AKM [AK4645EZ]

Asahi KASEI AK4645EZ
ASAHI KASEl EMD _
Stereo CODEC with MIC/HP- AMP

| GENERAL DESCRIPTION |
The AK4645 is a stereo CODEC with a built-in Microphone-Amplifier and Headphone-Amplifier. The
AK4645 features analog mixing circuits and PLL that allows easy interfacing in mobile phone and portable
A/V player designs. The AK4645 is available in a 32pin QFN (4mm x 4mm), utilizing less board space
than competitive offerings.

| FEATURES |
1. Recording Function
¢ 4 Stereo Input Selector
e Stereo Mic Input (Full-di fferential or Single-ended)
e Stereo Line Input
o MIC Amplifier (+32dB/+26dB/+20dB or 0dB)
o Digital ALC (Automatic Level Control)
(+36dB ~ —-54dB, 0.375dB Step, Mute)
e ADC Performance: S/(N+D): 83dB, DR, S/N: 86dB (MIC-Amp=+20dB)
S/(N+D): 88dB, DR, S/N: 95dB (MIC-Amp=0dB)
¢ Wind-noise Reduction Filter
e Stereo Separation Emphasis
e Programmable EQ
2. Playback Function
¢ Digital De-emphasis Filter (tc= 50/15(s, fs=32kHz, 44.1kHz, 48kHz)
e Bass Boost
e Soft Mute
¢ Digital Volume (+12dB ( (115.0dB, 0.5dB Step, Mute)
o Digital ALC (Automatic Level Control)
(+36dB ~ —-54dB, 0.375dB Step, Mute)
e Stereo Separation Emphasis
e Programmable EQ
¢ Stereo Line Output
- Performance: S/(N+D): 88dB, S/N: 92dB
¢ Stereo Headphone-Amp
- S/(N+D): 70dB@7.5mW, S/N: 90dB
- Output Power: 70mW@16 Q (HVDD=5V), 62mW@16Q (HVDD=3.3V)
- Pop Noise Free at Power ON/OFF
¢ Analog Mixing: 4 Stereo Input
3. Power Management
4. Master Clock:
(1) PLL Mode
e Frequencies:
- MCKI pin: 11.2896MHz, 12MHz , 12.288MHz, 13MHz, 13.5MHz,
19.2MHz, 24MHz, 26MHz, 27MHz
- LRCK pin: 1fs
- BICK pin: 32fs or 64fs
(2) External Clock Mode
e Frequencies: 256fs, 512fs or 1024fs (MCKI pin)
5. Output Master Clock Fr equencies: 32fs/64fs/128fs/256fs
6. Sampling Rate:
e PLL Slave Mode (LRCK pin): 7.35kHz ~ 48kHz
¢ PLL Slave Mode (BICK pin): 7.35kHz ~ 48kHz
e PLL Slave Mode (MCKI pin):
8kHz, 11.025kHz, 12kHz, 16kHz, 22.05kH z, 24kHz, 32kHz, 44.1kHz, 48kHz
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e PLL Master Mode:
8kHz, 11.025kHz, 12kHz, 16kHz, 22.05kH z, 24kHz, 32kHz, 44.1kHz, 48kHz
e EXT Master/Slave Mode:
7.35kHz ~ 48kHz (256fs), 7.35kHz ~ 26kHz (512fs), 7.35kHz ~ 13kHz (1024fs)
7. uP I/F: 3-wire serial, | 2C Bus (Ver 1.0, 400kHz Fast-mode)
8. Master/Slave mode
9. Audio Interface Format: MSB First, 2's complement
 ADC: 16bit MSB justified, | 2S, DSP Mode
e DAC: 16bit MSB justified, 16bit LSB justified, 16-24bit | S, DSP Mode
10. Ta=-30 ~ 85°C
11. Power Supply:
¢ AVDD, DVDD: 2.6 ~ 3.6V (typ. 3.3V)
e HVDD: 2.6 ~ 5.25V (typ. 3.3V/5.0V)
¢ TVDD (Digital I/0): 1.6 ~ 3.6V (typ. 3.3V)
12. Package: 32pin QFN (4mm x 4mm, 0.4mm pitch)
13. Register Compatible with AK4644
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(VCOC and RIN3 pins are shared by the same pin.)
Figure 1. Block Diagram
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W Ordering Guide

AK4645E7 ~30~ +85°C 32pin QFN (0.4mm pitch)
AKD4645 Evaluation board for AK4645
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B Compatibility with AK4643/44
1. Function
Function AK4643 AK4644 AKA4645EZ
Digital /0 of uP I/F 2.6t0 3.6V < 1.6 to 3.6V
Analog Mixing for Playback 3 Stereo < 4 Stereo
Input Selector for Recording 3 Stereo < 4 Stereo
HP-Amp Hi-Z Setting for wired OR No < Yes
PLL 11.2896/12/12.288/ < 11.2896/12/12.288/13/
13.5/24/27MHz 13.5/19.2/24/26/27MH2
Speaker-Amp Yes No <
Receiver-Amp Yes < No
32QFN (5mm x 5mm, 32QFN (4mm x 4mm,
Package 0.5mm pitch) < 0.4mm pitch)
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2. Pin

Pin# AK4643 AK4644 AK4645EZ

16 DVSS & TVDD

19 SPN TEST1 HVSS

20 SPP TEST?2 HVDD

21 HVDD < HPR

22 HVSS & HPL

23 HPR & MUTET

24 HPL & RIN4 / IN4-

25 MUTET & LIN4 / IN4+

26 ROUT/RCN & ROUT/LON

27 LOUT/RCP & LOUT/LOP
3. Register (difference from AK4644)
Addr | RegisteName D7 | D6 | D5 ! D4 ! D3 | D2 ! D1 ! DO
00H | Power Management 1 0 | PMVCM | PMMIN i 0 | PMLO | PMDAC | 0 | PMADL
01H | Power Management 2 HPZ | HPMTN: PMHPL: PMHPR! M/S | 0 | MCKO! PMPLL
02H | Signal Select 1 0 ! 0 ! 0 ! DACL 0 | PMMP 0 | MGAINO
03H | Signal Select 2 LOVL! LOPS!MGAINL: 0 ! 0 i MINL ! 0 ! 0
04H | Mode Control 1 PLL3 ¢ PLL2:  PLL1: PLLO: BCKO 0 | DIF1: DIFO
05H | Mode Control2 PS1 | PSO | FS3 |  MSBS BCKF FS2! FS1 Fsp
06H | Timer Select DVIM: WTM2: ZTM1: ZTMO: WTM1: WTMO: RFST1  RFST(
07H | ALC Mode Control 1 0 | 0  ALC ! ZELMN LMAT1: LMATO: RGAINO. LMTHO
08H | ALC Mode Control 2 REF7! REF6; REF5 | REF4 | REF3! REF2! REF1, REF(
09H | Lch Input Volume Control IVL7 | IVL6 | IVL5 | VL4 | IVL3 | IVL2 | IVL1 | IVLO
0AH | Lch Digital Volume Controll DVL7 | DVL6 | DVL5 | DVL4 | DVL3 | DVL2 | DVL1 | DVLO
0BH | ALC Mode Control 3 RGAIN1 LMTH1! 0 | 0 ! 0 ! 0 | VBAT! 0
0CH | RchinputVolume Control IVR7 @ IVR6 ! IVR5 ! IVR4 ' IVR3 ! IVR2 : IVRL : IVRO
0DH | RchDigital VolumeControl | DVR7 | DVR6 | DVR5 ! DVR4: DVR3: DVR2: DVRL1: DVRO
0EH | Mode Control 3 0O | LOOP! SWTE ! DVOLC | BST1 : BSTO ! DEM1: DEMO
OFH | Mode Control 4 0 | 0 | 0 | 0 : IVOLC HPM: MINH: DACH
10H | Power Management 3 INR1,; INL1i, HPG | MDIF2 | MDIF1 | INRO | INLO | PMADR
11H | Digital Filter Select GN1 |  GNO ! 0 ! FIL1 | EQ | FIL3! 0 | 0
12H | FIL3 Co-efficient0 F3A7 | F3A6 . F3A5 | F3A4 ! F3A3, F3A2! F3Al! F3A0
13H | FIL3 Co-efficient 1 F3AS ! 0 ! F3A13] F3A12 F3A11 F3A1D F3AY F3AB
14H | FIL3Co-efficient2 F3B7 | F3B6 ! F3B5: F3B4 ! F3B3! F3B2: F3B1 F3B(
15H | FIL3 Co-efficient 3 0 | 0 | F3B13. F3B12 F3B11 F3B10 F3B9 F3gs
16H | EQ Co-efficient 0 EQA7! EQA6! @®A5 | EQA4 | EQA3 | EQA2 ! EQAl: EQAD
17H | EQ Co-efficient 1 EQA15. EQAL . EQAI3 | EQA12: EQA1l: EQA10! EQA9! EQAS
18H | EQ Co-efficient 2 EQB7: EQB6 BB | EQB4 | EQB3 ! EQB2: EQBl! EQBO
19H | EQ Co-efficient 3 0 | 0 | EQB13 EQB12 EQB11 EQBI0 EQE9 EQBS
1AH | EQ Co-efficient 4 EQC7! EQC6 HEB . EQC4 | EQC3 ! EQC2: EQCIL EQC(
1BH | EQ Co-efficient 5 EQC15 EQC14 QE13 ! EQC12: EQC11! EQCI1G EQCY EQC$
1CH | FIL1 Co-efficient0 F1IA7 ' F1A6 ' F1A5 ' F1A4 | F1A3: F1A2 F1A1: F1A0
1DH | FIL1 Co-efficient 1 F1AS ! 0 | F1A13] F1A12  F1All F1A10 F1A9 F1AB
1EH | FIL1Co-efficient2 FIB7 | F1B6 | FIB5: F1B4:. F1B3! F1B2! F1B1 F1B¢
1FH | FIL1 Co-efficient 3 0o | 0 | F1B13, Fi1B12 F1B11 F1B10 F1B9 F1H8
20H Power Management4 PMAINR4 ;| PMAINL4 | PMAINR3 | PMAINL3 | PMAINR2 | PMAINL2 | PMMICR | PMMICL
21H | Mode Control 5 0 0 : MICR3 MICL3: L4DIF MIX AIN3 | LODIF
22H | Lineout Mixing Select LOM : LOM3 | RINR4 : LINL4 @ RINR3 ! LINL3 ! RINR2 | LINL2
23H | HP Mixing Select 0 { HPM3 ! RINH4 ! LINH4 | RINH3 ! LINH3 | RINH2 ! LINH2
24H | Reserved 0 0 0 . 0 0 . 0 | 0 0

These bits are added in the AK4645.
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ries.

AKM
PIN/FUNCTION |
No. | Pin Name 1/0 Function
1 | MPWR O | MIC Power Supply Pin
Common Voltage Output Pin, 0.45 x AVDD
2 | VCOM 0 Bias voltage of ADC inputs and DAC outputs.
3 | AVSS - | Analog Ground Pin
4 | AVDD - | Analog Power Supply Pin, 2:63.6V
VCOC o Output I_Din for Loop Filter of PLL CirdU(AIN_S bit = “0”:_PLL is availablg.) _
S _.___|.__This pin should be connected to AVSS with one resistor and capacitor in sg
RIN3 I Rch Analog Input 3 Pin (AIN3 bit = “1": PLL is not available.)
6 | 12¢ | ControIZMode Select Pi_n _
“H": 1“°C Bus, “L": 3-wire Serial
2 | PDN | Power-Down Mode Pin o .
“H". Power-up, “L": Power-down, reset and initializes the control register.
8 CSN __1__| Chip Select Pin (I12C pin = “L": 3-wire Serial Mode)
CADO I Chip Address 1 Select Pin (12C pin = “H*0 Bus Mode)
g |CCLK . _|__].Control Data Clock Pin (12C pin = *L": 3-wire Serial Mode) |
SCL I Control Data Clock Pin (12C pin = “H"*C Bus Mode)
10 eoT _|__| Control Data Input Pin (12C pin = “L™ 3-wire SerialMode)
SDA I/0 | Control Data Input Pin (12C pin = “H"*C Bus Mode)
11 | SDTI | | Audio Serial Data Input Pin
12 | SDTO O | Audio Serial Data Output Pin
13 | LRCK I/O | Input/ Output Channel Clock Pin
14 | BICK I/0O | Audio Serial Data Clock Pin
15 | DvDD - Digital Power Supply Pin, 2:63.6V
16 | TVDD - Digital I/O Power Supply Pin, 1:63.6V
17 | MCKI I External Master Clock Input Pin
18 | MCKO O | Master Clock Output Pin
19 | HVSS - Headphone Amp Ground Pin
20 | HVDD - Headphone Amp Power Supply Pin
21 | HPR O | Rch Headphone-Amp Output Pin
22 | HPL O | Lch Headphone-Amp Output Pin
Mute Time Constant Control Pin
23 | MUTET o Connected to HVSS pin with a aagtor for mute time constant.
24 RINA _1__| Rch Analog Input 4 Pin (LADIF bit = “0": Single-ended Input)
IN4— I Negative Line Input 4 Pin (LADIF bit = “1": Full-differential Input)
o5 | LINA _1__] Lch Analog Input 4 Pin (LADIF bit = *0": Single-ended Input) |
IN4+ I Positive Line Input 4 Pin (LAIB bit = “1": Full-differential Input)
26 ROUT O _| Rch Stereo Line Output Pin (LODIF bit = “0": Single-ended Stereo Output) _
LON O | Negative Line Output Pin (LODIF bit = “1": Full-differential Mono Output)
o7 |LOUT _O__] Lch Stereo Line Output Pin (LODIF bit = "0": Single-ended Stereo Output) __
LOP O | Positive Line Output Pin (LODIFtl= “1": Full-differential Mono Output)
28 MIN _1__|Mono Signal Input Pin (AIN3 bit = “0": PLL is available.) |
LIN3 I Lch Analog Input 3 Pin (AIN3 bit = “1”: PLL is not available.)
o9 |RIN2 __1__].Rch Analog Input 2 Pin (MDIF2 bit = "0”: Single-ended Input)
IN2— I Microphone Negative Input 2 Pin (MDIF2 bit = “1”: Full-differential Input)
30 LiN2 _1__| Lch Analog Input 2 Pin (MDIF2 bit = “0": Single-ended Input) |
IN2+ I Microphone Positive Input 2 Pin (MB2 bit = “1": Full-differential Input)
g0 |LINL _1__] Lch Analog Input 1 Pin (MDIF1 bit = *0: Single-ended Input)
IN1- I Microphone Negative Input 1 Pin (MDIF1 bit = “1”: Full-differential Input)
32 RINL _1__| Rch Analog Input 1 Pin (MDIF1 bit = “0™ Single-ended Input)
IN1+ | Microphone Positive Input 1 Pin (MBL1 bit = “1": Full-differential Input)

Note 1. All input pins except analog input pins (MIN/LIN3, LIN1, RIN1, LIN2, RIN2, RIN3, RIN4, LIN4) should not be

left floating.

Note 2. AVDD or AVSS voltage should be input to I12C pin.
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m Handling of Unused Pin

The unused I/O pins should be processed appropriately as below.

Classification Pin Name Setting

MPWR, VCOC/RINS3, HPR, HPL, MUTET,
RIN4/IN4—, LIN4/IN4+, ROUT/LOP,

Analog LOUT/LON, MIN/LIN3, RIN2/IN2—, These pins should be open.
LIN2/IN2+, LIN1/IN1—, RIN1/IN1+

Digital MCKO ) This pin should be open. .. |
MCKI This pin should be connected to HVSS.

| ABSOLUTE MAXIMUM RATINGS |
(AVSS, HVSS=0V:Note 3,Note 4)

Parameter Symbol min max Units
Power Supplies:| Analog AVDD -0.3 6.0 \
Digital DVDD -0.3 6.0 \%
Digital 1/0 TVDD -0.3 6.0 V
Headphone-Amp HVDD -0.3 6.0 \%
Input Current, Any Pin Except Supplies IIN - +10 mA
Analog Input VoltageNote 5) VINA -0.3 AVDD+0.3 \
Digital Input Voltage Note 6) VIND -0.3 TVDD+0.3 \%
Ambient Temperature (powered applied) Ta -30 85 °C
Storage Temperature Tstg —65 150 °C

Note 3. All voltages with respect to ground.
Note 4. AVSS and HVSS must be connected to the same analog ground plane.
Note 5. I12C, RIN4/IN4, LIN4/IN4+, MIN/LIN3, RIN3, RIN2/IN2-, LIN2/IN2+, LIN1/IN1-, RIN1/IN1+ pins
Note 6. PDN, CSN/CADO, CCLK/SCL, C/SDA, SDTI, LRCK, BICK, MCKI pins
Pull-up resistors at SDA and SCL pins should be connected to (TVDD+0.3)V or less voltage.

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

| RECOMMENDED OPERATING CONDITIONS |
(AVSS, HVSS=0V;Note 3)

Parameter Symbol min typ max Units
PowerSupplies | Analog AVDD 2.6 3.3 3.6 \%
(Note7) | Digital DvDD 2.6 3.3 3.6 \%
Digital I/0 TVDD 1.6 3.3 DvDD \%
HP-Amp HVDD 2.6 3.3/5.0 5.25 \%
Difference AVDD-DVDD -0.3 0 +0.3 \%

Note 3. All voltages with respect to ground.

Note 7. The power-up sequence between AVDD, DVDD, T\@»Id HVDD is not critical. PDNin should be held to
“L” upon power-up. PDN pin should be set to “H” after all power supplies are powered-up.
The AK4645 should be operated by the recommepdecer-up/down sequence shown in “System Design
(Grounding and Power Supply Decoupling)” to avibid pop noise at line output and headphone output.
When one of power supplies is partially powered OFF, the power supply current at power-down mode may be
increased. All the power supplies should be powered OFF when the power supply is powered OFF.

* AKEMD assumes no responsibility for the usdmeyond the conditions in this datasheet.
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ANALOG CHARACTERISTICS

(Ta=25C; AVDD, DVDD, TVDD, HVYDD=3.3V; AVSS=HVSS=0V; fs=44.1kHz, BICK=64fs;

@OKHz; unless otherwise specified)

Signal Frequency=1kHz; 16bit Data; Measurement frequency=2

Parameter min | typ | max | Units
MIC Amplifier: LIN1I/RIN1/LIN2/RIN2/LIN4/RIN4 pins & LIN3/RIN3 pins (AIN3 bit = “1");
MDIF1=MDIF2 bits = “0” (Single-ended inputs)
Input _MGAIN1-Obits="00" 40 60 80 kQ
Resistance| MGAIN1-0 bits = “01”, “10%0r “11” | 20 | 30 | 40 | kQ
MGANL-Obits=*00" | - [ o | S dB__
Gan | MGANL-Obits=*01" | - | ¥20 | - dB
MGAIN1-0 bits = “10” - +26 - dB
'MGAIN1-Obits=*11" [ - | +32 | - dB
MIC Amplifier: IN1+/IN1-/IN2+/IN2— pins; MDIF1 = MDIF2 bits = “1” (Full-differential input)
Maximum Input VoltageNote 8)
MGANIL-Obits=*01" [ - [ - T 028 | Vpp_
MGAIN1-0 bits = “10” - - 0.114 Vpp
'MGAIN1-Obits=*11" | - | - | 0057 | Vpp_
MIC Power Supply: MPWR pin
Output Voltage Note 9) 2.22 2.47 2.72 V
Load Resistance 0.5 - - kQ
Load Capacitance - - 30 pF

ADC Analog Input Characteristics

: LINI/RINT/LIN2/RIN2/LIN4/RI
— ADC - IVOL, IVOL=0dB, ALC=0OFF

N4 pins & LIN3/RIN3 pins (AIN3 bit = “1”)

Resolution - - 16 Bits
(Note11) | 0168 | 0198 | _.....0228 | Vpp
Input Voltage Note 10) (Note 12) 168 1.08 2.28 Vpp
(Note 11, LINI/RINI/LIN2/RIN2) | 71 | ¢ 83 | - | dBFS
S/(N+D) (Note 11, LIN3/RIN3/LIN4/RIN4) | R S 83 | SR dBFS
(-1dBFS) (Note 12, except for LIN3/RIN3) | R R 8 | N I dBFS
(Note 12, LIN3/RIN3) - 72 - dBFS
i wei (Note11) | % |86 | . R dB
D-Range £60dBFS, A-weighted) (Note 12) _ 95 : dB
Wei (Note11) | . 6 |86 | . R dB
S/N (A-weighted) (Note 12) - 95 : dB
Interchannel Isolation (Note11) | LT EO -\ S S e B dB_
(Note 12) - 100 - dB
i M (Note11) | . U S 01 | ... 08 | | dB__
Interchannel Gain Mismatch (Note 12) - 01 08 dB

Note 8. The voltage difference between IN1/2+ and INpiBs. AC coupling capacitor should be inserted in series at

each input pin. Full-differential mioput is not available at MGAIN1-(tb = “00”. Maximum input voltage of
IN1+, IN1-, IN2+ and IN2 pins are proportional to AVDD voltage, respectively.
Vin = 0.069 x AVDD (max)@MGAIN1-0 bits = “01”, 0.035 x AVDD (max)@MGAIN1-0 bits = “10", 0.017 x
AVDD (max)@MGAIN1-0 bits = “11".
When the signal larger than above value is input to IN1+-]N42+ or IN2- pin, ADC does not operate

normally.

