+6/0/-6dB

RINS2 bit

oo

RIN3 pin —@

RIN4 pin

+6/0/-6dB

RINS3 bit

oo

+6/0/-6dB

RINS4 bit

oo

LOOPSL bit x LOOPM3 bit

+6/0/-6dB

oo
LOOPSR bit

oo

MIC-Amp Rch

DACSL bit x LOM3 bit

oo

DATT

Stereo DAC Rch

0dB

DACSR bit

. oo

MS0666-E-02

—’%—b ROUT3 pin

L3VL1-0 bits

Figure 77. LOUT3/ROUT3 Mixing Circuit (@IF1=MDIF2=MDIF3=MDIF4 bits = “0")
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IN1+/- pins

+6/0/-6dB

LINS1 bit

-

oo

LINS2 bit

+6/0/-6dB

O/C
LINS3 bit

oo

IN3+/— pins

+6/0/-6dB

LINS4 bit

oo

LOOPSL bit

oo

MIC-Amp Lch

DATT

LOOPSR bit x LOOPM3 bit

oo

DACSL bit

oo

Stereo DAC Lch

0dB

DACSR bit x LOM3 bit

oo

RINS1 bit

oo

[AK4671]

% LOUTS3 pin

L3VL1-0 bits

+6/0/-6dB

RINS2 bit

oo

IN2+/- pins

RINS3 bit

oo

RINS4 bit

IN4+/- pins

+6/0/-6dB

+6/0/-6dB

O/C
LOOPSL bit x LOOPM3 bit

oo

LOOPSR bit

oo

];/I(:P—inp Rch

DATT

DACSL bit x LOM3 bit

oo

DACSR bit

. oo

Stereo DAC Rch

0dB

% ROUT3 pin

L3VL1-0 bits

Figure 78. LOUT3/ROUT3 Mixing Circuit (MIF1=MDIF2=MDIF3=MDIF4 bits = “1")

MS0666-E-02

-06 -

2010/06



AsahiKASEI [AK4671]

W Full-differential Mono Line  Output (LOP/LON pins)

When LODIF bit = “1”, LOUT3/ROUT3 pins become [RILON pins, respectivelylL.ch/Rch signal of DAC or
LINI/RINL/LIN2/RIN2/LIN3/RIN3/LIN4/RIN4 is output fromthe LOP/LON pins which is full-differential as (L+R)
signal. The load impedance is IDkmin) for LOP and LON pins, respectivel/hen the PMLO3 = PMRO3 bits = “0”,

the mono line output enters power-dowada and the output is pulled-down to VSS1. When the PMLO3 = PMRO3 bits
="1" and LOPS3 bit = “1”, mono line output enters powave mode. Pop noise at pavwg/down can be reduced by
changing PMLO3 and PMROS bits at LOPS3 bit = “0". WRILO3 = PMROS bits = “1” and LOPS3 bit = “0”, mono
line output enters in normal operation. L3}D bits set the volume of mono line output.

L3VL1-0 Attenuation
3H +9dB
2H +6dB (default)
1H +3dB
OH 0dB
Table 74. Mono Lin®utput Gain Setting
LOPS3 PMLO3/RO3 Mode LOUTBIn
0 0 Power-down Pull-down to VSS1 (default)
1 Normal Operation Normal Operation
1 0 Power-save Fall down to VSS1
1 Power-save Rise up to VCOM

Table 75. Mono Lin®utput Mode Setting

<Full-differential Mono Line Ou tput Control Sequence (in case of using Pop Noise Reduction
Circuit)>

(2) 5)
PMLO3 bit
PMRO3 bit
(1) 3) (4) (6)

LOPS3 bit | |

LOP,LON pins

Normal Output
> 300 ms > 300 ms

Figure 79. Mono Line Output 3ddtrol Sequence (in case of ngiPop Noise Reduction Circuit)

(1) Set LOPS3 bit =“1". Mono line output enters the power-save mode.
(2) Set PMLO3 = PMRO3 bits = “1". Mono line output exits the power-down mode.
LOP and LON pins rise up to VCOM voltadreise time is 200ms (max 300ms) at @GEZland AVDD=3.3V.
(3) Set LOPS3 bit = “0” after LOP and LON pins rigp. Mono line output exits the power-save mode.
Mono line output is enabled.
(4) Set LOPS3 bit =“1". Mono line output enters power-save mode.
(5) Set PMLO3 = PMRO3 bits = “0”. Mono line output enters power-down mode.
LOP and LON pins fall down to VSS1. Fall time is 200ms (max 300ms) aifcatid AVDD=3.3V.
(6) Set LOPS3 bit = “0” after LOP and LON pins fdlbwn. Mono line output exits the power-save mode.

MS0666-E-02 2010/06
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<Analog Mixing Circuit for Mono Line Output>

DACSL, DACSR, LINS1, RINS1, LINS2, RINS2, LINS3, RISSLINS4, RINS4, LOOPSL and LOOPSR bits control
each path switch.
When MDIF1/2/3/4 bits = “1", RINS1/2/3/4 bits should be “0".

LINS1 bit
LIN1 pin @ +6/0/-6dB o/ O
LINS2 bit
LIN2 pin s +6/0/-6dB|——0" 0
LINS3 bit
LIN3 pin L 2 +6/0/-6dB o/o
LINS4 bit
LIN4 pin +6/0/-6dB o/ O
LOOPSL bit
]—{ +6/0/-6dB O/C
MIC-Amp Lch
RINS1 bit
RIN1 pin L 2 +6/0/-6dB o/o M
RINS2 bit [ %—» LOP/LON pins
RIN2 pin * +6/0/-6dB oo X | L3VL1-0 bits
RINS3 bit
RIN3 pin —@ +6/0/-6dB o/o
RINS4 bit
RIN4 pin +6/0/-608——0” 0
LOOPSR bit
j—{ +6/0/-6dB O/C
MIC-Amp Reh DACSL bit
DATT Stereo DAC Lch 0dB o o
DACSR bit
DATT Stereo DAC Rch 0dB O/ O

Figure 80. Mono Line Output Mixing CircuiMDIF1=MDIF2=MDIF3=MDIF4 bits = “0")

MS0666-E-02 2010/06
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[AK4671]

LINS1 bit
IN1+/~ pins ° +6/0-608 | ——0~0
LINS2 bit
IN2+/- pins @ +6/0/—-6dB o/o
LINS3 bit
IN3+/— pins @ +6/0/-6dB o/ O
LINS4 bit
IN4+/— pins —@ +610/-608——0" 0
LOOPSL bit
} +6/0/-6dB o/ o
MIC-Amp Lch
LOOPSR bhit
j—{ +6/0/-6dB o/ o
MIC-Amp Reh DACSL bit
DATT Stereo DAC Lch 0dB O/ O
DACSR bit
DATT Stereo DAC Rch 0dB O/ O

% LOP/LON pins

L3VL1-0 bits

Figure 81. Mono Line Output Mixing CircuiMDIF1=MDIF2=MDIF3=MDIF4 bits = “1")
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W System Clock (PCM I/F)

A reference clock of PLLBT is selext among the input clocks to SYNCA, BICKA, SYNCB or BICKB pin. The
required clock to PCM I/F is gerated by an internal PLLBT circuit. PLIRircuit is powered up by PMPCM bit. Input
frequency is selected by PLLBT3-0 bifsaple 7¢. BCKO2 bit select the outputadk frequency of BICKA or BICKB
pin (Table 77. AK4671 does not support master mode for both PEM\IAnd B nor slave mode for both PCM I/F A and
B. Whether PCM I/F A or B should be set as slave méd¢teen PMPCM bit is “0”, SYNCA, BICKA, SYNCB and
BICKB pins are Hi-ZTable 78indicates the output data 8DTOA and SDTOB pins in case of PMPCM bit = “0” and

during lock time inTable 76, respectivelyiable 79indicates the output clock at star mode during lock time ifable
76.

- 100 -

Reference Clock R, Cat . Lock Time
Mode | PLLBT3 | PLLBT2 | PLLBT1| PLLBTO Inout Pin Frequency| VCOCBT pin max
pu R C (max)
0 0 0 0 0 SYNCA 1fs2 6.8k 220r] 260mq (default)
1 0 0 0 1 BICKA 16fs2 10k 4.7n 40ms
2 0 0 1 0 BICKA 32fs2 10k 4.7n 40ms
3 0 0 1 1 BICKA 64fs2 10k 4.7n 40ms
4 0 1 0 0 SYNCB 1fs2 6.8k 220 260ms
5 0 1 0 1 BICKB 16fs2 10k 4.7n 40ms
6 0 1 1 0 BICKB 32fs2 10k 4.7n 40ms
7 0 1 1 1 BICKB 64fs2 10k 4.7n 40ms
11 1 0 1 1 BICKA 48fs2 10k 4.7n 40ms
15 1 1 1 1 BICKB 48fs2 10k 4.7n 40ms
Others N/A
Table 76. PLLBT Reference Clock (N/A: Not available)
Note 65. Mode 1 is available at only FMTAL bit = “0".
Note 66. Mode 5 is available at only FMTB1 bit = “0".
BCKO2 bit BICKA/BICKB
Output Frequency
0 16fs2 (default)
1 32fs2
Table 77. BICKA/B Output Frequency
. After PMPCM bit = “0"— “1” PMPCM bit = “1”
Mode PMPCMbIt="0" | ¢ Before SYNCA/SYNCB Input | During Locktime
16bit Linear L L 0000H
8bit A-Law L H 11010101b
8bit u-Law L H 11111111b
Table 78. SDTOA, SDTOB pins Output Data
Format SYNCA, SYNCB BICKA, BICKB
Except for S L L
1°S H L
Table 79. Output Clock during Lock Time
MS0666-E-02 2010/06
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a) PLLBT reference clock: SYNCA or BICKA pin

The PLLBT circuit generates the required clock for PCMftbm SYNCA or BICKA. Geneated clocks are output via
SYNCB and BICKB pins.

AK4671 Phone Module

SYNCA [ |sync

BICKA BICK

SDTOA SDTI

SDTIA SDTO

Bluetooth Module

SYNCB SYNC

BICKB

1, sossose ]
. 16fs2 or 32fs2 BICK
L]

SDTIB . SDTO

Figure 82. PCM I/F (PLLBT Reference Clock: SYNCA or BICKA pin)

b) PLLBT reference clock: SYNCB or BICKB pin

The PLLBT circuit generates the required clock for POMftbm SYNCB or BICKB. Genmted clocks are output via
SYNCA and BICKA pins.

AK4671 Phone Module

1fs2
16fs2 or 32fs2

SDTIA

SYNCB SYNC
BICKB 2 16152 [ |BICK
SDTOB SDTI
SDTIB SDTO

Figure 83. PCM I/F (PLLBT Reference Clock: SYNCB or BICKB pin)

PLLBT should always be powered-up (PMPCM bit = “1") wbear SRC-A or SRC-B is in operation (PMSRA bit =“1"

or PMSRB bit = “1"). If PLLBT is powered-down, the AK4671 yndraw excess current and it is not possible to operate
properly because utilizes dynamic refreshed logic internally. If PLLBT is powered-down, SRC-A, SRC-B and SRC-C
should be in the power-down mode (PMSRA=PMSRB bits = “0").

MS0666-E-02 2010/06
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H PCM I/F Master Mode/Slave Mode

[AK4671]

The PLLBT?2 bit selects eithenaster or slave mod&gble 8). When either PCM I/F A or PCM I/F B is set in slave
mode, the other is set in master mode. (For example, RG@&hI/F B is set in slave mode, PCM I/F A is set in master
mode.) When the AK4671 is power-down mode (PDN pth"¥or PMPCM bit = “0”, each clock pins (SYNCA,
BICKA, SYNCB, BICKB) of PCM I/F become a Hi-ZT@ble 8).

PLLBT3-0 bits should be set when PMPCM bit = “0” to avslidrting out of the slave modtck pins and master mode

clock output.

After setting the PDN pin = “H”, the PCM I/F clock pingdhe Hi-Z state until PMPCMithbecomes “1”. The PCM I/F
clock pins of master modshould be pulled-down or pullags by the resistor (about 1Rk externally to avoid the

floating state.

PLLBT2 bit PCM I/F A SYNCA, BICKA pins PCM I/F B SYNCB, BICKB pin
0 Slave Mode Input Master Mode Output
1 Master Mode Output Slave Mode Input
Table 80. Select PCM I/F Master/Slave Mode
PDN pin PMPCM bit SYNCA, BICKA pin SYNCB, BICKB pin
L - Hi-Z Hi-Z
0 Hi-Z Hi-Z
H 1 I/0 Select by PLLBT2 bit| I/O Select by PLLBT2 bif
(Table 80 (Table 80
Table 81. PCM I/F Clock I/O State
MS0666-E-02
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H PCM I/F A & B Format

AK4671 supports dual PCM I/F (PCM I/F A & PCM I/F B) tizatpports 3 kind of I/F (16bit Linear, 8bit A-Law and 8bit
u-Law) independentlyTable 82andTable 83.

Mode LAWA1L LAWAO Format
0 0 0 16bitLinear (default)
1 0 1 N/A
2 1 0 8bitA-Law
3 1 1 8hit pu-Law

Table 82. PCM I/F A Mode (N/A: Not available)

Mode LAWB1 LAWBO Format
0 0 0 16bitLinear (default)
1 0 1 N/A
2 1 0 8hitA-Law
3 1 1 8bit u-Law

Table 83. PCM I/F B Mode (N/A: Not available)

Four types of data formats are available and are selegtsaiting the FMTA1-0 and FMTB1-0 bits independentigife
84 andTable 85. In 16bit Linear mode, the serial data is Mi8Bt, 2's complement format. In 8bit A-Law apdLaw
Mode, the serial data is MSB first. PCM I/F formats barused in both master and slave modes. SYNCA/B and
BICKA/B are output from the AK4671 in master mobtet must be input to the AK4671 in slave mode.

Mode FMTA1L FMTAO Format BICKA Figure
0 0 0 Short Frame Syng¢ > 16fs2 | SeeTable 86 | (default)
1 0 1 Long Frame Synd > 16fs2 | SeeTable 88
2 1 0 MSBjustified > 32fs2 Figure 92
3 1 1 FS > 32fs2 Figure 93

Table 84. PCM I/F A Format

Mode FMTB1 FMTBO Format BICKB Figure
0 0 0 Short Frame Syn¢ > 16fs2 | SeeTable 87 | (default)
1 0 1 Long Frame Synd > 16fs2 | SeeTable 89
2 1 0 MSBjustified > 32fs2 Figure 92
3 1 1 FS > 32fs2 Figure 93

Table 85. PCM I/F B Format

In modes 2 and 3, the SDTOA/B is clocked out on the falling edg®¢f BICKA/B and the SDTIA/B is latched on the
rising edge (1”).

In Modes 0 and 1, PCM I/F A timing is changed by BCK#&# MSBSA bits, and PCM I/F B timing is changed by
BCKPB and MSBSB bits.

When BCKPA bit = “0”, the SDTOA is clocked out on the rising edd&)(®f BICKA and the SDTIA is latched on the
falling edge (4”). When BCKPA bit = “1”, the SDTOA is clocked out on the falling edgl’'of BICKA and the
SDTIA is latched on the rising edgel().

MSBSA bit can shift the MSB position of SDTOA and SDTIA by half period of BICKA.

When BCKPB bit = “0”, the SDTOB is clocked out on the rising edd&) ¢f BICKB and the SDTIB is latched on the
falling edge (4”). When BCKPB bit = “1”, the SDTOB is clocked out on the falling edge)(bf BICKB and the
SDTIB is latched on the rising edgé'().

MSBSB bit can shift the MSB position of SDTOB and SDTIB by half period of BICKB.

MS0666-E-02 2010/06
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MSBSA | BCKPA Data Interface Format Figurg
MSB of SDTOA is outpuby next rising edge ) of the falling edge ¢”) of BICKA
0 0 after the rising edge 1) of SYNCA. MSB of SDTIA is latched by the falling edge.{j of | Figure 84
the BICKA just after the output timing of SDTOA’s MSB.
MSB of SDTOA is output by next falling edgel() of the rising edge (") of BICKA
0 1 after the rising edge ") of SYNCA. MSB of SDTIA is latched by the rising edgé () of | Figure 85
the BICKA just after the output timing of SDTOA’s MSB.
MSB of SDTOA is outpuby the 2nd rising edge 1) of BICKA after the rising edge (™)
1 0 of SYNCA. MSB of SDTIA is latched by the falling edgd {} of the BICKA just after the Figure 86
output timing of SDTOA’s MSB.
MSB of SDTOA is output by the 2nd falling edgd () of BICKA after the rising edge
1 1 (“T") of SYNCA. MSB of SDTIA is latched by the rising edgé™( of the BICKA just Figure 87
after the output timing of SDTOA’'s MSB.
Table 86. PCM I/F A Format in Mode O
MSBSB | BCKPB Data Interface Format Figure
MSB of SDTOB is outpuby next rising edge ) of the falling edge (") of BICKB after
0 0 the rising edge (™) of SYNCB. MSB of SDTIB is latched by the falling edgd () of the | Figure 84
BICKB just after the output timing of SDTOB’s MSB.
MSB of SDTOB is outpuby next falling edge ¢”) of the rising edge (t") of BICKB after
0 1 the rising edge (M) of SYNCB. MSB of SDTIB is latched by the rising edgé"{jof the | Figure 85
BICKB just after the output timing of SDTOB’s MSB.
MSB of SDTOB is output by the 2nd rising edgé”j‘of BICKB after the rising edge )
1 0 of SYNCB. MSB of SDTIB is latched by the falling edge(J of the BICKB just after the| Figure 86
output timing of SDTOB’s MSB.
MSB of SDTOB is output by the 2nd falling edgé (' of BICKB after the rising edge
1 1 (“T) of SYNCB. MSB of SDTIB is latched by the rising edgé"l)'of the BICKB just after| Figure 87
the output timing of SDTOB’s MSB.
Table 87. PCM I/F B Format in Mode O
MSBSA | BCKPA Data Interface Format Figurg
0 0 MSB of SDTOA is output by the rising edgd tj of SYNCA. MSB of SDTIA is latched by Fiqure 88
the falling edge ¢”) of the BICKA just after the output timing of SDTOA’s MSB. 9
0 1 MSB of SDTOA is output by the rising edgd tj of SYNCA. MSB of SDTIA is latched by Fiqure 89
the rising edge (M) of the BICKA just after the output timing of SDTOA’s MSB. 9
MSB of SDTOA is output by the rising edgd {j of the first BICKA after the rising edge
1 0 (“T) of SYNCA. MSB of SDTIA is latched by the falling edgel{) of the BICKA just | Figure 90
after the output timing of SDTOA’'s MSB.
MSB of SDTOA is output by the falling edgel{) of the first BICKA after the rising edge
1 1 (“T") of SYNCA. MSB of SDTIA is latched by the rising edgé™() of the BICKA just Figure 91
after the output timing of SDTOA’'s MSB.
Table 88. PCM I/F A Format in Mode 1
MSBSB | BCKPB Data Interface Format Figure
0 0 MSB of SDTOB is output by the rising edgé {f of SYNCB. MSB of SDTIB is latched by Fiqure 88
the falling edge ¢”) of the BICKB just after the output timing of SDTOB’s MSB. 9
0 1 MSB of SDTOB is output by the rising edgé {f of SYNCB. MSB of SDTIB is latched by Fiqure 89
the rising edge (M) of the BICKB just after the output timing of SDTOB'’s MSB. 9
MSB of SDTOB is output by the rising edgd(} of the first BICKB after the rising edge
1 0 (“T) of SYNCB. MSB of SDTIB is latched by the falling edgd () of the BICKB just | Figure 90
after the output timing of SDTOB’s MSB.
MSB of SDTOB is output by the falling edgel{} of the first BICKB after the rising edge
1 1 (“T) of SYNCB. MSB of SDTIB is latched by the rising edgé't)'of the BICKB just after| Figure 91
the output timing of SDTOB’s MSB.
Table 89. PCM I/F B Format in Mode 1
MS0666-E-02 2010/06
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i 1Ufs2
|
SYNCA k A
BICKA | I f I | l

(16bit Linear)

- Y___

SDTOA ! D15|D14|D13|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |D1 |Do | ; [b15]D14
1 1

SsDTIA | Don'tC%re |D15|D14|Dl3|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |Dl |DO |‘ Y iD15|D14|

(8bit A-Law/p-Law) : : Don't Care i :

SDTOA ! D7 |D6 |D5 |D4 |D3 |D2 |D1 |Do | ; |D7 D6
1 i H i

SDTIA Dont Care iD7 |D6 |D5 |D4 |D3 |D2 |D1 |D0 | Don't Care Don't Care | D7 |D6 |

Figure 84. Timing of Short Frame Sync (MSBSA bit = “0”, BCKPA bit = “0")

i Ufs2
'
SYNCA b 1
BICKA l f f l f | f

1 1
(16bit Linear) i

Y.

