ASAHI KASEI

[AK4642]

AKM

AK4642
16-Bit A Stereo CODEC with MIC/HP/SPK-AMP

GENERAL DESCRIPTION

The AK4642 features a 16-bit stereo CODEC with a built-in Microphone-Amplifier, Headphone-Amplifier
and Speaker-Amplifier. Input circuits include a Micr ophone-Amplifier and an ALC (Auto Level Control)
circuit that is suitable for portable application with recording/playback function. The AK4642 is available in

a 32pin QFN, utilizing less board space than competitive offerings.

FEATURES

1. Resolution: 16bits
2. Recording Function

e Stereo Mic Input (Full-differential or Single-ended)
e Stereo Line Input
e MIC Amplifier (+32dB/+26dB/+20dB or 0dB)
e Digital ALC (Automatic Level Control)
(+36dB ~ -54dB, 0.375dB Step, Mute)
¢ ADC Performance: S/(N+D): 83dB, DR, S/N: 86dB (MIC-Amp=+20dB)
S/(N+D): 88dB, DR, S/N: 95dB (MIC-Amp=0dB)
e Wind-noise Reduction Filter
e Stereo Separation Emphasis

3. Playback Function

¢ Digital De-emphasis Filter (tc=50/15ps, fs=32kHz, 44.1kHz, 48kHz)
e Digital Volume (+12dB ~ -115.0dB, 0.5dB Step, Mute)
¢ Digital ALC (Automatic Level Control)
(+36dB ~ -54dB, 0.375dB Step, Mute)
e Stereo Separation Emphasis
e Stereo Line Output
- Performance: S/(N+D): 88dB, S/N: 92dB
e Stereo Headphone-Amp
- S/(N+D): 70dB, S/N: 90dB
- Output Power: 15mW@16Q (HVYDD=3.3V)
- Pop Noise Free at Power ON/OFF
e Mono Speaker-Amp
- S/(N+D): 50dB@240mW, S/N: 90dB
- BTL Output
- Availbable for both Dynamic and Piezo Speaker
- Output Power: 400mW@8Q (HVDD=3.3V)
3.0Vrms@50Q (HVDD=5V)
e Beep Input

4. Power Management
5. Master Clock:

(1) PLL Mode
e Frequencies:
11.2896MHz, 12MHz, 12.288MHz, 13.5MHz, 24MHz, 27MHz (MCKI pin)
1fs (LRCK pin)
32fs or 64fs (BICK pin)
(2) External Clock Mode
e Frequencies: 256fs, 512fs or 1024fs (MCKI pin)

6. Output Master Clock Frequencies: 32fs/64fs/128fs/256fs
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ASAHI KASEI [AK4642]

7. Sampling Rate:
e PLL Slave Mode (LRCK pin): 7.35kHz ~ 48kHz
e PLL Slave Mode (BICK pin): 7.35kHz ~ 48kHz
e PLL Slave Mode (MCKI pin):
8kHz, 11.025kHz, 12kHz, 16kHz, 22.05kHz, 24kHz, 32kHz, 44.1kHz, 48kHz
e PLL Master Mode:

8kHz, 11.025kHz, 12kHz, 16kHz, 22.05kHz, 24kHz, 32kHz, 44.1kHz, 48kHz
¢ EXT Slave Mode:

7.35kHz ~ 48kHz (256fs), 7.35kHz ~ 26kHz (512fs), 7.35kHz ~ 13kHz (1024fs)

8. uP I/F: 3-wire Serial, I°C Bus
9. Master/Slave mode
10. Audio Interface Format: MSB First, 2’'s compliment

e ADC : 16bit MSB justified, I°S

e DAC : 16bit MSB justified, 16bit LSB justified, I°S
11. Ta = -40 ~ 85°C (SPK-Amp=0FF)

—40 ~ 70°C (SPK-Amp=0N)