Note 9. Output voltage is proportional to AVDD voltage. Vout = 0.75 x AVDD (typ)
Note 10. Input voltage is proportional to AVDD voltayn = 0.06 x AVDD (typ) @ MGAIN1-0 bits = “01” (+20dB),
Vin = 0.6 x AVDD(typ) @ MGAIN1-0 bits = “00” (0dB)
Note 11. MGAIN1-0 bits = “01” (+20dB)
Note 12. MGAIN1-0 bits = “00” (0dB)
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Parameter | min | typ | max | Units
DAC Characteristics:
Resolution | - | - | 16 | Bits

Stereo Line Output Characteristics: DAC — LOUT/ROUT pins, ALC=OFF, IVOL=0dB, DVOL=0dB, LOVL bit 3
“0”, LODIF bit = “0”, R =10kQ (Single-ended); unless otherwise specified.

Output Voltage Kote 13) [ LOVLbit="0" [ 178 ] 198 [ 218 [ Vpp.
LOVL bit="1" 2.25 2.50 2.75 Vpp
S/(N+D) 3dBFS) 78 88 - dBFS
S/IN (A-weighted) 82 92 - dB
Interchannel Isolation 80 100 - dB
Interchannel Gain Mismatch - 0.1 0.5 dB
Load Resistance 10 - - kQ
Load Capacitance - - 30 pF

Mono Line Output Characteristics: DAC — LOP/LON pins, ALC=OFF, IVOL8dB, DVOL=0dB, LOVL bit = “0",
LODIF bit = 1", R =10kQ for each pin (Full-differential)

Output Voltage Kote 14) [ LOVLbit="0" [ 352 | 396 [ 436 [ ) Vpp.
LOVL bit =“1" - 5.00 - Vpp
S/(N+D) (3dBFS) 78 88 - dBFS
S/IN (A-weighted) 85 95 - dB
Load Resistance (LOP/LON pins, respectively) 10 - - kQ
Load Capacitance (LOP/LON pins, respectively) - - 30 pk

Note 13. Output voltage is proportional to AVDD voltage. Vout = 0.6 x AVDD (typ)@LOVL bit = “0”".
Note 14. Output voltage is proportional to AVDD voltage. Vout = (LOR)ON) = 1.2 x AVDD (typ)@LOVL bit =“0".
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Parameter | min | typ | max | Units
Headphone-Amp Characteristics: DAC — HPL/HPR pins, ALC=OFF, IVOL&8dB, DVOL=0dB, VBAT bit = “0";
unless otherwise specified.
Output Voltage lote 15)
HPG bit = 0", 0dBFS, HVDD=3.3V, R22.82 1.58 1.98 2.38 | . vpp._
HPG bit ="1", 0dBFS, HVDD=5V, =100 | 240 | 300 | 360 | vpp
'HPG bit = “1", 0dBFS, HYDD=3.3V, R=16Q2 (Po=62mW) _Vrms
HPG bit = “1", 0dBFS, HVDD=5V, R=16Q2 (Po=70mW) Vrms
S/(N+D)
_HPG bit = 0", -3dBFS, HVDD=3.3V, R=22.82 | 60 | .79 | dBFS
HPG bit = 1", -3dBFS, HVDD=5V, R=10Q2 | SR IO 80 | R I dBFS
_HPG bit = *1", 0dBFS, HVDD=3.3V, 160 (Po=62mW) | RO S 20 R W dBFS __
HPG bit = “1”, 0dBFS, HVDD=5V, R=16Q (Po=70mW) - 70 - dBFS
wei | (Note 16) | . 80 | .9 | N I dB
S/N (A-weighted) (Note 17) - 9 - 4B
Interchannel Isolation | (Note 16) | . T S S— R aanl SaeEt B _
(Note 17) - 80 - dB
in Mi | (Note 16) | . T 01 1 08 | . dB__
Interchannel Gain Mismatch (Note 17) - 01 08 4B
Load Resistance 16 - - Q
i ClinFigure2 | SR PR oS IR 30 ] pF
Load Capacitance C2 inFigure 2 : : 300 pF
Note 15. Output voltage is proportional to AVDD voltage.
Vout = 0.6 x AVDD(typ) @HPG bit = “Q 0.91 x AVDD(typ) @HPG bit = “1".
Note 16. HPG bit = “0”, HYDD=3.3V, R=22.80.
Note 17. HPG bit = “1”, HYDD=5V, R=100Q.
HP-Amp
HPL/HPR pin Measurement Point
6.8Q
C1 2~ 0.22uF c2 I16Q
1 % 1
Figure 2. Headphone-Amp output circuit
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Parameter | min | typ | max | Units
Mono Input: MIN pin (AIN3 bit = “0”; External Input Resistance=20k
Maximum Input VoltageNote 18) | - | 1.98 | - | Vpp
Gain (Note 19)
MIN > LOUT/ROUT [ LOVLbit="0" [ 45 | | o [ w45 | dB__
LOVL bit =“1" - +2 - dB
MIN > HPLHPR [ HPGhit="0" [ 245 | 20 1 155 | dB__
HPG bit = “1” - -16.4 - dB
Stereo Input: LIN2/RIN2/LIN4/RIN4 pins; LIN3/RIN3 pins (AIN3 bit = “17)
Maximum Input VoltageNote 20) | - | 1.98 | - | Vpp
Gain
LINRIN > LOUT/ROUT [ LOVLbit="0" 45 [ o [ w45 | dB__
LOVL hit =*“1" - +2 - dB
LIN/RIN = HPL/HPR HPG bit = “0” -4.5 0 +4.5 dB
HPG bit="1" | - +36 | - | dB
Full-differential Mono Input: IN4+/— pins (L4DIF bit = “1™)
Maximum Input VoltageNote 21) | - | 3.96 | - | Vpp
Gain
IN4+/->LOUT/ROUT ~ [LOVLbit="0" | -105 [ 6 | 15 [ dB__
(LODIF bit =“0") LOVL bit =*1” - -4 - dB
IN4+/— > LOP/LON LOVL hit =*“0” -4.5 0 +4.5 dB
(LODIF bit=“1", Note 22) | LOVL bit="1"| - +2 - dB
IN4+/~ > HPL/HPR HPGbiIt="0" | 105 | 6 | 15 | dB__
HPG bit = “1” - -2.4 - dB
Power Supplies:
Power-Up (PDN pin = “H")
All Circuit Power-up:
AVDD+DVDD+TVDD (Note 23) - 16 24 mA
HVDD: HP-Amp Normal Operation
No OutF:)ut Note 24% - 5 8 mA
Power-Down (PDN pin = “L") Note 25)
| AVDD+DVDD+TVDD+HVDD | - | 1 | 100 | LA

Note 18. Maximum voltage is in proportion to both AVDD and external input resistance (Rin). Vin = 0.6 x AVDD x Rin
/ 20kQ (typ).

Note 19. The gain is in inverse proportion to external input resistance.

Note 20. Maximum Input voltage is proportional to AVDD voltage. Vout = 0.6 x AVDD (typ).

Note 21. Maximum Input voltage is proportional to AVDD voltage. Vout = (INdN4-) = 1.2 x AVDD (typ). The
signals with same amplitude and invergdthse should be input to IN4+ and HNdins, respectively.

Note 22. Vout = (LOP} (LON) at LODIF bit = “1".

Note 23. PLL Master Mode (MCKI=12.288MHz) and PMADL = PMADR = PMDAC = PMLO = PMHPL = PMHPR =
PMVCM = PMPLL = MCKO = PMMIN = PMMP = M/S bits = “1". MPWR pin outputs OmA.
AVDD=11mA(typ), DVDD=3mA(typ), TVDD=2mA(typ).

EXT Slave Mode (PMPLL = M/S = MCKO bits = “0”): AVDD=10mA(typ), DVDD=3mA(typ),
TVDD=0.03mA(typ).
Note 24. PMADL = PMADR = PMDAC = PMLO = PMHPL = PMHPR = PMVCM = PMPLL = PMMIN bits = “1".
Note 25. All digital input pins are fixed to TVDD or HVSS.

MS0605-E-00 2007/06
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B Power Consumption for each operation mode

Condtions: Ta=2%C; AVDD=DVDD=TVDD=HVDD=3.3V; AVSS=HVSS=0V; fs44.1kHz, External Slave Mode,
BICK=64fs; 1kHz, 0dBFS input; Headphone = No output.

Power Management Bit
I I I
o - o o =
=] o — 3% g
8| a<|8<|a<g| &g
Mode qlalololsl<| SE|SE|SE|SE| 52
=| = Olala|lx|lx|a|Sl2lEl2E(2g] < e = = 5
O|lE|lol<|lala|a|la|l2|22|2|2|2|Z2|Z2 [
S|IS|a|lgls|ZT|I|<|S|S|<|<|<|<|<|<
S| s|s|s|S|s|s|=2|l=|=|=|=2|=|=2|=2|=
[ W o O o O I a N IR I A Y o o oo o o o o o o
All Power-down 0l ol of of 0 0o b p p pb o Jo 0 0 0 g
DAC - Lineout 1] o] 1] 1] o of o a d d b p b b 44 1.8 0.03 02 2h.2
DAC > HP 1] ol o] 1] o] 1] 1] d d ad ¢ b b b 34 1.8 0.03 ! 3.1
LIN2/RIN2 > HP 1{o{o0[o0] o 1] 211 d d 4 1 1 o0 o b b 19 0 0 5 248
LIN2RIN2>ADC | 1] o] o] o] 2] of o] 2§ o d d a ( D 5.5 1.4 0.03 02 24.2
LINL(Mono)>ADC | 1] o] o] o] 1] o] o]l o o d d d d D 3.5 1.4 0.03 o2 1}.3
LIN2/RIN2 > ADC 4 d ]
& DAC S HP 1{oflo0f| 1| 1| 1| 1| 1 o o 94 g Q 8.3 2. 0.03 g 54.9
Table 1. Power Consumption for each operation mode (typ)
MS0605-E-00 2007/06
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FILTER CHARACTERISTICS

(Ta=25C; AVDD, DVDD=2.6~ 3.6V; TVDD=1.6~ 3.6V; HVDD=2.6~ 5.25V; fs=44.1kHz; DEM=OFF;

FIL1=FIL3=EQ=0OFF)

Parameter Symbol min | typ | max | Units

ADC Digital Filter (Decimation LPF):

PassbandN\ote 26) +0.16dB PB 0 - 17.3 kHz
—0.66dB - 19.4 - kHz
-1.1dB - 19.9 - kHz
—6.9dB - 22.1 - kHz

Stopband SB 26.1 - - kHz

Passband Ripple PR - - +0.1 dB

Stopband Attenuation SA 73 - - dB

Group Delay Kote 27) GD - 19 - 1/fs

Group Delay Distortion AGD - 0 - us

ADC Digital Filter (HPF): (Note 28)

Frequency ResponsHdte 26) | —-3.0dB FR - 0.9 - Hz
—0.5dB - 2.7 - Hz
-0.1dB - 6.0 - Hz

DAC Digital Filter (LPF):

PassbandNote 26) +0.1dB PB 0 - 19.6 kHz
—-0.7dB - 20.0 - kHz
—6.0dB - 22.05 - kHz

Stopband SB 25.2 - - kHz

Passband Ripple PR - - +0.01 dB

Stopband Attenuation SA 59 - - dB

Group Delay Note 27) GD - 25 - 1/fs

DAC Digital Filter (LPF) + SCF:

Frequency Response~20.0kHz FR - +1.0 - | dB

DAC Digital Filter (HPF): (Note 28)

Frequency ResponsB@te 26) | —3.0dB FR - 0.9 - Hz
—0.5dB - 2.7 - Hz
—0.1dB - 6.0 - Hz

BOOST Filter: (Note 29)

Frequency Response| MIN 20Hz FR - 5.76 - dB
100Hz - 2.92 - dB
1kHz - 0.02 - dB

MID | 20Hz FR - 10.80 - dB
100Hz - 6.84 - dB
1kHz - 0.13 - dB

MAX | 20Hz FR - 16.06 - dB
100Hz - 10.54 - dB
1kHz - 0.37 - dB

Note 26. The passband and stopband frequesc#s with fs (system sampling rate).

For example, DAC is PB=0.454*fs (.7dB). Each response refers to that of 1kHz.

Note 27. 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. This time includes the
group delay of the HPF. For the DAC, this time is fregtting the 16-bit data of both channels from the input
register to the output of analog signal. Group delay of DAC part is 25/fs(typ) at PMADL=PMADR bits = “0".

Note 28. When PMADL bit = “1" or PMADR bit = “1”, the HPF of ADC is enabled but the HPF of DAC is disabled.
When PMADL=PMADR bits = “0", PMDAC bit = “1", te HPF of DAC is enabled but the HPF of ADC is
disabled.

Note 29. These frequency responses scale with fs. If a highslgmal is input, the analog output clips to the full-scale at
low frequency.

MS0605-E-00 2007/06
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| DC CHARACTERISTICS |
(Ta=2%C; AVDD, DVDD=2.6~ 3.6V; TVDD=1.6~ 3.6V; HVDD=2.6~ 5.25V

Parameter Symbol min typ max Units
High-Level Input Voltage | 2.2¢TVDD<3.6V | VIH [ 70%TvDD | - - Vo

1.6\<TVDD<2.2V VIH 75%TVDD - - \Y
Low-Level Input Voltage | 2.2¥TVDD<3.6V_| VIL [ - -l 30%TVDD |V

1.6\<TVDD<2.2V VIL - - 25%TVDD )Y
High-Level Output Voltage (lout=—200uA) | VOH TVDD-0.2 - - Vv
Low-Level Output Voltage

(Except SDA pin: lout=20@A) | VOL - - 0.2 Vv

(SDA pin: lout=3mA)[ VOL - - 0.4 \Y

Input Leakage Current lin - - +10 pA

| SWITCHING CHARACTERISTICS |
(Ta=25C; AVDD, DVDD=2.6~ 3.6V; TVDD=1.6~ 3.6V; HVYDD=2.6~ 5.25V; G =20pF; 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 MHZ
Pulse Width Low tCLKL 0.4/fCLK - - ns
Pulse Width High tCLKH 0.4/fCLK - - ns
MCKO Qutput Timing
Frequency fMCK 0.2352 - 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 7.35 - 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 0.2352 - 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 7.35 - 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 xtBCK - - ns
Pulse Width High tBCKH| 0.4 x tBCK| - - ns
MS0605-E-00 2007/06
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Parameter | Symbol | min | typ max | Units
PLL Slave Mode (PLL Reference Clock = LRCK pin)
LRCK Input Timing
Frequency fs 7.35 - 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 7.35 - 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 1.8816 - 12.288 MHE
512fs fCLK 3.7632 - 13.312 MHZ
1024fs fCLK 7.5264 - 13.312 MHZ
Pulse Width Low tCLKL 0.4/fCLK - - ns
Pulse Width High tCLKH 0.4/fCLK - - ns
LRCK Input Timing
Frequency | 256fs fs 7.35 - 48 kH4
512fs fs 7.35 - 26 kHz
1024fs fs 7.35 - 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 1.8816 - 12.288 MH
512fs fCLK 3.7632 - 13.312 MHZ
1024fs fCLK 7.5264 - 13.312 MHZ
Pulse Width Low tCLKL 0.4/fCLK - - ns
Pulse Width High tCLKH 0.4/fCLK - - ns
LRCK Output Timing
Frequency fs 7.35 - 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 - %
MS0605-E-00 2007/06
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Parameter | Symbol | min | typ | max | Units
Audio Interface Timing (DSP Mode)
Master Mode
LRCK “1” to BICK “T” (Note 30) tDBF | 0.5XxtBCK—40| 0.5 xtBCK | 0.5xtBCK+4Q ns
LRCK “T” to BICK “1” (Note 31) tDBF | 0.5xtBCK-40| 0.5xtBCK | 0.5xtBCK + 40 ns
BICK “1” to SDTO (BCKP bit = “0") tBSD =70 - 70 ns
BICK “J” 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 30) tLRB 0.4 x tBCK - - ns
LRCK “T” to BICK “J” (Note 31) tLRB 0.4 x tBCK - - ns
BICK “1” to LRCK “1” (Note 30) tBLR 0.4 x tBCK - - ns
BICK “J” to LRCK “T" (Note 31) tBLR 0.4 x tBCK - - ns
BICK “1” to SDTO (BCKP bit = “0") tBSD - - 80 ns
BICK “J” 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 32) 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 32) tLRB 50 - - ns
BICK “1" to LRCK Edge Note 32) 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 30. MSBS, BCKP bits = “00” or “11".
Note 31. MSBS, BCKP bits = “01” or “10".
Note 32. BICK rising edge must not occur at the same time as LRCK edge.

MS0605-E-00 2007/06
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Parameter | Symbol | min | typ max | Units

Control Interface Timing (3-wire Serial mode)
CCLK Period tCCK 200 - - 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 34) tCSS 50 - - ns
CCLK “1” to CSN Edge Kote 34) tCSH 50 - - ns

Control Interface Timing (I’°C Bus mode): (Note 33)
SCL Clock Frequency fSCL - - 400 kHz
Bus Free Time Between Transmissions tBUF 1.3 - - us
Start Condition Hold Time (prior to first clock pulse) tHD:STA 0.6 - us
Clock Low Time tLOW 1.3 - - us
Clock High Time tHIGH 0.6 - - ps
Setup Time for Repeated Start Condition tSU:STA 0.6 - us
SDA Hold Time from SCL FallingNote 35) 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 36) tPD 150 - - ns
PMADL or PMADR “1” to SDTO valid (Note 37) tPDV - 1059 - 1/fs

Note 33. fC is a registered trademark of Philips Semiconductors.

Note 34. CCLK rising edge must not occur at the same time as CSN edge.

Note 35. Data must be held long enougbridge the 300ns-transition time of SCL.

Note 36. The AK4645 can be reset by the PDN pin = “L".

Note 37. This is the count of LRCK™ from the PMADL or PMADR bit = “1”.

MS0605-E-00 2007/06
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W Timing Diagram

1/fCLK

1/fs

A

50%TVDD

tLRCKH | = tLRCKL
L)

A
A

Duty = tLRCKH x fs x 100

tLRCKL x fs x 100
1/fMCK

o e R e 509%TVDD

dMCK = tMCKL x fMCK x 100

Figure 3. Clock Timing (PLL/EXT Master mode)
Note 38. MCKO is not available at EXT Master mode.

t{LRCKH

50%TVDD
<« DBF | tBCK .
BICK . 50%TVDD
(BCKP ="0")
BICK ~ 50%TVDD
(BCKP ="1")
SDTO>< ————————————————————————————————————————————— < MSB e 50%TVDD
VIH
SDTI
VIL

Figure 4. Audio Interface Timing (PLL/EXWaster mode, DSP mode, MSBS = “0")
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tLRCKH
50%TVDD
« [DBF | tBCK
BICK 50%TVDD
(BCKP ="1")
BICK 50%TVDD
(BCKP ="0")

O R L - MSB >< 50%TVDD

tSDS tSDH

VIH
VIL

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

I 50%TVDD

50%TVDD

50%TVDD

tSDS tSDH

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

BICK
(BCKP ="1")

tBLR

[AK4645EZ]

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")

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—

« ILRCKH 1 | ¢ tLRCKL Duty = tLRCKH x fs x 100
= tLRCKL x fs x 100

A
A
A

50%TVDD

dMCK = tMCKL x fMCK x 100

Figure 9. Clock Timing (PLL Slave mode; PLL Reference Clock = MCKI pin, Except DSP mode)

_ tRCKH
———————————————————————————————— AR VIH
LRCK
———————————————————————————————— AN VIL
{LRB
VIH
BICK
vIL
(BCKP = "0")
VIH
BICK
(BCKP = "1") vIL
SDTo;y< ——————————————————————————————————————————————— - MSB ;}< ——————————— 50%TVDD
tSDH
VIH
SDTI
VIL

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

BICK

(BCKP ="1")

BICK

(BCKP ="0") -y

SDTI

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

»i .

tSDH

1/fCLK

Figure 12. Clock Timing (EXT Slave mode)
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VIH
VIL

- MSB >< 509%TVDD

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

BICK

tSDS tSDH

SDTI

fffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffffff VIH
CSN
tCSH tCCKL  tCCKH

CCLK
N /A VIH

CDTI R/W
SN VIL

Figure 14. WRITE Command Input Timing
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CDTI D2 D1 DO

Figure 15. WRITE Data Input Timing

: —» QSRR Ey e
tHD:STA tHD:DAT tSU:DAT tSU:STA tSU:STO
“Stop Start. Start Stop

Figure 16. 1C Bus Mode Timing

PMADL bit
or
PMADR bit

tPDV

0 Lo B 5096TVDD

Figure 17. Power Down & Reset Timing 1

Figure 18. Power Down & Reset Timing 2
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I OPERATION OVERVIEW

B System Clock

There are the following four clock modesinterface with external devicegable 2 andrable 3).