SDTOA i D15|D14|D13|D12|D]_1|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |D1 |Do | E {D15] D14
l 1
!
SDTIA | Dontcare |D15|Dl4|Dl3|D12|D11|D10|D9 |os [p7 |D6 D5 [pa [D3 [p2 [p1 Do | | v ' iD15|Dl4|
(8bit A-Law/u-Law) E ' i i
SDTOA ; D7 |D6 |D5 |D4 |D3 |D2 |D1 |Do | Don't Care ; D7 | D6
H i H
SDTIA Don'tCellre I|D7 |D6 |D5 |D4 |D3 |D2 |D1 |DO | Don't Care I D7 |D6 |

Figure 85. Timing of Short Frame Sync (MSBSA bit = “0”, BCKPA bit = “1")

1/fs2

SYNCA 4

BICKA | l l
T
1

(16bit Linear) E

1
SDTOA ; D15|D14|D13|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |D1 |DO | ; D15 | D14
1 1
1 I ]
SDTIA | Dot Care iD15|Dl4|Dl3|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |Dl |Do |, I iD15|D14|
(8bit A-Law/u-Law) E : Don't Care / E :
SDTOA ! D7 |D6 |D5 |D4 |D3 |D2 |D1 |Do | : D7 |D6
i i ! |
SDTIA Don’tI Care iD7 |D6 |D5 |D4 |D3 |D2 |D1 |D0 | Don't Care I iD? |D6 ‘

Figure 86. Timing of Short Frame Sync (MSBSA bit = “1”, BCKPA bit = “0")
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i 1/fs2 >
'

SYNCA 4 f

BICKA I f f I f l f

1 1
(16bit Linear) i ' i '

SDTOA ! D15|Dl4|Dl3|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |Dl |DO | ' [D15] D14
d ' ! '

SDTIA | Dot Care iD15|D14|D13|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |D1 |Do |'_ ’I,y i015|014|

(8bit A-Law/p-Law) ; : Don't Care i :

SDTOA ! D7 |D6 |D5 |D4 |D3 |D2 |D1 |Do | ; D7 |D6
: ! ! -

SDTIA Don’tICare iD7 |D6 |D5 |D4 |D3 |Dz ||31 |D0 | Don't Care Doln’tCare iD7 |D6 ‘

Figure 87. Timing of Short Frame Sy(MdSBSA bit = “1”, BCKPA bit = “1")

- 1/fs2

I

g

1 [l

e I T | |

1 I
1 1

1 1
(16bit Linear) [ [

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

1
SDTIA |Don’tCareiD15|D14|D13|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |D1 |D0 | « .y

.
i D15 | D14| D13 |
(8bit A-Law/u-Law) 1

: Don'tCare/ F
SDTOA |D7 |D6 |D5 |D4 |D3 |D2 |Dl |Do | |D7 D6 |D5
1 1

1 1
[l [l
SDTIA |Don’1Care|D7 |D6 |D5 |D4 |D3 |D2 |D1 |D0 | Don't Care |D7 |D6 |D5 ‘

Figure 88. Timing of Long Frame Sync (MSBSA bit = “0”, BCKPA hit = “0")

< 1/fs2 >
1 1

1 1
SYNCA | | | |

(16bit Linear) ' :
SDTOA D15|D14|D13|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |D1 |DO | D15|D14] D13

SDTIA |Don'tCareiD15|D14|D13|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |D1 |Do | P . i015|014|013|
1 1

(8bit A-Law/u-Law) H H

Don't Care
SDTOA D7 |D6 |D5 |D4 |D3 |D2 |D1 |Do | p7 |De |Ds

1 1
SDTIA |Don'tCare|D7 |D6 |D5 |D4 |D3 |D2 |Dl |Do | Don't Care |D7 |D6 |D5 ‘

Figure 89. Timing of Long Frame Sync (MSBSA bit = “0”, BCKPA bit = “1")
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1/fs2

| | | |

(16bit Linear)
SDTOA E D15|D14|Dl3|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |Dl |Do | : [D15[D14] D13
1 1

SYNCA

TR
N 2

SDTIA |DontCareID15|D14|D13|D12|D11|D10|D9 |ps D7 [p6 [ps [p4 [p3 [p2 D1 [P0 | » o |D15|D14|D13|

] ]
(8bit A-Law/p-Law) ! i Don't Care ! i

SDTOA i |07 |D6 |D5 |D4 |D3 |D2 |Dl |Do | . [D7 [p6 D5
1 1
1 1 1 1

SDTIA |Don’tCellrel|D7 |D6 |D5 |D4 |D3 |D2 |D1 |DO | Don't Care Doy care D7 |D6 |D5 ‘

Figure 90. Timing of Long Frame Sync (MSBSA bit = “1”, BCKPA bit = “0")

< 1/fs2 >
1 1

SYNCA ¥ | | | |
(Slave)

(16bit Linear) ! [

1
]
SDTOA { {p15|D14|D13|D12| D11 [D10| DO [D8 [D7 [D6 [D5 [P4 [D3 P2 [D1 [DO | : {D15[D14[ D13
1
] o
S |Don’tCalreiD15|D14|D13|D12|Dll|D10|D9 |ps D7 [p6 [ps [pa D3 [p2 D1 [po | 41, ; iD15|D14|D13|
] [

1
(8bit ALaw/p-Law) | ! Don’tCare/ P
SDTOA : |D7 |D6 |D5 |D4 |D3 |D2 |Dl |Do | . |D7 D6 |D5
i i
]
SDTIA |Don’ICare D7 |D6 |D5 |D4 |D3 |D2 |D1 |D0 | Don't Care Don't Care| D7 |D6 |D5 ‘

Figure 91. Timing of Long Frame Sync (MSBSA bit = “1”, BCKPA bit = “1")
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[AK4671]
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SDTIAG)  [15[14[3| | [6]5]4]3 | | 1] 0] pont care

Don't Care

15|

0123 15161718 3101 2 3 1516 17 18

BICKA
(64fs2)
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SDTIAG) _[15[14[13] / | o] Don't Care
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15|

15 MSB, 0: LSB

Figure 92. Timing of MSB justified
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SDTIA(i) I15|l4| | | | | DontCare: % Don't Care
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Figure 93. Timing of3S
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B Phone Path

MIC-Amp
&ALC

O__% AD | HPF ' """""""""""

MIC ‘{‘gig

HPF :
LPF E
Stereo E
Separation E
5-band !
Notch !
ALC !
MIX E
| oo SDTO Lch
4 ! SDTORch
\4 | VA di
svoLa]| 14 : udio CPU
| i IIF
I | SDTI Lch
- € M| DATT |s5-band [ PPy '-*-Fﬂ
< D/A € )I( SMUTE|  EQ < ) P i i4 SDTI Rch <
A i
Receiver !
Headphone i
Speaker !
o O I >
r----$O0 71
SvVOoLB PCM Baseband
IIF A
RX
&4 —{orrra g0 <
¥ et
! v
i DATT-C SDTOB » pcu
'l-—-ii——--{ BIVOL }4 SPTIB e — BT
— Phone Call TX
Phone Call TX Recording
— Phone Call Side Tone
— Phone Call RX
— Phone Call RX Recording
Figure 94. Internal MIC/SPK or External MIC/HP Phone Call & Recoring
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MIC-Amp
&ALC

D """""" % ---------------- < AD | HPF I“_. """""""

LPF

Stereo
Separation

5-band
Notch

ALC
MIX

SDTO Lch

»P o0

L4 5 SDTORch |
& % 1 Audio
svoLAa]| & ! U CPU
i E SDTI Lch
[4-{M] parT [ 5-band [€-----{PeDeg--I-- Ammmmes ®-1-S <
B L I i E <
ED* << DA | ] ) |sMuTE| EQ | g4 f%ég‘T __________ & | Bl (SO Ren <
Receiver E i
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Speaker 5 |
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-------------- SDTOA T
I O > »
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IIF A
SDTIA RX
(e Je e —{ommoley— <
o] s | R
>—{ oL |« LI |Fg — o7
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—P Phone Call Side Tone
— Phone Call RX
— Phone Call RX Recording
Figure 95. B/T Headset Phone Call & Recording
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W General Purpose Output

AK4671 supports General Purpose Output PiRQ®to control the external component.
In the case of GPOML1 bit = “0”, GPQun goes to “H” at GPOEL bit = “1".

GPOEL1 hit GPOL pin
0 L (default)
1 H

Table 90. General Purpose OutpwRith Control (at GPOML1 bit = “0")

In the case of GPOML1 bit = “1", GPOInpjoes to “H” if the input level of thehannel selected by AO bit (SAIN1 or
SAIN2 pin) is higher than the reference voltage thatpsi to the SAIN3 pin. In the case of GPOML1 bit = “1”, the

reference voltage input to SAIN3mshould be lower than 0.5 x SAVDD.

SAIN1/2 pin GPOL1 pin
< SAIN3 pin L (default)
> SAIN3 pin H

Table 91. General Purpose OutpwRith Control (at GPOML1 bit = “1")

In the case of GPOMZ2 bit = “0”, GPQin goes to “H” at GPOE2 bit = “0".

GPOE2 bit GPO?2 pin
0 L (default)
1 H

Table 92. General Purpose OutpwRif Control (at GPOM2 bit = “0")

In the case of GPOM2 bit = “1", GPO2 pin outputs the mic detection reBalilg 2)

Input Level of MDT pin GPO2 pin DTMIC bit Result
>0.075 x AVDD H 1 Mic (Headset)
< 0.050 x AVDD L 0 No Mic (Headphone

Table 21. Microphone Detection Result

2010/06

MS0666-E-02
-111-



AsahiKASEI [AK4671]

W SAR 10bit ADC
The AK4671 incorporates a 10-bit successive approximadgsistor A/D converter for DC measurement.

The A/D converter output is a stgat binary format as shown rable 93

Input Voltage Output Code
(AVDD-1.5LSB) ~ AVDD 3FFH
(AVDD-2.5LSB) ~ (AVDD-1.5LSB) 3FEH

0.5LSB ~ 1.5LSB 001H
0 ~ 0.5LSB 000H

Table 93. Output Code
When PMSAD bit is set to “1”, 10bit AD& powered-up. When the control regisis read, A/D conversion is executed
and data is output. In case of 4-wir@aecontrol mode, 10bit A/D data is quutt from 9th to 18th CCLK clock when 4th
bit is set to “1” just after R/W bit.

10bit ADC supports 3 kinds of analog input.-8bits select the measurement modes.

Mode Al AO InputChannel
0 0 0 SAIN1 (default)
1 0 1 SAIN2
2 1 0 SAIN3
3 1 1 N/A

Table 94. SAR ADC Measurement Mode (N/A: Not available)
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<SAR ADC Execute Sequence (in case that the interrupt function is not used.)>

[4-wire Serial Mode]

(1) Select the measurement mode by A1-0 &itd set PMSAD bit = “1” to power-up SAR ADC.

(2) Input “1” at the 4th bit just after R/W bit so that A/Drwversion is executed and 10bit A/D data is output from 9th to
18th CCLK clock.

[I°C Mode]

(1) Select the measurement mode by A1-0 &itd set PMSAD bit = “1” to power-up SAR ADC.
(2) Read Addr=5BH so that A/D conversiagnexecuted and MSB 8bit data is output.

(3) Continuously read Addr=5CH then LSB 2bit data is output.

<SAR ADC Execute Sequence (in case that the interrupt function is used.)>

[4-wire Serial Mode]

(1) GPOML1 bit should be set to “1”. The GPO1 pin can be used as the interrupt output pin.

(2) Select the measurement mode by AO bit.

(3) The GPOL1 pin goes to “H” when the input DC voltage of SAtKN SAIN2 pin (selected by AO bit) is higher than the
input voltage of SAIN3 pin.

(4) After CPU detects GPO1 pin = “H", set GPOM1b“0” and PMSAD bit = “1” to power-up SAR ADC.

(5) Input“1” at the 4th bit just after R/W bit so that A/Drversion is executed and 10bit A/D data is output from 9th to
18th CCLK clock.

[I°C Mode]

(1) GPOML1 bit should be set to “1”. The GPOL1 pin can be used as the interrupt output pin.

(2) Select the measurement mode by AO bit.

(3) The GPOL1 pin goes to “H” when the input DC voltage of SAtN SAIN2 pin (selected by AO bit) is higher than the
input voltage of SAIN3 pin.

(4) After CPU detects GPOL1 pin = “H”", set GPOM1b“0” and PMSAD bit = “1” to power-up SAR ADC.

(5) Read Addr=5BH so that A/D conversiagnexecuted and MSB 8bit data is output.

(6) Continuously read Addr=5CH then LSB 2bit data is output.
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W Serial Control Interface

(1) 4-wire Serial Control Mode (12C pin = “L")
Internal registers may be written bging the 4-wire pP interface pins (CSN, CCLK, CDTIl and CDTO).

In case except for 10bit SAR ADC data read, the data on this interface conaiStbiChip address (fixed to “1007),
Read/Write (1bit), Register adelis (MSB first, 7bits) and Control data (MSB first, 8bits).

In case of 10bit SAR ADC data read, the data on thisfaue consists of a 3-bit Chip address (fixed to “101"),
Read/Write (1bit: fixed to “0”) an8AR ADC Data (MSB first, 10bits).

Address and data is clocked in on thleng edge of CCLK and data is clockaat on the falling edge. Address and data
are latched on the 24th CCLK rising edg&”j“after CSN falling edge ¢”) for write operations and CDTO bit goes to
Hi-Z after CSN rising edge {"). CSN should be set to “H” once after 2&LK for each address. The clock speed of
CCLK is 5MHz (max). The value of internadgisters is initialized at PDN pin = “L".

CSN _| T—

o 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18 19 20 21 22 23

WRITE _CDTl %CZEQERME‘COE 0 E 0 E 0 E 0 | 0 EAGEAsEA4EA35A25A1EA0|D7EDeiosio4iosioz501500%
o Ed corcpopopnononnn00
10bit SAR ADC Data) _CDTO Hi-Z IW : o6 : D5 : D4 : D3 : D2 : b1 : Do |£
C2-CO0: Chip Address (Fixed to “100")
R/W:READ/WRITE (0: READ, 1: WRITE)
A6-A0: Register Address
D7-DO0: Control Data
Figure 96. Serial Control I/F Timg (Except for 10bit SAR ADC Data)
CSN _| T—
o I [ BRI OnnoE
CDTO Hi-Z IDQEDSED7EDGEDSED4ED3ED2|D15DOEOEOEOEOEOEOli

C2-CO0: Chip Address (Fixed to “101")
R/W:READ/WRITE (Fixed to “0": READ Only)
D9-D0: SAR ADC Data

Figure 97. Serial Control I/F Timing (10bit SAR ADC Data)
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(2) I°C-bus Control Mode (12C pin = “H")
The AK4671 supports the fast-mod€4bus (max: 400kHz). Pull-up resistorsS®A and SCL pins should be connected
to (DVDD+0.3)V or less voltage.

(2)-1. WRITE Operations

Figure 98shows the data transfer sequence foriBebus mode. All commands areepeded by a START condition. A
HIGH to LOW transition on the SDA line whilBCL is HIGH indicates a START conditiofigure 109. After the
START condition, a slave address is sent. This address isl@rmtéollowed by the eighth bit that is a data direction bit
(R/W). The most significant six bits tife slave address are fixed as “001001". fidnet bit is CADO (device address bit).
This bit identifies the specific device ¢ime bus. The hard-wired input pin (CAR() sets these device address bits
(Figure 99. If the slave address matches that of the AK48¥LAK4671 generates an ackriedge and the operation is
executed. The master must generate the acknowledgedrelatk pulse and release the SDA line (HIGH) during the
acknowledge clock pulsé&igure 108. A R/W bit value of “1” indicates that ¢hread operation is to be executed. A “0”
indicates that the write operation is to be executed.

The second byte consists of the contegjister address of the AK4671. The forisatISB first, and the most significant
1-bit is fixed to “0” Figure 100. The data after the second byte contam#trol data. The format is MSB first, 8bits
(Figure 10). The AK4671 generates an acknowledge after each bngedived. A data transfer is always terminated by
a STOP condition generated by the master. A LOW t®HHtransition on the SDA line while SCL is HIGH defines a
STOP conditionKigure 109.

The AK4671 can perform more than oneebwrite operation per sequence. Afteceipt of the third byte the AK4671
generates an acknowledge and awaits the next data. The caastemsmit more than one byte instead of terminating the
write cycle after the first data bytetiansferred. After receiving each data padketinternal 6-bit address counter is
incremented by one, and the next dataigomatically taken into the next adds. If the address exceeds 5AH prior to
generating a stop condition, the addremsnter will “roll over” to 00H and & previous data will be overwritten.

The data on the SDA line must remain stable during the Hi&tod of the clock. The HIGH or LOW state of the data
line can only change when the diagignal on the SCL line is LOWF{gure 107 except for the START and STOP
conditions.

s
T S
A RIW="0" g
R
T $ P
SDA |s i:?c\i/r?ass iggress(n) Data(n) Data(n+1) ( 1 Data(n+x) H
A A A A A A
C C C C C C
K K K K K K
Figure 98. Data Transfer Sequence at tBeBus Mode
0 0 1 0 0 1 CADO| R/W
(The CADO should match with CADO pin.)
Figure 99. The First Byte
0 A6 A5 A4 A3 A2 Al A0
Figure 100. The Second Byte
D7 D6 D5 D4 D3 D2 D1 DO
Figure 101. Byte Structure after the second byte
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(2)-2. READ Operations

Set the R/W bit = “1” for the READ operation of the AK4671tekftransmission of data, the master can read the next
address’s data by generatingaanknowledge instead of terminating the writeleyafter the receipt of the first data word.
After receiving each data packet the intd 7-bit address counter is incrented by one, and the next data is
automatically taken into the next address. If the addresseds 5AH prior to generating a stop condition, the address
counter will “roll over” to 00H and the data of 00H will be read out.