12. Power Supply:

¢ AVDD, DVDD: 2.6 ~ 3.6V (typ. 3.3V)

e HVDD: 2.6 ~ 5.25V (typ. 3.3V/5.0V)
13. Package: 32pin QFN (5.2mm x 5.2mm)
14. Register Upper-Compatible with Mono CODEC (AK4536/4630/4631)
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ASAHI KASEI [AK4642]

B Ordering Guide
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ASAHI KASEI

B Comparison with AK4537

[AK4642]

Function AK4537 AK4642

Mic Input Single-ended Single-ended / Full-differential
Stereo Mic Input 1-Input 2-Input selectable

MIC-Power 2-Output, R, =2kQ (min) 1-Output, R, =0.5kQ (min)
MIC-Amp +20dB or 0dB +32dB/+26dB/+20dB or 0dB

MIC ALC +27.5dB to —8dB, 0.5dB step +36dB to —54dB, 0.375dB step, Mute

Wind-noise Reduction Filter

N/A

Available

Stereo Separation Emphasis

N/A

Available

Mono Mic Mode

N/A

Available

ALC for Playback

SP only, +18dB to —-8dB

Line/HP/SP, +36dB to —54dB

DATT

0to -127dB, Mute

+12 to —115dB, Mute

Bass Boost

+5.74dB/+5.94dB/+16.04dB@20Hz

+5.76dB/+10.80dB/+16.060B@20Hz

DAC Digital Filter
Stopband Attenuation

43dB

59dB

Line Output Level

1.98Vpp

1.98Vpp/2.50Vpp

Usage for Piezo Speaker

N/A

Available

PLL Input Frequency

11.2896MHz, 12MHz, 12.288MHz

11.2896MHz, 12MHz, 12.288MHz,
13.5MHz, 24MHz, 27TMHz

uP I/F 4-wire/I°C(100kHz mode) 3-wire/1°C(400kHz mode)
Xtal Available N/A

MCKI AC Input Available N/A

MCKI Pull-down Available N/A

Analog Loopback Available N/A

Mono Line Output Available N/A

Stereo Beep Input Available N/A

Power Supply (HVDD) 2.4 ~ 3.6V 2.6 ~5.25V

Package 52pin QFN (7.2mm x 7.2mm) 32pin QFN (5.2mm x 5.2mm)

Register Map

No Compatibility
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ASAHI KASEI

B Comparison with AK4631

[AK4642]

Function AK4631 AKA4642

Mic Input Single-ended Single-ended / Full-differential
Stereo Mic Input N/A Available

ADC Mono Stereo

MIC ALC +27.5dB to —8dB, 0.5dB step +36dB to —54dB, 0.375dB step, Mute

Wind-noise Reduction Filter

N/A

Available

Stereo Separation Emphasis

N/A

Available

ALC for Playback

SP only, +18dB to —8dB

Line/HP/SP, +36dB to -54dB

Soft Mute N/A Available

Bass Boost N/A Available
De-emphasis N/A Available

DAC Mono Stereo

HP-Amp N/A Available

Line Output Mono Stereo

Line Output Level 1.98Vpp 1.98Vpp/2.50Vpp
uP I/F 3-wire 3-wire/I°C

MCKI Pull-down Available N/A

Analog Loopback Available N/A

DSP Mode Available N/A

Package 28pin QFN (5.2mm x 5.2mm) 32pin QFN (5.2mm x 5.2mm)