Mode PMPLL bit M/S bit PLL3-0 bits Figure
PLL Master Mode Nlote 39) 1 1 Table 5 Figure 19
PLL Slave Mode 1 :

(PLL Reference Clock: MCKI pin) ! 0 Table 5 Figure 20
PLL Slave Mode 2 Figure 21
(PLL Reference Clock: LRCK or BICK pin ! 0 Table 5 Figure 22
EXT Slave Mode 0 0 X Figure 23
EXT Master Mode 0 1 X Figure 24

Note 39. If M/S bit =“1”, PMPLL bit = “0” and MCKO bit = “1” during the setting of PLL Master Mode, invalid clocks
are output from MCKO pin when MCKO bit is “1".
Table 2. Clock Mode Setting (x: Don’t care)

Mode MCKO bit | MCKO pin | MCKI pin BICK pin LRCK pin
0 ‘L Output
PLL Master Mode 1 Selected by Fs,fll_e;toe%i?g (Selected by czﬁs)t’t
PS1-0 bits BCKO hit)
PLL Slave Mode 0 SeIeI(;ted by Selected by Input Input
(PLL Reference Clock: MCKI pin) 1 PS1-0 bits PLL3-0 bits (= 32fs) (1fs)
Input
PLL Slave Mode o Input
(PLL Reference Clock: LRCK or BICK pin 0 L GND é??g?éegtg)y (1fs)
up » Selected by Input Input
EXT Slave Mode 0 L FS1-0 bits | (= 32fs) (1fs)
Output
EXT Master Mode 0 oL Slzes"féegigy (Selected by %}Eg“t
BCKO hit)

Table 3. Clock pins state in Clock Mode

B Master Mode/Slave Mode

The M/S bit selects either master anva mode. M/S bit = “1” selects masteoae and “0” selects slave mode. When the
AK4645 is power-down mode (PDN pin = “L") and exits resatestthe AK4645 is slave mode. After exiting reset state,
the AK4645 goes to master mode by changing M/S bit = “1”.

When the AK4645 is used on master mode, LRCK and BI®K aie a floating state uniil/S bit becomes “1”. LRCK
and BICK pins of the AK4645 should be pulled-down or pulled-up by the resistor (abo@r)l®krnally to avoid the

floating state.

M/S bit Mode
0 SlaveMode
1 MasterMode

Default

Table 4. Select Master/Slave Mode

MS0605-E-00
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B PLL Mode (AIN3 bit = “0", PMPLL bit = “1")

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 5, whenever the AK4645 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 Cof | PLL Lock
Mode . . . . ; VCOC pin Time
bit bit bit bit | Clock Input Pin] Frequency
R[Q] | C[F] (max)
0 0 0 0 0 LRCKpin 1fs 6.8k | 220n 160ms Default
2 0 0 1 0 BICKpin 32fs 10k 4.7n 2ms
10k 10n 4ms
3 0 0 1 1 BICKpin 64fs 10k 4.7n 2ms
10k 10n 4ms
4 0 1 0 0 MCKIpin 11.2896MHz 10k 4.7 40ms
5 0 1 0 1 MCKIpin 12.288MHz 10k 4.7n 40ms
6 0 1 1 0 MCKIpin 12MHz 10k 4.7n 40ms
7 0 1 1 1 MCKIpin 24MHz 10k 4.7n 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 5. Setting of PLL Mode (*fs: Sampling Frequency)

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 definddbie 6.

Mode FS3 bit FS2 bit FS1 bit FSO bit Sampling Frequendy

0 0 0 0 0 8kHz Default

1 0 0 0 1 12kHz

2 0 0 1 0 16kHz

3 0 0 1 1 24kHz

4 0 1 0 0 7.35kHz

5 0 1 0 1 11.025kHz

6 0 1 1 0 14.7kHz

7 0 1 1 1 22.05kHz

10 1 0 1 0 32kHz

11 1 0 1 1 48kHz

14 1 1 1 0 29.4kHz

15 1 1 1 1 44.1kHz
Others Others N/A

Table 6. Setting of Sampling Frequency at PMPLL bit = “1” (Reference Clock = MCKI pin)

MS0605-E-00 2007/06
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When PLL reference clock input is LRCK or BICK pinetiampling frequency is selected by FS3 and FS1-0bébklg
7).

Mode FS3 bit FS2 bit FS1 bi FSO bjt Sampling Frequency Rdnge
0 0 Don'tcare 0 0 7.35kHz< fs < 8kHz Default
1 0 Don'tcare 0 1 8kHz < fs< 12kHz
2 0 Don'tcare 1 0 12kHz < fs< 16kHz
3 0 Don'tcare 1 1 16kHz < fs< 24kHz
6 1 Don'tcare 1 0 24kHz < fs< 32kHz
7 1 Don'tcare 1 1 32kHz < fs< 48kHz
Others Others N/A

Table 7. Setting of Sampling Frequency at PMPLL bit = “1” (Reference Clock = LRCK or BICK pin)

B PLL Unlock State
1) PLL Master Mode (AIN3 bit = “0"PMPLL bit =“1", M/S bit = “1")

In this mode, LRCK and BICK pins go to “L” and irreguffrequency clock is output from MCKO pins at MCKO bit is
“1" before the PLL goes to locktate after PMPLL bit = “0® “1”. If MCKO bit is “0”, MCKO pin goes to “L” (Table
8).

After the PLL is locked, the first period of LRCK and BICK may be invalid clock but these clocks return to norenal stat
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 MCKO bit = 0" MCKO bit =17 BICK pin LRCK pin
After that PMPLL bit “0"> “1” “L” Output Invalid “L” Output “L” Output
PLL Unlock (except case above “L” Output Invalid Invalid Invalid
PLL Lock “L” Output Table 10 Table 11 1fs Output

Table 8. Clock Operation at PLL Mastdode (PMPLL bit = “1", M/S bhit = “1")
2) PLL Slave Mode (AIN3 bit = “0"PMPLL bit = “1”, M/S bit = “0")
In this mode, an invalid clock is output from MCKO pin before the PLL goes to lock state after PMPLL bi="10"

Then, the clock selected byable 10 is output from MCKO pin when PLL is locked. ADC and DAC output invalid data
when the PLL is unlocked. For DA@)e output signal should be mutedvsiting “0” to DACL and DACH bits.

MCKO pin
PLL State MCKO bit = “0" | MCKO bit = “1"
Just after PMPLL bit “0™> “1” “L" Output Invalid
PLL Unlock (except case above “L” Output Invalid
PLL Lock “L” Qutput Output

Table 9. Clock Operation at PLL Slavode (PMPLL bit = “0", M/S bit = “0")

MS0605-E-00 2007/06
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B PLL Master Mode (AIN3 bit = “0”, 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 MCKI pin, the MCKO, BICK and LRCK clocks are generated by an internal PLL circuit. The MCKO output
frequency is selected by PS1-0 bifslfle 10) and the output is enabled by MCKO bit. The BICK output frequency is
selected between 32fs or 64fs, by BCKO ihalfle 11).

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

AK4645 DSP or puP
MCKI
MCKO 256f5/128fs/64fs/32( |\
BICK S2fs, 64y ek
LRCK 1fs » |LRCK
SDTO »{ |sDTI
SDTI < SDTO
Figure 19. PLL Master Mode
Mode PS1 bit PSO0 bit MCKO pin
0 0 0 256fs Default
1 0 1 128fs
2 1 0 64fs
3 1 1 32fs
Table 10. MCKO Output Frequency (PLL Mode, MCKO bit = “1")
BCKO bit BICK Output
Freguency
0 32fs Default
1 64fs

Table 11. BICK Output Frequency at Master Mode

MS0605-E-00 2007/06
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W PLL Slave Mode (AIN3 bit = “0”, 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
AK4645 is generated by an internal PLL circuit. Input frequency is selected by PLL3-Udfite £).

a) PLL reference clock: MCKI pin

BICK and LRCK inputs should be synchronized wiRKO output. The phase between MCKO and LRCK dose not
matter. MCKO pin outputs the frequency selected by PS1-0Tiatsd€ 10) and the output is enabled by MCKO bit.
Sampling frequency can be selected by FS3-0 Biblé 6).

AK4645

MCKI

MCKO

BICK

LRCK

SDTO

SDTI

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

256fs/128fs/64fs/32fs|

13.5MHz, 19.2MHz, 24MHz, 26MHz,
27MHz

DSP or puP

> 32fs

P

1fs

A

A

MCLK

BCLK

LRCK

SDTI

SDTO

Figure 20. 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 7.35kHz to 48kHz by changing FS3-Udlits ().

AK4645
MCKO DSP or uP
MCKI
BICK < 32fs or 64fs BCLK
LRCK < 1fs LRCK
SDTO »[ |soTi
SDTI < SDTO

Figure 21. PLL Slave Mode 2 (PLL Reference Clock: BICK pin)

AK4645
MCKO DSP or uP
MCKI
BICK < = 32fs BCLK
LRCK < ifs LRCK
SDTO » |soTi
SDTI < SDTO

Figure 22. PLL Slave Mode 2 (PLL Reference Clock: LRCK pin)

The external clocks (MCKI, BICK and LRCK) should always be present whenever the ADC or DAC is in operation
(PMADL bit =*1”, PMADR bit = “1” or PMDAC bit = “1"). If these clocks are not provided, the AK4645 may draw
excess current and it is not possible torafeproperly because utilizes dynamic reffied logic internally. If the external
clocks are not present, the ADC and DAC should be in the power-down mode (PMADL=PMADR=PMDAC bits = “0").

MS0605-E-00 2007/06
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B EXT Slave Mode (PMPLL bit = “0”, M/S bit = “0”)

[AK4645EZ]

When PMPLL bit is “0”, the AK4645 becomes EXT mode. Master clock is input from MCKI pin, the internal PLL circuit
is not operated. This mode is compatible with I/F ofrtbiemal audio CODEC. The clocks required to operate are MCKI
(256fs, 512fs or 1024fs), LRCK (fs) and BICK32fs). The master clock (MCKI) should be synchronized with LRCK.
The phase between these clocks does not matternpaefiequency of MCKI is selected by FS1-0 bitalfle 12).

Mode |  FS3-2 bits Fsibi|f Fsobif MCKIInput 1 Sampling Frequency
Frequency Range
0 Don't care 0 0 256fs 7.35kHz~ 48kHz
1 Don'’t care 0 1 1024fs 7.35kHz~ 13kHz
2 Don't care 1 0 256fs 7.35kHz~ 48kHz
3 Don'’t care 1 1 512fs 7.35kHz~ 26kHz

Default

Table 12. MCKI Frequency at EXT Slaivode (PMPLL bit = “0”, M/S bit = “0”)

The S/N 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 improved by using higher freguef the master clock. The S/N of the DAC output
through LOUT/ROUT pins at fs=8kHz is shownTiable 13.

SIN
MCKI (fs=8kHz, 20kHzLPF + A—weightedl)
256fs 83dB
512fs 93dB
1024fs 93dB

Table 13. Relationship between MCKI and S/N of LOUT/ROUT pins

The external clocks (MCKI, BICK and LRCK) should always be present whenever the ADC or DAC is in operation
(PMADL bit =“1", PMADR bit = “1” or PMDAC bit = “1”). If these clocks are not provided, the AK4645 may draw
excess current and it is not possible torafeproperly because utilizes dynamic reffied logic internally. If the external
clocks are not present, the ADC and DAC should be in the power-down mode (PMADL=PMADR=PMDAC bits = “0").

AK4645
MCKO DSP or uP
256fs, 512fs or 1024fs

MCKI < MCLK

BICK < 2 32fs BCLK

LRCK < 1fs LRCK

SDTO » |sDTI

SDTI < sSDTO

Figure 23. EXT Slave Mode
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W EXT Master Mode (PMPLL bit = “0”, M/S bit = “1")

The AK4645 becomes EXT Master Mode by setting PMPLI=KR" and M/S bit = “1”. Master clock is input from
MCKI pin, the internal PLL circuit is not operated. The clock required to operate is MCKI (256fs, 512fs or 1024fs). The
input frequency of MCKI is selected by FS1-0 bifslfle 14).

Mode FS3-2 bits Fs1bi| Fsobij MCKIInput | Sampling Frequency
Frequency Range
0 Don'’t care 0 0 256fs 7.35kHz~ 48kHz Default
1 Don't care 0 1 1024fs 7.35kHz~ 13kHz
2 Don'’t care 1 0 256fs 7.35kHz~ 48kHz
3 Don't care 1 1 512fs 7.35kHz~ 26kHz

Table 14. MCKI Frequency at EXT Master Mode (PMPLL bit = “0”, M/S bit = “1")

The S/N of the DAC at low sampling frequencies is wohs@ at high sampling frequencies due to out-of-band noise.
The out-of-band noise can be improved by using higher freyuef the master clock. The S/N of the DAC output
through LOUT/ROUT pins at fs=8kHz is shownTiable 15.

SIN
MCKI" | (ts=8KkHz, 20kHZLPF + A-weightedl
2561 8308
512fs 93dB
1024fs 93dB

Table 15. Relationship between MCKI and S/N of LOUT/ROUT pins

MCKI should always be present whenever the ADC or DAC is in operation (PMADL bit = “1”, PMADR bit = “1" or
PMDAC bit = “1"). If MCKI is not provided, the AK4645 may draw excess current and it is not possible to operate
properly because utilizes dynamic refrestoggic internally. If MCKI is not presnt, the ADC and DAC should be in the
power-down mode (PMADL=PMADR=PMDAC bits = “0").

AK4645
MCKO DSP or uP
256fs, 512fs or 1024fs
MCKI < MCLK
BICK 32fs or 64fs > BCLK
LRCK 1fs »[ |LRCK
SDTO » |sSDTI
SDTI < SDTO
Figure 24. EXT Master Mode
BCKO bit BICK Output
Frequency
0 32fs Default
1 64fs

Table 16. BICK Output Frequency at Master Mode
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B System Reset

[AK4645EZ]

Upon power-up, the AK4645 should be reset by bringing the PBMN fii". This ensures that all internal registers reset
to their initial values.

The ADC enters an initialization cycle that starts wherRNMADL or PMADR bit is changed from “0” to “1” at PMDAC
bits is “0”. The initialization cycle time is 1059/fs=24ms@4d.1kHz. During the initializion cycle, the ADC digital

data of both channels is forced to output a 2's compliment, “0”. The ADC output reflects the analog input signal after the

initialization cycle is complete. When PMDAC bit is “1”, the ADC does not require an initialization cycle.

The DAC enters an initialization cycle that starts wtrenPMDAC bit is changed from “0” to “1” at PMADL and
PMADR bits are “0". The initialization cycle time is 1088/24ms@fs=44.1kHz. Duringehinitialization cycle, the

DAC input digital data of both channels are internally forced to a 2’s compliment, “0”. The DAC output reflects the
digital input data after the initialization cycle is coniptk When PMADL or PMADR bhit is “1”, the DAC does not
require an initialization cycle.

W Audio Interface Format

Four types of data formats are availabid are selected by setting the DIF1-0 bitsk{le 17). In all modes, the serial data
is MSB first, 2's complement format. Audio interface forse&n be used in both master and slave modes. LRCK and

BICK are output from the AK4645 in master mode, but must be input to the AK4645 in slave mode.

Mode | DIF1 bit DIFO bit SDTGADC) SDTI(DAC) BICK Figure
0 0 0 DSP Mode DSP Mode > 32fs Table 18
1 0 1 MSB justified LSB justified > 32fs Figure 29
2 1 0 MSB justified MSB justified > 32fs Figure 30 Default
3 1 1 S compatible | 43S compatible | > 32fs Figure 31

Table 17. 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
(“™). In Modes 0 (DSP mode), the audio I/F timing is changed by BCKP and MSBS 4iite (18).

DIF1 | DIFO | MSBS| BCKP Audio Interface Format Figur&

MSB of SDTO is output by the rising edgd {} of the first
BICK after the rising edge {") of LRCK.

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 the falling edgel{} of the first
BICK after the rising edge {") of LRCK.

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 edgd(} of the falling
edge (4”) of the first BICK after the rising edge{") of LRCK.
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{") of LRCK.
MSB of SDTI is latched by the rising edgd(} of the BICK
just after the output timing of SDTO’s MSB.

Figure 25| Default

Figure 26

Figure 27

Figure 28

Table 18. Audio Interface Format in Mode 0

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

at 8-bit data. And when the DAC playbacks this 8-bit dath; at 8-bit data will be converted te-256” at 16-bit data
and this is a large offset. This offset can be removed byaddk 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 25. 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
lLch | 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 :
Tr{ﬂﬂ%%ﬂﬂﬂﬂﬂr% % %
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 26. Mode 0 Timing (BCKP = “1”, MSBS = “0”)
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LRCK
(Master)

LRCK
(Slave)

BICK(32fs)

SDTO(0)
SDTI(i)
BICK(64fs)
SDTO(0)

SDTI(i)

LRCK
(Master)

LRCK
(Slave)

BICK(32fs)

SDTO(o)

SDTI()

[AK4645EZ]

15

0o 1 2

' Lch

8 9 10 11 12 13 14 15

16 17 18

'Rch

24 25 26 27 26

R [
£ |'_D
15 0 1 2 % 8 9 10 11 12 13 14 15 16 17 18% 24 25 26 27 26 29 30 31
'Lch / 'Rch / !
|o 15|14|/8|7|6|5|4|3|2 |1]o 15|14|%8|7|6|5|4|3|2|1|0
1Lch / iRch % |
15|14|%8|7|6|5|4|3l2 15|14|% |7|6|5|4|3|2|1|O
1 / 14 15 16 17 18 // 30 31 2 33 34 / 46 47 48 49 50 7/% 62 63
. - kil
SUuyguul [ JEpERERERERl
 EEEEEL | / / .
I;(&E>T14|%2|1|0 F1?5f|114| %2““ % % l_
iLch % i Rch % % % |
15|14|/2|1|0|15|14| % % % r
¢ 1fs - - >
15:MSB, 0:LSB
Figure 27. Mode 0 Timing (BCKP = “0”, MSBS = “1”)
R [
In I

29 30 31 0

| 0

l5|l4|

8|7|6|5|4|3|2|1|O

l5|14|

8|7|6|5|4|3|2|1|O
1

i Lch

| 0

15|14|

8|7|6|5|4|3J_2|1|o|15|14|

1
7|6|5|4|3|2|1|O

BICK(64fs) —I_I_Lﬂ_I_IJ

14 15 16 17 18
1 Rch

30 31 32 33 34
I

46 47 48 49 50

62 63

% -
[ ipipipupint | it
. % %
- - |
SDTO(0) 15|14|%2|1|0 15|14| %2|1|0| %
iLch i Rch / i / !
| / / L
SDTI() 15|14|%2|1|0|15|14| § %
< 1/fs g
15:MSB, 0:LSB
Figure 28. Mode 0 Timing (BCKP = “1", MSBS ="“1")
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LRCK N [
012 3 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 31012 3 1516 17 18 310 1

BICK(64fs)

SDTO(0) 1s[14l13] - [1]o0] 151413 | [1]0] Er

SDTI(i) | DontCare  |15/14] [1]o0 DontCare  [15[14] |10 |
15:MSB, 0:LSB 5 :
i‘ Lch Data H‘ Rch Data ’i

Figure 29. Mode 1 Timing

LRCK i o
012 3 9101112131415 0 1 2 3 9101112131415 0 1

BICK(32fs)

sDTO()  [1sfuafis] | [7[s]5][3]2 1[0 ws[uais] | [7[6[5[«[3]2] ][0

soi)y |l | [7[e]5] =22 o[ | [7]e[5]4]3]2] 1[0
0123 1516 17 18 31012 3 1516 17 18 310 1

BICK(64fs)

SDTO(0) 15|14|13| | 1 | 0 | 15|14|13| | 1 | 0 | 1_5|_

SDTI(i) I15|14|13| |1 | 0| Don't Care 15|14|13| |1 | o| Don't Care I15|
|15:MSB, 0:LSB
E‘ Lch Data >E< Rch Data >E

Figure 30. 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 _[ofssfie | [s[7[e[s]«[s[2[[ofss[ | [s[7]e]s[«[3[2[x]o]
0123 1516 17 18 310123 1516 17 18 310 1
BICK(64fs)
sotow [ [21Te] EZN 28R i
SDTI(i) 15[14] |2|1]0o] Dontcare [15]14] |2|1][0] Dontcare |
§15:MSB, 0:LSB
E‘ Lch Data h‘ Rch Data >E

Figure 31. Mode 3 Timing

H Mono/Stereo Mode

PMADL, PMADR and MIX bits set mono/stereo ADC operation. When MIX bit = “1", EQ and FIL3 bits should be set to

“0". ALC operation (ALC bit = “1") or digital volume operation (ALC bit = “0") is applied to the dat@able 19.