The AK4671 supports two basic read operati@sRRENT ADDRESS READ and RANDOM ADDRESS READ.

(2)-2-1. CURRENT ADDRESS READ (except for 10bit SAR ADC Data)

The AK4671 contains an internal addressnter that maintains the addressheflast word accessed, incremented by

one. Therefore, if the last access (eitheead or write) were to addresghe next CURRENT READ operation would
access data from the address n+1. After receipt of the slave address with R/W bit set to “1”, the AK4671 generates an
acknowledge, transmits 1-byte of data to the address $le¢ liiyternal address countand increments the internal

address counter by 1. If the mastersinet generate an acknowledge but instead generates a stop condition, the AK4671
ceases transmission.

s
T S
A R/W="1 g
: -
! Slave % .
SDA |s Address Data(n) Data(n+1) Data(n+2) % Data(n+x) H
|
: AR L VU T
K 2K 2K Sko3IK Sc
E E E E K
R R R R R
Figure 102. CURRENT ADDRESS READ

(2)-2-2. RANDOM ADDRESS READ

The random read operation allows the master to access anyyrlegation at random. Prior fesuing the slave address
with the R/W bit “1”, the mast must first perform a “dummy” write operatiofhe master issues a start request, a slave
address (R/W bit = “0") and then thegister address to read. After the register address is acknowledged, the master
immediately reissues the start requaasd the slave address with the RBil“1”. The AK4671 then generates an
acknowledge, 1 byte of data and increments the inteddaéas counter by 1. If the star does not generate an
acknowledge but instead generates a stolition, the AK4671 ceases transmission.

s s
T T s
A RIW="0" A RIW="1" _ g
R R 7
T $ T # % P
sl Sub Sl
SDA [s Ada(\ilreess Agdress(n) S A(?(\i/reess Data(n) Data(n+1) % Data(n+x) H
A A A M A M A % M A M N
c C C /; C é c é c é A
K K K TK TK TK 7€
E E E EK
R R R R

Figure 103. RANDOM ADDRESS READ (Except for 10bit SAR ADC Data)

When SAR ADC data is read, 5BH should be set as ezgididress and 2 byte data should be read by RANDOM
ADDRESS READ, then stop condition shouldibput. A/D readout format is MSBrit, 2 byte width. Upper 10bits are
valid on 2byte (16-bit), and low&bits are filled with zero.

S S
T T S
A R/W="0" A R/W="1" T
R R $ o]
T T P
Slave Sub Slave
SDA | S | xddress Address(5BH) | | S |Address Data(D9-2) Data(D1-0) H
A A A MA MN
c c c Ac AA
K K K Sk Sc
T T K
E E
R R

Figure 104. RANDOM ADDRESS READ (10bit SAR ADC Data)
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start condition stop condition

Figure 105. START and STOP Conditions

XXX

DATA i
OUTPUTBY |
TRANSMITTER !

DATA !
OUTPUT BY i
RECEIVER i
i acknowledge
SCL FROM i )
MASTER ! 1 8 9
r - t
______ clock pulse for
START acknowledgement
CONDITION
Figure 106. Acknowledge on th&C+Bus
> / 5 5 >< | \
I data line I change I
stable; of data
data valid allowed
Figure 107. Bit Transfer on th&d-Bus
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W Register Map

Addr | RegisteName D7 | D6 | D5 | D4 | D3 D2 | D1 . DO
00H | AD/DA Power Managenm¢ | PMDAR | PMDAL : PMADR : PMADL : PMMICR : PMMICL { PMMP | PMVCM
01H | PLL Mode Select 0 FS3 ! FS2! FS1! FSO PLL3 PLL2 PLL1 PLIJO
02H | PLL Mode Select 1 BTCLK| LP | BCKO PS1 | PS0: MCKO M/S | PMPLL
03H | Format Select 0 | 0 | 0 | SDOoD MSBS BCKP DIF1 DIF(¢
04H | MIC Signal Select MDIF4, MDIE | MDIF2 | MDIF1 | INR1 ! INRO ! INL1 ! INLO
05H | MIC Amp Gain MGNR3 | MGNR2 | MGNR1 | MGNRO | MGNL3 ! MGNL2 | MGNL1 ! MGNLO
06H | Mixing Power Management 0 0 ! 0 ! 0 0o | 0 | DTMIC | PMLOOPR | PMLOOPL
07H | Mixing Power Managemenf PMAINR4 | PMAINL4 | PMAINR3 | PMAINL3 | PMAINR2 | PMAINL2 i PMAINRL | PMAINL1
08H | Output Volume Control HPG3! HPG2 | HPG1 : HPGO ! 0 ' L1VL2! L1IVL1I L1VLO
09H | LOUT1 Signal Select L1G1! L1GO! LOOPL  LINL4 LINL3 | LINL2 ! LINL1 | DACL
0AH | ROUT1 Signal Select L2G1! L2G0; LOOPR| RINR4 ! RINR3: RINR2! RINR1] DACR
0BH | LOUT2 Signal Select L3G1:  L3GO; LOOPHL i LINH4 i LINH3 | LINH2 : LINH1 i DACHL
0CH | ROUT2 Signal Select L4G1; LAGO; LOOPHR | RINH4 | RINH3 | RINH2 | RINH1 | DACHR
0DH | LOUT3 Signal Select LPG1! LPGO' LOOPSL | LINS4 | LINS3 ' LINS2 @ LINS1 | DACSL
0EH | ROUT3 Signal Select 0 | 0 | LOOPSR:! RINS4 | RINS3 | RINS2: RINS1: DACSH
OFH | LOUT1 Power Manageent 0 0 ' RCV : LOOPM! LOM ! LOPS1. PMRO1 PMLOJL
10H | LOUT2 PoweManagement 0 ' PMRO2S: PMLO2S: LOOPM2 LOM2 | MUTEN : PMRO2: PMLO2
11H | LOUT3 Power Manageent| L3VL1 | L3VLO | LODIF | LOOPM3 | LOM3 . LOPS3 | PMRO3! PMLO3
12H | Lch Input Volume Control IVL7 | IVL6 | IVL5 | VL4 | IVL3 | IVL2 | IVL1 | IVLO
13H | RchinputVolume Control IVR7 | IVR6 | IVR5 | IVR4 | IVR3 | IVR2 | IVR1 | IVRO
14H | ALC Reference Select REF7 REF6 REF5 | REF4 | REF3: REF2! REF1; REF(
15H | Digital Mixing Control SRMXR1 | SRMXRO! SRMXL1! SRMXLO! PFMXR1! PFMXR0O. PFMXL1 PFMXL(
16H | ALC Timer Select 0 | RFSTL RFST) WTM2 WTM1  WTMO ZTM1 ZTM(
17H | ALC Mode Control 0 | ZELMN' LMAT1! LMATO: RGAIN1. RGAINO! LMTH1:@ LMTHO
18H | Mode Control 1 DAM | MIXD | SDIM1: SDIMO | EQ | ADM ! IVOLC: ALC
19H | Mode Control 2 SRALl!  SRAO! BIV2 ! BIV1 | BIVO: SMUTE OVTM ovoL¢
1AH | Lch Output Volume Contro] OVL7 | OVL6 | OVL5 | OVL4 | OVL3 | OVL2 | OVL1 | OVLO
1BH | RchOutputVolumeControl| OVR7 | OVR6 ! OVR5; OVR4! OVR3, OVR2. OVRIL OVR(
1CH | Side Tone A Control 0 ! 0 ! SVAR2 | SVARL ! SVARO: SVAL2 ! SVAL1l. SVALO
1DH | Digital Filter Select GN1 @' GNO ! LPF ! HPF ! EQO ' FIL3 ! 0 ' PFSEl
1EH | FIL3Co-efficient0 F3A7 | F3A6 ! F3A5 | F3A4: F3A3. F3A2! F3AL! F3A0
1FH | FIL3 Co-efficient 1 F3AS | 0 ' F3A131 F3A12  F3A1] F3A1D F3A9 F3AB
20H | FIL3Co-efficient2 F3B7 | F3B6 . F3B5: F3B4! F3B3! F3B2! F3B1 F3B¢
21H | FIL3 Co-efficient 3 0 | 0 ' F3B13! F3B12 F3B11 F3B10 F3B9 F3g8
22H | EQCo-efficient0 EOA7 | EOA6 | EOA5 | EOA4 . [EOA3:! EOA2; EOA1] EOAO
23H | EQ Co-efficient 1 EOA15; EOA14. BQ03 | EOA12 | EOA1l: [EOA10, EOA9: EOA8
24H | EQCo-efficient2 EOB7 | EOB6 ! EOB5! EOB4, EOB3] EOB2] EOB1, EOB(
25H | EQ Co-efficient 3 0 0 ' EOB13  EOB12 EOB11 EOB10 EOB9 EO#8
26H | EQCo-efficient4 EOC7 | EOC6 ! EOC5! EOC4! EOC3 EOC2 EOC1 E0qo
27H | EQCo-efficient5 EOC15 | EOC14: EOC13. EOC12  EOC11 EOCI0 EOC9 EOFS
28H | FIL1Co-efficient0 FIA7 | F1A6 | F1A5 | F1A4: F1A3: F1A2: F1Al: F1A0
29H | FIL1 Co-efficient 1 F1AS | 0 ' F1A13! F1A12 F1A11  F1A10 F1A9 F1AB
2AH | FIL1 Co-efficient2 FIB7 | F1B6 . FIB5: F1B4. F1B3; F1B2, F1B1 F1B(
2BH | FIL1 Co-efficient 3 0 | 0 | F1B13! FiB12  F1B11 F1B10 F1B9 F1H8
2CH | FIL2 Co-efficient0 F2A7 | F2A6 | F2A5 | F2A4 | F2A3: F2A2!  F2Al1; F2A0
2DH | FIL2 Co-efficient 1 0 | 0 | F2A13] F2A12] F2A11  F2A10 F2A9 F2A$
2EH | FIL2 Co-efficient2 F2B7 | F2B6 | F2B5 ! F2B4! F2B3! F2B2! F2B1 F2B0
2FH | FIL2 Co-efficient 3 0 | 0 ' F2B13. F2B12 F2B11 F2B10 F2B9 F2H8
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Addr | RegisteName D7 D6 ! D5 D4 D3 | D2 D1 DO
30H | Digital Filter Select 2 0 0 : 0 EQ5 EQ4 | EQ3 ! EQ2 ! EQ1
31H | Reserved 0 0 0 0o 0 0 . 0 ! 0
32H | E1Co-efficient0 E1A7 E1A6 E1A5 | E1A4 ' E1A3: E1A2: E1A1: E1A0
33H | E1 Co-efficient 1 E1A15: E1Al4 B13 ' E1A12 | E1A11: E1A10: E1A9: E1A8
34H | E1Co-efficient2 E1IB7 ! E1B6 | EIB5:! E1B4: E1B3! E1B2: E1B1 E1B(
35H | E1Co-efficient3 E1B15 | E1B14: E1B13! E1B12 E1B11 E1B1D E1BD E1Hs
36H | E1Co-efficient4 E1C7 E1C6 : EIC5 | E1C4! E1C3 E1C2 E1C1 E1d0
37H | E1Co-efficient5 E1C15 | E1C14! EIC13. ELIC12 E1C11 E1C10 E1C9 E1fs
38H | E2Co-efficient0 E2A7 E2A6 E2A5 | E2A4 . E2A3 . E2A2: E2AL; E2A0
39H | E2 Co-efficient 1 E2A15: E2A14  B23 ;| E2A12 : E2A11: E2A10. E2A9: E2A8
3AH | E2Co-efficient2 E2B7 ' E2B6 | E2B5 ! E2B4 ! E2B3! E2B2! E2BZ E2BJ
3BH | E2Co-efficient3 E2B15 ' E2B14: E2B13: E2B12 E2B1i E2B10 E2BY E2Hs
3CH | E2Co-efficient4 E2C7 E2C6 : E2C5 E2C4: E2C3 E2C2 E2C1 E2d0
3DH | E2Co-efficient5 E2C15 | E2Cl14: E2C13 E2Cl12 E2C11 E2C10 E2G9 E2f8
3EH | E3Co-efficient0 E3A7 E3A6 E3A5 | E3A4: E3A3: E3A2: E3AL! E3A0
3FH | E3 Co-efficient 1 E3A15. E3A14. B33 E3A12 | E3A1l: E3A10! E3A9: E3A8
40H | E3Co-efficient2 E3B7 E3B6 | E3B5! E3B4| E3B3! E3B2! E3B1 E3BJ
41H | E3Co-efficient3 E3B15 | E3B14! E3B13! E3B12 E3B11 E3B1D E3B9 E3Hs
42H | E3Co-efficient4 E3C7 E3C6 ' E3C5 E3C4: E3C3 E3C?2 E3C1 E3d0
43H | E3Co-efficients E3C15 : E3Cl4: E3C13 E3C12 E3C11 E3C10 E3C9 E3f8
44H | E4Co-efficient0 E4A7 ' E4A6 | E4A5 |  E4A4 1  E4A3:  E4A2! E4A1! E4A0
45H | E4 Co-efficient 1 E4A15! E4Al4  BA43 E4A12 | E4A1l | E4A10:. E4A9:  E4A8
46H | E4Co-efficient2 E4B7 E4B6 | E4B5 . E4B4 | E4B3! E4B2. E4B1 E4B(
47H | E4Co-efficient3 E4B15 | E4B14 | E4B13! E4B12 E4B11 E4B1D E4B9 E4Hs
48H | E4Co-efficient4 EAC7 | EA4C6 | FEAC5: EAC4: EAC3 EAC2 E4C1 E4do
49H | E4Co-efficient5 E4C15 | E4C14! [EA4C13)  E4C12 E4AC11 E4C10 E4C9 E4fs
4AH | E5Co-efficient0 E5A7 | E5A6 E5A5 | E5A4 ' ESA3 '  E5BA2! E5AL! E5A0
4BH | E5Co-efficientl E5A15 @ E5A14 ¢ ES5A13: E5A12: E5A1L E5A10 E5AS E5A{
4CH | E5Co-efficient2 E5B7 : E5B6 | E5B5 i  E5B4 ! E5B3! E5B2: E5B1, ES5B(
4DH | E5Co-efficient3 E5B15 | E5B14: E5B13:  E5B12 E5B11 E5B1D E5BD E5HS
4EH | E5Co-efficient4 E5C7 ' E5C6 : E5C5 ! E5C4! E5C3 E5C2 E5C1 E5d0
4FH | E5Co-efficient5 E5C15 | E5C14! E5C13. E5C12 E5C11 E5C10 E5C9 E5F8
50H | EQControl250Hz/100Hz EQB3 ! EQB2! EQB1! EQBO EQA3 EQA2 EQAL EQAD
51H | EQ Control 3.5kHz/1kHz EQD3! EQD2 EQD1 EQDO | EQC3 ! EQC2! EQC1 EQC(
52H | EQ Control 10kHz 0 ! 0 | 0 : 0 | EQE3 ! EQE2: EQEl: EQEO
53H | PCM I/F Control 0 GPOM2 GPOE2? PLLBT2 PLLBT1 PLLBTO PMPCM PMSRB PMSRA
54H | PCM I/F Control 1 SDOAD: BCKO2 MSBSA BCKPA LAWAL LAWAG FMTAL FMTAQ
55H | PCM I/F Control 2 SDOBD: PLLBT3 MSBSE BCKPB LAWB1 LAWBO FMTBL FMTB}
56H | Digital Volume B Control BVL7 | BVL6 | BVL5 BVL4 BVL3 BVL2 BVL1 BVLO

57H | Digital Volume C Control CVL7 . CVL6: CVL5 CVL4 CVL3 CVL2 CVL1 CVLO
58H | Side Tone Volume Control 0 | 0 0 ! 0 SDOA SVB2 SVB1 SVHO
59H | Digital Mixing Control SDOR1! BORO ! SDOL1 ! SDOLO! BVMX1! BVMX0. SBMX1, SBMXO0
5AH | SAR ADC Control 0o 0 0 ' GPOMI GPOEi Al | A0 | PMSAD
Note 67. PDN pin = “L”" resets thregisters to their default values.

Note 68. The bits defined as 0 must contain a “0” value.

Note 69. Addresses 1EH to 2FH and 32H to 4FH cannot be read.
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W Register Definitions

Addr | RegisteiName D7 D6 | D5 | D4 | D3 | D2 | D1 | DO
00H | AD/DA Power Managenms PMDAR | PMDAL : PMADR . PMADL | PMMICR i PMMICL i PMMP | PMVCM
RIW RW | RW | RW | RW ' RW | RW | RW ' RW
(default) 0 : 0 0 | 0 0 | 0 | 0 ! 0

PMVCM: VCOM Power Management
0: Power down (default)
1: Power up
When any blocks are powered-upe tRMVCM bit must be set to “I'PMVCM bit can be set to “0” only
when all power management bits are “0”.

PMMP: MPWR pin Power Management
0: Power down: Hi-Z (default)
1: Power up

PMMICL: MIC-Amp Lch Power Management
0: Power down (default)
1: Power up

PMMICR: MIC-Amp Rch Power Management
0: Power down (default)
1: Power up

PMADL: ADC Lch Power Management
0: Power down (default)
1: Power up
When the PMADL or PMADR bit is changed from™@o “1”, the initialization cycle (1059/fs=24ms
@44.1kHz) starts. After initializingligital data of the ADC is output.

PMADR: ADC Rch Power Management
0: Power down (default)
1: Power up

PMDAL: DAC Lch Power Management
0: Power down (default)
1: Power up

PMDAR: DAC Rch Power Management
0: Power down (default)
1: Power up

Each block can be powered-down respedfitgi writing “0” in each bit of thisddress. When the PDN pin is “L”", all
blocks are powered-down regardless of setiiipis address. In this case, regigs initialized tahe default value.

When all power management bits are “0”, all blockspangered-down. The registerluas remain unchanged. Power
supply current is 20A(typ) in this case. For fully shut down (typuA), PDN pin should be “L".

When neither ADC nor DAC are used, external clocks mapaptesent. When ADC or DAC is used, external clocks
must always be present.
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Addr | RegisteName D7 D6 ! D5 | D4 ! D3 ! D2 | D1 ! DO

01H | PLL Mode Select 0 FS3 | FS2 | FS1| FSQ PLL3 PLL2 PLL1 pLIjo
RIW RW | RW | RW ! RW | RW | RW | RW . RW
Default 1 : 1 : 1 : 1 : o | 1 1 | 0

PLL3-0: PLL Reference Clock Seledtable 9
Default: “0110"(MCKI pin, 12MHz)

FS3-0: Sampling Frequency Seletalfle S5andTable § and MCKI Frequency Selectdble 1)
FS3-0 bits select sampling frequency bt Phode and MCKI frequency at EXT mode.

Addr | Register Name D7 | D6 | D5 | D4 ! D3 | D2 ! D1! DO

02H | PLL Mode Select 1 BTCLK LP | BCKG PS1; PSO; MCKO M/S | PMPLL
RIW RW | RW | RW | RW | RW | RW ! RW | RW
Default o . 0 ! 0 ! 0 | 0 0 . 0 | 0

PMPLL: PLL Power Management
0: EXT Mode and Power Down (default)
1: PLL Mode and Power up

M/S: Master / Slave Mode Select
0: Slave Mode (default)
1: Master Mode

MCKO: Master Clock Output Enable
0: Disable: MCKO pin = “L" (default)
1: Enable: Output frequency selected by PS1-0 bits.