Regester Map

Upper-compatible (Difference: ALC
parameter, Analog Loopback & DSP
Mode Removed)
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ASAHI KASEI [AK4642]
B Register Compatibility with AK4631
AK4631
Addr Register Name D7 D6 ! : D5 : D4D 3 : D2 D1 ! : DO
00H | Power Management 1 0 | PMVCM | PMBP | PMSPK i PMAO | PMDAC | PMMIC | PMADC
01H | Power Management 2 0 : 0 : 0 : 0 . M/S | MCKPD |\ MCKO . PMPLL
02H | Signal Select 1 SPPS BEEPS | ALC2S DACA DACM | MPWR | MICAD : MGAINO
03H | Signal Select 2 0 . AOPSN | MGAIN1 | SPKG1 : SPKGO . BEEPA | ALCIM @ ALCIA
04H | Mode Control 1 PLL3 PLL2 | PLL1 PLLO ! BCKOl1l : BCKOO @ DIF1 : DIF0
05H | Mode Control 2 0 i 0 | FS3 | MSBS ! BCKP ! FS2 i FS1 | FSO
06H | Timer Select DVTM | ROTM ! ZTM1 { ZTMO ! WTM1 | WTMO ! LTM1 :{ LTMO
07H | ALC Mode Control 1 0 i ALC2 | ALC1 ' ZELM | LMAT1 ! LMATO : RATT ! LMTH
08H | ALC Mode Control 2 0 | REF6 | REF5 | REF4 | REF3 | REF2 | REFL | REF0
09H | Input PGA Control 0 IPGA6 | IPGA5 IPGA4 | IPGA3 | IPGA2 | IPGAL . IPGAD
0AH [ Digital Volume Control | DVOL7 | DVOL6 | DVOL5 | DVOL4 | DVOL3 | DVOL2 | DVOL1 ! DVOLO
0BH | ALC2 Mode Control 0 0 RFS5 RFS4 RFS3 RFS2 RFS1 RFSO
AK4642
Addr | Register Name D7 ' D6D5: ' D4D3D2 E ' D1DO:
00H | Power Management 1 0 ' PMVCM: PMBP ! PMSPK ! PMLO ! PMDAC { 0 : PMADL
01H | Power Management 2 0 ! HPMTN | PMHPL | PMHPR | M/S | 0 ! MCKO ! PMPLL
02H | Signal Select 1 SPPSN | BEEPS | DACS | DACL { 0 ' PMMP { 0 | MGAINO
03H | Signal Select 2 LOVL | LOPS | MGAINL | SPKGl | SPKGO | BEEPL { 0 + 0
04H | Mode Control 1 PLL3 | PLL2 PLL1I | PLLO BCKO ¢ 0 . DIFL : DIFO
05H | Mode Control 2 PSI . PSO FS3 ¢ 0 0 . FS2 . FS1 . FsO
06H | Timer Select DVTM 0 ZTM1 ZTMO | WTML ' WTMO ¢ 0 ¢ O
07H | ALC Mode Control 1 0 ¢ 0 i ALC ! ZELMN ! LMAT1 ! LMATO ! RGAINO ; LMTHO
08H | ALC Mode Control 2 REF7 | REF6 ! REF5 | REF4 ! REF3 | REF2 ! REFl | REF0
09H | Lch Input Volume Control IVL7 | IVL6 | IVL5 | IVL4 | IVL3 | IVL2 | IVLL | IVLO
0AH | Lch Digital Volume Control | DVL7 | DVL6 ! DVL5 ! DVL4 ! DVL3 ! DVL2 | DVL1 @ DVLO
0BH | ALC Mode Control 3 RGAIN1 | LMTHI1 0 ; 0 ; 0 i 0 ; 0 ; 0
OCH
to Additional Function for AK4642 only
1FH

Bits which are not needed for AK4642
MS0358-E-02 2005/04




ASAHI KASEI [AK4642]