Default

PMADL bit | PMADR bit MIX bit ADC Lch data ADC Rch data
0 0 X All “0” All “0”
0 1 X Rch Input Signal Rch Input Signa
1 0 X Lch Input Signal Lch Input Signal
1 1 0 Lch Input Signal Rch Input Signal
1 (L+R)/2 (L+R)/2

Table 19. Mono/Stereo ADC operation (x: Don't care)

W Digital High Pass Filter

The AK4645 has a digital high pass filter for DC offsetasdiation. The cut-off frequency of the HPF is 0.9Hz
(@fs=44.1kHz) and scales with sampling rate (fs). WIRBIADL bit = “1” or PMADR bit = “1”, the HPF of ADC is
enabled but the HPF of DAC is disabled. When PMADLABR bits = “0”, PMDAC bit= “1", the HPF of DAC is

enabled but the HPF of ADC is disabled.
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m MIC/LINE Input Selector

[AK4645EZ]

The AK4645 has input selector for MIC-Amp. When MDIF1 and MDIF2 bits are “0”, INL1-0 and INR1-0 bits select
LINZ/LIN2/LIN3/LIN4 and RIN1/RIN2/RIN3/RIN4, respectively. When MDIF1 and MDIF2 bits are “1”, LIN1, RIN1,
LIN2 and RIN2 pins become IN] IN1+, IN2+ and IN2 pins respectively. In this case, full-differential input is
available Figure 33). When full-differential input is used, the signal should not be input to the pins marked by “X” in

Table 21.
MDIF1 bit | MDIF2 bit | INL1 bit INLO bit INR1 bit INRO bit Lch Rch
0 0 0 0 0 0 LIN1 RIN1 Default
0 0 0 0 0 1 LIN1 RIN2
0 0 0 0 1 0 LIN1 RIN3
0 0 0 0 1 1 LIN1 RIN4
0 0 0 1 0 0 LIN2 RIN1
0 0 0 1 0 1 LIN2 RIN2
0 0 0 1 1 0 LIN2 RIN3
0 0 0 1 1 1 LIN2 RIN4
0 0 1 0 0 0 LIN3 RIN1
0 0 1 0 0 1 LIN3 RIN2
0 0 1 0 1 0 LIN3 RIN3
0 0 1 0 1 1 LIN3 RIN4
0 0 1 1 0 0 LIN4 RIN1
0 0 1 1 0 1 LIN4 RIN2
0 0 1 1 1 0 LIN4 RIN3
0 0 1 1 1 1 LIN4 RIN4
0 1 0 0 0 0 LIN1 IN2+/—
0 1 1 0 0 0 LIN3 IN2+/—
0 1 1 1 0 0 LIN4 IN2+/—
1 0 0 0 0 1 IN1+/— RIN2
1 0 0 0 1 0 IN1+/— RIN3
1 0 0 0 1 1 IN1+/— RIN4
1 1 0 0 0 0 IN1+/— IN2+/—
Others N/A N/A
Table 20. MIC/Line In Path Select
Register RFn
. . . LIN1 RIN1 LIN2 RIN2 MIN VCOC | LIN4 RIN4
AIN3 bit | MDIFLbit | MDIFZbit f 0"\ N1 | N2+ | IN2— | LIN3 | RIN3 | IN4+ | IN4-
0 0 0 O O O ©) O - @) @)
0 0 1 O X 0] 0] 0] - O X
0 1 0 (@) (@) X 0] 0] - X 0]
0 1 1 O O O O O - X X
1 0 0 (@) (@) (@) (O] O (@) (@) (@)
1 0 1 O X O O O X @) X
1 1 0 0 0 X 0] X @) X 0
1 1 1 (@) (@) (@) (@) X X X X
Table 21. Handling of MIC/Line Input Pins-{* N/A; “X”: Signal should not be input.)
MS0605-E-00 2007/06
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AK4645
INL1-0 bits
LIN1Z/IN1- pin
p——» ADC Lch
RIN1/IN1+ pin () ®
MDIFL bit MIC-Amp
INR1-0 bits
RIN2/IN2- pin ()
——@—» ADC Rch
LIN2/IN2+ pin )
MDIF2 bit MIC-Amp
These blocks are not
MIN/LINS pin N ® available at PLL mode.
VCOC/RIN3 pin(_) /
r=fF==q-=-=-=-=-1--- .
: 3 E
. ' O m O,
LIN4/IN4+ pin p ; o ol
RIN4/IN4— pin = 3 : = =
= 5 = £ | = 5
< < ~N N ™ [
o @ 4 o | o
< z Z Z. Z Z |
= = = = = =
o o o o o [

____________________

Lineout, HP-Amp

Figure 32. Mic/Line Input Selector

AK4645

MPWR pin i
% IN1= pin MIC-Amp Av
pine SDTO pin

|
i IN1+ pin I AID ——P

== 1k

Figure 33. Connection Example for Full-differential Mic Input (MDIF1/2 bits = “1")

<Input Selector Setting Example>

In case that IN1+/ pins are used as full-differential mic input and LIN2/RIN2 pins are used as stereo line input, it is
recommended that the following two modes atégeegister setting according to each case.

MDIF1 bit | MDIF2 bit | INL1 bit INLO bit INR1 bit INRO bit Lch Rch
1 0 0 0 0 1 IN1+/— RIN2
0 0 0 1 0 1 LIN2 RIN2

Table 22. MIC/Line In Path Select Example

MS0605-E-00 2007/06
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m MIC Gain Amplifier

[AK4645EZ]

The AK4645 has a gain amplifier for microphone input. The gain of MIC-Amp is selected by the MGAIN1T&bits (
23). The typical input impedance is &@fyp) @MGAIN1-0 bits = “00” or 30R(typ) @ MGAIN1-0 bits = “01", “10” or

“11".
MGAIN1 bit | MGAINO bit Input Gain
0 0 0dB
0 1 +20dB Default
1 0 +26dB
1 1 +32dB
Table 23. Mic Input Gain
m MIC Power

When PMMP bit = “1”, the MPWR pin supplies power for the microphone. This output voltage is typically 0.75 x AVDD

and the load resistance is minimum @5kn case of using two sets of steraig, the load resistance is minimun2kor
each channel. No capacitor must notbanected directly to MPWR pilrigure 34).

MIC Power

PMMP bit MPWR pin
0 Hi-Z
1 Output
Table 24. MIC Power
MPWR pin

Default

> 2kQ

Q Microphone

MS0605-E-00

O—Q Microphone

Figure 34. MIC Block Circuit
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W Digital EQ/HPF/LPF

The AK4645 performs wind-noisedection filter, stereo separation emphagain compensation and ALC (Automatic
Level Control) by digital domain for A/D converted dafagire 35). FIL1, FIL3 and EQ blocks are IIR filters &f 1

order. The filter coefficient of FIL3, EQ and FIL1 blocks can be set to any value. Refer to the section of “ALC operation”
about ALC.

When only DAC is powered-up, digital EQ/HPF/LPF circuit operates at playback path. When only ADC is powered-up
or both ADC and DAC are powered-up, digital EQ/HPF/LPF circuit operates at recording path. Even if the path is
switched from recording to playback, the register settingtef toefficient at recording remains. Therefore, FIL3, EQ,
FIL1 and GN1-0 bits should be set to “0” if digital EQ/HPF/LPF is not used for playback path.

PMADL bit, PMADR bit | PMDAC bit| LOOP bit Status Digital EQ/HPF/LPF
“00” 0 X Power-down Power-down Default
1 X Playback Playbagkath
0 X Recording Recordingath
“01”, “10” or “11” 1 0 Recording & Playback Recordingpath
1 Recording Monitor Playback Recording path

Note 40. Stereo separation emphasis circuit is effective only at stereo operation.
Table 25. Digital EQ/HPF/LPF Cirtcuit Setting (x: Don't care)

FIL3 coefficient also sets the attetioa of the stereo separation emphasis.
The combination of GN1-0 bifT@ble 26) and EQ coefficient set the compensation gain.

FIL1 and FIL3 blocks become HPF when F1AS and F3isSdre “0” and become LPF when F1AS and F3AS bits are
“1", respectively.

When EQ and FIL1 bits are “0”, EQ and FIL1 blocks becttimeugh” (0dB). When FIL3 bit is “0”, FIL3 block become
“MUTE". When each filter coefficient ishanged, each filter should be set to “through” (“MUTE" in case of FIL3).

When MIX bit = “1”, only FIL1 is available. In this case, EQ and FIL3 bits should be set to “0”.

Wind-noise reduction Stereo separation emphasis Gain compensation
| |
! 1
— FIL1 FIL3 : EQ 11 Gain —i— ALC 1—»
= !
Any coefficient Any coefficient 0dB ~ -10dB Any coefficient GN1-0
F1A13-0 F3A13-0 MUTE EQA15-0 +24/+12/0dB
F1B13-0 F3B13-0 (setby EQB13-0
F1AS F3AS FIL3 coefficient) EQC15-0
+12dB ~ 0dB

Figure 35. Digital EQ/HPF/LPF

GN1 GNO Gain
0 0 0dB Default
0 1 +12dB
1 X +24dB

Table 26. Gain select of gain block (x: Don't care)

MS0605-E-00 2007/06
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[Filter Coefficient Setting]
1) When FIL1 and FIL3 are set to “HPF”

fs: Sampling frequency

fc: Cut-off frequency

f: Input signal frequency

K: Filter gain [dB] (Filter gairof should be set to 0dB.)

Register setting
FIL1: F1AS bit = “0”, F1A[13:0] bits =A, F1B[13:0] bits =B
FIL3: F3AS bit = “0”, F3A[13:0] bits =A, F3B[13:0] bits =B
(MSB=F1A13, F1B13, F3A13, F3B; LSB=F1A0, F1BO0, F3A0, F3BO0)

1/ tan (fc/fs) 1-1/tan ffc/fs)
A=10x , B=
1 + 1/ tan gfc/fs) 1 + 1/ tan gfc/fs)
Transfer function Amplitude Phase
1-z7* 2 — 2cos (Zfifs) (B+1)sin (Zf/fs)
Hiz)=A —— M(f) = A o(f) = tan™*
1+Bz* 1 + B? + 2Bcos (&f/fs) 1- B + (B-1)cos (flfs)

2) When FIL1 and FIL3 are set to “LPF”

fs: Sampling frequency

fc: Cut-off frequency

f: Input signal frequency

K: Filter gain [dB] (Filter gairof FIL1 should be set to 0dB.)

Register setting
FIL1: F1AS bit = “1”, F1A[13:0] bits =A, F1B[13:0] bits =B
FIL3: F3AS bit = “1", F3A[13:0] bits =A, F3B[13:0] bits =B
(MSB=F1A13, F1B13, F3A13, F3B; LSB=F1A0, F1B0, F3A0, F3BO0)

1 1- 1/ tan ffc/fs)
A=10%0x , B=
1 + 1/ tan gfc/fs) 1 + 1/ tan gfc/fs)
Transfer function Amplitude Phase
1+z7° 2 + 2cos (2f/fs) (B-1)sin (Zcf/fs)
HZ)=A — | M()=A o(f) = tan*
1+Bz* 1 + B>+ 2Bcos (&f/fs) 1+ B + (B+1)cos (&f/fs)

MS0605-E-00 2007/06
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3) EQ

fs: Sampling frequency

fci: Pole frequency

fc,: Zero-point frequency

f: Input signal frequency

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

Register setting

EQA[15:0] bits =A, EQB[13:0] bits =B, EQC[15:0] bits =C
(MSB=EQA15, EQB13, EQC14;SB=EQA0, EQBO, EQCO)

[AK4645EZ]

1 + 1/ tan ffc,/fs) 1-1/tan ffcy/fs) 1-1/tan gfc,/fs)
A=10"x , B= ,  C=10"x
1+ 1/ tan ffcy/fs) 1 + 1/ tan ffcy/fs) 1 + 1/ tan ffcy/fs)
Transfer function Amplitude Phase
A+Cz™? A? + C + 2ACcos (Zf/fs) (AB—-C)sin (2rf/fs)
H(z) = M(f) = o(f) = tan™
1+Bz? 1 + B* + 2Bcos (zf/fs) A+ BC + (AB+C)cos (2f/fs)

[Translation the filter coefficient calculatdy the equations above fnareal number to binamgode (2's complement)]
X = (Real number of filter coefficiemalculated by the equations above) 2

X should be rounded to integer, and then shouldldreslated to binary code (2's complement).

MSB of each filter coefficient $eng register is sine bit.

[Filter Coefficient Setting Example]

1) FIL1 block
Example: HPF, fs=44.1kHz, fc=100Hz
F1AS bit = “0”

F1A[13:0] bits = 01 1111 1100 0110
F1B[13:0] bits = 10 0000 0111 0100

2) EQ block

Example: fs=44.1kHz, {&300Hz, fe=3000Hz, Gain=+8dB
Gain[dB] A

+8dB

>
fcy fc, Frequency

EQA[15:0] bits = 0000 1001 0110 1110
EQB[13:0] bits = 10 0001 0101 1001
EQCI[15:0] bits = 1111 1001 1110 1111

MS0605-E-00
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W ALC Operation

The ALC (Automatic Level Control) is operated by ALG&k when ALC bit is “1”. When only DAC is powered-up,
ALC circuit operates at playback path. When only ADC is powered-up or both ADC and DAC are powered-up, ALC
circuit operates at recording path.

PMADL bit, PMADR bit | PMDAC bit| LOOP bit Status ALC
“00" 0 X Power-down Power-down | Default
1 X Playback Playbagkath
0 X Recording Recordingath
“01”, “10” or “11” 1 0 Recording & Playback Recordingpath
1 Recording Monitor Playback Recording path

Table 27. ALC Setting (x: Don't care)
1. ALC Limiter Operation

During the ALC limiter operation, when either LohRch exceeds the ALC limiter detection levEalfle 28), the IVL
and IVR values (same value) are attenuated automatically by the amount defined by the ALC limiter ATabse?0y.
The IVL and IVR are then set the same value for both channels.

When ZELMN bit = “0” (zero cross detton is enabled), the IVL and IVR vas are changed by ALC limiter operation
at the individual zero crossing points of Lch and Rch or at the zero crossing timeout. ZTM1-0 bits set the zero crossing
timeout period of both ALC limter and recovery operatioiigble 30).

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

The attenuation operation is done coantusly until the input signal level becomes ALC limiter detection I&adle 28)
or less. After completing the attenuation operation, unless Ali€ ¢thanged to “0”, the operation repeats when the input
signal level exceeds LMTH1-0 bits.

LMTH1 | LMTHO | ALC Limier Detection Level] ALC Recovery Waiting Counter Reset Levgl
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 —8.50BFS > ALC Output —-12dBFS

Table 28. ALC Limiter Detection LeVéRecovery Counter Reset Level

ZELMN LMAT1 LMATO ALC Limiter ATT Step
0 0 1step 0.375dB | Default
0 0 1 2step 0.750dB
1 0 4step 1.500dB
1 1 8step 3.000dB
1 X X 1step 0.375dB
Table 29. ALC Limiter ATT Step (x: Don't care)
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 30. ALC Zero Crossing Timeout Period
MS0605-E-00 2007/06
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2. ALC Recovery Operation

The ALC recovery operation waits for the WTM2-0 bitalfle 31) to be set after completing the ALC limiter operation.

If the input signal does not exceed “ALEcovery waiting counter reset leveFable 28) during the wait time, the ALC
recovery operation is done. The IVL and IVR values are automatically incremented by RGAIN1Talbi#s32) up to

the set reference leveldble 33) with zero crossing detection which timeout period is set by ZTM1-0 alike(30).

Then the IVL and IVR are set to the same value for bothradla. The ALC recovery operation is done at a period set by
WTM2-0 bits. When zero cross is detected at both channels during the wait period set by WTM2-0 bits, the ALC recovery
operation waits until WTM2-0 period andethext recovery operati is done. If ZTM1-0 is longer than WTM2-0 and no

zero crossing occurs, the ALC recovery operation is done at a period set by ZTM1-0 bits.

For example, when the current IVOL value is 30H and RGADNits are set to “01”, IVOL is changed to 32H by the
auto limiter operation and then the input signal level iseghby 0.75dB (=0.375dB x 2). When the IVOL value exceeds
the reference level (REF7-0), théOL values are not increased.

When

“ALC recovery waiting counter reset level (LMTH1-©)Output Signal < ALC limiter detection level (LMTH1-0)"
during the ALC recovery operation, the waiting timer of 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. WWHeeimpulse noise is input, the ALC recovery operation
becomes faster than a normal recovery operation (FasvBgcOperation). When large noise is input to microphone
instantaneously, the quality of small level in the large noise can be improved by this fast recovery operation. The speed of

fast recovery operation is set by RFST1-0 bitsh(e 34).

ALC Recovery Operation Waiting Period
WTM2 WTM1 WTMO 8kHz ! 1%kHz 44?.1kHz
0 0 0 128/fs 16ms 8ms 2.9ms | Default
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 31. ALC Recovery Operation 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 32. ALC Recovery GAIN Step
MS0605-E-00 2007/06
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Default

0

Default

REF7-0 GAIN(dB) Step
F1H +36.0
FOH +35.625
EFH +35.25
E2H +30.375
E1H +30.0 0.375dB
EOH +29.625
03H -53.25
02H -53.625
01H -54.0
00H MUTE
Table 33. Reference Level at ALC Recovery operation
RFST1 bit RFSTO bit Recovery Spee
0 0 4times
0 1 8times
1 0 16times
1 1 N/A

Table 34. Fast Recovery Speed Setting

- 45 -
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3. Example of ALC Operation

Table 35 shows the examples of the ALC setting for mic recording.

[AK4645EZ]

. 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 011 23.2ms

longer data as ZTM1-0 bits.

REF7-0 Maximum gain at recovery operatiof E1H +30dB E1H +30dB
:Wf-% Gain of IVOL E1H +30dB E1H +30dB
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 Qo 4 times
ALC ALC enable 1 Enable 1 Enable

The following registers should not be changed during th€ Aperation. These bits should be changed after the ALC

Table 35. Example of the ALC setting

operation is finished by ALC bit = “0” or PMADL=PMADR bits = “0".

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

Manual Mode

!

WR (ZTM1-0, WTM2-0, RFST1-0)

'

WR (REF7-0)

!

WR (IVL/R7-0)

* The value of IVOL should be

Example:
Limiter = Zero crossing Enable
Recovery Cycle = 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
ALC bit =“1"

Zero Crossing Timeout Period = 32ms@8kHz

(1) Addr=06H, Data=14H

'

(2) Addr=08H, Data=E1H

!

(3) Addr=09H&0CH, Data=

E1H

+ the same or smaller than REF’s ‘

WR (RGAIN1, LMTH1)

'

(4) Addr=0BH, Data=00H

!

WR (LMAT1-0, RGAINO, ZELMN, LMTHO; ALC= “1")

(5) Addr=07H, Data=21H

!

ALC Operation

MS0605-E-00

Note : WR : Write

Figure 36. Registers set-up sequence at ALC operation
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m Input Digital Volume (Manual Mode)

[AK4645EZ]

The input digital volume becomes a manual mode when ALC bit is “0”. This mode is used in the case shown below.

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

2. When the registers for the ALC operation (Limiperiod, Recovery period and etc) are changed.
For example; when the change of 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@lle 36). The IVOL value is changed at zero crossing or
timeout. Zero crossing timeout period is set by ZTM1-0 bits. If IVL7-0 or IVR7-0 bits are written during
PMADL=PMADR bits = “0”, IVOL operation starts with theritten values at the end of the ADC initialization cycle
after PMADL or PMADR bit is changed to “1”".

Even if the path is switched from recording to playbaok rdgister setting of IVOL remains. Therefore, IVL7-0 and
IVR7-0 bits should be set to “91H” (0dB).

IVL7-0
I\VR7-0 GAIN (dB) Step
F1H +36.0
FOH +35.625
EFH +35.25
E2H +30.375
E1H +30.0 0.375dB
EOH +29.625
03H -53.25
02H -53.625
01H -54
00H MUTE

MS0605-E-00

Table 36. Input Digital Volume Setting
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[AK4645EZ]

When writing to the IVL7-0 and IVR7-0its continuouslly, the control register shdbible written by an interval more than

zero crossing timeout. If not, IVL and IVR are not changed since zero crossing counter is reset at every write operation. If
the same register value as the previous write operatiorntiswto IVL and IVR, this write operation is ignored and zero
crossing counter is not reset. Therefore, IVL and IVRmawritten by an interval $s than zero crossing timeout.

ALC bit

I

] ]
] ]
1 1
ALC Status Disable | Enable | Disable
| |
1 1
IVL7-0 bits i E1H(+30dB) i
! !
] ]
IVR7-0 bits i C6H(+20dB) i
! !
1 1
Internal IVL E1H(+30dB) E1(+30dB) --> F1(+360dB) E1(+30dB)
L (1) L (2)
Internal IVR C6H(+20dB) E1(+30dB) --> F1(+360dB) C6H(+20dB)

Figure 37. IVOL value during ALC operation

(1) The IVL value becomes theast value if the IVL and IVR are differemthen the ALC starts. The wait time from
ALC bit = “1” to ALC operation start by IVL7-0 bits is at most recovery time (WTM2-0 bits) plus zerocross timeout

period (ZTM1-0 bits).

(2) Writing to IVL and IVR registers (09H and OCH) is ignomhating ALC operation. After ALC is disabled, the IVOL
changes to the last written data by zenassing or timeout. When ALC is enabled again, ALC bit should be set to “1”

by an interval more than zero crasgitimeout period after ALC bit = “0”.

MS0605-E-00
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W De-emphasis Filter

[AK4645EZ]

The AK4645 includes the digitale-emphasis filter (tc = 50/iS) by IIR filter. Setting the DEM1-0 bits enables the

de-emphasis filterTable 37).

W Bass Boost Function

DEM1 DEMO Mode
0 0 44.1kHz
0 1 OFF
1 0 48kHz
1 1 32kHz

Default

Table 37. De-emphasis Control

The BST1-0 bits control the amount of low frequency boost applied to the DAC output Siginial 88). If the BST1-0
bits are setto “01” (MIN Level), use agdi capacitor for AC-coupling. If the boosdtsignal exceeds full scale, the analog
output clips to the full scal&igure 38 shows the boost frequency response at —20dB signal input.

Level [dB]

Boost Filter (fs=44.1kHz)

10 100 1000 10000
Frequency [HZ]
Figure 38. Bass Boost Frequency Response (fs=44.1kHz)
BST1 BSTO Mode
0 0 OFF Default
0 1 MIN
1 0 MID
1 1 MAX
Table 38. Bass Boost Control
MS0605-E-00 2007/06
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W Digital Output Volume

The AK4645 has a digital output volume (256 levels, 0.5dB step, Mute). The volume can be set by the DVL7-0 and
DVR7-0 bits. The volume is included in front of a DAC block. The input data of DAC is changed from +12 to —115dB or
MUTE. When the DVOLC bit =“1", the DVL7-0 bits contrboth Lch and Rch attenuation levels. When the DVOLC bit
="0", the DVL7-0 bits control Lch level and DVR7-0 bits cmitRch level. This volume has a soft transition function.