PS1-0: MCKO Output Frequency Seletalle 9
default: “00"(256fs)

BCKO: BICK Output FrequencSelect at Master Modé& éble 10

LP: Low Power Mode
0: Normal Mode (default)
1: Low Power Mode: available at fs=22.05kHz or less.

BTCLK: Clock Mode of Audio CODEC
0: Synchronized to Audio I/F (default)
1: Synchronized to PCM I/F
BTCLK bit is enabled at only PMPLL bit = “0”. When BTCLK bit is “1Audio CODEC and the digital block
(shown inFigure 57 operate by the clock generated by PLLBT.
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Addr | Register Name D7 ! D6 D5 D4 ! D3 ! D2 ! D1 DO

03H Format Select 0 | 0 ! 0 SDOD MSBS BCKP, DIF1 DIFD
RIW RD | RD ! RD RW | RW | RW | RW | RMW
Default o ' 0 ! 0 0 0 0 1 0

DIF1-0: Audio Interface Format &ble 1§
Default; “10” (Left jutified)

BCKP: BICK Polarity at DSP Modé& éble 17

“0” SDTO is output by the rising edgel(") of BICK and SDTI is latched by the falling edge {}. (default)
“1”: SDTO is output by the falling edgel*) of BICK and SDTI is latched by the rising edgé():

MSBS: LRCK Phase at DSP ModEaple 17

“0”: The rising edge (") of LRCK is half clock of BICK before the channel change. (default)
“1" The rising edge (") of LRCK is one clock of BICK before the channel change.

SDOD: SDTO DisableTable 47
“0”: Enable (default)
“1": Disable (“L")

Addr | RegisteName D7 | D6 | D5

D4

D3

D2 |

D1 | DO

04H

MIC Signal Select MDIF4:  MDIE |

MDIF2 |

MDIF1 |

INR1

INRO

INL1

INLO

RIW RW | RW | RW

L RW_

R/W

RIW .

RW | RW

Default 0 | 0 | 0

0

0

0

0 . 0

INL1-0: MIC-Amp Lch Input Source Selectdble 1§
Default: “00” (LIN1)

INR1-0: MIC-Amp Rch Input Source Seledtaple 18
Default: “00” (RIN1)

MDIF1: Linel Input Type Select
0: Single-ended input (N1/RIN1 pins: default)
1: Full-differential input (IN1+/IN% pins)

MDIF2: Line2 Input Type Select
0: Single-ended input (N2/RIN2 pins: default)
1: Full-differential input (IN2+/IN2 pins)

MDIF3: Line3 Input Type Select
0: Single-ended input (N3/RIN3 pins: default)
1: Full-differential input (IN3+/IN3 pins)

MDIF4: Line4 Input Type Select
0: Single-ended input (N4/RIN4 pins: default)
1: Full-differential input (IN4+/IN4 pins)
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Addr | RegisteName D7 | D6 ! D5 | D4 ! D3 D2 ! D1 ! DO
05H | MIC Amp Gain MGNR3 | MGNR2 | MGNR1 | MGNRO | MGNL3 ;| MGNL2 ! MGNL1 | MGNLO
R/W RW | RMW RW | RW | RW | RW | RW | RW
Default 0 | 1 0 1 0 1 0 1
MGNL3-0: MIC-Amp Lch Gain ControlTable 19
Default: “0101” (0dB)
MGNR3-0: MIC-Amp Rch Gain Controllgble 19
Default: “0101" (0dB)
Addr | RegisteiName D7 | D6 | D5 D4 D3 D2 D1 | DO
06H | Mixing Power Management 0 i 0 i 0 , 0 i 0 '\ DTMIC | PMLOOPR | PMLOOPL
R/W RD RD | RD RD RD RD R/W | R/W
Default 0 0 0 0 0 0 0 0
PMLOOPL: MIC-Amp Lch Mixing Circuit Power Management
0: Power down (default)
1: Power up
PMLOOPR: MIC-Amp Rch Mixing Circuit Power Management
0: Power down (default)
1: Power up
DTMIC: Microphone Detection Result (Read Onable 2)
0: Microphone is not detected. (default)
1: Microphone is detected.
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Addr | Register Name D7 | D6 ! D5 ! D4 ! D3 | D2 | D1 ! DO
07H | Mixing Power Management[L PMAINR4 | PMAINL4 | PMAINR3 | PMAINL3 | PMAINR2 | PMAINL2 | PMAINRL | PMAINL1

RIW RW | RW | RW | RW | RW | RW . RW : RW
Default 0 ' 0 ' 0 ' 0 0 0 0 0
PMAINLZ: LIN1 Mixing Circuit Power Management
0: Power down (default)
1: Power up
PMAINR1: RIN1 Mixing Circuit Power Management
0: Power down (default)
1: Power up
PMAINL2: LIN2 Mixing Circuit Power Management
0: Power down (default)
1: Power up
PMAINRZ2: RIN2 Mixing Circuit Power Management
0: Power down (default)
1: Power up
PMAINL3: LIN3 Mixing Circuit Power Management
0: Power down (default)
1: Power up
PMAINR3: RIN3 Mixing Circuit Power Management
0: Power down (default)
1: Power up
PMAINL4: LIN4 Mixing Circuit Power Management
0: Power down (default)
1: Power up
PMAINR4: RIN4 Mixing Circuit Power Management
0: Power down (default)
1: Power up
Addr |RegisteName D7 | D6 D5 | D4 | D3 D2 | D1 . DO
08H | Output Volume Control HPG3. HPG2 | HPG1: HPGO ! 0 L1VL2,  L1VL1 L1VLO
R/W R/W R/W R/W RW ' RD R/W RIW R/W
Default 1 0 1 1 0 1 0 1
L1VL2-0: LOUT1/ROUT1 Ouput Volume Control Table 67
Default: “5H” (0dB)
HPG3-0: LOUT2/ROUT2 Ouiut Volume Control Table 70
Default; “BH” (0dB)
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Addr | RegisteName D7 ' D6 : D5 ! D2 ! D1 ! DO

09H | LOUT1 Signal Select L1G1! L1GO: LOOPL LINL4 LINL3 ! LINL2 ! LINL1 | DACL
R/W RW | RW | RW | ' RW | RW | RMW
Default 0 : 0 0 0 0o 0

DACL: Switch Controlfrom DAC Lch to LOUT1
0: OFF (default)
1: ON

When PMLO1 bit is “1”, DACL bits enabled. When PMLOL1 bit is “0”, the LOUT1 pin goes to VSS1.

LINL1: Switch Control from LIN1 to LOUT1
0: OFF (default)
1: ON

LINL2: Switch Control from LIN2 to LOUT1
0: OFF (default)
1: ON

LINL3: Switch Control from LIN3 to LOUT1
0: OFF (default)
1: ON

LINL4: Switch Control from LIN4 to LOUT1
0: OFF (default)
1: ON

LOOPL: Switch Control from MIC-Amp Lch to LOUT1

0: OFF (default)
1: ON

L1G1-0: LINZ/RIN1 Mixing Gain ControlTable 6Q
Default: “00” (0dB)
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Addr | RegisteName D7 : D6 ! D5 ! D4 ! D3 | D2 ! D1 ! DO

0AH | ROUT1 Signal Select L2G1! L2G0! LOOPR | RINR4 ! RINR3! RINR2: RINRL DACR
R/W RW | RW | RW | RW | RW : RW : RW . RMW
Default 0 0 : 0o | o 0o 0 0o 0

DACR: Switch Control from DAC Rch to ROUT1
0: OFF (default)
1: ON

When PMROL bit is “1”, DACR biis enabled. When PMRO1 bit is “0”, the ROUT1 pin goes to VSS1.

RINR1: Switch Control from RIN1 to ROUT1
0: OFF (default)
1: ON

RINR2: Switch Control from RIN2 to ROUT1
0: OFF (default)
1: ON

RINRS: Switch Control from RIN3 to ROUT1
0: OFF (default)
1: ON

RINR4: Switch Control from RIN4 to ROUT1
0: OFF (default)
1: ON

LOOPR: Switch Control from MIC-Amp Rch to ROUT1
0: OFF (default)
1: ON

L2G1-0: LIN2/RIN2 Mixing Gain ControlTable 63
Default: “00” (0dB)
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Addr | RegisteName D7 D6

D5

D4

D3

D2 !

D1 ! DO

OBH | LOUT?2 Signal Select L3G1 L3GO; LOOPHL . LINH4

. LINH3

. LINH2

. LINH1 | DACHL

RIW RIW | R/W

R/W

RW

R/W

R/W

RW @ R/W

Default 0 : 0

0

0

0

0

0 ! 0

DACHL: Switch Control from DAC Lch to LOUT?2
0: OFF (default)
1: ON

LINH1: Switch Control from LIN1 to LOUT?2
0: OFF (default)
1: ON

LINH2: Switch Control from LIN2 to LOUT?2
0: OFF (default)
1: ON

LINH3: Switch Control from LIN3 to LOUT?2
0: OFF (default)
1: ON

LINH4: Switch Control from LIN4 to LOUT?2
0: OFF (default)
1: ON

LOOPHL: Switch Control from MIC-Amp Lch to LOUT2

0: OFF (default)
1: ON

L3G1-0: LIN3/RIN3 Mixing Gain ControlTable 62
Default: “00” (0dB)
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Addr | RegisteName D7 D6 D5 D4 D3 D2 ! D1 DO
OCH ROUT? Signal Select L4G1: L4G0O: LOOPHR, RINH4 | RINH3 | RINH2 | RINH1 | DACHR
RIW RW | RW | RW | RW | RW | RW | RW | RW
Default 0 0 0 0 0 0 0 0
DACHR: Switch Controfrom DAC Rch to ROUT2
0: OFF (default)
1: ON
RINH1: Switch Control from RIN1 to ROUT2
0: OFF (default)
1: ON
RINH2: Switch Control from RIN2 to ROUT2
0: OFF (default)
1: ON
RINH3: Switch Control from RIN3 to ROUT2
0: OFF (default)
1: ON
RINH4: Switch Control from RIN4 to ROUT2
0: OFF (default)
1: ON
LOOPHR: Switch Control from MIC-Amp Rch to ROUT2
0: OFF (default)
1: ON
L4G1-0: LIN4/RIN4 Mixing Gain ControlTable 63
Default; “00” (0dB)
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Addr | RegisteName D7 : D6 ! D5 ! D4 ! D3 | D2 ! D1 ! DO

ODH | LOUT3 Signal Select LPG1! LPGO! LOOPSL ! LINS4 | LINS3 ! LINS2 | LINS1 ! DACSL
R/W RW | RW | RW | RW | RW : RW : RW . RMW
Default 0 | 0o ! 0 | 0 0 0 0 0

DACSL: Switch Control from DAC Lch to LOUT3
0: OFF (default)
1: ON

When PMLOS bit is “1”, DACSL bit is enabled. Weh PMLOS3 bit is “0”, the LOUT3 pin goes to VSS1.

LINS1: Switch Control from LIN1 to LOUT3
0: OFF (default)
1: ON

LINS2: Switch Control from LIN2 to LOUT3
0: OFF (default)
1: ON

LINS3: Switch Control from LIN3 to LOUT3
0: OFF (default)
1: ON

LINS4: Switch Control from LIN4 to LOUT3
0: OFF (default)
1: ON

LOOPSL: Switch Control from MIC-Amp Lch to LOUT3
0: OFF (default)
1: ON

LPG1-0: MIC-Amp Mixing Gain ControlTable 64
Default: “00” (0dB)
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Addr | RegisteName D7 : D6 ! D5 ! D4 ! D3 | D2 ! D1 ! DO

OEH | ROUT3 Signal Select 0 ! 0 | LOOPSR! RINS4 ! RINS3 ! RINS2! RINS1! DACSH
R/W RD | RD : RW | RW ! RW | RW | RW | RW
Default 0 : 0 : 0o | o 0o 0 0o 0

DACSR: Switch Contralrom DAC Rch to ROUT3
0: OFF (default)
1: ON
When PMRO3 bit is “1”, DACR bits enabled. When PMRO3 bit is “0”, the ROUT3 pin goes to VSS1.

RINS1: Switch Control from RIN1 to ROUT3
0: OFF (default)
1: ON

RINS2: Switch Control from RIN2 to ROUT3
0: OFF (default)
1: ON

RINS3: Switch Control from RIN3 to ROUT3
0: OFF (default)
1: ON

RINS4: Switch Control from RIN4 to ROUT3
0: OFF (default)
1: ON

LOOPSR: Switch Control from MIC-Amp Rch to ROUT3
0: OFF (default)
1: ON
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Addr | RegisteName D7 : D6 ! D5 ! D4 ! D3 ! D2 ! D1 ! DO
OFH ]| LOUT1 Power Manageent 0 ' 0 RCV | LOOPM LOM | LOPS1L PMRO1l PMLOpL
R/W RD i RD | RW | RW | RW . RW : RMW | RW
Default 0 ' 0 0 0 0 0 0 0
PMLO1: LOUT1 Power Management
0: Power down (default)
1: Power up
PMRO1: ROUT1 Power Management
0: Power down (default)
1: Power up
LOPS1: LOUT1/ROUT1 Power Save Mode
0: Normal Operation (default)
1: Power Save Mode
LOM: Mono Mixing from DAC to LOUT1/ROUT1
0: Stereo Mixing (default)
1: Mono Mixing
LOOPM: Mono Mixing from MIC-Amp to LOUT1/ROUT1
0: Stereo Mixing (default)
1: Mono Mixing
RCV: Receiver Select
0: Stereo Line Output QUT1/ROUT1 pins) (default)
1: Mono Receiver Oput (RCP/RCN pins)
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Addr | RegisteName D7 : D6 ! D5 D4 ! D3 ! D2 ! D1 ! DO
10H | LOUT2 PoweManagement 0 | PMRO2S: PMLO2S; LOOPMZ LOM2 : MUTEN | PMRO2: PMLO2
R/W RD | RW | RW | RW | RW | RW | RW | RMW
Default 0 : 0 : 0 : o 0 | 0 | 0 | 0

PMLO2: LOUT2 Power Management
0: Power down (default)
1: Power up

PMRO2: ROUT2 Power Management
0: Power down (default)
1: Power up

MUTEN: LOUT2/ROUT2 Mute Control
0: Mute (default)
1: Normal operation

LOM2: Mono Mixing from DAC to LOUT2/ROUT2
0: Stereo Mixing (default)
1: Mono Mixing

LOOPM2: Mono Mixing from MIC-Amp to LOUT2/ROUT2
0: Stereo Mixing (default)
1: Mono Mixing

PMLO2S: LOUT2 MIX-Amp Power Management
0: Power down (default)
1: Power up

PMRO2S: ROUT2 MIX-Amp Power Management
0: Power down (default)
1: Power up

MS0666-E-02 2010/06
-132 -



AsahiKASEI [AK4671]
Addr |RegisteName D7 | D6 ! D5 ! D4 | D3 ! D2 ! D1 | DO
11H | LOUT3 Power Margement] L3VL1: L3VLO: LODIF : LOOPM3 : LOM3 : LOPS3: PMRO3. PMLO3

RIW RW | RW | RW ! RN | RW ! RW ! RW | RW
Default i+ o0 : O ¢+ O ¢+ O ¢+ O ¢ 0 0
PMLOS3: LOUT3 Power Management
0: Power down (default)
1: Power up
PMRO3: ROUT3 Power Management
0: Power down (default)
1: Power up
LOPS3: LOUT3/ROUT3 Power Save Mode
0: Normal Operation (default)
1: Power Save Mode
LOMS3: Mono Mixing from DAC to LOUT3/ROUT3
0: Stereo Mixing (default)
1: Mono Mixing
LOOPM3: Mono Mixing from MIC-Amp to LOUT3/ROUT3
0: Stereo Mixing (default)
1: Mono Mixing
LODIF: Lineout Select
0: Single-ended Stereo Line @ut (LOUT3/ROUTS3 pins) (default)
1: Full-differential Mono Line Output (LOP/LON pins)
L3VL1-0: LOUT3/ROUT3 Owput Gain ControlTable 73
Default; “10” (0dB)
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Addr |RegistetName D7 ! D6 @ D5 D4 D3 D2 ! D1 ! DO
12H | Lch Input Volume Control IVL7 | IVL6 | VL5 IVL4 IVL3 VL2 | VL1 IVLO
13H | RchinputVolume Control IVR7 IVR6 IVR5 IVR4 IVR3 | IVR2 ! IVR1 : IVRO

RIW R/W R/W R/W RW RW | RW | RW | RW
Default 1 { 0 ! 0 1 0 0 0 1
IVL7-0, IVR7-0: Input Digital Volume; 0.375dB step, 242 Levéhble 33
Default: “91H” (0dB)
Addr |RegisteName D7 D6 D5 D4 D3 D2 D1 DO
14H ] ALC Reference Select REF7 REF6 REF5 ! REF4 | REF3! REF2; REFl REF(
RIW RW | RW | RW | RN | RW | RW | RW | RW
Default 1 1 1 0 ! 0 | 0 ! 0 ! 1
REF7-0: Reference Value at ALC Recoverye@giion (Recording); 0.375dB step, 242 LeVellfle 29
Default; “E1H" (+30.0dB)
Addr |RegisteName D7 D6 D5 D4 D3 D2 D1 DO
15H | Digital Mixing Control SRMXR1 ! SRMXR0! SRMXL1; SRMXLO! PFMXR1 PFMXRG PFMXL1 PFMXL(
R/W RW ' RW : RW ! RW ! RW ! RW ! RW ! RMW
Default 0O ' 0 0 0 0 0 0 0
PFMXL1-0: 5-band EQ Lch Input Mixing Iréble 49
Default: “00” (SDTI)
PFMXR1-0: 5-band EQ Rch Input Mixing T&ble 50
Default; “00” (SDTI)
SRMXL1-0: 5-band EQ Lch Input Mixing Z'éble 5}
Default; “00” (SDTI)
SRMXR1-0: 5-band EQ Rch Input Mixing Zgble 52
Default: “00” (SDTI)
Addr |RegisteName D7 | D6 ! D5 ! D4 ! D3 | D2 ! D1 ! DO
16H | ALC Timer Select 0 | RFST! RFSTO! WTM2 !\ WTM1:! WTMO: ZTM1 ! ZTMO
R/W RD | RW | RW RW RW | RW | RW i RW
Default 0 0 0 0 0 0 0 0
ZTM1-0: ALC Limiter/Recovery Opetin Zero Crossing Timeout Periodigble 26
Default: “00” (128/fs)
WTM2-0: ALC Recovery Waiting Periodéble 27
Default: “000” (128/fs)
RFST1-0: ALC First recovery Speetlable 30
Default: “00” (4times)
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Addr |RegisteName D7 : D6 ! D5 : D4 ! D3 | D2 ! D1 ! DO
17H | ALC Mode Control 0 | ZELMN! LMAT1! LMATO!@ RGAIN1, RGAINO; LMTH1| LMTHO
RIW RD | RW | RW . RW | RW | RW | RW | R/W
Default 0 : 0 : 0o 0 : 0 | 0 | 0 | 0

LMTH1-0: ALC Limiter Detection Levk/ Recovery Counter Reset Lev@laple 24
Default: “00”

RGAIN1-0: ALC Recovery GAIN Stepl@able 29
Default: “00”

LMAT1-0: ALC Limiter ATT Step {Table 25
Default: “00”

ZELMN: Zero Crossing Detection BEble at ALC Limiter Operation
0: Enable (default)

1: Disable
Addr |RegisteName D7 D6 D5 | D4 . D3 . D2 . D1 . DO
18H | Mode Control 1 DAM : MIXD : SDIM1: SDIMO : EQ ADM : IVOLC: ALC
R/W RW | RW ! RW ! RN | RW ! RW | RW ! RW
Default 0 0 0 ! 0 0 0 ! 1 0

ALC: ALC Enable
0: ALC Disable (default)
1: ALC Enable

IVOLC: Input Digital Volume Control Mode Select
0: Independent
1: Dependent (default)
When IVOLC hit =“1", IVL7-0 bits control both Lch and Rch volume level, while register values of IVL7-0
bits are not written to IVR7-0 bit¥hen IVOLC bit = “0”, IVL7-0 bits control Lch level and IVR7-0 bits
control Rch level, respectively.