| PIN/FUNCTION |
No. P in Name 1/0 Function
1 | MPWR O | MIC Power Supply Pin
Common Voltage Output Pin, 0.45 x AVDD
2V CcOoM 0 Bias voltage of ADC inputs and DAC outputs.
3 | AVSS - | Analog Ground Pin
4 | AVDD - | Analog Power Supply Pin
5V coc 0 Outp_ut F_’in for Loop Filter of PLL Circuit _ _ o .
This pin should be connected to AVSS with one resistor and capacitor in series.
61dc | Control 2Mode Select Pin _ .
“H”: 1°C Bus, “L”: 3-wire Serial
7p| DN | Power-Down Mode Pin o _
“H”: Power-up, “L”: Power-down, reset and initializes the control register.
g |CSN__ 1 || Chip Select Pin (12Cpin="L7) ]
CADO I | Chip Address 1 Select Pin (12C pin = “H”)
9 CCLK | | __] Control Data Clock Pin (1I2Cpin="L") |
SCL I | Control Data Clock Pin (12C pin = “H”)
o lcom || Control Data InputPin (12Cpin=-") |
SDA 1/0 | Control Data Input Pin (12C pin = “H”)
11 | SDTI I | Audio Serial Data Input Pin
12 | SDTO O | Audio Serial Data Output Pin
13 | LRCK 1/0 | Input / Output Channel Clock Pin
14 | BICK 1/0 | Audio Serial Data Clock Pin
15 | DvDD - Digital Power Supply Pin
16 | DVSS - | Digital Ground Pin
17 | MCKI | External Master Clock Input Pin
18 | MCKO O | Master Clock Output Pin
19 | SPN O | Speaker Amp Negative Output Pin
20 | SPP O | Speaker Amp Positive Output Pin
21 | HVDD - | Headphone & Speaker Amp Power Supply Pin
22 | HVSS - | Headphone & Speaker Amp Ground Pin
23 | HPR O | Rch Headphone-Amp Output Pin
24 | HPL O | Lch Headphone-Amp Output Pin
Mute Time Constant Control Pin
25 MUTET o Connected to HVSS pin with a capacitor for mute time constant.
26 | ROUT O | Rch Stereo Line Output Pin
27 | LOUT O | Lch Stereo Line Output Pin
28 | BEEP [ Mono Beep Signal Input Pin
o9 |RIN2 | |__| Reh Analog Input2pin (MDIF2bit="0") |
IN2— I Microphone Negative Input 2 Pin (MDIF2 bit = “1”)
30 IEIN2 ] |__|.LchAnalog Input2Pin (MDIF2bit="0") |
IN2+ [ Microphone Positive Input 2 Pin (MDIF2 bit = “1)
g | LINL || Lch Analog Input 1Pin (MDIFLbit="0") |
IN1- I Microphone Negative Input 1 Pin (MDIF1 bit = “1”)
o |RINL |__|RchAnalog Input1Pin (MDIFLbit="0") |
IN1+ [ Microphone Positive Input 1 Pin (MDIF1 bit = “1”)

Note 1. All input pins except analog input pins (BEEP, LIN1, RINZ1, LIN2, RIN2) should not be left floating.
Note 2. AVDD or AVSS voltage should be input to 12C pin.
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ASAHI KASEI

B Handling of Unused Pin

The unused 1/0 pins should be processed appropriately as below.

[AK4642]

Classification P | in Name Setting
MPWR, VCOC, SPN, SPP, HPR, HPL, MUTET,
Analog ROUT, LOUT, BEEP, RIN2/IN2—, LIN2/IN2+, These pins should be open.
LIN1/IN1-, RIN1/IN1+
Digital Mmko 1 T,h!,s, P,!,n, shouldbeopen. |
MCKI This pin should be connected to DVSS.
MS0358-E-02 2005/04



ASAHI KASEI [AK4642]
| ABSOLUTE MAXIMUM RATINGS |
(AVSS, DVSS, HVSS=0V; Note 3)
Parameter S ymbol min max Units
Power Supplies: | Analog AVDD -0.3 6.0V
Digi tal DVDD -0.3 6.0V
Headphone-Amp / Speaker-Amp HVDD -0.3 6.0V
|AVSS - DVSS| (Note 4) AGND1 -0.3 \%
|AVSS — HVSS| (Note 4) AGND? -0.3 \%
Input Current, Any Pin Except Supplies 1IN - +10 mA
Analog Input Voltage (Note 5) VINA -0.3 AVDD+0.3 V
Digital Input Voltage (Note 6) VIND -0.3 DVDD+0.3 \Y
Ambient Temperature (powered applied) Ta —40 85 °C
Storage Temperature Tstg —65 150 °C
Maximum Power Dissipation | Ta=85°C (Note8) | Pd1- | | 400 | mw |
(Note 7) Ta=70°C (Note 9) Pd2 - 550 mw

Note 3. All voltages with respect to ground.