[AK4645EZ]

The DVTM bit sets the transition time between set values of DVL/R7-0 bits as either 1061/fs ori2884<10). When

DVTM bit = “0”, a soft transition between the set valwesurs (1062 levels). It takes 1061/fs (=24ms@fs=44.1kHz)

from 00H (+12dB) to FFH (MUTE).

DVL/R7-0 Gain Step
OOH +12.0dB
01H +11.5dB
02H +11.0dB
18H 0dB 0.5dB Default
FDH -114.5dB
FEH -115.0dB
FFH MUTE (—)
Table 39. Digital Volume Code Table
DVTM bit Transitipn time between DVL/R7-0 bits = 00H and FF}
Setting fs=8kHz fs=44.1kHz
0 1061/fs 133ms 24ms
1 256/fs 32ms 6ms

MS0605-E-00

Table 40. Transition Time Setting of Digital Output Volume
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W Soft Mute

Soft mute operation is performed in the digital domain. When the SMUTE bit goes to “1”, the output signal is attenuated
by —0 (“0”) during the cycle set by the DVTM bit. When the SMUTE bit is returned to “0”, the mute is cancelled and the
output attenuation gradually changes to the value set lIB\MhéR7-0 bits during the cycle set of the DVTM bit. If the

soft mute is cancelled within the cycle set by the DVTM bit after starting the operation, the attenuation is discontinued and
returned to the value set by the DVL/R7-0 bits. The soft mute is effective for changing the signal source without stopping

the signal transmissioffrigure 39).

SMUTE bit

DVTM bit DVTM bit
4>

(1)
3

DVL/R7-0 bits

Attenuation

- v
: 2

Analog Output \/~

Figure 39. Soft Mute Function

(1) The output signal is attenuated urtib (“0”) by the cycle set by the DVTM bit.

(2) Analog output corresponding to digital input has the group delay (GD).
(3) If the soft mute is cancelled within the cycle set by the DVTM bit, the attenuation is discounted and returned to the

value set by the DVL/R7-0 bits.

MS0605-E-00 2007/06
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W Analog Mixing: Stereo Input (LIN2/RIN2/LIN  4/RIN4, AIN3 bit = “1": LIN3/RIN3 pins)

When PMAINL2=PMAINR?2 bits = “1", LIN2 and RIN2 pins can be used as stereo line input for analog mixing. When
the LINH2 and RINH2 bits are set to “1”, the input signal from the LIN2/RINZ2 pins is output to Headphone-Amp. When
the LINL2/RINR2 bits are set to “1”, the input signal from the LIN2/RIN2 pins is output to the stereo line output
amplifier.

When PMAINL4=PMAINRA4 bits = “1”, LIN4 and RIN4 pins can be used as stereo line input for analog mixing. When
the LINH4 and RINH4 bits are set to “1”, the input signal from the LIN4/RIN4 pins is output to Headphone-Amp. When
the LINL4/RINR4 bits are set to “1”, the input signal from the LIN4/RIN4 pins is output to the stereo line output
amplifier.

When the analog mixing is used, A/D converter is also available if PMADL or PMADR bit is “1”. In this case, the input
resistance of LIN2/RIN2/LIN4/RIN4 pins becomes 8Diyp) at MGAIN1-0 bits = “00” and 2aR (typ) at MGAIN1-0
bits = “01”, “10” or “11”", respectively.

When AIN3 bit = “1”, MIN and VCOC pins becomes LINS\d RIN3 pins, respectively. In this case, PLL is not
available. When PMAINL3=PMAINR3 bits = “1", LIN3 and RIN3 pins can be used as stereo line input for analog
mixing. When PMMICL=PMMICR=MICL3=MICR3 bits = “1", analog mixing source is changed from LIN3/RIN3 iput
to MIC-Amp output signal. When the LINH3 and RINH3 bits are set to “1”, the input signal from the LIN3/RIN3 pins is
output to Headphone-Amp. When the LINL3/RINRS3 bits are set to “1”, the input signal from the LIN3/RIN3 pins is
output to the stereo line output amplifier.

When the analog mixing is used, A/D converter is also available if PMADL or PMADR bit is “1”. When the analog
mixing is used at MICL3=MICR3 bits = “0”, the input resistance of LIN3/RIN3 pins becom&3 @9g) at MGAIN1-0

bits = “00” and 20k (typ) at MGAIN1-0 bits = “01”, “10” or “11”, respectively. When the analog mixing is used at
MICL3=MICR3 bits = “1", the input resistance of LIN3/RIN3 pins becomesBQiyp) at MGAIN1-0 bits = “00” and

30k (typ) at MGAIN1-0 bits = “01”, “10” or “11”, respectively.

Table 41,Table 42 and’able 43 show the typical gain.

LINLINL- pin - )
RIN1/IN1+ pin ()

AK4645
INL1-0 bits

p——» ADC Lch

MDIF1 bit MIC-Amp

INR1-0 bits

» ADC Rch

RIN2/IN2- pin ()
LIN2/IN2+ pin - ()

MDIF2 bit MIC-Amp
These blocks are not

MIN/LIN3 pin D) available at PLL mode.
VCOC/RIN3 pin(_) /
N D T
; 3 -
! Om o m,
LIN4/IN4+ pin 1 E a 5 :
RIN4/IN4-pin () E = = i
3 3 3 =¥ B 5
< < N N ™ o !
= @ | o ] '
Z P z Z. z z
= = = =i = s
o a o o o a

Lineout, HP-Amp

Figure 40. Analog Mixing Circuit (Stereo Input)
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PMAINL2 bit
PMAINR2 bit
LINL2/RINR2 /
LOUT/LOP pin,
LIN2/RINZ © » ROUTILON pin
LINH2/RINH2
G P HPL, HPR pins
Figure 41. Analog Mixing Circuit (LIN2/RIN2)
PMAINL4 bit
PMAINR4 bit
LINL4/RINR4 /
LOUT/LOP pin,
LIN4/RIN4 © » ROUTILON pin
LINH4/RINH4
G P HPL, HPR pins
Figure 42. Analog Mixing Circuit (LIN4/RIN4)
PMAINLS3 bit
PMAINRS3 bit
LINL3/RINR3 /
LOUT/LOP pin,
LINS/RINS © » ROUTILON pin
LINH3/RINH3
Q P HPL, HPR pins
Figure 43. Analog Mixing Circuit (LIN3/RIN3: PLL is not available.)
LOVL bit LIN2/RIN2/LIN3/RIN3/LIN4/RIN4
- LOUT/ROUT
0 0dB Default
1 +2dB
Table 41. LIN2/RIN2/LIN3/RIN3/LIN4/RIN4 Input> LOUT/ROUT Output Gain (typ)
LOVL bit LIN2/RIN2/LIN3/RIN3/LIN4/RIN4
- LOP/LON
0 0dB Default
1 +2dB
Table 42. LIN2/RIN2/LIN3/RIN3/LIN4/RIN4 Input> LOP/LON Output Gain (typ)
HPG bit LIN2/RIN2/LIN3/RIN3/LIN4/RIN4
- HPL/HPR
0 0dB Default
1 +3.6dB
Table 43. LIN2/RIN2/LIN3/RIN3/LIN4/RIN4 Input> Headphone-Amp Output Gain (typ)
MS0605-E-00 2007/06
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W Analog Mixing: Full-differentical M ono Input (L4DIF bit = “1": IN4+/IN4 — pins)

When L4DIF bit = “1”, LIN4 and RIN4 pins becomes IN4+ and H\zins, respectively.

When PMAINL4 bit = “1”, IN4+ and IN4 pins can be used as full-differentinal mono line input for analog mixing.
When the LINH4 and RINH4 bits are set to “1”, the input signal from the IN4+/[Nds is output to Headphone-Amp.

When the LINL4/RINRA4 bits are set to “1”, the input signal from the IN4+AIg#hs is output to the stereo line output
amplifier.

Table 44, Table 45 and’able 46 show the typical gain. Inmignal amplitude is defined as (IN4+)IN4-).

AK4645
MIC-Amp Lch

v

/

LIN4/IN4+ pin

LADIF bit PMAINL4 bit

» MIC-Amp Rch

RIN4/IN4- pin

PMAINRA4 bit

v
Lineout, HP-Amp

Figure 44. Full-differential Mono Analog Mixing Circuit

LOVL bit IN4+/IN4— = LOUT/ROUT
0 —6dB Default
1 -4dB

Table 44. IN4+/IN4 Input-> LOUT/ROUT Output Gain (typ)

LOVL bit IN4+/IN4— > LOP/LON
0 0dB Default
1 +2dB
Table 45. IN4+/IN4 Input-> LOP/LON Output Gain (typ)
HPG bit IN4+/IN4— > HPL/HPR
0 -6dB Default
1 —2.4dB

Table 46. IN4+/IN4 Input> Headphone-Amp Output Gain (typ)

MS0605-E-00 2007/06
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B Analog Mixing: Mono Input (AIN3 bit = “0”: MIN pin)

When AIN3 bit = “0”, MIN pin is used as mono input for analog mixing. When the PMMIN bit is set to “1”, the mono
input is powered-up. When the MINH bit is set to “1”, the input signal from the MIN pin is output to Headphone-Amp.

[AK4645EZ]

When the MINL bit is set to “1”, the input signal from the MIN pin is output to the stereo line output amplifger.
external resister Ri adjusts the signal level of MIN infpable 47 ,Table 48 andable 49 show the typical gain example

at R = 20kQ. This gain is in inverse proportion t9.R

MS0605-E-00

MIN

N MINL
= W—L o > LOUT/LOP pin,
ROUT/LON pin
MINH
O— HPL, HPR pin
Figure 7. Block Diagram of MIN pin
LOVL bit MIN > LOUT/ROUT
0 0dB Default
1 +2dB

Table 47. MIN Input> LOUT/ROUT Output Gain (typ) at;R 20k

Default

LOVL bit MIN = LOP/LON
0 +6dB
1 +8dB

Table 48. MIN Inpu

t2 LOP/LON Output Gain (typ) at;R 20k

Default

HPG bit MIN > HPL/HPR
0 —20dB
1 -16.4dB

Table 49. MIN Input> Headphone-Amp Output Gain (typ) at=R20kQ

-55-
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W Stereo Line Output (LOUT/ROUT pins)

When DACL bit is “1”, Lch/Rch signal of DAC is output from the LOUT/ROUT pins which is single-ended. When
DACL bit is “0”, output signal is muted and LOUT/ROUT pins output VCOM voltage. The load impedanceQs 10k
(min.). When the PMLO=LOPS bits = “0", the stereo line output enters power-down mode and the output is pulled-down
to AVSS by 100KR(typ). When the LOPS bit is "1 stereo line output enters power-save mode. Pop noise at
power-up/down can be reduced by changing PMLO bit at LOPS hit = “1". In this case, output signal line should be
pulled-down to AVSS by 2@R after AC coupled ad-igure 46. Rise/Fall time is 300ms(max) at @Eland
AVDD=3.3V. When PMLO bit = “1" and LOPS bit = “0”, stereo line output is in normal operation.

LOVL bit set the gain of stereo line output.
When LOM bit = “1", DAC output signal is output to LOUT and ROUT pins as (L+R)/2 mono signal.

When LOM3 bit = “1”, the signal selected by MICL3 and MICR3 bits (LIN3/RIN3 inputs or MIC-Amp outputs) to
LOUT and ROUT pins as (L+R)/2 mono signal.

“DACL” “LOVL”
1
-0 o P‘ » LOUT pin
DAC ! :
' ; P( B ROUT pin
1

Figure 45. Stereo Line Output

LOPS PMLO Mode LOUT/ROUPIn
0 0 Power-down Pull-down to AVSS Default
1 Normal Operation Normal Operation
1 0 Power-save Fall down to AVSS
1 Power-save Rise up to VCOM

Table 50. Stereo Line Output Mode Select (x: Don't care)

LOVL Gain Output Voltage (typ)
0 0dB 0.6 X AVDD Default
1 +2dB 0.757 x AVDD

Table 51. Stereo Line Output Volume Setting

C
=
\/

20kQ

Figure 46. External Circuit for Stereo Line Output (in case of using Pop Reduction Circuit)
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<Stereo Line Output Control Sequence (in case of using Pop Reduction Circuit)>

(2) 5)
PMLO bit
(1) (3) (4) (6)
LOPS bit I |
LOUT, ROUT pins Normal Output J
T e T > T 00T T e
> 300 ms > 300 ms

Figure 47. Stereo Line Output Control Sequence (in case of using Pop Reduction Circuit)

(1) Set LOPS bit = “1". Stereo line quit enters the power-save mode.

(2) Set PMLO bit = “1". Stereo line output exits the power-down mode.
LOUT and ROUT pins rise up to VCOM voltage. Rise time is 200ms (max 300ms) aF@ndl
AVDD=3.3V.

(3) Set LOPS bit = “0” after LOUT and ROUT pins rise up. Stereo line output exits the power-save mode.
Stereo line output is enabled.

(4) Set LOPS bit = “1”. Stereo lineutput enters power-save mode.

(5) Set PMLO bit = “0". Stereo line output enters power-down mode.
LOUT and ROUT pins fall down to AVSS. Fall time is 200ms (max 300ms) atEahd AVDD=3.3V.

(6) Set LOPS bit = “0” after LOUT and ROUT pins fall down. Stereo line output exits the power-save mode.

MS0605-E-00 2007/06
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<Analog Mixing Circuit for Stereo Line Output>

When AIN3 bit = “0”, DACL, MINL, LINL2, RINR2, LINL4 and RINR4 bits controls each path switch.
MIN path mixing gain is 0dB(typ) @LOVL bit = “0” when the external input resistance i©20k
LIN2, RIN2, LIN4, RIN4 and DAC pathes mixing gain is 0dB(typ)@LOVL bit = “0".

MS0605-E-00

LIN2 pin

LIN4 pin

MIN pin

RIN2 pin

RIN4 pin

MIN pin

LINL2 bit
odB oo
LINL4 bit
0dB o o
MINL bit
0dB oo
DACL bit
DAC Lch 0dB oo
Figure 48. LOUT Mixing Circuit (AIN3 bit = “0”, LOVL bit = “0")
RINR2 bit
0dB oo
RINR4 bit
0dB o o
MINL bit
odB oo
DACL bit
DAC Rch 0dB oo

Figure 49. ROUT Mixing Circuit (AIN3 bit = “0”, LOVL bit = “0")

—» LOUT pin

—» ROUT pin
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When AIN3 bit = “1”, DACL, LINL2, RINR2, LINL3, RINR3, LINL4, RINR4, MICL3 and MICRS bits controls each
path switch.
All pathes mixing gain is 0dB(typ)@LOVL bit = “0".

LINL2 bit
LIN2 pin ° odB o o
LINL4 bit
LIN4 pin —@ 0dB oo
T T MICL3bit T LINL3 bit | M
LIN3 pin 8 - 0dB oo | |—® LOUT pin

i ] : b ox
: *These blocks are not !
'LIN1 pin - ———— MIC-Amp Lch available at PLL mode. !

DACL bit
DAC Lch 0dB oo

Figure 50. LOUT Mixing Circuit (AIN3 bit = “1”, LOVL bit = “0")

RINR2 bit
RIN2 pin ° odB o o
RINR4 bit
RIN4 pin —@ 0dB oo
T TTTTTTTTUMICR3 bt T RINRS bit | M
RINS3 pin 8 - 0dB oo | % ROUT pin

L] E «
> *These blocks are not !
RIN1 pin ———— MIC-Amp Rch available at PLL mode. !

DACL bit
DAC Rch 0dB oo

Figure 51. ROUT Mixing Circuit (AIN3 bit = “1", LOVL bit = “0”)
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W Full-differential Mono Line

Output (LOP/LON pins)

[AK4645EZ]

When LODIF bit = “1", LOUT/ROUT pins become LOP/LON pins, respectively. Lch/Rch signal of DAC or
LIN2/RIN2/LIN3/RIN3/LIN4/RIN4 is output from the LOP/LON pins which is full-differential as (L+R)/2 signal. The

load impedance is 10k (min) for LOP and LON pins, respectively. When the PMLO bit = “0”, the mono line output
enters power-down mode and the output is Hi-Z. When the PMLO bit is “1” and LOPS bit is “1”, mono line output enters
power-save mode. Pop noise at power-up/down can be reduced by changing PMLO bit at LOPS bit = “0”. When PMLO
bit = “1” and LOPS bit = “0”, mono line output enters in normal operation. LOVL bit set the gain of mono line output.

When L4DIF=LODIF bits = “1”, full-differential output signal is as follows: (LOPJLON) = (IN4+)— (IN4-).

Default

“DACL” “LOVL”
fmm———-
1
o o+— LOP pin
DAC 1 :
1 .
—:—0/ o P LON pin
Ve 1
Figure 52. Mono Line Output
PMLO LOPS Mode LOP LON
0 X Power-down Hi-Z Hi-Z
1 1 Power-save Hi-Z VCOM/2
0 Normal Operation Normal Operatian  Normal Operatjon
Table 52. Mono Lin®utput Mode Setting (x: Don’t care)
LOVL Gain Output Voltage (typ)
0 +6dB 1.2 x AVDD Default
1 +8dB 1.5 x AVDD
Table 53. Mono Line Oput Volume Setting
PMLO bit \ /v
LOPS bit \a

LOP pin =

LON pin

MS0605-E-00
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L
N

<
(@]
o
<
<
(@)
o
<
S\

Figure 53. Power-up/Power-down Timing for Mono Line Output
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<Analog Mixing Circuit for Mono Line Output>

[AK4645EZ]

When AIN3 bit = “0”, DACL, MINL, LINL2, RINR2, LINL4 and RINR4 bits controls each path switch.
MIN path mixing gain is +6dB(typ) @LOVL bit = “0” when the external input resistance 20k
LIN2, RIN2, LIN4, RIN4 and DAC pathes mixing gain is 0dB(typ)@LOVL bit = “0".

LINL2 bit
LIN2 pin 0dB oo
RINR2 bit
RIN2 pin 0dB oo
LINL4 bit
LINA pin 0dB oo y
RINRA B | LOPIN pin
RIN4 pin 0dB oo
X
MINL bit
MIN pin +6dB oo
DACL bit
DAC Lch 0dB oo
DACL bit
DAC Rch 0dB oo

Figure 54. Mono Line Output Mixing Circuit (AIN3 bit = “0”, LOVL bit = “0”)

When AIN3 bit = “1", DACL, LINL2, RINR2, LINL3, RINR3, LINL4, RINR4, MICL3 and MICR3 bits controls each

path switch.

All pathes mixing gain is 0dB(typ)@LOVL bit = “0".

LIN2 pin

LIN4 pin 7
LIN3 pin

: MIC-Amp Lch

LINL2 bit
° 0dB oo
LINL4 bit
0dB oo
TTTTTTTTTTTTTTYY MICL3 bit 7 LINL3 bit |
0dB oo

*These blocks are not

LIN1 pin ——— available at PLL mode.
RINR2 bit
RIN2 pin ? 0dB oo M
RINR4 bit | —» LOP/N pin
RIN4 pin 0dB oo «
7 CTTTTTTTTTTTUMICRE B T T T T T T RINRS bt
RIN3 pin 0dB O/O

: MIC-Amp Rch

*These blocks are not
available at PLL mode.

DACL bit

DAC Lch 0dB o o
DACL bit

DAC Rch 0dB e

Figure 55. Mono Line Output Mixing Circuit (AIN3 bit = “1”, LOVL bit = “0")
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W Headphone Output

Power supply voltage for the Headphone-Amp is supplied from the HVDD pin and centered on the HVDD/2 voltage at
VBAT bit = “0". The load resistance is ©6(min). HPG bit selects the output voltagalfle 54).

When HPM bit = “1”, DAC output signal is output to HPL and HPR pins as (L+R)/2 mono signal.

When HPM3 bit = “1”, the signal selected by MICL3 and MICR3 bits (LIN3/RIN3 inputs or MIC-Amp outputs) to HPL
and HPR pins as (L+R)/2 mono signal.

HPG bit 0 1
Output Voltage [Vpp] 0.6 x AVDD 0.91 x AVDD
Table 54. Headphone-Amp Output Voltage

When the HPMTN bit is “0”, the common voltage of Headphone-Amp falls and the outputs (HPL and HPR pins) go to
“L” (HVSS). When the HPMTN bit is “1, the common voltage rises to HYDD/2\ABAT bit = “0”. A capacitor between

the MUTET pin and ground reduces pop na@spower-up. Rise/Fall time constastn proportional to HVYDD voltage

and the capacitor at MUTET pin.

[Example]: A capacitor between the MUTET pin and ground gA,.861VDD=3.3V:
Rise/fall time constant: = 100ms(typ), 250ms(max)
Time until the common goes to HVSS when HPMTN bit = “¢™0": 500ms(max)

When PMHPL and PMHPR bits are “0”, the Headphone-Amp is powered-down, and the outputs (HPL and HPR pins) go
to “L” (HVSS).

PMHPL bit,
PMHPR bit

HPMTN bit

HPL pin,
HPR pin

5

—~
[l

~

~

N ~===-X~~"~"~—~
~

®3) (4)
Figure 56. Power-up/Power-down Timing for Headphone-Amp

(1) Headphone-Amp power-up (PMHPL, PMHPR$“1"). The outputs are still HVSS.

(2) Headphone-Amp common voltage rises up (HPMTN bit = “1"). Common voltage of Headphone-Amp is rising.

(3)Headphone-Amp common voltage falls down (HPMTN Bi035. Common voltage of Headphone-Amp is falling.