ADM: Mono Recording Table 44
0: Stereo (default)
1: Mono: (L+R)/2

EQ: Select 5-Band Equalizer
0: OFF (default)
1: ON

SDIM1-0: SDTI Input Signal Select@ble 48
Default: “00” (L=Lch, R=Rch)

MIXD: DAC and SRC-A Mono Mixing Table 53andTable 54
0: L+R (default)
1: (L+R)/2

DAM: DAC Mono Mixing (Table 53
0: Stereo (default)
1: Mono: (L+R) or (L+R)/2 is selected by MIXD bit.
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Addr |RegisteName D7 . D6 ! D5 ! D4 ! D3 | D2 ! D1 ! DO

19H | Mode Control 2 SRA1: SRAO!  BIV2! BIVL: BIVO! SMUTE OVTM OVOL(
RIW RW | RW | RW | RW | RW | RW | RW | RMW
Default 0 : 0 : 0o 0 : 0 | 0 | 0 | 1

OVOLC: Output Digital Volme Control Mode Select
0: Independent
1: Dependent (default)
When OVOLC bit = “1", OVL7-0 bits control both Lcand Rch volume level, while register values of
OVL7-0 bits are not written to OVR7-0 bits. When OVObit = “0”, OVL7-0 bits control Lch level and
OVR7-0 bits control Rch level, respectively.

OVTM: Digital Volume Transition Time Setting
0: 1061/fs (default)
1: 256/fs
This is the transition time between OVL/R7-0 bits = 00H and FFH.

SMUTE: Soft Mute Control
0: Normal Operation (default)
1: DAC outputs soft-muted

BIV2-0: SDTIB Input Volume ControlTable 4}
Default: “OH” (0dB)

SRA1-0: SRC-A Input Signal Selectgble 54
Default: “00” (Lch)

Addr | RegisteName D7 D6 D5 | D4 D3 D2 | D1 DO
1AH | Lch Output Volume Control] OVL7 | OVL6 | OVL5 | OVL4 ! OVL3 | OVL2 ! OVL1 ! OVLO
1BH | Rch Output Volume Contro]l OVR7 OVR6f OVR5 OVR4 OVR3 OVR2 OVR1L  OVRO
RIW RW | RW | RW | RW | RW | RW | RW ! RW
Default 0 0 0 1 1 0 0 0
OVL7-0, OVR7-0: Output Digital VolumeT@ble 36
Default; “18H” (0dB)
Addr | RegistetName D7 D6 D5 D4 D3 D2 D1 DO
1CH | Side Tone A Control 0 0 ! SVAR2 : SVAR1: SVARO: SVAL2: SVAL1: SVALO
RIW RD RD RIW RW RIW RIW RIW RIW
Default 0 0 0 0 0 0 0 0
SVAL2-0, SVAR2-0: SideTone Volume A (SVOLA) Table 33
Default; “000” (0dB)
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Addr |RegistetName D7 | D6 ! D5 ! D4 | D3 | D2 ! D1 ! DO

1DH | Digital Filter Select GN1: GNO: LPF . HPF . EQO | FIL3 | HPFAD  PFSEL
RIW RW | RW ! RW : RN ! RW ! RW ! RW | RMW
Default 0O . 0 . 0 . 0 | 0 | 0 ! 1 0

PFSEL Signal Select of Programmable Filter Blodlable 43
0: ADC Output Data (default)
1: SDTI Input Data

HPFAD: HPF Control of ADC
0: OFF
1: ON (default)
When HPFAD bit is “1”, the settings of F1A13-0 aRtiB13-0 bits are enable&vhen HPFAD bit is “0”,
HPFAD block is through (0dB).

GN1-0: Gain Select at GAIN blocK &ble 23
Default: “00” (0dB)

FIL3: FIL3 (Stereo Separation Emphasiilter) Coefficient Setting Enable
0: Disable (default)
1: Enable
When FIL3 bitis “1”, the settings of F3A13-0 and F3B1Bits are enabled. When FIL3 bit is “0”, FIL3 block
is OFF (MUTE).

EQO: EQO (Gain Compensatioiitér) Coefficient Setting Enable
0: Disable (default)
1: Enable
When EQO bit is “1”, the settings of EOA15-0, EOB13ar@l EOC15-0 bits are enatlaVhen EQO bit is “0”,
EQO block is through (0dB).

HPF: HPF Coefficient Setting Enable
0: Disable (default)
1: Enable
When HPF bit is “1”, the settings of F1A13-0 and F1E18its are enabled. When HPF bit is “0”, HPF block
is through (0dB).

LPF: LPF Coefficient Setting Enable
0: Disable (default)
1: Enable
When LPF bit is “1”, the settings of F2A13-0 and F2E1Bits are enabled. WhérPF bit is “0”, LPF block
is through (0dB).
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Addr |RegisteName D7 D6 | D5 | D4 D3 D2 | D1 ! DO
1EH | FIL3Co-efficient0 F3A7 F3A6 | F3A5 | F3A4 . F3A3. F3A2. F3All F3A0
1FH | FIL3 Co-efficient 1 F3AS | 0 | F3A13 F3A12 F3A11 F3AI1D  F3A9 F3AB
20H | FIL3 Co-efficient2 F3B7 F3B6 | F3B5| F3B4. F3B3! F3B2 F3B1 F3B}
21H | FIL3 Co-efficient 3 0 ! 0 | F3B13. F3B12 F3B1l1  F3B10 F3B9 F358
22H | EQ Co-efficient 0 EOA7 EOA6 | EOA5 | EOA4 | EOA3! EOA2! EOAL| EOAO
23H | EQ Co-efficient 1 EOA15 | EOA14 ! EOA13: EOA12: EOA1l EOAI0  EOAY EOAH
24H | EQ Co-efficient 2 EOB7 EOB6 | EOB5: [EOB4: EOB3; EOB2 EOB1 EOB(
25H | EQ Co-efficient 3 0 0 | EOB13: EOB12: EOB11 ! EOB10: EOB9 EOBS
26H | EQ Co-efficient 4 EOC7 EOC6 | EOC5! EOC4: EOC3 EOC2 EOC1 Eodo
27H | EQ Co-efficient 5 EOC15 ; EOC14: EOC13 EOC12 EOC11 EOC10  EOC9 E0¢s
R/W W W w w W w W W
Default 0 0 0 0 0 0 0 0
F3A13-0, F3B13-0: FIL3 (Stereo SepaoatiEmphasis Filter) Coefficient (14bit x 2)
Default: “O000H”
F3AS: FIL3 (Stereo Separation Emphasis Filter) Select
0: HPF (default)
1. LPF
EOA15-0, EOB13-0, EOC15-C0: EQO (Gain Comgegion Filter) Coefficient (14bit x 2 + 16bit x 1)
Default: “O000H"
Addr |RegisteName D7 D6 | D5 | D4 | D3 | D2 | D1 ! DO
28H | FIL1 Co-efficient0 F1A7 F1A6 : F1A5 | F1A4 . F1A3. F1A2.  F1All F1A0
29H | FIL1 Co-efficient 1 0 0 | F1A13. F1A12] F1A1l F1A10  F1A9 F1A$
2AH | FIL1 Co-efficient2 F1B7 FIB6 | F1B5. F1B4:. F1B3! F1B2 F1B1 F1B{
2BH | FIL1 Co-efficient 3 0 0 | F1B13! F1B12. F1B11 F1B10 F1B9 F1BB
R/W w w LW W W W W W
Default F1A13-0 bits = “1FA9H", F1B13-0 bits = “20ADH"
F1A13-0, F1B13-B0: FIL1 (Wind-noiseeduction Filter) Coefficient (14bit x 2)
Default: F1A13-0 bits = “1FA9H", F1B18-bits = “20ADH” (fc=150Hz@fs=44.1kHz)
Addr |RegisteName D7 D6 ! D5 ! D4 D3 | D2 D1 ! DO
2CH | FIL2 Co-efficient0 F2A7 F2A6 | F2A5 ! F2A4 | F2A3! F2A2!  F2Al] F2A0
2DH | FIL2 Co-efficient 1 0 0 | F2A13] F2A12] F2A11  F2A10  F2A9 F2A$
2EH | FIL2 Co-efficient?2 F2B7 F2B6 | F2B5! F2B4: F2B3! F2B2 F2B1 F2B¢
2FH | FIL2 Co-efficient 3 0 0 | F2B13' F2B12.  F2B1l  F2B10 F2B9 F2H8
RIW W W w W W W W W
Default 0 0 0 0 0 0 0 0
F2A13-0, F2B13-B0: FIL2 (LPF) Coefficient (14bit x 2)
Default; “0000H”"
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Addr | RegisteName D7 : D6 ! D5 ! D4 ! D3 | D2 ! D1 ! DO
30H | Digital Filter Select 2 0 : 0 : 0 . EQ5 | EQ4 | EQS3 | EQ2 . EQ1
R/W RD | RD : RD | RW | RW | RW | RW | RW
Default 0 : 0 : 0o | o 0o 0 0o 0

EQ1: Equalizer 1 Coefficient Setting Enable
0: Disable (default)
1: Enable
When EQL bit is “1”, the settings of E1A15-0, E1B1&r E1C15-0 bits are enaBlléVhen EQL1 bit is “0”,
EQ1 block is through (0dB).

EQ2: Equalizer 2 Coefficient Setting Enable
0: Disable (default)
1: Enable
When EQ2 bit is “1”, the settings of E2A15-0, E2B1&8+@ E2C15-0 bits are enadlaVhen EQ2 bit is “0”,
EQ2 block is through (0dB).

EQ3: Equalizer 3 Coefficient Setting Enable
0: Disable (default)
1: Enable
When EQ3 bit is “1”, the settings of E3A15-0, E3B1&f@ E3C15-0 bits are enatléaVhen EQS3 bit is “0”,
EQ3 block is through (0dB).

EQ4: Equalizer 4 Coefficient Setting Enable
0: Disable (default)
1: Enable
When EQ4 bit is “1”, the settings of E4A15-0, E4B1&rl E4C15-0 bits are enaBllaVhen EQ4 bit is “0”,
EQ4 block is through (0dB).

EQS5: Equalizer 5 Coefficient Setting Enable
0: Disable (default)
1: Enable
When EQ5 bit is “1”, the settings of EBA15-0, E5B15+@ E5C15-0 bits are enalaVhen EQ5 bit is “0”,
EQ5 block is through (0dB).
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Addr |RegisteName D7 D6 | D5 | D4 | D3 ! D2 | D1 ! DO
32H | E1Co-efficient0 E1A7 E1A6 | E1A5 ! FE1A4 ! E1A3. E1A2! E1All E1A0
33H | E1 Co-efficient 1 E1A15, E1A14 E1A13 E1A12 E1A11  E1A10 E1A9 E1A8
34H | E1Co-efficient2 E1B7 E1B6 : EI1B5: E1B4: E1B3: E1B2 E1B1 E1B(
35H | E1 Co-efficient 3 E1B15 E1B14 EI1B13 E1B1? E1Bi1  E1B10 E1B9 E1B8
36H | E1Co-efficient4 EIC7 | EIC6: EIC5: E1C4! E1C3 E1CP E1C1 E1do
37H | E1 Co-efficient 5 E1C15 E1C14 E1C13 E1CI2 E1C11 E1G10 E1C9 Ejcs
38H | E2Co-efficient0 E2A7 E2A6 | E2A5 . FE2A4 . E2A3: [E2A2! E2Al E2A0
39H | E2 Co-efficient 1 E2A15, E2A14 E2A13 E2A12 E2A11 E2AI0 E2A9 E2A8
3AH |E2Co-efficient2 E2B7 E2B6 | E2B5. E2B4:. E2B3 E2B2 E2B1 E2B(
3BH | E2 Co-efficient 3 E2B15, E2B14 E2B13 E2B12 E2Bil1 E2B10 E2B9 E2B8
3CH | E2Co-efficient4 E2C7 ' E2C6 @ E2C5! E2C4 ! E2C3 E2CP E2C1 E2do
3DH | E2 Co-efficient 5 E2C15; [E2C14 E2C13 E2C12 E2C11 E2C10 E2C9 E4C8
3EH [ E3Co-efficient0 E3A7 E3A6 | E3A5 : E3A4 : E3A3: E3A2: E3AL E3A0
3FH | E3 Co-efficient 1 E3A15. E3A14 [E3A13 E3A12 E3A11  E3A10 E3A9 E3As
40H | E3Co-efficient2 E3B7 E3B6 © E3B5: E3B4: E3B3 E3B2 E3B1. E3B(
41H | E3 Co-efficient 3 E3B15 E3B14 E3B13  E3B12 E3B11 E3B10 E3B9 E3B8
42H | E3Co-efficient4 E3C7 | E3C6 ! E3C5! E3C4 | E3C32 E3C2 E3C1 E3do
43H | E3 Co-efficient 5 E3C15. E3C14 E3C13  E3C12 E3C11 E3C10 E3C9 E3Cs
44H | E4Co-efficient0 E4A7 @ E4A6 @ E4A5 : E4A4 : E4A3: E4A2: E4AL E4A0
45H | E4 Co-efficient 1 E4A15. E4A14 E4A13  E4A12  E4A11  E4AI0  E4A9 E4As
46H | E4Co-efficient2 E4B7 | E4B6 . E4B5: E4B4:  E4B3! E4B2 E4B1 E4B(
47H | E4 Co-efficient 3 E4B15 E4B14 E4B13  E4B12 E4B11  E4B10 E4B9 E4B8
48H | E4Co-efficient4 EAC7 . EAC6 . EAC5. EACA4 | EAC3 EAC? E4AC1 E4ado
49H | E4 Co-efficient 5 EAC15 EAC14 EAC13  EACI2 E4AC11 E4C10 E4C9 E4CS
4AH | E5Co-efficient0 E5A7 E5A6 | E5A5 . E5A4 . E5A3. [E5A2:  E5AL E5A0
4BH | E5 Co-efficient 1 E5A15! [E5A14 E5A13  E5A12  E5A11 EBALO E5A9 EsAB
4ACH | E5Co-efficient2 E5B7 E5B6 | E5B5' E5B4 !  E5B3! E5B2 E5B1 E5B(
4DH | E5 Co-efficient 3 E5B15: E5B14  E5B13 E5B12 E5Bi1  E5B10 E5B9 E5BS
4EH | E5Co-efficient4 E5C7 | E5C6: ES5C5: E5C4 ! E5C3 E5C? E5C1 Esdo
4FH | E5 Co-efficient 5 E5C15 E5C14 E5C13  E5CI2 E5C11  E5C10 E5C9 Ejcs

RIW W oW W W W W W W
Default 0 0 0 0 0 0 0 0
E1A15-0, E1B15-0, E1C15-0: Equalizer 1 Coefficient (16bit x3)
Default; “O000H’
E2A15-0, E2B15-0, E2C15-0: Equalizer 2 Coefficient (16bit x3)
Default; “0000H’
E3A15-0, E3B15-0, E3C15-0: Equalizer 3 Coefficient (16bit x3)
Default; “0000H’
E4A15-0, E4B15-0, E4C15-0: Equalizer 4 Coefficient (16bit x3)
Default; “0000H’
E5A15-0, E5B15-0, E5C15-0: Equalizer 5 Coefficient (16bit x3)
Default; “0000H’
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Addr | RegisteName D7 : D6 ! D5 ! D4 ! D3 | D2 ! D1 ! DO
50H | EQControl250Hz/100Hz] EQB3 | EQB2: EQBL EQBO EQA3 EQA2 EQAl  EQAO
51H | EQ Control 3.5kHz/1kHz EQD3! EQD2 EQD1 | EQDO | EQC3! EQC2. EQCI EQC{

RIW RIW RW | RW | RW | RW | RW | RW ! RW

Default 1 0 | 0 | 0 | 1 ! 0 | 0 ! 0

Addr | RegistetName D7 | D6 ! D5 ! D4 ! D3 ! D2 | D1 | DO
52H | EQ Control 10kHz 0 | 0 ! 0 ! 0 ! EQE3 | EQE2| EQEl, EQE(Q
R/W RD RD | RD ! RD ! RW ! RW ! RMW. RMW

Default 0 0 0 0 1 0 ! 0 | 0

EQA3-0: Select the boost level of 100Hz
EQB3-0: Select the boost level of 250Hz
EQC3-0: Select the boost level of 1kHz

EQD3-0: Select the boost level of 3.5kHz
EQES3-0: Select the boost level of 10kHz

SeeTable 35
Addr | RegistetName D7 | D6 | D5 | D4 | D3 | D2 | D1 | DO
53H | PCM I/F Control 0 GPOM2! GPOE2 PLLBT2 PLLBT1 PLLBTO PMPCM PMSRB PMSRA
RIW RIW RW | RW | RW | RW | RW | RW | RMW
Default 0 0 ' 0 ' 0 0 0o 0 0

PMSRA: SRC-A Power Management

0: Power down (default)
1: Power up

PMSRB: SRC-B Power Management

0: Power down (default)
1: Power up

PMPCM: PCM I/F Power Management

0: Power down (default)
1: Power up

PLLBT2-0: PLLBT Reference Clock Seledtgble 76
PLLBT3 bit is D6 of Addr=55H.

Default: “0000”: SYNCA

GPOE2: General Purpose Output 2 Enable at GPOM2 bit = “1”

“0": GPO2 pin = “L” (default)
“1": GPO2 pin = “H"

GPOM2: General Purpose @ut 2 Operation ModeT@ble 92
“0": Controlled by GPOE2 bit (default)

“1": MIC Detection Interrupt

MS0666-E-02
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Addr | RegisteName D7 ! D6 ! D5 ! D4 ! D3 | D2 ! D1 ! DO
54H | PCM I/F Control 2 SDOAD! BCKO2! MSBSA BCKPA LAWAl LAWAGC FMTAL FMTA(
RIW RW | RW | RW | RW | RW | RW : RW | RMW
Default 0 : 0 : 0 : 0o | 0o | 0 0 | 0

FMTAZ1-0: PCM I/F A FormatTable 84
Default; “00” (Mode 0)

LAWA1-0: PCM I/F A Mode {Table 83
Default: “00” (Mode 0)

BCKPA: BICKA Polarity of PCM I/F A Table 86
“0”: SDTOA is outputby the rising edge ) of BICKA and SDTIA is latched by the falling edgel(). (default)
“1" SDTOA is output by the falling edge") of BICKA and SDTIA is latched by the rising edgé'().

MSBSA: SYNCA Phase of PCM I/F Aréble 8§
“0”: The rising edge (") of SYNCA is half clock of BICKA before the channel change. (default)
“1": The rising edge (1) of SYNCA is one clock of BICKA before the channel change.

BCKO2: BICKA/B Output FrequencSelect at Master Modd éble 77
0: 16fs2 (default)
1: 32fs2

SDOAD: SDTOA DisableTable 5§
“0”: Enable (default)

“1”: Disable (“L")
Addr | RegisteName D7 D6 D5 D4 D3 | D2 D1 DO
55H | PCM I/F Control 3 SDOBD: PLLBT3: MSBSE BCKPB LAWBI LAWBO FMTBL FMTBp
RIW RW ! RW ' RW | RW ' RW ! RW ! RW ' RW
Default 0 0 0 ! 0 ! 0 ! 0 ! 0 ! 0

FMTB1-0: PCM I/F B FormatTable 89
Default: “00” (Mode 0)

LAWB1-0: PCM I/F B Mode Table 83
Default;: “00” (Mode 0)

BCKPB: BICKB Polarity of PCM I/F BTable 87
“0” SDTOB is output by the rising edgel(") of BICKB and SDTIB is latched by the falling edgd t}. (default)
“1”: SDTOB is output by the falling edgel() of BICKB and SDTIB is latched by the rising edgé™{.

MSBSB: SYNCB Phase of PCM I/F B4ble 8%
“0”: The rising edge (") of SYNCB is half clock of BICKBbefore the channel change. (default)
“1": The rising edge (") of SYNCB is one clock of BICKB before the channel change.

PLLBT3: PLLBT Reference Clock Seledtgble 76
PLLBT2-0 bits is D5-3 of Addr=53H.
Default: “0000”: SYNCA

SDOBD: SDTOB DisableTable 59
“0": Enable (default)
“1": Disable (“L")
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Addr | RegisteName D7 D6 D5 D4 D3 D2 D1 ! DO
56H | Digital Volume B Control BVL7 |  BV6 BVL5 BVL4 BVL3 BVL2 BVL1 ! BVLO
R/W RW | RMW RIW RW RIW RIW RIW RIW
Default 0 0 0 1 1 0 0 0
BVL7-0: Digital Volume B (Table 39
Default; “18H” (0dB)
Addr | RegisteName D7 D6 D5 D4 D3 D2 D1 ! DO
57H | Digital Volume C Control CVL7 ! C\V6 CVL5 CVL4 CVL3 CVL2 CVLL | CVLO
R/W RW | RW RIW RW RIW RIW RIW RIW
Default 0 0 0 1 1 0 0 0
CVL7-0: Digital Volume C Table 39
Default; “18H” (0dB)
Addr | RegisteName D7 D6 D5 ! D4 D3 D2 D1 ! DO
58H | Side Tone Volume Control 0 0 0 ! 0 ! SDOA SVB? SVBE1 SVH
RIW RD RD RD | RD ! RW : RMW R/W R/W
Default 0 0 0 0 0 0 0 0
SVB2-0: Side Tone Volumé éble 40
Default; “OH” (0dB)
SDOA: SDTOA Output Signal Selectgble 55
“0": SRC-A (default)
“1": SDTI-B
Addr | RegisteName D7 ! D6 | D5 | D4 | D3 D2 ! D1 ! DO
59H | Digital Mixing Control SDOR1! BORO ! SDOL1| SDOLO! BVMX1: BVMX0! SBMX1! SBMXO0
R/W RW | RW | RW | RW | RW | RW | RW | RW
Default 0 0 0 0 0 0 0 0
SBMX1-0: SDTOB Output Signal Seleddble 57
Default: “00” (SDTIA)
BVMX1-0: SRC-B Input Signal Selectable 59
Default: “00” (SDTIA)
SDOL1-0: SDTO Lch Output MixingT@able 45
Default: “00” (Lch Signal Selected byable 44
SDOR1-0: SDTO Rch Output Mixing éble 46
Default; “00” (Rch Signal Selected Ayble 44
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Addr | RegisteName D7 | D6 D5 | D4 ! D3 ! D2 ! D1 | DO
5AH | SAR ADC Control 0 i 0 0 . GPOMIL GPOE1 Al | A0 | PMSAD

R/W RD | RD | RD | RW | RW : RW | RW : RMW
Default 0 i 0 ' 0 ' 0 0 0 0 0
PMSAD: 10bit ADC Power Management
“0": Power down (default)
“1". Power up
A1-0: SAR ADC Measurement Modé&gble 94
Default: “00” (AIN1)
GPOEL1: General Purpose Output 1 Enable at GPOM1 bit = “1”
“0”: GPO pin = “L” (default)
“1": GPO pin = “H”
GPOML1: General Purpose fut 1 Operation Mode
“0": Controlled by GPOE bit (default)
“1”: Controlled by AO bit
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| SYSTEM DESIGN |

Figure 108shows the system connection diagram for the AK4671. The evaluation board [AKD4671] demonstrates the
optimum layout, power supply armmgements and measurement results.

Headphone Analog 1 Digital
A A Ground ! Ground
Analog 10u Digital
2.2~36V - . (Base Band)
T j? T | 1.6~ 3.6V
o :
O, o T
a Base Band
N ER
El ~_|e S |
TTTY#7 1HH
ol - : ’
[ I | ! 1
OO L OO - |
0.1u TEST LOUT2 | ROUT2 | VCOM VCOCBT) VSS2 | SDTOA | SYNCA GPO2 i
<I?— ““““““ 1 | i I N Digital
— LO L ) ) _4 (1P & CPU)
AVDD VSS1 MUTET VCOC PVDD TvDD2 BICKA CDTI  SDTIA 1.6 ~ 3.6V
e V- S T I O T e — 1 Tt aa |’>
Ext SPK-Amp -0 O O- - .
EER RCP  RCN vSS4  DVDD : T
Tt |
Stereo [ | _ (B O I i uP
Speaker P |: ROUT3 LODT3 cClk  C3N
Sy 1 o ' T _|>
It AKA4671EG O O-
RIN4  LN4 ) 2C  BICK
_ iy = J Top View i ;
Line In ' ! !
: : LN3  RINs MCKI  MCKO i
i - (5 """ | cPU
L S
External MIC [) : : INZ+ %27 NC PDN  LRCK
1 - ! -
L . - - . -
Internal MIC [} : : INT+ NI~ SAIN2 ESAQ/I%D 1 TV(D)ID:% | SDCT%B BICKB | ng)o cbTo |
1 - ! 1 1 . T
0 O Qiolo! O O i
g § BMDT WPIR  sAl3 | sAN1 | vSSs | svfics | sofils | SDTI  GPOL !
IREE | |
~ | o] o
a|a Bluetooth
NV | Y e |° ! Module
1
. |
| Digital
i (Bluetooth)
H 1.6 ~ 3.6V
1
DC Measurement i
Notes:
- VSS1, VSS2, VSS3 and VSS4 of the AK4671 shouldisiibuted separately fno the ground of external
controllers.

- All digital input pins $iould not be I& floating.

- When the AK4671 is EXT mode (PMPLL bit = “0"), a retmir and capacitor of the VCOC pin is not needed.

- When the AK4671 is PLL mode (PMPLL bit =“1"), asistor and capacitor of the VCOC pin is showifiale
4.

- When the AK4671 is used by master mode, LRCK arekBpins are a Hi-Z statentil M/S bit becomes “1”.
LRCK and BICK pins of the AK4671 should belled-down or pulled-up by the resistor (about 1Qpk
externally to avoid the floating state.

- A resistor and capacitor of the VCOCBT pin is showmhable 76

- After setting PDN pin = “H”, the PCM I/F clock pird AK4671 are a Hi-Z state until PMPCM bit becomes
“1". The PCM I/F clock pins of master mode shobdpulled-down or pulled-upy the resistor (about 100
externally to avoid the floating state.

Figure 108. Typical Connection Diagram
(Internal Full-differentila Mic, External pseudo differential Mic, Réeeutput, 4-wireserial mode)
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1. Grounding and Power Supply Decoupling

The AK4671 requires careful attention to power syjgwld grounding arrangements. AVDD, PVDD, SAVDD, DVDD,
TVDD2 and TVDD3 are usually supplied from the gysts analog supply. If AVDD, PVDD, SAVDD, DVDD, TVDD2
and TVDD3 are supplied separately, the power-up sequence gsitical. The PDN pin should be held to “L” when
power-up. The PDN pin should be set to “&fter all power supplies are powered-up.

In case that the pop noise shouldaeided at receiver outputeadphone output and linatput, the AK4671 should be
operated by the following remamended power-up/down sequence.

1) Power-up
- The PDN pin should be held to “L” when power-up. The AK4671 should be rebeniging the PDN pin “L” for
150ns or more.
- In case that the power supplies are separateddimtuwnore groups, the powsupply including DVDD should be
powered ON at first.

2) Power-down
- Each power supplies should be powered OFF after the PDN pin is set to “L”".
- In case that the power supplies are separatedbimtwnore groups, the powsupply including DVDD should be
powered OFF at last.

VSS1, VSS2, VSS3 and VSS4 of the AK4671 shoulddmmected to the analog ground plane. System analog ground
and digital ground should be connecteddther near to where the supplies larought onto the printed circuit board.
Decoupling capacitors should be as near to the AK467 1sashpe with the small vatuceramic capacitor being the
nearest.

2. Voltage Reference

VCOM is a signal ground of this chip. A 2R electrolytic capacitor in parallel with a QA ceramic capacitor attached
to the VCOM pin eliminates the effects of high frequencg@&oNo load current may be drawn from the VCOM pin. All
signals, especially clocks, shouldkept away from the VCOM pin in ordéo avoid unwanted coupling into the
AK4671.

3. Analog Inputs

The Mic, Line and MIN inputs are single-ended. The input signal range sgddasominally at 0.6 x AVDD Vpp (typ)
at MGNL=MGNR=0dB and single-endéabut, centered around the internahwoon voltage (0.5 x AVDD). The input
signal should be AC coupled using a capacitor. The cut-off frequency is fcrRT)2The AK4671 can accept input
voltages from VSS1 to AVDD.

4. Analog Outputs

The input data format for the DAC is 2's complement Bhtput voltage is a positive full scale for 7FFFH(@ 16bit) and
a negative full scale for 8000H(@16bit). The ideal outpMG®OM voltage for 0000H(@16bit). VCOM voltage is 0.5 x
AVDD (typ).

When LOUT1, ROUT1, LOUT2, ROUT2, LOUT3/LOP and ROUT3/LON pans single-ended output, these pins
should be AC coupled using a capacitor. When RCP, Bi@are full-differential oyut, these pins should be
connected directly to a receiver. (RCP, RCNspmhould be not ACotipled using a capacitor.)
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| CONTROL SEQUENCE (AUDIO) |

B Clock Set up
When ADC or DAC is powered-up, the clocks must be supplied.

1.PLL Master Mode.

Example:
Power Supply / Audio I/F Format: MSB justified (ADC & DAC)
! a BICK frequency at Master Mode: 64fs
PDN pin ! Input Master Clock Select at PLL Mode: 11.2896MHz
: MCKO: Enable
@ @ Sampling Frequency: 44.1kHz

PMVCM bit ﬂ

(Addr:00H, DO) !

MCKO bit \A “ (1) Power Supply & PDN pin = “L” = “H”

(Addr:02H, D2) \1/

(/l?d'\dllrzlz_:, g:)t; —l (2)Addr:02H, Data:22H
®) Addr:03H, Data:02H

MCKI pin /r/ / Input Addr:01H, Data:F4H

M/S bit i T ‘l’
(hdronH, D) i : \ (3)Addr:00H, Data:01H

i ' 40msec(max) '
! ! 1(6) ‘1’
BICK pin ! 3 ! Output ‘ . .
LRCK pin ‘ 1 : (4)Addr:02H, Data:27H
! ' 40msec(max) ' \
‘ 1 1®) ‘1’
MCKO pin ‘ @ ‘ Output ‘ MCKO, BICK and LRCK output ‘
Figure 109. Clock Set Up Sequence (1)
<Example>

(1) After Power Up, PDN pin = “L™> “H". “L” time of 150ns or more is needed to reset the AK4671.
The AK4671 should be operated as the recommepdegtr-up/down sequence shown in “System Design
(Grounding and Power Supply Decoungl)”’ to avoid pop noise at thegeiver output, hegphone output and
lineout output.

(2) DIF1-0, PLL3-0, FS3-0, BCKO and M/S bibould be set during this period.

(3) Power Up VCOM: PMVCM bit = “0"> “1”
VCOM should first be powered-up foee the other block operates.

(4) In case of using MCKO output: MCKO bit = “1”

(5) PLL lock time is 40ms(max.) after PMPLL bit changesrfr®” to “1” and MCKI is supplied from an external
source.

(6) The AK4671 starts to output the LRCK and BICK cloekigr the PLL becomes stable. Then normal operation
starts.

(7) The invalid frequency is output from MCKOrmpiluring this period if MCKO bit = “1".

(8) The normal clock is output from MCKO pin aftihe PLL is locked if MCKO bit = “1".
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2. PLL Slave Mode (MCKI pin)

[AK4671]

Example:

Audio I/F Format: MSB justified (ADC & DAC)
BICK frequency at Master Mode: 64fs
Input Master Clock Select at PLL Mode: 11.2896MHz
MCKO: Enable
Sampling Frequency: 44.1kHz

Power Supply /

(1) Power Supply & PDN pin = “L" > “H"

) P ()
PDN pin ﬂ

PMVCM bit
(Addr:00H, DO)

v

(2)Addr:03H, Data:02H
Addr:01H, Data:F4H

MCKO bit
(Addr:02H, D2)
PMPLL bit
(Addr:02H, DO) !

\

| (3)Addr00H, Data:01H |

(5)

v

MCKI pin

] (4)Addr:02H, Data:25H ‘

MCKO pin

/i// /i Input

j |
| o 20msec(max) i
- >
I

()

v

i ®

’ MCKO output start ‘
Output \1'

BICK pin

®)

’ BICK and LRCK input start ‘

Input

LRCK pin

<Example>

Figure 110. Clock Set Up Sequence (2)

(1) After Power Up, PDN pin = “L'> “H". “L” time of 150ns or more is needed to reset the AK4671.
The AK4671 should be operated as the recommepdeetr-up/down sequence shown in “System Design
(Grounding and Power Supply Decoungj)”’ to avoid pop noise at theageiver output, hephone output and

lineout output.

(2) DIF1-0, PLL3-0 and FS3-0 bhithsuld be set during this period.
(3) Power Up VCOM: PMVCM bit = “0"> “1”
VCOM should first be powered upfoee the other block operates.
(4) Enable MCKO output: MCKO bit = “1”
(5) PLL starts after that the PMPLL lmhanges from “0” to “1” and PLL refemee clock (MCKI pin) is supplied.
PLL lock time is 40ms(max.).
(6) The normal clock is output fna MCKO during this period.
(7) The invalid frequency is output from MCKO after PLL is locked.
(8) BICK and LRCK clocks should b&nchronized with MCKO clock.
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3. PLL Slave Mode (LRCK or BICK pin)

Example:
Audio I/F Format : MSB justified (ADC & DAC)

Power Supply ’
' PLL Reference clock: BICK
e BICK frequency: 64fs
PDN pin ﬂ—ﬂ Sampling Frequency: 44.1kHz
i @ B .
PMVCM bit 1 —p (1) Power Supply & PDN pin = “L” = “H”
(Addr:00H, DO) : | \A
P \ (2) Addr:03H, Data:02H
e | Addr:01H, Data:83H

LRCK p!n ! / Input \1/
BICK pin ‘ | (3) Addr00H, Data:01H |

Internal Clock ‘

(5)

| (4) AddrozH, Data:01H |

Figure 111. Clock Set Up Sequence (3)

<Example>
(1) After Power Up, PDN pin = “L™> “H". “L” time of 150ns or more is needed to reset the AK4671.

The AK4671 should be operated as the recommepdegtr-up/down sequence shown in “System Design
(Grounding and Power Supply Decoungl)”’ to avoid pop noise at thegeiver output, hegphone output and
lineout output.

(2) DIF1-0, FS3-2 and PLL3-0 bithsuld be set during this period.

(3) Power Up VCOM: PMVCM bit = “0"> “1”
VCOM should first be powered upfoee the other block operates.

(4) PLL starts after the PMPLL bit chges from “0” to “1” and PLL reference clock (LRCK or BICK pin) is
supplied. PLL lock time is 160ms(max.) when LR@Ka PLL reference clock. And PLL lock time is

2ms(max.) when BICK is a PLL reference clock.
(5) Normal operation stats after that the PLL is locked.
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4. EXT Slave Mode

[AK4671]

Example:
Audio I/F Format: MSB justified (ADC and DAC)
Input MCKI frequency: 256fs
Sampling Frequency: 44.1kHz
MCKO: Disable

Power Supply /
e

(1) Power Supply & PDN pin = “L" > “H”

PDN pin ﬂ

(2) Addr:03H, Data:02H

PMVCM bit —p
(Addr:00H, DO) !

@)

Addr:01H, Data:00H

\

|

|

MCKI pi
pin Input ] (3) Addr:00H, Data:01H
4
LRCK pin Inout \1,
BICK pin P ] MCKI, BICK and LRCK input
Figure 112. Clock Set Up Sequence (4)
<Example>

(1) After Power Up, PDN pin = “L'> “H". “L” time of 150ns or more is needed to reset the AK4671.
The AK4671 should be operated as the recommepdeer-up/down sequence shown in “System Design
(Grounding and Power Supply Decougj)”’ to avoid pop noise at theaeiver output, hefphone output and

lineout output.

(2) DIF1-0 and FS1-0 bits shouli® set during this period.
(3) Power Up VCOM: PMVCM bit = “0™> “1”

VCOM should first be powered upfloee the other block operates.
(4) Normal operation starts after the MC LRCK and BICK are supplied.

2010/06
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5. EXT Master Mode

Power Supply /

e
PDN pin ﬂ
@

PMVCM bit
(Addr:00H, DO)

(2)

[AK4671]

Example:
Audio I/F Format: MSB justified (ADC and DAC)
Input MCKI frequency: 256fs
Sampling Frequency: 44.1kHz
MCKO: Disable

’ (1) Power Supply & PDN pin = “L" > “H” ‘

’ (2) MCKI input ‘

v

(3) Addr:03H, Data:02H
Addr:01H, Data:00H

MCKI pin Input Addr:02H, Data:02H
1) \l,
M/S bit

(Addr:02H, D1) ’ BICK and LRCK output ‘
LBT(?IE pin ‘ Output \ll

pin ’ (4) Addr:00H, Data:01H ‘

Figure 113. Clock Set Up Sequence (5)

<Example>

(1) After Power Up, PDN pin = “L™ “H". “L" time of 150ns or more is needed to reset the AK4671.
The AK4671 should be operated as the recommepdegtr-up/down sequence shown in “System Design
(Grounding and Power Supply Decougj)” to avoid pop noise at theaeiver output, hefphone output and
lineout output.

(2) MCKI should be input.

(3) After DIF1-0 and FS2-0 bits are set, M/S bit should be set to “1”. Then LRCK and BICK are output.