(4) Headphone-Amp power-down (PMHPL, PMHPR bit = “0”). The outputs are HVSS. If the power supply is switched
off or Headphone-Amp is powered-down before the common voltage goes to HVSS, some POP noise occurs.

<External Circuit of Headphone-Amp >

When BOOST=0FF, the cut-off frequency (fc) of Headphone-Aepends on the external resistor and capacitor. This
fc can be shifted to lower fregoey by using bass boost functidrable 55 shows the cut off frequency and the output
power for various resistor/capacitor combinations. The headphone impedascEdR. Output powers are shown at
HVDD = 3.0, 3.3 and 5.0V. The output voltage of headphone is 0.6 x AVDD (Vpp) @HPG bit = “0” and 0.91 x AVDD
(Vpp) @HPG bit = “1".

When an external resistor R is smaller tha®,1put an oscillation prevention circuit (0iZ2:20% capacitor and
10Q+20% resistor) because it has the puitist that Headphone-Amp oscillates.

MS0605-E-00 2007/06
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HP-AMP| = ~ R  ioommooooooe \
| c R Headphone

r
| L

AK4645

160 !

10Q Lo

Figure 57. External Circuit Example of Headphone

fc [Hz] fc [Hz] Output Power [MW]@O0dBFS
HPG bit | R[Q] C [uF] B:OO?:?:T B:?A?ST HvDD=3.0V | HVDD=3.3V | HVDD=5V
@fs=44.1kHz AVDD=3.0V | AvDD=3.3V | AVDD=3.3V
0 220 45 17 25.3 30.6 30.6
100 100 43
100 70 28
0 . . . .
6.8 47 149 -8 12.5 15.1 15.1
100 50 19
16 47 106 47 6.3 7.7 7.7
0 220 45 17 51 62 70
1 100 100 43 (Note 42) (Note 42)
22 62 25
100 10 137 59 11 1.3 1.3

Table 55. External Circuit Example
Note 41. Output power at O6load.
Note 42. Output signal is clipped.

<Headphone-Amp PSRR>

When HVDD is directly supplied from the battery in the mobile phone system, RF noise may influences headphone
output performance. When VBAT bit is set to “1”, HP-Amp PSRR for the noise applied to HVDD is improved. In this
case, HP-Amp common voltage is 0.64 x AVDD (typ). When AVDD is 3.3V, common voltage is 2.1V. Therefore, when
HVDD voltage becomes lower than 4.2Vetbutput signal will be clipped easily.

VBAT bit 0 1
Common Voltage [V] 0.5 x HYDD 0.64 x AVDD
Table 56. HP-Amp Common Voltage

<Wired OR with External Headphone-Amp>

When PMVCM=PMHPL=PMHPR bits = “0” and HPZ bit = “1", HP-Amp is powered-down and HPL/R pins are
pulled-down to HVSS by 20@k (typ). In this setting, it is available to connect HP-Amp of AK4645 and external single
supply HP-Amp by “wired OR”. In this mode, power supply current {s&Z6/p).

PMVCM PMHPL/R HPMTN HPZ Mode HPL/RIns
X 0 X 0 Power-down& Mute HVSS Default
0 0 X 1 Power-down Pull-down by 200k
1 1 0 X Mute HVSS
1 1 1 X Normal Operation Normal Operatiop

Table 57. HP-Amp Mode Setting (x: Don't care)

MS0605-E-00 2007/06
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<Analog Mixing Circuit for Headphone Output>

When AIN3 bit = “0”, DACH, MINH, LINH2, RINH2, LNH4 and RINH4 bits controls each path switch.
MIN path mixing gain is-20dB(typ) @HPG bit = “0” when the external input resistance i€20k
LIN2, RIN2, LIN4, RIN4 and DAC pathes mixing gain is 0dB(typ)@HPG bit = “0".

MS0605-E-00

AK4645

HPL pin

HPR pin

Another
HP-Amp

LIN2 pin

LIN4 pin

MIN pin

RIN2 pin

RIN4 pin

MIN pin

LINH2 bit
0dB o o
LINH4 bit
0dB o o
MINH bit
_20dB o o
DACH bit
DAC Lch 0dB o o
Figure 59. HPL Mixing Circuit (AIN3 bit = “0”, HPG bit = “0”)
RINH2 bit
0dB oo
RINH4 bit
0dB o o
MINH bit
—20dB o o
DACH bit
DAC Rch 0dB o o

Figure 60. HPR Mixing Circuit (AIN3 bit = “0”, HPG bit = “0”)

Figure 58. Wired OR with External HP-Amp

—» HPL pin

—» HPR pin
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When AIN3 bit = “1", DACH, LINH2, RINH2, LINH3, RINH3 LINH4, RINH4, MICL3 and MICRS3 bits controls each
path switch.
All pathes mixing gain is 0dB(typ) @HPG bit = “0".

LINH2 bit
LIN2 pin ° odB o o
LINH4 bit
LIN4 pin —@ 0dB oo
T T MICL3bit [ \NH3 bit . M
LIN3 pin SR - 0dB oo | % HPLpin

i ] : bl ox
: *These blocks are not !
'LIN1 pin - ——— MIC-Amp Lch available at PLL mode. !

DACH bit
DAC Lch 0dB oo

Figure 61. HPL Mixing Circuit (AIN3 bit = “1”, HPG bit = “0”)

RINH2 bit
RIN2 pin ° odB o o
RINH4 bit
RIN4 pin —@ 0dB oo
T TTTTTTTUMICR3 bt T RINHS bit | M
RIN3 pin SR - 0dB oo | % HPRpin

L] E «
> *These blocks are not !
RIN1 pin ——— MIC-Amp Rch available at PLL mode. !

DACH bit
DAC Rch 0dB oo

Figure 62. HPR Mixing Circuit (AIN3 bit = “1”, HPG bit = “0”)
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W Serial Control Interface

(1) 3-wire Serial Control Mode (12C pin = “L")

Internal registers may be written bymgithe 3-wire pP interface pins (CSN, GCand CDTI). The data on this interface
consists of a 1-bit Chip address (Fixed to “1”), Read/Write (Fixed to “1"), Register address (MSB first, 6bits) and Control
data (MSB first, 8bits). Each bit is clocked in on the rising ed$/8 ¢f CCLK. Address and data are latched on the 16th
CCLK rising edge (1) after CSN falling edge(”). CSN should be set to “H” once after 16 CCLKs for each address.
Clock speed of CCLK is 5MHz (max). The value of internal registers are initialized by PDN pin = “L".

CSN A

10 11 12 13 14 15

et o | LA LLF AL TSI 1F 1S Toomror

CDTI “Hor*“L" |c1 |A5 |RNV| A4|A3|A2|A1 |AO|D7|D6 |D5 |D4 |D3|D2|D1 |DO| “H” or “L"
R Tl
Cl: Chip Address; Fixed to “1”

R/W: READ/WRITE (“1": WRITE, “0": READ); Fixed to “1”
A5-AQ0: Register Address
D7-D0O: Control data

Figure 63. Serial Control I/F Timing
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(2) 1’C-bus Control Mode (12C pin = “H")
The AK4645 supports the fast-mod€4bus (max: 400kHz). Pull-up resistors at SDA and SCL pins should be connected
to (TVDD+0.3)V or less voltage.

(2)-1. WRITE Operations

Figure 64 shows the data transfer sequence fof@bus mode. All commands areepeded by a START condition. A

HIGH to LOW transition on the SDA line while SCL is HIGH indicates a START condifiagute 70). After the

START condition, a slave address is sent. This address isl@rmtfollowed by the eighth bit that is a data direction bit
(R/W). The most significant six bits of the slave addresfixad as “001001". The next bitis CADO (device address bit).

This bit identifies the specific device on the bus. The hard-wired input pin (CADO pin) sets these device address bits
(Figure 65). If the slave address matches that of the AK4BdFK4645 generates an acknowledge and the operation is
executed. The master must generate the acknowledgedrelatk pulse and release the SDA line (HIGH) during the
acknowledge clock pulséigure 71). A R/W bit value of “1” indicates théte read operation is to be executed. A “0”
indicates that the write operation is to be executed.

The second byte consists of the control register address of the AK4645. The format is MSB first, and those most
significant 2-bits are fixed to zeroBigure 66). The data after the second byte contains control data. The format is MSB
first, 8bits Figure 67). The AK4645 generates an acknowledge afterlggehhas been received. A data transfer is
always terminated by a STOP condition generated by the master. A LOW to HIGH transition on the SDA line while SCL
is HIGH defines a STOP conditioRigure 70).

The AK4645 can perform more than one byte write opmngier sequence. After receiving the third byte the AK4645
generates an acknowledge and awaits the next data. The caastiemsmit more than one byte instead of terminating the
write cycle after the first data byte is transferred. After receiving each data packetrtied Bvieit address counter is
incremented by one, and the next dataligomatically taken into the next adds. If the address exceeds 24H prior to
generating a stop condition, the addremsnter will “roll over” to 00H and th previous data will be overwritten.

The data on the SDA line must remain stable during the HIGH period of the clock. The HIGH or LOW state of the data
line can only change when the dkagignal on the SCL line is LOWF{gure 72) 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 64. Data Transfer Sequence at {BeBus Mode
0 0 1 0 0 1 CADO| R/
(Those CAD1/0 should match with CAD1/0 pins)
Figure 65. The First Byte
0 0 A5 A4 A3 A2 Al A0
Figure 66. The Second Byte
D7 D6 D5 D4 D3 D2 D1 DO
Figure 67. 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 AK4645. After transmission of data, the master can read the next
address’s data by generating an ackndgéeinstead of terminating the writecty after receiving the first data word.

After receiving each data packet the intd 6-bit address counter is incrented by one, and the next data is
automatically taken into the next address. If the addresseds 24H prior to generating a stop condition, the address
counter will “roll over” to OOH andhe data of OOH will be read out.

The AK4645 supports two basic read operati@sRRENT ADDRESS READ and RANDOM ADDRESS READ.

(2)-2-1. CURRENT ADDRESS READ

The AK4645 contains an internal addressinter that maintains the addresshef last 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 receiving the davess with R/W bit set td”, the AK4645 generates an
acknowledge, transmits 1-byte of data to the address set by the internal address counter and increments the internal
address counter by 1. If the master doeisgenerate an acknowledge to the daiainstead generates a stop condition,

the AK4645 ceases transmission.

S
T S
A R/W="1" T
R (e}
T P
Sl
SDA |s Ac?c\llrzss Data(n) Data(n+1) Data(n+2) ( W Data(n+x) H
A A A A A A
Cc Cc C C C C
K K K K K K

Figure 68. CURRENT ADDRESS READ

(2)-2-2. RANDOM ADDRESS READ

The random read operation allows the master to access anyyrlenadion at random. Prior iesuing the slave address
with the R/W bit set to “1”, the master must first perfarfdummy” write operation. The master issues a start request, a
slave address (R/W bit = “0") and then the register addrasath After the register address is acknowledged, the master
immediately reissues the start request and the slave additesise R/W bit set to “1”. The AK4645 then generates an
acknowledge, 1 byte of data and increments the internal address counter by 1. If the master does not generate an
acknowledge to the data but instead geneettep condition, the AK4645 ceases transmission.

S S
T T S
A R/W="0" A R/W="1" (;
R R
T $ T # P
SDA |s ildac;/;ss iggress(n) S i::?t;/riss Data(n) Data(n+1) ( 1 Data(n+x) H
A A A A A A A
C C C C Cc Cc C
K K K K K K K
Figure 69. RANDOM ADDRESS READ
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start condition stop condition

Figure 70. START and STOP Conditions

[ X XX/

DATA i
OUTPUTBY |
TRANSMITTER !

E : not acknowledge \
DATA T T
OUTPUT BY ' i
RECEIVER b
i E acknowledge
SCL FROM b )
MASTER ! ' 1 8 9
s t
______ clock pulse for
START acknowledgement
CONDITION
Figure 71. Acknowledge on th&d-Bus
| | |
f f f --
i i i
> / ’ ’ >< ’ \
| | | -
i i i
] ] |
] ] |
| | |
| | |
] ] |
] ] | -——
| | |
| | |
SCL i i i
} 4 }
] ] |
i i i
data line change
stable; of data
data valid allowed
Figure 72. Bit Transfer on théa-Bus
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[AK4645EZ]

Addr | RegisteName D7 | D6 | D5 | D4 | D3 D2 | D1 . DO
00H | Power Management 1 0 : PMVCM | PMMIN | 0 . PMLO | PMDAC | 0 . PMADL
01H | Power Management 2 HPZ! MPN | PMHPL | PMHPR: M/S | 0 | MCKO: PMPLL
02H | Signal Select 1 0 | 0 | 0 | DACLI 0 | PMMP 0 | MGAINO
03H | Signal Select 2 LOVL | LOPS; MGAIN1 | 0 : 0 i MINL | 0 : 0
04H | Mode Control 1 PLL3! PLL2] PLL1! PLLO! BCKO 0 ! DIF1! DIFO
05H | Mode Control2 PS1 ! PSO ! FS3 | MSBS BCKF FS2! FS1 FS
06H | Timer Select DVIM! WTM2: ZTM1: ZTMO: WTM1! WTMO! RFST1  RFST(
07H | ALC Mode Control 1 0 | 0 ' ALC ! ZELMN LMAT1! LMATO! RGAINO. LMTHO
08H | ALC Mode Control 2 REF7! REF6! REF5 | REF4 | REF3. REF2! REF1! REF(
09H | Lch Input Volume Control | IVL7 IVL6 : IVL5 VL4 IVL3 : IVL2 :IVL1 : IVLO
0AH | Lch Digital Volume Control]l DVL7 | DVL6 | DVL5 | DVL4 | DVL3 | DVL2 : DVL1 : DVLO
0BH | ALC Mode Control 3 RGAINL LMTH1: 0 | 0 ! 0 ! 0 | VBAT! 0
0CH | RchinputVolume Control IVR7 | IVR6 | IVR5 ! IVR4 | IVR3 | IVR2 | IVRlL | IVRO
ODH | RchDigital VolumeControl| DVR7 | DVR6 | DVR5: DVR4 ! DVR3! DVR2! DVR1! DVRO
0EH | Mode Control 3 0O ! LOOP: SWWE : DVOLC ! BST1 ! BSTO ! DEM1: DEMO
OFH | Mode Control 4 0 | 0 0 ! 0 | IVOLC HPM: MINH! DACH
10H | Power Management 3 INR1: INL1: HPG : MDIF2 : MDIFL : INRO : INLO : PMADR
11H | Digital Filter Select GN1 : GNO ! 0 ! FILL | EQ ! FIL3! 0 ! 0
12H | FIL3Co-efficient0 F3A7 | F3A6 | F3A5 | F3A4: F3A3. F3A2! F3AL! F3A0
13H | FIL3 Co-efficient 1 F3AS ! 0 ' F3A13] F3A12 F3A11 F3A10 F3A9 F3AB
14H | FIL3Co-efficient2 F3B7 | F3B6 . F3B5: F3B4. F3B3! F3B2! F3B1 F3B§
15H | FIL3 Co-efficient 3 0 | 0 ! F3B13] F3BI12 F3B11 F3B10 F3B9 F3Hs
16H | EQ Co-efficient 0 EQA7! EQA6. @A5 | EQA4 | EQA3 ! EQA2 ! EQALl:@ EQAO
17H | EQ Co-efficient 1 EQA15. EQAL ! EQA13 | EQA12: EQAl1l: EQA10] EQA9: EQA8
18H | EQ Co-efficient 2 EQB7: EQB6! B3 : EQB4 : EQB3 : EQB2: EQBl1: EQBO
19H | EQ Co-efficient 3 0 ! 0 ! EQB13 EQB12 EQBl11 EQBI0 EQE9 EQBS
1AH | EQ Co-efficient 4 EQC7. EQC6: H® : EQC4 . EQC3: EQC2: EQC1L EQC(
1BH | EQ Co-efficient 5 EQC15. EQC14 QE13 : EQCl12. EQC11l: EQCIC EQCY EQC}
1CH | FIL1 Co-efficient0 FIA7 | F1A6 ! F1A5 | F1A4: F1A3: F1A2| F1A1! F1A0
1DH | FIL1 Co-efficient 1 F1AS | 0 | F1A13] F1A12  Fl1All F1A10 F1A9 F1AB
1EH | FIL1Co-efficient2 FIB7 | FI1B6 . F1B5 . F1B4. F1B3! F1B2! F1BT F1B{
1FH | FIL1 Co-efficient 3 0 0 ' F1B13! F1B12 F1B1{ F1B10 F1B9 F1Hs
20H | Power Management 4 PMAINR4 | PMAINL4 : PMAINR3 | PMAINL3 @ PMAINR2 | PMAINL2 | PMMICR | PMMICL
21H | Mode Control 5 0 0 @ MICR3: MICL3: L4DIF: MIX :© AIN3 : LODIF
22H | Lineout Mixing Select LOM : LOM3: RINR4: LINL4: RINR3: LINL3: RINR2: LINL2
23H | HP Mixing Select 0O ' HPM3! RINH4 | LINH4 | RINH3 | LINH3 ' RINH2 | LINH2
24H | Reserved 0 0 0 . 0 0 0 0 0
Note 43. PDN pin = “L" resets the registers to their default values.

Note 44. Unused bits must contain a “0” value.
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W Register Definitions

Addr | RegisteiName D7 | D6 | D5 D4 | D3 D2 | D1 | DO
00H | Power Management 1 0 PMVCM | PMMIN | 0 . PMLO | PMDAC ! 0 . PMADL
Default 0 0 i 0 0 0 0 0 0

PMADL: MIC-Amp Lch and 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 initializing, digital data of the ADC is output.

PMDAC: DAC Power Management
0: Power-down (Default)
1: Power-up

PMLO: Stereo Line Out Power Management
0: Power-down (Default)
1: Power-up

PMMIN: MIN Input Power Management
0: Power-down (Default)
1: Power-up
PMMIN or PMAINL3 bit should be set to “1” for playback.

PMVCM: VCOM Power Management
0: Power-down (Default)
1: Power-up
When any blocks are powered-upe AMVCM bit must be set to “1”. PMVCM bit can be set to “0” only
when all power management bits of 00H, 01H, 02H, 10H, 20H and MCKO bits are “0".

Each block can be powered-down respecyitg writing “0” in each bit of this@dress. When the PDN pin is “L”", all
blocks are powered-down regardless as setting of this address. In this case, register is initialized to the default value.

When all power management bits are “0” in the O0OH, 01H, 02H, 10H and 20H addresses and MCKO bit is “0”, all
blocks are powered-down. The register val@sain unchanged. Power supply current is446/p) in this case. For
fully shut down (typ. tA), 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 | Power Management 2 HPZ: MPN | PMHPL | PMHPR | M/S | 0 ! MCKO : PMPLL
Default 0 | 0 | 0 | 0 | 0 | 0 ! 0 | 0

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

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

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

PMHPR: Headphone-Amp Rch Power Management
0: Power-down (Default)
1: Power-up

PMHPL: Headphone-Amp Lch Power Management
0: Power-down (Default)
1: Power-up

HPMTN: Headphone-Amp Mute Control
0: Mute (Default)
1: Normal operation

HPZ: Headphone-Amp Pull-down Control
0: Shorted to GND (Default)
1: Pulled-down by 20G& (typ)

Addr | Register Name D7 | D6 . D5 . D4 . D3 D2 | D1. DO
02H Signal Select 1 0 0 0 . DACL. 0 ! PMMP: 0 : MGAINO
Default 0O « 0 + 0 & 0 i 0 0 b0 1

MGAIN1-0: MIC-Amp Gain Control Table 23)
MGAINL1 bit is D5 bit of 03H.

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

DACL: Switch Control from DAC to Line Output
0: OFF (Default)
1: ON
When PMLO bit is “1”, DACL bit is enabled. When PMLO bit is “0”, the LOUT/ROUT pins go to AVSS.
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Addr | Register Name D7 ! D6 ! D5 | D4 ! D3 ! D2 | D1 DO

03H | Signal Select 2 LOVL; LOPS; MGAINI | 0 ; 0 L MINL ¢ 0 ; 0
Default O . 0 + O { O 0 ! 0 ., 0 | 0

MINL: Switch Control from MIN pin to Stereo Line Output
0: OFF (Default)
1: ON
When PMLO bit is “1”, MINL bit is enabled. When PMLO bit is “0”, the LOUT/ROUT pins go to AVSS.

MGAIN1: MIC-Amp Gain Control Table 23)

LOPS: Stereo Line Qput Power-Save Mode
0: Normal Operation (Default)
1: Power-Save Mode

LOVL: Stereo Line Output Gain Seledtgble 51 and able 53)
0: 0dB/+6dB (Default)
1: +2dB/+8dB

Addr | RegisteiName D7 D6 D5 D4 D3 D2 D1 DO
04H | Mode Control 1 PLL3: PLL2: PLL1: PLLO; BCKO 0 ! DIF1: DIFQ
Default 0 ! 0 ! 0 | 0 ! 0 ! 0 ! 1 0

DIF1-0: Audio Interface Format @ble 17)
Default: “10” (Left jutified)

BCKO: BICK Output Frequency Select at Master Motialje 11)

PLL3-0: PLL Reference Clock Seledtaple 5)
Default: “0000” (LRCK pin)

Addr | RegisteName D7 ! D6 ' D5 ! D4 D3 D2 ! D1 ! DO
05H | Mode Control 2 PS1 | PSO ! FS3! MSBS  BCKP FS2 FS1 F§O
Default 0 | 0 | 0 | 0o 0o 0o 0 0

FS3-0: Sampling Frequency Seletalle 6 andrable 7) and MCKI Frequency Selegiaple 12)
FS3-0 bits select sampling frequency bt Pnode and MCKI frequency at EXT mode.