(4) Power Up VCOM: PMVCM bit = “0™> “1”
VCOM should first be powered upfoee the other block operates.
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m MIC Input Recording (Stereo)

Example:

FS3-0 bits . PLL Master Mode
(Addr:01H, D7-4) 0000 | 1111 Audio I/F Format: MSB justified (ADC & DAC)
: ' | Sampling Frequency: 44.1kHz
(1) Pre MIC AMP: +15dB

MIC Power: On
ALC setting: Refer to Table 62

MIC Control 55H >< AAH ALC: Enable

(Addr:05H, D7-0)

(2)

ALC Control 1
(Addr:16H) O0H >(§

(1) AddrO1H, Data:FaH |

05H ‘l’
‘ (2) Addr:05H, Data: AAH ‘

ALC Control 2~ g1H E1H
(Addr:14H) o ‘ (3) Addr:16H, Data:05H ‘
ALC Control 3
(Addr:olr;rl;)o 15H 01H ‘ (4) Addr:14H, Data:E1H ‘
®) V
ALC Control 4 ~ o 03H 02H | (5) Addr17H, Data:01H |
(Addr:18H)
®) ©) v
ALC State ALC Disable ALC Enable ALC Disable \ (6) Addr:18H, Data:03H \
, v
PMMP bit ' ‘ (7) Addr:00H, Data:3FH ‘
(Addr:00H, D1) I, ‘l’
PMMICL/R bits : | Recording |
PMADL/R bits | 1059 /1 v
(Addr:00H, D5-2) Ot L@ | (@ AddrooH, Datar01H |
ADC Internal Power Down |Initialize Normal State | Power Down ¥
State ‘ (9) Addr:18H, Data:02H ‘
Figure 114. Stereo MIC Input Sequence
(MIC Recording: LIN1/RIN1— MICL/R — ADCL/R — ALC — Audio I/F - SDTO)
<Example>

This sequence is an example of ALC setting at fs=44.1kKittee parameter of the ALC is changed, please refdFigure
62"

At first, clocks should be suppliegtcording to “Clock Set Up” sequence.

(1) Set up a sampling frequency (FS3-0 bits). When the AK4671 is PLL mode, MIC and ADC should be powered-up in
consideration of PLL lock time after a sampling frequency is changed.

(2) Set up Gain for MIC-Amp (Addr: 05H)

(3) Set up Timer Select for ALC (Addr: 16H)

(4) Set up REF value for ALC (Addr: 14H)

(5) Set up LMTH1-0, RGAIN1-0 and LMAT1-0 bits (Addr: 17H)

(6) Set up ALC bit (Addr: 18H)

(7) Power Up MIC and ADC: PMMP = PMMICL = PMMICR = PMADL = PMADR bits = “63 “1”
The initialization cycle time of ADC is 1059/fs=24ms@fs=44.1kHz.
After the ALC bitis setto “1” and ADC block is powerag; the ALC operation starts from IVOL default value (0dB).
The time of offset voltage going to “0” after the ADC initialization cycle depends on both the time of analog input pin
going to the common voltage and the time constant of the offset cancel digital HPF. This time can be shorter by using
the following sequence:
At first, PMVCM and PMMP bits should set to “1”. Thehe ADC should be powered-up. The wait time to power-up
the ADC should be longer than 4 times of the time constant that is determined by the AC coupling capacitor at analog
input pin and the internal input resistance.

(8) Power Down MIC and ADC: PMMP = PMMICL = PMMICR = PMADL = PMADR bits = “13 “0”
When the registers for the ALC operation are not change@,#lLmay be keeping “1”. The ALC operation is disabled
because the ADC block is powered-down. If the registerthe ALC operation are also changed when the sampling
frequency is changed, it should be done after the AK4671tgdbse manual mode (ALC bit = “0”) or ADC block is
powered-down (PMADL = PMADR bits = “0”). IVOL gain isot reset when PMADL = PMADR bits = “0”, and then
IVOL operation starts from the setting valueamiPMADL or PMADR bit is changed to “1”.

(9) ALC Disable: ALC bit =“1"— “0”
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B Headphone-Amp Output

. '
FS3-0bits — gooo 1111
(Addr:01H, D7-4) ! . Examople :
(1) :4_»: PLL Master Mode
i ! Sampling Frequency: 441k (DS & PAC)
. ! OVOLC bit = v (default)
HPGS-0bits 1011 | 1010 D o Lavel 8o
(Addr:08H, D7-4) : 5band EQ: Enable
@ E (1) Addr:01H, Data:F4H ‘
DACHL/R bits E (12)
(Addr-0B&OCH, DO) ! (2) Addr:08H, Data A5H ‘
| Addri0BH&OCH, Data 01H
1
EQ bit 0 i 1 0 ‘ (3) Addr:18H, Data 0AH ‘
(Addr:18H, D3) G | 0
1 ‘ (4) Addr:i1AH&1BH, Data 28H ‘
OVL/R7-0 bits 18H ! 28H ¥
(Addr:1AH&1BH, D7-0) i : ‘ (5) Addr:00H, Data C1H ‘
@ v
PMDAL/R bItS ) o) ‘ (6) Addr:lOl-‘Il,’Data 63H ‘
(Addr:00H, D7-6) ! ‘ (7) Addr:10H, Data 67H ‘
PML/RO2S bits | v
(Addr:10H, D6-5) \ P |a$ack \
) ®) ©) ‘ (8) Addr:10H, Data 63H ‘
PML/RO2 bits | 3
(Addr:10H, D1-0) | (9) Addri10H, Data 00H |
. ¥
MUTEN bit @ ® | (10) Addri00H, Data 01H |
(Addr:10H, D2) J
1 1
LOUT2 pin ! | ‘ (11) Addr:18H, Data 02H ‘
ROUT2 pin ! Normal Output

‘ (12) Addr:0BH&OCH, Data 00H ‘

Figure 115. Headphone-Amp Output Sequence
(Headphone Playback: SDF# Audio I/F - EQ— DATT — DACL/R — LOUT2/ROUT2)

<Example>

At first, clocks shoulde supplied according to “Clock Set Up” sequence.
(1) Setup a sampling frequency (FS3-0 bits). When&k4671 is PLL mode, DAC and Headphone-Amp should

be powered-up in consideration of PLL Idake after a sampling frequency is changed.
(2) Set up the path of “SDT® DAC > HP-Amp”: DACHL = DACHR bits = “0"— “1”

Set up analog volume for HP-Amp (Addr: 08H, HPG3-0 bits)
(3) Enable 5-band Equalizer: EQ bit = “& “1” (Boost amount is selected by Addr = 50H-52H.)
(4) Set up the output digital volume (Addr: 1AH and 1BH)

When OVOLC bit is “1” (default), OVIE-0 bits set the volume of both channels. After DAC is powered-up,

the digital volume changes from default value (OdBht&oregister setting value by the soft transition.
(5) Power up DAC: PMDAL = PMDAR bits = “0~ “1”
(6) Power up Headphone-Amp and MIX-Amp: PMLO2 = PMRO2 = PMLO2S = PMRO2S bits =>“@”

Output voltages of Headphone-Amp are still VSS1.
(7) Rise up the common voltage of Headphone-Amp: MUTEN bit =50"1"

The rise time depends on AVDD and the capacitorevatbnnected with the MUTET pin. When AVDD=3.3V

and the capacitor value is L9, the time constant ig = 250ms(max.).
(8) Fall down the common voltage of Headphone-Amp: MUTEN bit ==1"0"

The fall time depends on AVDD and the capacitor vabrenected with the MUTET pin. When AVDD=3.3V

and the capacitor value is Lfg, the time constant isf = 250ms(max.).

If the power supply is powered-off or Headphone-Ampas/ered-down before the common voltage goes to

VSS2, the pop noise occurs. It takes twicefdhat the common voltage goes to VSS2.
(9) Power down Headphone-Amp and MIX-Amp: PMLO2 = PMRO2 = PMLO2S = PMRO2S bits="D"
(10)Power down DAC: PMDAL = PMDAR bits = “1* “0"
(11)Disable 5-band Equalizer: EQ bit = “& “0”
(12)Disable the path of “DAG> Headphone-Amp”: DACHL = DACHR bits = “1* “0”
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W Stereo Line Output

Example:
. | PLL, Master Mode
FS3-0 bhits 0000 1111 Audio I/F Format: MSB justified (ADC & DAC)
(Addr:01H, D7-4) h Sampling Frequency: 44.1kHz
! ! T OVOLC bit = “1"(default)
(1) :‘—»: Digital Volume Level: -8dB
1

(Addr:1AH&1BH, D7-0)

| LINEOUT Volume Level: -3dB

v

L3VL1-0 bits i
(Addr:11H, D7-D6) 10 : 01 | (1) Addr:01H, Data:F4H
@ !
. L (2) Addr:11H, Data:40H
PFSEL bis E Addr:1DH, Data:01H
(Addr:1DH, DO) ! Addr:15H, Data:05H
_ ' Addr:0DH&OEH, Data:01H
PFMX_L/Rl-O bits  9g00 i 0101
(Addr:15H, D3-0) : | (3) Addr:1AH&1BH, Data:28H |
(Algﬁg:ﬂ:&/(g?léso ) i ©) | (4) Addr11H, Data:44H |
'
. " (5) Addr:00H, Data:C1H
OVL/R7-0 bits 18H | 28H Addr:11H, Data:47H
'
'

LOPSS3 bit | (6) Addr:11H, Data:43H
i
(Addr:11H, D2) r—\J \1,
0) ‘ Playback ‘
PMDAL/R bits
(Addr:00H, D7-6)

i v

| (7) Addr:11H, Data:47H \

1
1(5)

1
1
1
PML/RO3 bits ' 8) Addr.:OOH, Data':01H
(Addr:11H, D1-0) >300 ms . ! Addr.llH,\Eata.44H
1,
LOUT3 pin i (3300 ms | [ (9) Addr-0DH&OE, Data:00H _|
ROUTS pin ! Normal Output i

| (10) Addr:11H, Data:40H |

Figure 116. Stereo Lineout Sequence

(Speaker Playback: SDF# Audio I/F—- SVOLA — DATT — DACL/R — LOUT3/ROUT3— External SPK-Amp)

<Example>
At first, clocks shoulde supplied according t&€Ctock Set Up sequence.

(1)
()

®3)

(4)
(5)

(6)
(7)
(8)
(9)

Set up the sampling frequency (FS3-0 bits). WhenAK4671 is PLL mode, DAC and Stereo Line-Amp
should be powered-up in consideration of PLtkitime after the sampling frequency is changed.
Set up the path of “SDT DAC - Stereo Line-Amp”: PFSEL =“0® “1”, PFMXL1-0 = PFMXR1-0 bits =
“0000” - “0101”, DACSL = DACSR bits = “0"> “1”
Set up analog volume for Stereo Line-Amp (Addr: 11H, L3VL1-0 bits)
Set up the output digital volume (Addr: 1AH and 1BH)

When OVOLC bit is “1” (default), OVIE-0 bits set the volume of both channels. After DAC is powered-up,
the digital volume changes from default value (OdBhtoregister setting value by the soft transition.

Enter power-save mode of Stereo Line-Amp: LOPS3 bit =30"1"

Power-up DAC and Stereo Line-Amp: PMDAL = PMDAR = PMLO3 = PMRO3 bits =40"1"

LOUT3 and ROUTS pins rise up to VCOM voltage affMLO3 and PMRO3 bits are changed to “1". Rise
time is 300ms(max.) at CarF and AVDD=3.3V.

Exit power-save mode of Stereme-Amp: LOPS3 bit = “1™> “0”

LOPS3 bit should be set to “0” after LOUT3 and RQUdins rise up. Stereo Line-Amp goes to normal
operation by setting LOPS3 bit to “0”".

Enter power-save mode of Stereo Line-Amp: LOPS3 bit>0"1"

Power-down DAC and Stereo Line-Amp: PMDAL = PMDAR = PMLO3 = PMRO3 hits =%1"0"

LOUT3 and ROUT3 pins fall down to VSS1. Fall time is 300ms(max.) apE=shd AVDD=3.3V.

Disable the path of “DACG> Stereo Line-Amp”: DACSL = DACSR bits = “12 “0”

(10)Exit power-save mode of Stereme-Amp: LOPS3 bit = “1"> “0”

LOPS3 bit should be set to “0” afteOUT3 and ROUT3 pins fall down.
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m Stop of Clock
Master clock can be stopped evhADC and DAC are not used.

1. PLL Master Mode

Example:

1) Audio I/F Format: MSB justified (ADC & DAC)
PMPLL bit BICK frequency at Master Mode: 64fs

(Addr:02H, DO)

Sampling Frequency: 44.1kHz

MCKO bit "1"or"0"
(Addr:02H, D2)

| ] (1) Addr:02H, Data:02H ‘
@ ¥

’ (2) Stop an external MCKI ‘

External MCKI Input

Figure 117. Clock Stopping Sequence (1)

<Example>
(1) Power down PLL: PMPLL bit = “1= “0”
Stop MCKO clock: MCKO bit = “1"— “0”
(2) Stop an external MCKI clock.

2. PLL Slave (MCKI pin)

2 Example
. _ Audio I/F Format: MSB justified (ADC & DAC)
PMPLL bit PLL Reference clock: MCKI
(Addr:02H, DO) BICK frequency: 64fs
:(l) Sampling Frequency: 44.1kHz
MCKO bit
(Addr:02H, D2) ’ (1) Addr:02H, Data:00H ‘
) J
External MCKI Input "
P i ’ (2) Stop the external clocks ‘
Figure 118. Clock Stopping Sequence (2)
<Example>

(1) Power down PLL: PMPLL bit = “1= “0"
Stop MCKO output: MCKO bit = “1" “0”
(2) Stop the external master clock.

3. PLL Slave Mode (LRCK or BICK pin)

Example
1) Audio I/F Format: MSB justified (ADC & DAC)
PMPLL bit PLL Reference clock: BICK

§ BICK frequency: 64fs
(Addr:02H, DO) Sampling Frequency: 44.1kHz

@)

External BICK Input | | (1) Adar:02H, Data:00H |
g J
External LRCK Input !
erna npu : ’ (2) Stop the external clocks ‘
Figure 119. Clock Stopping Sequence (3)
<Example>

(1) Power down PLL: PMPLL bit = “1> “0”
(2) Stop the external BICK and LRCK clocks
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4. EXT Slave Mode

External MCKI Input E
V Example
i ) Audio I/F Format:MSB justified(ADC & DAC)

Input MCKI frequency:1024fs

External BICK InpUt ; Sampling Frequency:44.1kHz
L)

External LRCK Input i ’ (1) Stop the external clocks

Figure 120. Clock Stopping Sequence (4)
<Example>

(1) Stop the external MCKI, BICK and LRCK clocks.

5. EXT Master Mode
@

External MCKI Input !

V Example
) Audio I/F Format:MSB justified(ADC & DAC)
| npgn o Input MCKI frequency:1024fs

BICK OUtpUt : H"or "L Sampling Frequency:44.1kHz
1

LRCK Output A H"or"L ’ (1) Stop the external MCKI

Figure 121. Clock Stopping Sequence (5)
<Example>

(1) Stop MCKI clock. BICK and LRCK are fixed to “H” or “L".

H Power down

Power supply current cdre shut down (typ. 208) by stopping clocksind setting PMVCM bit = “0” after all blocks
except for VCOM are powered-down. Power sypplrrent can be also shut down (typA) by stopping clocks and
setting the PDN pin = “L". When the PDpin = “L”, the registers are initialized.
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| CONTROL SEQUENCE (PCM) |

m Clock Set up

When ADC or DAC is powered-up, the clocks must be supplied.

1.PCM I/F A Slave Mode

Example:
PCM I/F A Format : Linear, Short Frame (ADC & DAC)
PLLBT Reference clock: SYNCA
SYNCA frequency: 1fs2
Sampling Frequency: 8kHz

Power Supply /
e

PDN pin A—W
PMVCM bit 1 P (2) Add

| i P 2) Addr:02H, Data:COH
(Addr00. DO) ‘ \A Addr:03H, Data:12H

(1) Power Supply & PDN pin =“L" > “H"

Addr:54H, Data:00H
Addr:53H, Data:00H

PMPCM bit
(Addr:53H, D2)

Addr:55H, Data:00H

/ Input v

SYNCA pin !
BICKA pi : ;

pin- ; @ ‘ \ (3) Addr:00H, Data:01H

| R
Internal Clock ‘l’
© \ (4) Addr:53H, Data:04H
Figure 122. Clock Set Up Sequence (1)
<Example>

(1) After Power Up, PDN pin = “L'> “H". “L” time of 150ns or more is needed to reset the AK4671.

The AK4671 should be operated as the recommepdeer-up/down sequence shown in “System Design
(Grounding and Power Supply Decougj)”’ to avoid pop noise at theaeiver output, hefphone output and
lineout output.

(2) BTCLK, LP, SDOD, FMTA1-0, LAWA1-0, BCKPA, MSBSA, PLLBT3-0 bits should be set during this
period.

(3) Power Up VCOM: PMVCM bit = “0"™> “1”

VCOM should first be powered upfoee the other block operates.

(4) PLLBT starts after the PMPCM Iihanges from “0” to “1” and PLLBTeference clock (SYNCA or BICKA
pin) is supplied. PLLBT lock time is 260ms(max.)avthSYNCA is a PLLBT reference clock. And PLLBT
lock time is 40ms(max.) when BICKA is a PLLBT reference clock.

(5) Normal operation stats after that the PLLBT is locked.
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2. PCM I/F A Master Mode

Power Supply / Example:
PCM I/F A Format : Linear, Short Frame (ADC & DAC)
PLLBT Reference clock: SYNCB

i
. i @ SYNCB frequency: 1fs2
PDN pin ' , ! Sampling Frequency: 8kHz

) | )
&Mdn%yotﬂ)t | H\A (1) Power Supply & PDN pin = “L" - “H”
PMPCM bit i T ‘1/

(Addr:53H, D2) : ‘ (2) Addr:02H, Data:COH
! i Addr:03H, Data:12H
SYNCBpin ! 7/ Input Addr:54H, Data:00H
BICKB pin ‘ ! Addr:53H, Data:00H
! » @ > Addr:55H, Data:00H
Internal Clock 1 ‘1’
6 | (3) Addr:00H, Data:01H |
1 (6) \1/
SYNCA pjn / ‘ Output
BICKA pin ] (4) Addr:53H, Data:04H ‘
Figure 123. Clock Set Up Sequence (2)
<Example>

(1) After Power Up, PDN pin = “L™ “H". “L" time of 150ns or more is needed to reset the AK4671.

The AK4671 should be operated as the recommepdesgtr-up/down sequence shown in “System Design
(Grounding and Power Supply Decougj)” to avoid pop noise at theaeiver output, hefphone output and
lineout output.

(2) BTCLK, LP, SDOD, FMTA1-0, LAWA1-0, BCKPA, MSBSA, PLLBT3-0 bhits should be set during this
period.

(3) Power Up VCOM: PMVCM bit = “0™> “1”

VCOM should first be powered upfloee the other block operates.

(4) PLLBT starts after the PMPCM kihanges from “0” to “1” and PLLBTeference clock (SYNCB or BICKB
pin) is supplied. PLLBT lock time is 260ms(max.)@rhSYNCB is a PLLBT reference clock. And PLLBT
lock time is 40ms(max.) when BI@Kis a PLLBT reference clock.

(5) Normal operation stats after that the PLLBT is locked.

(6) The invalid frequency is output from SYMGind BICKA after PLLBT is locked.
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m MIC Input Phone Call (Mono)

MIC Control 1 goH >< 14H
ddr:04H, D7-0 Example:
(A roan. b7 ) (1) PCM I/F A: Slave Mode
MIC Control 2 < Camping Frequency Bz e (APC & DAC)
0101 1010 Pre MIC AMP: +150B
(Addr:05H, D3-0) P
Ig/iléiaﬁ’?/v(\;il.ngrlievel: +17.25dB
HPFADDIL g 1 o G
Addr:1DH, D1
) (8) (1) Addr:04H, Data:14H
HPF bit o 1 Addr:05H, Data: AAH
(Addr:1DH, D4)
‘ (2) Addr:1DH, Data:12H ‘
PFMXL1-0 bits 00 01
(Addr:15H, D1-0) >(3)< | (3 Addri5H, Data:01H |
EQ bit . v .
(Aderen D3) 0 >< 1 >(§ 0 @ Addr.lSH\l,lData.OAH |
(4)
IVL7-0 bits 91H >< BFH ‘ (5) Addr:12H, Data:BFH ‘
(Addr:12H, D7-0)
® (6) Addr:00H, Data:17H
PMMP bit Addr:53H, Data:05H
(Addr:00H, D1) y
PMMICL bit I | PhOfIE Call
PMADL bit
(Addr:00H, D4&D2) : - (7) Addr:00H, Data:01H
PMSRA bit /—\ddr:53H\1,’Data:04H
(Addr:53H, DO) 1059 /fs —
©) i g—P L) | (8 Addr:1DH, Data:00H |
ADCSlgtt:rnal Power Down Initialize| Normal State | Power Down

(9) Addr:18H, Data:02H ‘

Figure 124 Mono MIC Input Sequence
(Phone Call Tx: IN1+/IN1— MICL — ADCL —-» HPF~ IVL - EQ — SRC-A— PCM I/F A— SDTOA)

<Example>

At first, clocks should be supplied according ©ldck Set Up sequence. Also, MIC, ADC and SRC-A should be

powered-up in consideration of PLLBT lock time.

(1) Set up Signal Select for MIC Input (Addr: 04H) and Gain for MIC-Amp (Addr: 05H)

(2) Enable ADC High Pass Filter: HPFAD bit = “&% “1”
Enable the coefficient of High Pass Filter: HPF bit = “B™1" (Coefficient of wind-noise reduction filter is set by
Addr = 28H- 2BH.)
This sequence is an example of HPF setting at fs2=8kHzcdéfficient should be set when HPFAD = HPF bits = “0”
or PMADL = PMADR = PMDAL = PMDAR bits = “0".

(3) Set up the path of “AD& 5-band EQ”: PFMXL1-0 bits = “00% “01”

(4) Enable 5-band Equalizer: EQ bit = “& “1” (Boost amount is selected by Addr = 50H-52H.)

(5) Set up input volume (Addr: 12H)
When PMADL = PMADR bits = “0”, IVL7-0 and IVR7-0 bits should be set to “91H"(0dB).

(6) Power Up MIC, ADC and SRC-A: PMMP = PMMICL = PMADL = PMSRA bits = “&' “1”
The initialization cycle time of ADC is 1059/fs2=132ms@fs2=8kHz.
The time of offset voltage going to “0” after the ADC initialization cycle depends on both the time of analog input pin
going to the common voltage and the time constant of the offset cancel digital HPF. This time can be shorter by using
the following sequence:
At first, PMVCM and PMMP bits should set to “1”. Thehe ADC should be powered-up. The wait time to power-up
the ADC should be longer than 4 times of the time constant that is determined by the AC coupling capacitor at analog
input pin and the internal input resistance.

(7) Power Down MIC, ADC and SRC-A: PMMP PMMICL = PMADL = PMSRA bits = “1"— “0”

IVOL gain is not reset when PMADL = PMADR bits = “@Gnd then IVOL operation starts from the setting value when
PMADL or PMADR bit is changed to “1”.

(8) Disable ADC High Pass Filter : HPFAD bit = “ “0”
Disable the coefficient of High Pass Filter: HPF bit = “2™0”
(9) Disable 5-band Equalizer: EQ bit = “ “0”
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W Receiver-Amp Output

Example:
PCM I/F A: Slave Mode
PCM I/F AFormat : Linear, Short Frame (ADC & DAC)

L1VL2-0 bItS 101 100 Sampling Frequency: 8kHz
(Addr:08H, D2-0) Digital Volume Level: -8dB
RCV Volume Level: 0dB
1) 5 band EQ: Enable
SRMXR1-0 bits 00 01 (1) Addr:08H, Data:B4H
(Addr:15H, D7-6) Addr:15H, Data:40H

DACR hit 10 Addr:0FH, Data:20H
(Addr:0AH, D0) o \1,

RCV bit
(Addr:0FH, D5)

Addr:0AH, Data:01H

| (2 Addr:18H, Data:0AH |

| (3 Addr:1BH, Data:28H |

(MEstit ) 0 1 0 ‘ (4) Addr:0FH, Data:24H ‘
r18H, D
(2) (9)
(5) Addr:53H, Data:06H
-0 bi Addr:00H, Data:81H
OVR7-0 bits 18H 28H Addr:0FH, Data:27H

(Addr:1BH, D7-0)

3)

v
LOPS1 bit | ,7 [ (6) AddrOFH, Data:23H |
(Addr:0FH, D2) v

@) G @) e ‘ Phone Call \
PMSRB bit | ! | : : :
(Addr:53H, D1) | | ' i [ (7) AddrOFH, Data:27H |
| | ! 1
PMDAR bit ' ! | (8) Addr:53H, Data:04H
(Addr:00H, D7) ! ' Addr:00H, Data:01H
' ' I ! | Addr:0FH, Data:24H
1(5) 1 1(8) 1 \1’
. + 1
PML/ROL bits : : [ (9)Addr:18H, Data:02H |
(Addr:0FH, D1-0) >lms | I E—
! ] ! 1
_ . ! : : | (10) Addr:0AH, Data:00H |
RCP pin i Normal Output |
RCN pin / P :

| (11) Addr:0FH, Data:20H |

Figure 125. Receiver-Amp Output Sequence
(Phone Call Rx: SDTIA»> PCM I/F A— SRC-B—~ EQ— DATT —» DACR — RCP/RCN)

<Example>
At first, clocks shoulde supplied according t&€Ctock Set Up sequence. Also, SRC-B, DAC and Receiver-Amp
should be powered-up in consideration of PLLBT lock time.

(1)

(2)
®3)

(4)
(5)
(6)
(7)
(8)
(9)

Set up the path of “SDTIA DAC - Receiver-Amp”: SRMXR1-0 bits = “00® “01", DACR bit = “0" >
“1", RCV bit =“0" > “1”
Set up analog volume for Receiver-Amp (Addr: 08H, L1VL2-0 bits)
Enable 5-band Equalizer: EQ bit = “& “1” (Boost amount is selected by Addr = 50H-52H.)
Set up the output digital volume (Addr: 1BH)
When OVOLC bit is “1” (default), OVIE-0 bits set the volume of both channels. After DAC is powered-up,
the digital volume changes from default value (OdBhtoregister setting value by the soft transition.
Enter power-save mode of Receiver-Amp: LOPS1 bit =20"1"
Power-up SRC-B, DAC and Receiver-Amp: PMSBiB= PMDAR = PMLO1 = PMRO1 bits = “0* “1”
RCN pin rise up to VCOM voltage after PMIl@nd PMRO1 bits are changed to “1".
Exit power-save mode of Receiver-Amp: LOPS1 bit =*3™0”
LOPS1 bit should be set to “0” after PCN pin rige Receiver-Amp goes tormal operation by setting
LOPS1 bit to “0".
Enter power-save mode of Receiver-Amp: LOPS1 bit:50"1”
Power-down SRC-B, DAC and Receiver-Amp: PRESbit = PMDAR = PMLO1 = PMRO1 bits = “1* “0”
Receiver-Amp becomes to power-down mode.
Disable 5-band Equalizer: EQ bit = “& “0”

(10)Disable the path of “DAC> Receiver-Amp”: DACR bit = “1™> “0”
(11)Exit power-save mode of Receiver-Amp: LOPS1 bit =%™0"

LOPSL1 bit should be set to “0” after Receiver-Amp power-down.
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® Mono Line Output

Example:
PCM I/F A: Slave Mode
PCM I/F AFormat : Linear, Short Frame (ADC & DAC)
Sampling Frequency: 8kHz
Digital Volume Level: -8dB
LINEOUT Volume Level: -3dB

L3VL1-0 bits 10 01 5 band EQ: Enable
(Addr:11H, D7-D6)

@ (1) Addr:11H, Data:40H
Addr:15H, Data:40H
SRMXR1-0 bits 00 01 Addr:0EH, Data:01H

(Addr:15H, D7-6)

DACSR bit (10)
(Addr:0EH, DO) I— | (3 Addr:1BH, Data:28H |

_ v
EQ bit 0 >< 1 >< 0 | (@) Addr:11H ,\l’Data:44H \

(Addr:18H, D3)
) 9)

| (2) Addr:18H, Data:0AH \

(5) Addr:53H, Data:06H

OVRY7-0 bits Addr:00H, Data:81H
(Addr:1BH, D7-0) 18H >< 28H Addr:11H, Data:46H

®

LOPS3 bit ‘ (6) Addr:11H, Data:42H ‘
(Addr:11H, D2)
@ 1 (6) ™ 1(11) \ Playback \
! |
PMSRB bit l : | ; V]
(Addr:53H, D1) ' | ! [ (7) Addr:11H, Data:d6H |
! 1 | :
PMDAR bit ' : | (8) Addr:53H, Data:04H
(Addr:00H, D7) | ! Addr:00H, Data:01H
I | | ! Addr:11H, Data:44H
1(5) ! 1(8) ! v
PMRO3 bit - i : :
(Addr11H, D1) S300ms | ! | (9) Addr:18H, Data:02H \
1 I< ’
! : 1>300mS | | (10) Addr:OEH, Data:00H |
ROUTS pin .~ Normal Output |

| (11) Addr:11H, Data:40H |

Figure 126. Mono Lineout Sequence
(Speaker Playback: SDTIA PCM I/F A— SRC-B— EQ— DATT —» DACR — ROUT3— External SPK-Amp)

<Example>
At first, clocks shouldbe supplied according t&€Clock Set Up sequence. Also, SRC-B, DAC and Mono Line-Amp
should be powered-up in consideration of PLLBT lock time.
(1) Setup the path of “SDTIA DAC - Mono Line-Amp”: SRMXR1-0 bits = “00>> “01”, DACSR bit = “0" > “1”

Set up analog volume for Mono Line-Amp (Addr: 11H, L3VL1-0 bits)
(2) Enable 5-band Equalizer: EQ bit = “& “1” (Boost amount is selected by Addr = 50H-52H.)
(3) Set up the output digital volume (Addr: 1BH)

When OVOLC bit is “1” (default), OVE-0 bits set the volume of both channels. After DAC is powered-up,

the digital volume changes from default value (OdBhtoregister setting value by the soft transition.
(4) Enter power-save mode of Mono Line-Amp: LOPS3 bit =“®™1"
(5) Power-up SRC-B, DAC and Mono Line-Amp: PMSRB = PMDAR = PMRO3 bits =30"1"

ROUT3 pin rise up to VCOM voltage after PMRO3 bit is changed to “1”. Rise time is 300ms(max.uét C=1

and AVDD=3.3V.
(6) Exit power-save mode of Mono Line-Amp: LOPS3 bit = “2"“0”

LOPS3 bit should be set to “0” after ROUT3 pin nige Mono Line-Amp goes teormal operation by setting

LOPS3 bit to “0".
(7) Enter power-save mode of Mono Line-Amp: LOPS3 bit: “®™1”
(8) Power-down SRC-B, DAC and Mono Line-Amp: PMSRB = PMDAR = PMRO3 bits =3$1'0"

ROUT3 pin fall down to VSS1. Fall time is 300ms(max.) at @=and AVDD=3.3V.
(9) Disable 5-band Equalizer: EQ bit = “£ “0”
(10)Disable the path of “DAC> Mono Line-Amp”: DACSR bit = “1"-> “0”
(11)Exit power-save mode of Mono Line-Amp: LOPS3 bit = “2"“0”

LOPS3 bit should be set to “0” after ROUT3 pin fall down.
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m Stop of Clock
Master clock can be stopped evhADC and DAC are not used.

1. PCM I/F A Slave Mode

Example
1) PCM I/F A Format : Linear, Short Frame (ADC & DAC)
i -] PLLBT Reference clock: SYNCA
PMPCM bit SYNCA frequency: 1fs2

(Addr:53H, D2) Sampling Frequency: 8kHz
L@
Exernal SYNCA  Input | | (1) Addr53H, Data:00H |
@ J
External BICKA Input !
H ’ (2) Stop the external clocks ‘
Figure 127. Clock Stopping Sequence (1)
<Example>

(1) Power down PLLBT: PMPCM bit = “1* “0”
(2) Stop the external SYNCA and BICKA clocks

2. PCM I/F A Master Mode

(1)

PMPCM bit
(Addr:53H, D2) |

() Example
External SYNCB Input ! PCM I/F A Format : Linear, Short Frame (ADC & DAC)
L PLLBT Reference clock: SYNCB
@ SYNCB frequency: 1fs2
External BICKB Input ! Sampling Frequency: 8kHz
SYNCA Output ! "H" or "L" ’ (1) Addr:53H, Data:00H ‘
BICKA Output i "H" or "L" \1I
P ! ’ (2) Stop the external clocks ‘
Figure 128. Clock Stopping Sequence (2)
< Example >

(1) Power down PLLBT: PMPCM bit = “1% “0”
(2) Stop the external SYNCB and BICKB clocks. SYNCA and BICKA are fixed to “H” or “L".

W Power down
Power supply current cdre shut down (typ. 200) by stopping clockand setting PMVCM bit = “0” after all blocks

except for VCOM are powered-down. Power sypplrrent can be also shut down (typA) by stopping clocks and
setting the PDN pin = “L". When the PDpn = “L", the registers are initialized.
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| PACKAGE |
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B Material & Lead finish
Package molding compound: Epokalogen (bromine and chlorine) free
Interposer material: BT resin
Solder ball material: SnAgCu
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MARKING |

4671

XXXX

11 @
A

XXXX: Date code (4 digit)
Pin #A1 indication

REVISION HISTORY

Date (YY/MM/DD) | Revision | Reason Page Contents
07/10/15 00 First Edition
08/12/04 01 Specification | 163 Package molding compound was changed.
Change
10/06/04 02 Error Correcty 6 UnusedpBICKA, SYNCA, BICKB, SYNCB
“Connect to VSS4”

= “When all pins are unused, these pins should he
connected to VSS4 and PMPCM bit must be

always “0".

When either PCM I/F A(BICKA/ SYNCA) or PCM
I/F B(BICKB/SYNCB) is used, unused pins are
connected to pull-dowap resistor of about
100K."

104 Table 86:
MSBSA, BCKPA="00"

[MSB of SDTOA is output by the falling edgel(")
of SYNCA/]

= [MSB of SDTOA is outpuby next rising edge
(“™) of the falling edge (") of BICKA after the
rising edge (") of SYNCA]

MSBSA, BCKPA="01"

[MSB of SDTOA is output by the falling edgel(")

of SYNCA ]

= [MSB of SDTOA is outpuby next falling edge
(“1”) of the rising edge (t”) of BICKA after the
rising edge (T") of SYNCA]

MSBSA, BCKPA="10"

[MSB of SDTOA is output by the rising edgel()
of the first BICKA after the rising edgéel") of
SYNCA]

=>» [MSB of SDTOA is output by the 2nd rising edge
(“1) of BICKA after the rising edge (™) of
SYNCA]
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Date (YY/MM/DD)

Revision

Reason

Page

Contents

10/06/04

02

Error Corred

t

104

Table 86:

MSBSA, BCKPA="11"
[MSB of SDTOA is output by the falling edgel()
of the first BICKA after the rising edgéel") of
SYNCA/]

= [MSB of SDTOA is ouput by the 2nd falling edg
(“4") of BICKA after the rising edge () of
SYNCA]

[¢]

Table 87:

MSBSB, BCKPB="00"
[MSB of SDTOB is output by the falling edgel()
of SYNCB|]

= [MSB of SDTOB is outpuby next rising edge
(™) of the falling edge (") of BICKB after the
rising edge (") of SYNCB.]

MSBSB, BCKPB="01"
[MSB of SDTOB is output by the falling edgel()
of SYNCB]

=» [MSB of SDTOB is outpuby next falling edge
(“1") of the rising edge (*”) of BICKB after the
rising edge (") of SYNCB.]

MSBSB, BCKPB="10"
[MSB of SDTOB is output by the rising edgd'{)
of the first BICKB after the rising edgé() of
SYNCB.]

= [MSB of SDTOB is output by the 2nd rising edg
(“1) of BICKB after the rising edge {*) of
SYNCB.]

MSBSB, BCKPB="11"
[MSB of SDTOB is output by the falling edgel()
of the first BICKB after the rising edgé{") of
SYNCB,]

= [MSB of SDTOB is output by the 2nd falling ed
(“1”) of BICKB after the rising edge ) of
SYNCB,]

je

105~
107

Figure 84-91: Arrow of SYNCA and BICKA was adde

d.
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IMPORTANT NOTICE

@ These products and their specificatiores subject to change without notice.
When you consider any use or application of these ptedplease make inquiries the sales office of Asahi Kase
Microdevices Corporation (AKM) cauthorized distributors as toirrent status of the products.
® Descriptions of external circuits, application circuits, softwanel other related inforation contained in this
document are provided only to illustrdtes operation and application exaegpbf the semiconductor products. Yoy
are fully responsible for the incorpomati of these external circuits, applicaticircuits, software and other related
information in the design of yougaipments. AKM assumes no responsibility for any losses incurred by you or third
parties arising from the use of these information herslitM assumes no liability foinfringement of any patent,
intellectual property, or other rights in the application or use af stformation contained herein.
® Any export of these products, or devicgsystems containing them, may require an export license or other offigial
approval under the law and regulationshaf country of export pertaining ¢astoms and tariffs, currency exchange
or strategic materials.
® AKM products are neither intended norlaarized for use as critical components) in any safety, life support, or
other hazard related device or sysiem, and AKM assumes no responsibility for such use, except for the yise
approved with the express written consent by Representative Director of AKM. As used here:
Notel) A critical component is one whose failure to fuantor perform may reasonably be expected to resut,
whether directly or indirectly, in tHess of the safety or effectiveness of the device or system containing it, pnd
which must therefore meet very higtandards of performance and reliability.
Note2) A hazard related device or systenone designed or intended for Iffiepport or maintenance of safetyj
or for applications in medicine, aerospace, nuclear energy, or other fields, in which its failure to functipn or
perform may reasonably be expected to result in lodifeodr in significant injury or damage to person of
property.
® |t is the responsibility of the buyer distributor of AKM products, who distributes, disposésor otherwise places
the product with a third partyo notify such third party imdvance of the above content and conditions, and the bulyer
or distributor agrees to assume any and all respiitysdnd liability for and holdAKM harmless from any and all
claims arising from the use of said protlincthe absence @fuch notification.

—
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