BCKP: BICK Polarity at DSP Modéléble 18)
“0”: SDTO is output by the rising edgel(") of BICK and SDTI is latched by the falling edgel (). (Default)
“1”: SDTO is output by the falling edge¥*) of BICK and SDTI is latched by the rising edgé():

MSBS: LRCK Polarity at DSP Modé& éble 18)
“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.

PS1-0: MCKO Output Frequency Seletable 10)
Default: “00” (256fs)
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Addr | RegisteName D7 : D6 ! D5 ! D4 ! D3 | D2 ! D1 ! DO

06H | TimerSelect DVTM | WTM2 | ZTML | ZTMO : WTM1 | WTMO | RFST1! RFSTO
Default 0 ! 0 . 0 | 0 | 0 | 0 | 0 | 0

RFST1-0: ALC First recovery Speetlable 34)
Default: “00”(4times)

WTM2-0: ALC Recovery Waiting Periodéble 31)
Default: “000” (128/fs)

ZTM1-0: ALC Limiter/Recovery Operation Zero Crossing Timeout Periable 30)
Default: “00” (128/fs)

DVTM: Digital Volume Transition Time Settingrable 40)
0: 1061/fs (Default)
1: 256/fs
This is the transition time between DVL/R7-0 bits = 00H and FFH.

Addr | RegisteName D7 ! D6 | D5 | D4 | D3 | D2 ! D1 | DO
07H | ALC Mode Control 1 0 ! 0 | ALC ! ZELMN LMAT1 LMATO! RGAINO | LMTHO
Default 0 0 0 0 0 ! 0 ! 0 ! 0

LMTH1-0: ALC Limiter Detection Level / Recovery Counter Reset LeVeable 28)
Default: “00”
LMTH?1 bit is D6 bit of OBH.

RGAIN1-0: ALC Recovery GAIN Stepl@able 32)
Default: “00”
RGAINL1 bit is D7 bit of OBH.

LMAT1-0: ALC Limiter ATT Step {Table 29)
Default: “00”

ZELMN: Zero Crossing Detection BEble at ALC Limiter Operation
0: Enable (Default)
1: Disable

ALC: ALC Enable
0: ALC Disable (Default)

1: ALC Enable
Addr |RegisteName D7 | D6 D5 | D4 . D3 | D2 . D1 . DO
08H | ALC Mode Control 2 REF7 | REF6: REF5 | REF4 : REF3: REF2: REF1 REF(
Default 1 1 1 0 0 0 0 1

REF7-0: Reference Value at ALC Recovery Operation. 0.375dB step, 242 Tabtd 33)
Default: “E1H” (+30.0dB)
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Addr |RegisteName D7 ! D6 ! D5 | D4 ! D3 | D2 ! D1 ! DO

09H | Lch Input Volume Control IVL7 !  IW6 | IVL5 | IVL4 | IVL3 | IVL2 ! IVL1 | IVLO

0CH | Rch Input Volume Control] ~ IVR7!  IVR6! IVR5! IVR4! IVR3! IVR2!  IVRI IVRO
Default | 1 ¢+ 1 1 0 | 0 ! 0 | 0 | 1

IVL7-0, IVR7-0: Input Digital Volume; 0.375dB step, 242 LevEhble 36)
Default: “E1H” (+30.0dB)

Addr | RegisteName D7 D6 ' D5 ! D4 D3 D2 ! D1 | DO

0AH | Lch Digital Volume Control| DVL7 | DVL6 | DVL5 | DVL4 | DVL3 ! DVL2 | DVL1 ! DVLO

0DH | Rch Digital Volume Controll DVR7!  DVR6! DVR5 DVR4 DVR3 DVRZ DVRI DVR}

Default o . o0 : 0 : 1 ¢ 1 . 0 i 0 i 0]

DVL7-0, DVR7-0: Output Digital VolumeTable 39)
Default; “18H" (0dB)

Addr | RegisteName D7 ! D6 ' D5 ! D4 D3 D2 ! D1 | DO
0BH | ALC Mode Control 3 RGAIN1:  LMTH1! 0 ! 0 | 0 | 0 ! VBAT: 0
Default 0 | 0 ! 0 | 0 ! 0 ! 0 | 0 | 0

VBAT: HP-Amp Common VoltageTable 56)
0: 0.5 x HVDD (Default)
1: 0.64 x AVDD
LMTHZ1: ALC Limiter Detection Level / Recovery Counter Reset LeVellje 28)

RGAIN1: ALC Recovery GAIN Steplable 32)

Addr | RegisteName D7 | D6 | D5 | D4 D3 D2 D1 DO
OEH | Mode Control 3 0 | LOOP: SWTE : DVOLC . BST1 . BSTO . DEM1. DEMO
Default 0 i 0 i 0 i 1 0 0 0 . 1

DEM1-0: De-emphasis Frequency Selddlfle 37)
Default: “01” (OFF)

BST1-0: Bass Boost Function Seletable 38)
Default: “00” (OFF)

DVOLC: Output Digital Volume Control Mode Select
0: Independent
1: Dependent (Default)
When DVOLC bit = “1”, DVL7-0 bits control both Lcland Rch volume level, while register values of
DVL7-0 bits are not written to DVR7-0 bits. When DVOLbit = “0”, DVL7-0 bits control Lch level and
DVR7-0 bits control Rch level, respectively.

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

LOOP: Digital Loopback Mode
0: SDTI— DAC (Default)
1: SDTO— DAC
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Addr | RegisteName D7 : D6 : D5 ! D4 | D3 ! D2 ! D1 ! DO
OFH | Mode Control 4 0 | 0 | 0O ! O ! IVOLC . HPM | MINH | DACH
Default 0 . 0 ! 0 | 0 | 1 0 | 0 ! 0

DACH: Switch Control from DAC to Headphone-Amp
0: OFF (Default)
1: ON

MINH: Switch Control from MIN pin to Headphone-Amp
0: OFF (Default)
1: ON

HPM: Headphone-Amp Mono Output Select
0: Stereo (Default)
1: Mono
When the HPM bit = “1”, DAC output signal is output to Lch and Rch of the Headphone-Amp as (L+R)/2.

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

Addr | RegisteName D7 D6 ! D5 | D4 | D3 ! D2 | D1 | DO
10H | Power Management 3 INRL | INLL! HPG ! MDIF2 ! MDIF1 ! INRO ' INLO ! PMADR
Default 0 0 | 0 | 0 | 0 ! 0 | 0 | 0

PMADR: MIC-Amp Lch and ADC Rch Power Management
0: Power-down (Default)
1: Power-up

INL1-0: ADC Lch Input Source Selectgble 20)
Default: 00 (LIN1 pin)

INR1-0: ADC Rch Input Source Seledtable 20)
Default: 00 (RIN1 pin)

MDIF1: Single-ended / Full-differential Input Select 1
0: Single-ended input (LIN1/RIN1 pins: Default)
1: Full-differential input (IN1+/IN% pins)
MDIF1 bit selects the input type of pins #32 and #31.

MDIF2: Single-ended / Full-differential Input Select 2
0: Single-ended input (LIN2/RIN2 pins: Default)
1: Full-differential input (IN2+/IN2 pins)
MDIF2 bit selects the input type of pins #30 and #29.

HPG: Headphone-Amp Gain Seletable 54)
0: 0dB (Default)
1: +3.6dB
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Addr |RegisteName D7 D6 D5 D4 D3 D2 | D1 | DO

11H | Digital Filter Select GN1 | GNO | 0 FIL1 EQ | FIL3: 0 . 0
Default 0 | 0 0 ! 0 0 0 ! 0 | 0

GN1-0: Gain Select at GAIN blocH &ble 26)
Default: “00”

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

EQ: EQ (Gain Compensation Filter) Coefficient Setting Enable
0: Disable (Default)
1: Enable
When EQ bit is “1”, the settings of EQA15-0, EQB13-0 and EQC15-0 bits are enabled. When EQ bit is “0”,
EQ block is through (0dB).

FIL1: FIL1 (Wind-noise Reduction Filter) Coefficient Setting Enable
0: Disable (Default)
1: Enable
When FIL1 bitis “1”, the settings of F1A13-0 and F1B1Bits are enabled. WhenlA! bit is “0”, FIL1 block
is through (0dB).

Addr |RegisteName D7 D6 ! D5 D4 D3 D2 D1 ! DO
12H | FIL3 Co-efficient0 F3A7 F3A6 | F3A5 ! F3A4 ! F3A3! F3A2: F3All F3A0
13H | FIL3 Co-efficient 1 F3AS ! 0 ! F3A13 F3A12 F3Al1l F3A10 F3AD F3AB
14H | FIL3 Co-efficient2 F3B7 | F3B6 : F3B5: F3B4: F3B3: F3B2 F3B1 F3B¢
15H | FIL3 Co-efficient 3 0 0 | F3B13 F3B12 F3B1l  F3B10 F3B9 F358
16H | EQ Co-efficient 0 EQA7: EQA6. @A5 : EQA4 | EQA3 | EQA2: EQAl: EQAOQ
17H | EQ Co-efficient 1 EQA15 EQAL: EQA13: EQA12 . EQA1l: EQAIO. EQA9. EQAS
18H | EQ Co-efficient 2 EQB7. EQB6 5D EQB4 EQB3 | EQB2: EQBl: EQBO
19H | EQ Co-efficient 3 0 | 0 ! EQB13 EQB12 EQB11 EQBi10 EQB9 EQH8
1AH |EQ Co-efficient 4 EQC7! EQC6 HED® | EQC4 | EQC3! EQC2! EQCI EQC(
1BH | EQ Co-efficient 5 EQC15 EQCl4 (13! EQC12: EQC11 EQC10 EQCY EQC$
1CH | FIL1 Co-efficientO F1A7 F1A6 : F1A5 : F1A4 : F1A3: F1A2: F1A1: F1A0
1DH [ FIL1 Co-efficient 1 F1AS ! 0 ! FI1A13 F1A12. F1A1l  F1A1D F1A9 F1A
1EH | FIL1Co-efficient2 FIB7 | F1B6 . F1B5: F1B4:. F1B3! F1B2 F1B1 F1B¢
1FH | FIL1 Co-efficient 3 0 | 0 : F1B13 F1B12  F1B11  F1B10 F1B9 F1H8
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
EQA15-0, EQB13-0, EQC15-C0: EQ (Gain Compation Filter) Coefficient (14bit x 2 + 16bit x 1)
Default: “O000H"
F1A13-0, F1B13-B0: FIL1 (Wind-noisReduction Filter) Coefficient (14bit x 2)
Default: “O000H”
F1AS: FIL1 (Wind-noise Reduction Filter) Select
0: HPF (Default)
1. LPF
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Addr |RegisteName D7 : D6 ! D5 : D4 ! D3 | D2 ! D1 ! DO
20H Power Management4 PMAINR4 | PMAINL4 | PMAINR3 | PMAINL3 | PMAINR2 | PMAINL2 | PMMICR | PMMICL
Default 0 | 0 | 0 | 0 | 0 | 0 | 0 | 0

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

PMAINL2: LIN2 Mixing Circuit Power Management
0: Power down (Default)
1: Power up

PMAINR2: 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
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Addr |RegisteName D7 : D6 ! D5 : D4 ! D3 | D2 ! D1 ! DO
21H | Mode Control 5 0 : 0 : MICR3 MICL3: L4DIF: MIX : AIN3: LODIF
Default 0O ' 0 | 0 | 0 ! 0 ! 0 | 0 | 0

LODIF: Lineout Select
0: Single-ended Stereo Line Output (LOUT/ROUT pins) (Default)
1: Full-differential Mono Line Output (LOP/LON pins)

AIN3: Analog Mixing Select
0: Mono Input (MIN pin) (Default)
1: Stereo Input (LIN3/RIN3 pins): PLL is not available.

MIX: Mono Recording
0: Stereo (Default)
1: Mono: (L+R)/2

L4DIF: Line Input Type Select
0: Stereo Single-ended Input: LIN4/RIN4 pins (Default)
1: Mono Full-differential Input: IN4+/ pins

MICL3: Switch Control from MIC-Amp Lch to Analog Output
0: LIN3 input signal is selected. (Default)
1: MIC-Amp Lch output signal is selected.

MICR3: Switch Control from MIC-Amp Rch to Analog Output
0: RIN3 input signal is selected. (Default)
1: MIC-Amp Rch output signal is selected.

MS0605-E-00 2007/06
-79 -



AKM [AK4645EZ]

Addr |RegisteName D7 : D6 ! D5 : D4 ! D3 | D2 ! D1 ! DO
22H | Lineout Mixing Select LOM | LOM3: RINR4 LINL4: RINR3; LINL3! RINR2  LINL2
Default 0 : 0 | 0 | 0 ! 0 ! 0 | 0 ! 0

LINL2: Switch Control from LIN2 pin to Stereo Line Output (without MIC-Amp)
0: OFF (Default)
1: ON

RINR2: Switch Control from RIN2 pin to Stereo Line Output (without MIC-Amp)
0: OFF (Default)
1: ON

LINL3: Switch Control from LIN3 pin (or MIC-Amp Lch) to Stereo Line Output
0: OFF (Default)
1: ON

RINR3: Switch Control from RIN3 pin (or MIC-Amp Lch) to Stereo Line Output
0: OFF (Default)
1: ON

LINL4: Switch Control from LIN4 pin to Stereo Line Output (without MIC-Amp)
0: OFF (Default)
1: ON

RINR4: Switch Control from RIN4 pin to Stereo Line Output (without MIC-Amp)
0: OFF (Default)
1: ON

LOM3: Mono Mixing from MIC-Amp (or LIN3/RIN3) to Stereo Line Output
0: Stereo Mixing (Default)
1: Mono Mixing

LOM: Mono Mixing from DAC to Stereo Line Output
0: Stereo Mixing (Default)
1: Mono Mixing
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Addr |RegisteName D7 . D6 ! D5 ! D4 ! D3 | D2 ! D1 !

DO

23H | HP Mixing Select 0O  HPM3' RIH4 @ LINH4 | RINH3 @ LINH3 | RINH2 !

LINH2

Default o ¢ o { ©O0O ! 0 ! 0+ 0 0

LINH2: Switch Control from LIN2 pin to Headphone Output (without MIC-Amp)
0: OFF (Default)
1: ON

RINH2: Switch Control from RIN2 pin to Headphone Output (without MIC-Amp)
0: OFF (Default)
1: ON

LINH3: Switch Control from LIN3 pin (or MIC-Amp Lch) to Headphone Output
0: OFF (Default)
1: ON

RINH3: Switch Control from RIN3 pin (or MIC-Amp Lch) to Headphone Output
0: OFF (Default)
1: ON

LINH4: Switch Control from LIN4 pin to Headphone Output (without MIC-Amp)
0: OFF (Default)
1: ON

RINH4: Switch Control from RIN4 pin to Headphone Output (without MIC-Amp)
0: OFF (Default)
1: ON

HPM3: Mono Mixing from MIC-Amp (or LIN3/RIN3) to Headphone Output
0: Stereo Mixing (Default)
1: Mono Mixing
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| SYSTEM DESIGN |

Figure 73 andrigure 74 shows the system connection diagram for the AK4645. An evaluation board [AKD4645] is
available which demonstrates the optimum laypatyer supply arrangements and measurement results.
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]
Notes:

- AVSS and HVSS of the AK4645 should be distributed separately from the ground of external controllers.

- All digital input pins should not be left floating.

- When the AK4645 is EXT mode (PMPLL bit = “0"), a resistor and capacitor of VCOC/RIN3 pin is not needed.

- When the AK4645 is PLL mode (PMPLL bit = “1"), a resistor and capacitor of VCOC/RIN3 pin should be
connected as shown Trable 5.

- When the AK4645 is used at master mode, LRCK and BICK pins are floating before M/S bit is changed to “1”.
Therefore, 100& around pull-up resistor should be connected to LRCK and BICK pins of the AK4645.

- 0.1uF ceramic capacitor should be attached to each sppyy The type of otharapacitors is not critical.

- When DVDD is supplied from AVDD via 10 series resistor, the capacitor larger thamuB.dhould not be

connected between DVDD and the ground.

Figure 73. Typical Connection Diagram (AIN3 bit = “0”, MIC Input)
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Headphone .
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]
Notes:

- AVSS and HVSS of the AK4645 should be distributed separately from the ground of external controllers.
- All digital input pins should not be left floating.
- When AIN3 bit = “1”, PLL is not available.
- When the AK4645 is used at master mode, LRCK and BICK pins are floating before M/S bit is changed to “1”.
Therefore, 100& around pull-up resistor should be connected to LRCK and BICK pins of the AK4645.
- 0.1uF ceramic capacitor should be attached to each sppy The type of otherapacitors is not critical.
- When DVDD is supplied from AVDD via XD series resistor, the capacitor larger thap®.g4hould not be
connected between DVDD and the ground.
Figure 74. Typical Connection Diagram (AIN3 bit = “1”: PLL is not available, Line Input)
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1. Grounding and Power Supply Decoupling

The AK4645 requires careful attention to powgr@y and grounding arrangements. AVDD, DVDD, TVDD and HVDD

are usually supplied from the system'’s analog supply. If AVDD, DVDD, TVDD and HVDD are supplied separately, the
power-up sequence is not critical. PDN pin should be héld’topon power-up. PDN pin should be set to “H” after all
power supplies are powered-up.

In case that the pop noise should be avoided at line canputeadphone output, the AK4645 should be operated by the
following recommended power-up/down sequence.

1) Power-up

- PDN pin should be held to “L” upon power-up. The AK4645 should be reset by bringing PDN pin “L” for 150ns or
more.

- In case that the power supplies are separated in two or more groups, the power supply including TVDD should be
powered ON at first. Regarding the relationship between DVDD and HVDD, the power supply including DVDD
should be powered ON prior to the power supply including HVDD.

2) Power-down

- Each power supplies should be powered OFF after PDN pin is set to “L".

- In case that the power supplies are separated in two or more groups, the power supply including TVDD should be
powered OFF at last. Regarding the relationship between DVDD and HVDD, the power supply including HYDD
should be powered OFF prior to the power supply including DVDD.

AVSS and HVSS of the AK4645 should be connected to the analog ground plane. System analog ground and digital
ground should be connected together near to where the supplies are brought onto the printed circuit board. Decoupling
capacitors should be as near to the AK4645 as possible, with the small value ceramic 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 frequency noise. No load current may be drawn from the VCOM pin. All
signals, especially clocks, should be kept away fronvtb@M pin in order to avoid unwanted coupling into the

AK4645.

3. Analog Inputs

The Mic, Line and MIN inputs are single-ended. The irgigial range scales with nominally at 0.06 x AVDD Vpp(typ)
@MGAIN1-0 bits = “01", 0.03 x AVDD Vpp(typ) @MGAIN1-0 bits = “10”, 0.015 x AVDD Vpp(typ) @MGAIN1-0
bits = “11” or 0.6 x AVDD Vpp(typ) @MGAIN1-0 bits = “00” for the Mic/Line input and 0.6 x AVDD Vpp (typ) for the
MIN input, centered around the internal common voltage (0 A48DD). Usually the input signal is AC coupled using a
capacitor. The cut-off frequency is fc = (£RC). The AK4645 can accept input voltages from AVSS to AVDD.

4. Analog Outputs
The input data format for the DAC is 2's complement. The output voltage is a positive full scale for 7FFFH(@ 16bit) and

a negative full scale for 8000H(@16bit). The ideal output is VCOM voltage for 0000H(@ 16bit). Stereo Line Output is
centered at 0.45 x AVDD. The Headphone-Amp output is centered at HVDD/2.
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| CONTROL SEQUENCE |

m Clock Set up

When ADC or DAC is powered-up, the clocks must be supplied.

1.PLL Master Mode.

Example:
Power Suppl /
pply ' Audio I/F Format: MSB justified (ADC & DAC)
! BICK frequency at Master Mode: 64fs

D) .
f . Input Master Clock Select at PLL Mode: 11.2896MHz
PDN pin H MCKO: Enable

@ @ Sampling Frequency: 44.1kHz

PMVCM bit it >
(Addr:00H, D6) ‘ \A

mekopit - A (1) Power Supply & PDN pin = “L" > “H”
(Addr:01H, D1) ‘ \b
ooy | (2)Addr01H, Data:08H

' ®) Addr:04H, Data:4AH
MCKI pin /V / Input Addr:05H, Data:27H

MIS bit 3 ? v
(daroths b3) | | ‘(S)Addr:OOH, Data:40H \

: ' 40msec(max) '
' 1(6) \L
o P § | Output | (4)AddrO1H, Data:0BH |
! € fomsesmny !
i : msec(max) 1(8) \L
MCKO pin ‘ : @ | output ‘ MCKO, BICK and LRCK output ‘
Figure 75. 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 AK4645.
The AK4645 should be operated by the recommenmeder-up/down sequence shown in “System Design
(Grounding and Power Supply Decoupling)” to avibid pop noise at line output and headphone output.

(2) DIF1-0, PLL3-0, FS3-0, BCKO and M/S bits should be set during this period.

(3) Power UpVCOM: 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”
In case of not using MCKO output: MCKO bit = “0”

(5) PLL lock time is 40ms(max) after PMPLL bit changesrirtd” to “1” and MCKI is supplied from an external
source.

(6) The AK4645 starts to output the LRCK and BICK clocks after the PLL becomes stable. Then normal operation
starts.

(7) The invalid frequency is output from MCKO pin during this period if MCKO bit = “1".

(8) The normal clock is output from MCKO pin after the PLL is locked if MCKO bit = “1".
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2.PLL Slave Mode (LRCK or BICK pin)

Example:
Power Supply , Audio I/F Format: MSB justified (ADC & DAC)
i PLL Reference clock: BICK

(Addr:01H, DO)

Addr:05H, Data:27H

LRCK pin / Input \b

e BICK frequency: 64fs
PDN pin ﬂ—ﬁ Sampling Frequency: 44.1kHz
i L@ @
PMVCM bit —p] (1) Power Supply & PDN pin =“L" = “H”
(Addr:00H, D6) : ' \b
) i | i
PMPLLDI \ ! (2) Addr:04H, Data:32H

BICK pin @ ‘ ’ (3) Addr:00H, Data:40H ‘
! P
Internal Clock ‘
© | (4)AddroO1H, Data:01H |
Figure 76. 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 AK4645.
The AK4645 should be operated by the recommemeeer-up/down sequence shown in “System Design
(Grounding and Power Supply Decoupling)” to avitid pop noise at line output and headphone output.
(2)DIF1-0, FS3-0 and PLL3-0 bits should 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)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 LRCK is a 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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3.PLL Slave Mode (MCKI pin)

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"

PDN pin ﬁ \b
PMVCM bit § (2)Addr:04H, Data:4AH
(Addr:00H, D6) 44—%1(4) Addr:05H, Data:27H
MCKO bit —I |

(Addr:01H, D1) ‘
: ’ (3)Addr:00H, Data:40H ‘

PMPLL bit

(Addr:01H, DO) —l \L

(5)

MCKI pin v - | (4)AddrO1H, Data:03H |

‘ i '40msec(max) ' i

| 1 Y ’ MCKO output start ‘
MCKO pin l © | output \L

8) .
BICK pin — ’ BICK and LRCK input start ‘
LRCK pin
Figure 77. 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 AK4645.
The AK4645 should be operated by the recommernm®der-up/down sequence shown in “System Design
(Grounding and Power Supply Decoupling)” to avibid pop noise at line output and headphone output.

(2) DIF1-0, PLL3-0 and FS3-0 bits 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) Enable MCKO output: MCKO bit = “1"

(5) PLL starts after that the PMPLIit lshanges from “0” to “1” and PLL reference clock (MCKI pin) is supplied.
PLL lock time is 40ms(max).

(6) The invalid frequency is output from MCKO during this period.

(7) The normal clock is output from MCKO after PLL is locked.

(8) BICK and LRCK clocks should be synchronized with MCKO clock.
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4 EXT Slave Mode

Power Supply /

e

[AK4645EZ]

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" 2> “H”

PDN pin ﬂ

PMVCM bit —p
(Addr:00H, D6) !

(2) Addr:04H, Data:02H
Addr:05H, Data:00H

v

] (3) Addr:00H, Data:40H \

v

’ MCKI, BICK and LRCK input ‘

MCKI pin Input
4
LRCK pin
BICK pin Input
Figure 78. 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 AK4645.

The AK4645 should be operated by the recommernmeder-up/down sequence shown in “System Design

(Grounding and Power Supply Decoupling)” to avibid pop noise at line output and headphone output.

(2) DIF1-0 and FS1-0 bits should 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) Normal operation starts after the MCKI, LRCK and BICK are supplied.
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5.EXT Master Mode

Example:

[AK4645EZ]

Audio I/F Format: MSB justified (ADC and DAC)

Input MCKI frequency: 256fs
Sampling Frequency: 44.1kHz
MCKO: Disable

Power Supply /

’ (1) Power Supply & PDN pin = “L" 2> “H” ‘

e
PDN pin i‘
@

PMVCM bit
(Addr:00H, D6)

(2)

|

MCKI pin Input
{E)
M/S bit
(Addr:01H, D3) |
LRCK pin
BICK pin Output

’ (2) MCKI input ‘

v

(3) Addr:04H, Data:02H
Addr:05H, Data:00H
Addr:01H, Data:08H

v

’ BICK and LRCK output

|

I

’ (4) Addr:00H, Data:40H

|

Figure 79. 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 AK4645.

The AK4645 should be operated by the recommernmeder-up/down sequence shown in “System Design
(Grounding and Power Supply Decoupling)” to avibid pop noise at line output and headphone output.

(2) MCKI should be input.

(3) After DIF1-0 and FS1-0 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 up foee the other block operates.

MS0605-E-00

-89 -

2007/06



AKM [AK4645EZ]

W MIC Input Recording (Stereo)

Example:
PLL Master Mode
Audio I/F Format:MSB justified (ADC & DAC)
Sampling Frequency:44.1kHz
Pre MIC AMP:+20dB
MIC Power On

FS3-0 b|tS 0 000>< 1’111 ﬁt(é sbitzliqg:Refer to Table 34
(

(Addr:05H, D5&D2-0)

1
i
1

| (1) Addr0sH, Data:27H |

MIC Control : ¢
(Addr:02H, D2-0) oo1 A E 101 ‘ (2) Addr:02H, Data:05H ‘
= v
ALC Control 1 00H ! 3CH | (3 Addro6H, Data:3CH |
(Addr:06H) A i 7
1
ALC Control 2 E1H i E1H ‘ (4) Addr:08H, Data:E1H ‘
. 1
(Addr:08H) A : v
i | (5) Addr.0BH, Data:00H |
Megamds Tan > w
' ®) i | (6)Addro7H, Data:21H |
; v
ALC Control 4 i
(Addr-07H) O7H E 21H O1H (7) Addr-00H, Data:41H
6 ! 9 Addr:10H, Data:01H
®) 9)
ALC State ALC Disable ALC Enable ALC Disable o \bd‘
i T ecording
PMADL/R bits w
(Addr:00H&10H, DO) 1059/ fs I (8) Addr:00H, Data:40H
(7)' ' ' ! E (®) Addr:10H, Data:00H
ADC Internal Power Down Initialize | Normal State | Power Down v
State ‘ (9) Addr:07H, Data:01H
Figure 80. MIC Input Recording Sequence
<Example>

This sequence is an example of ALC setting at fs=44.1Kize parameter of the ALC is changed, please refer to
“Figure 36. Registers set-up sequence at ALC operation”

At first, clocks shoulde supplied according to “Clock Set Up” sequence.

(1) Set up a sampling frequency (FS3-0 bit). When thd®46 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 MIC input (Addr: 02H)

(3) Set up Timer Select for ALC (Addr: 06H)

(4) Set up REF value for ALC (Addr: 08H)

(5)Set up LMTH1 and RGAINL1 bits (Addr: 0BH)

(6) Set up LMTHO, RGAINO, LMAT1-0 and ALC bits (Addr: 07H)

(7) Power Up MIC and ADC: PMADL = PMADR bits = “0* “1”
The initialization cycle time oADC is 1059/fs=24ms@fs=44.1kHz.
After the ALC bit is set to “1” and MIC&ADC block is powered-up, the ALC operation starts from IVOL
default value (+30dB).
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”. Then, the 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 60k(typ).

(8) Power Down MIC and ADC: PMADL = PMADR bits = “1* “0”
When the registers for the ALC operation are not chéngeC bit may be keeping “1”. The ALC operation is
disabled because the MIC&ADC block is powered-daivie registers for the AL@peration are also changed
when the sampling frequency is changed, it shoulibine after the AK4645 goes to the manual mode (ALC bit
= “0") or MIC&ADC block is powered-down (PMADL=PMADR bits = “0”). IVOL gain is not reset when
PMADL=PMADR bits = “0", and then IVOL operation starts from the setting value when PMADL or PMADR
bit is changed to “1".

(9)ALC Disable: ALC bit = “1"— “0”
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B Headphone-amp Output

Example :
PLL Master Mode
Sampling Frequency: 44.1kHz
£S3-0 bi DVOLC bit = “1"(default)
- Digital Volume Level: ~8dB
s 0,000 1,111 b uti T sverrmiddre
(Addr:05H, D5&D2-0) De-emphases response: OFF

1) Soft Mute Time: 256/fs

DACH bit
(Addr:0FH, DO) @ 13

(1) Addr:05H, Data:27H ‘

e

‘ (2) Addr:0FH, Data 09H ‘

BST1-0 bits N
(Addr:0EH, D3-2) 00 >< 10 >< 00 ‘ (3) Addr:0EH, Data 19H ‘
®) (12) N
IVL/R7-0 bits E1H 91H | (4)Addr:09H&OCH, Data 91H |
(Addr:09H&0CH, D7-0) \}/
(4) ‘ (5) Addr:0AH&ODH, Data 28H ‘
-0 bi N
(?d}j{;lgiﬁ&?)Da Bl7t.§) 18H 28H ‘ (6) Addr:00H, Data 64H
®) NG
PMDAC bit [ (1) Addro1H, Data 39H
(Addr:00H, D2) | NE
(6) (11) ‘ (8) Addr:01H, Data 79H
PMMIN bit | \ Play\k)ack
(Addr:00H, D5)

e

‘ (10) Addr:01H, Data 09H

HPMTN bit ®) 9)

(AddrO1H, DB) ‘ (11) Addr:00H, Data 40H
r:01H,

‘ (12) Addr:0EH, Data 00H

HPL/R pins Normal Output

|
|
|
|
. [ (@ Addro1n, pata3on |
PMHPL/R bits (@ (10) T
(Addr:01H, D5-4) ‘
|
|
|

‘ (13) Addr:0FH, Data 08H

Figure 81. Headphone-Amp Output Sequence
<Example>
At first, clocks shoulde supplied according to “Clock Set Up” sequence.
(1) Set up a sampling frequency (FS3-0 bits). WhenAK4645 is PLL mode, DAC and Headphone-Amp should
be powered-up in consideration of PLL |dake after a sampling frequency is changed.

(2) Set up the path of “DAG> HP-Amp”: DACH bit = “0" — “1”

(3) Set up the low frequency boost level (BST1-0 bits)

(4) Set up the input digital volume (Addr: 09H and OCH)

When PMADL = PMADR bits = “0”, IVL7-0 and IVR7-0 bits should be set to “91H"(0dB).

(5) Set up the output digital volume (Addr: 0OAH and ODH)
When DVOLC bit is “1” (default), DVIZ-0 bits set the volume of both channels. After DAC is powered-up,
the digital volume changes from default value (0dB) to the register setting value by the soft transition.

(6) Power up DAC and MIN-Amp: PMDAC = PMMIN bits = “0* “1”
The DAC enters an initialization cycle that starts when the PMDAC bit is changed from “0” to “1” at PMADL
and PMADR bits are “0”. The initialization cle time is 1059/fs=24ms@fs=44.1kHz. During the
initialization cycle, the DAC input digitalata of both channels are interndlbyced to a 2's compliment, “0”".
The DAC output reflects the digitahput data after the initialization clg is complete. When PMADL or
PMADR bit is “1”, the DAC does not require an initialization cycle. When ALC bit is “1", ALC is disable
(ALC gain is set by IVL/R7-0 bits) during an intialization cycle (1059/fs=24ms@fs=44.1kHz). After the
initialization cycle, ALC operation starts from the gain set by IVL/R7-0 bits.

(7) Power up headphone-amp: PMHPL = PMHPR bits =29"1”
Output voltage of headphone-amp is still HVSS.

(8) Rise up the common voltage of headphone-amp: HPMTN bit ='01"
The rise time depends on HVDD and the capacitorevedunnected with the MUTET pin. When HYDD=3.3V
and the capacitor value is 19, the time constant is = 100ms(typ), 250ms(max).

(9) Fall down the common voltage of headphone-amp: HPMTN bit =$1°0"
The fall time depends on HVDD and the capacitor vabmected with the MUTET pin. When HVYDD=3.3V
and the capacitor value is Lfg, the time constant isf = 100ms(typ), 250ms(max).
If the power supply is powered-off or headphone-Amp is powered-down before the common voltage goes to
GND, the pop noise occurs. It takes twicerdhat the common voltage goes to GND.

(10) Power down headphone-amp: PMHPL = PMHPR bits =%1"0"

(11) Power down DAC and MIN-Amp: PMDAC = PMMIN bits = “+» “0”

(12) Off the bass boost: BST1-0 hits = “00”

(13) Disable the path of “DAG> HP-Amp”: DACH bit = “1" — “0”
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W Stereo Line Output

Example:
PLL, Master Mode
Audio I/F Format :MSB justified (ADC & DAC)
FS3 0 b Il Sampling Frequency: 44.1kHz
h its 0,000 1111 Digital Volume: —8dB
(Addr:05H, D5&D2-0) _ ) . ' LOVL=MINL bits = “0

(1)54—}! ; :
\ (1) Addr:05H, Data:27H \

! 1 (10

DACL bit ) Vi
(Addr:02H, D4) [ (2 AddrO2H, Data:10H |

| (3)Addr:09H&OCH, Data:91H |

(Addr:09H&0CH, D7-0)
DVL/R7-0 bits
(Addr:0AH&0DH, D7-0) 18H >< 28H | (5) Addr:03H, Data:40H \

|
i
i
|
|
i
i
E
i
3) ! ‘ (4) Addr:0AH&O0DH, Data:28H ‘
|
|
i
T
i
I
|
|
i
|

\
LOPS bit | (6) Addr:00H, Data:6CH |
(Addr:03H, D6) \V

_ OF Q) ®) A1) [ (7)Addr03H, Data:0OH |
PMDAC bit , |
(Addr:00H, D2) : E 1 [ Playback \
PMMIN bit : |
(Addr00H, D5) | : | (8)Addr03H, Data:40H |
:(6) : '9) :
PMLO bit : i | (9)Addr:00H, Data:40H |
(Addr:00H, D3) >300ms | !
; ! i , | (10) Addr:02H, Data:00H |
LOUT pin ! ~2300ms
ROUT pin ; | Normal Output : | (11) Addr:03H, Data:00H |
Figure 82. Stereo Lineout Sequence
<Example>

At first, clocks shoulde supplied according to “Clock Set Up” sequence.

(1) Set up the sampling frequency (FS3-0 bits). When the AK4645 is PLL mode, DAC and Stereo Line-Amp
should be powered-up in consideration of PLtkitime after the sampling frequency is changed.

(2) Set up the path of “DAG Stereo Line Amp™: DACL bit = “0"> “1”

(3) Set up the input digital volume (Addr: 09H and OCH)

When PMADL = PMADR bits = “0”, IVL7-0 and IVR7-0 bits should be set to “91H"(0dB).

(4) Set up the output digital volume (Addr: 0OAH and ODH)
When DVOLC bit is “1” (default), DVIZ-0 bits set the volume of both channels. After DAC is powered-up,
the digital volume changes from default value (0dB) to the register setting value by the soft transition.

(5) Enter power-save mode of Stereo Line Amp: LOPS bit =20"1"

(6) Power-up DAC, MIN-Amp and Stereo Line-Amp: PMDAC = PMMIN = PMLO bits = “§™1"
The DAC enters an initialization cycle that starts when the PMDAC bit is changed from “0” to “1” at PMADL
and PMADR bits are “0". The initialization cle time is 1059/fs=24ms@fs=44.1kHz. During the
initialization cycle, the DAC input digitalata of both channels are interndtlyced to a 2's compliment, “0”.
The DAC output reflects the digitahput data after the initialization clg is complete. When PMADL or
PMADR bhit is “1”, the DAC does not require an initialization cycle. When ALC bit is “1", ALC is disable
(ALC gain is set by IVL/R7-0 bits) during an intialization cycle (1059/fs=24ms@fs=44.1kHz). After the
initialization cycle, ALC operation starts from the gain set by IVL/R7-0 bits.
LOUT and ROUT pins rise up to VCOM voltage after BMbit is changed to “1”. Rise time is 300ms(max)
at C=1uF and AVDD=3.3V.

(7) Exit power-save mode of Sty Line-Amp: LOPS bit = “1> “0”
LOPS bit should be set to “0” after LOUT and ROUT pins rise up. Stereo Line-Amp goes to normal operation
by setting LOPS bit to “0".

(8) Enter power-save mode of Stereo Line-Amp: LOPS bit:20"1"

(9) Power-down DAC, MIN-Amp and Stereo Line-Amp: PMDAC = PMMIN = PMLO bits =<3™0"
LOUT and ROUT pins fall down to AVSS. Fall time is 300ms(max) atyF=dnd AVDD=3.3V.

(10)Disable the path of “DAC> Stereo Line-Amp”: DACL bit = “1"> “0”

(11)Exit power-save mode of Stwr Line-Amp: LOPS bit = “1> “0”
LOPS bit should be set to “0” after LOUT and ROUT pins fall down.
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| Stop of Clock
Master clock can be stopped when ADC 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:01H, DO)

Sampling Frequency: 44.1kHz

MCKO bit "1" or "0"
(Addr:01H, D1)

] (1) (2) Addr:01H, Data:08H \

HE) 1

’ (3) Stop an external MCKI ‘

External MCKI Input

Figure 83. Clock Stopping Sequence (1)

<Example>
(1) Power down PLL: PMPLL bit = “1* “0”
(2) Stop MCKO clock: MCKO bit =“1"— “0”
(3) Stop an external master clock.

2.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:01H, DO) Sampling Frequency: 44.1kHz

@

External BICK Input | | (1) AddrO1H, Data:00H |
L@ ¢
External LRCK Input !
: ’ (2) Stop the external clocks ‘
Figure 84. Clock Stopping Sequence (2)
<Example>

(1) Power down PLL: PMPLL bit = “1> “0”
(2) Stop the external BICK and LRCK clocks

3. PLL Slave (MCKI pin)

n Example
. _— Audio I/F Format: MSB justified (ADC & DAC
PMPLL bit PELIReference clock: Nf(léK: e )
(Addr:01H, DO) BICK frequency: 64fs
:(l) Sampling Frequency: 44.1kHz
MCKO bit |
(Addr:01H, D1) ’ (1) Addr:01H, Data:00H ‘
L@ \E
External MCKI Input i
L ’ (2) Stop the external clocks ‘
Figure 85. Clock Stopping Sequence (3)
<Example>

(1) Power down PLL: PMPLL bit = “1> “0”
Stop MCKO output: MCKO bit = “1"» “0”
(2) Stop the external master clock.
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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 86. Clock Stopping Sequence (4)
<Example>

(1) Stop the external MCKI, BICK and LRCK clocks.

5. EXT Master Mode

&)

External MCKI Input i
i Example
i Audio I/F Format: MSB justified (ADC & DAC)
np e o Input MCKI frequency: 1024fs

BICK OUtDUt : H"or "L Sampling Frequency: 44.1kHz
1
1
1 npn nn

LRCK Output I H" or "L ’ (1) Stop the external MCKI

Figure 87. Clock Stopping Sequence (5)
<Example>

(1) Stop MCKI clock. BICK and LRCK are fixed to “H” or “L".

B Power down

Power supply current can be shut down (typu/0by stopping clockand setting PMVCM bit = “0” after all blocks
except for VCOM are powered-down. Power supply current can be also shut dowmtypyItopping clocks and
setting PDN pin = “L”. When PDN pin = “L", the registers are initialized.
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AKM
| PACKAGE |
® 32pin QFN (Unit: mm)
- 40+0.1 > _ 2601
I 17 . 24 Y
3 i |_||_||_|!|_||_||_| 0.40 £ 0.10
I 16_\ | o5 A
| A :l | :
= j ==
| e e B Es
< | N ] Exposed I E
! Y 9;, Pad /<\C32 |
,, | n‘uﬂﬂmm
8 1

A

0.18£0.05 | |_ C0.3
> PIN #1 1D

0.22 +0.05

»
>

-
%

-

-
-
%

»
>
»
>

0.65 MAX

0.00 MIN
0.05 MAX

Note) The exposed pad on the bottom surface ofabkgge must be open or connected to the ground.

B Material & Lead finish

Package molding compound: Epoxy
Lead frame material: Cu
Lead frame surface treatnie  Solder (Pb free) plate
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| MARKING |

4645

XXXX

O
1

XXXX: Date code (4 digit)
Pin #1 indication

I REVISION HISTORY

Date (YY/MM/DD) | Revision | Reason Page Contents
07/06/19 00 First Edition

IMPORTANT NOTICE

® These products and their specifications are subject to change without notice.
When you consider any use or application of these ptedplease make inquiries the sales office of Asahi Kagei
EMD Corporation (AKEMD) or authorized distributors as to current status of the products.
® AKEMD assumes no liability for infringement of any patent, intellectual property, or other rights in the applicatipn or
use of any information contained herein.
® Any export of these products, or devices or systems comgaiheém, may require an export license or other officipl
approval under the law and regulations of the countrxpdr pertaining to customs and tariffs, currency exchange,
or strategic materials.
® AKEMD products are neither intended notlaarized for use as critical componegts;in any safety, life support, or
other hazard related device or sysigm, and AKEMD assumes no responsibilir such use, except for the usg¢
approved with the express written consent by Representative Director of AKEMD. As used here:
Notel) A critical component is one whose failure to fiorcor perform may reasonably be expected to resylt,
whether directly or indirectly, in the loss of the safety or effectiveness of the device or system containingit, and
which must therefore meet very high standards of performance and reliability.
Note2) A hazard related device or sysismane designed or intended for Idiepport or maintenance of safety o
for applications in medicine, aerospateglear energy, or otheefds, in which its failure to function or perform
may reasonably be expected to result in loss of lifa significant injury or damage to person or property.
® |t is the responsibility of the buyer distributor of AKEMD ppoducts, who distributes, gisses of, or otherwise
places the product with a third party nwtify such third party imdvance of the above cent and conditions, and the|
buyer or distributor agrees to assume any andsghbiesibility and liability for and hold AKEMD harmless from any
and all claims arising from the use of said product in the absence of such notification.
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