Note 4. AVSS, DVSS and HVSS must be connected to the same analog ground plane.

Note 5. 12C, BEEP, RIN2/IN2—, LIN2/IN2+, LIN1/IN1—, RIN1/IN1+ pins

Note 6. PDN, CSN/CADO, CCLK/SCL, CDTI/SDA, SDTI, LRCK, BICK, MCKI pins

Note 7. In case that PCB wiring density is 100%. This power is the AK4642 internal dissipation that does not include
power of externally connected speaker and headphone.

Note 8. Speaker-Amp is not available.

Note 9. Speaker-Amp is available.

WARNING: Operation at or beyond these limits may result in permanent damage to the device.

Normal operation is not guaranteed at these extremes.

RECOMMENDED OPERATING CONDITIONS

(AVSS, DVSS, HVSS=0V; Note 3)

Parameter Symbol min typ Max Units
Power Supplies | Analog AVDD 2.6 3.3 3.6 \
(Note 10) | Digital DVDD 2.6 3.3 3.6 \%
HP / SPK-Amp (Note 11) HVDD 2.6 3.3/5.0 5.25 \Y
Difference AVDD-DVDD —-0.3 0+0.3 V

Note 3. All voltages with respect to ground.
Note 10. The power-up sequence between AVDD, DVDD and HVDD is not critical. When the power supplies are
partially powered OFF, the AK4642 must be reset by bringing PDN pin “L” after these power supplies are
powered ON again.

Note 11. HVDD = 2.6 ~ 3.6V when 8Q dynamic speaker is connected to the AK4642.

* AKM assumes no responsibility for the usage beyond the conditions in this datasheet.

MS0358-E-02

2005/04



ASAHI KASEI

[AK4642]

ANALOG CHARACTERISTICS

(Ta=25°C; AVDD, DVDD, HVDD=3.3V; AVSS=DVSS=HVSS=0V; fs=44.1kHz, BICK=64fs;
Signal Frequency=1kHz; 16bit Data; Measurement frequency=20Hz ~ 20kHz; unless otherwise specified)

Parameter | minty | p | max Units
MIC Amplifier: LIN1, RIN1, LIN2, RIN2 pins; MDIF1 = MDIF2 bits = “0” (Single-ended inputs)
Input — [MGAINL-Obits=00" T L 60 [ 80 k@
Resistance | MGAIN1-0 bits = “01”, “10”or “11” 20 30 40 kQ
(MGAINLObits="00" | - [ o | - | B
Gain  |MGAINLObis==01" | - | +0 | - | B
MGAIN1-0 bits = “10” - +26 - dB
| MGAIN1-0 bits=*11" | - | 32 | - | dB
MIC Amplifier: IN1+, IN1—, IN2+, IN2— pins; MDIF1 = MDIF2 bits = ““1” (Full-differential input)
Maximum Input Voltage (Note 12)
| MGAINL-Obits="01" | - . SRR N 0228 | vpp
MGAIN1-0 bits = “10” - - 0.114 Vpp
| MGAIN1-0 bits=*11" | - | - 0057 | Vpp
MIC Power Supply: MPWR pin
Output Voltage (Note 13) 2.22 2.47 2.72 \Y/
Load Resistance 0.5 - - kQ
Load Capacitance - - 30 pF
ADC Analog Input Characteristics: LIN1I/RIN1/LIN2/RIN2 pins - ADC — IVOL, IVOL=0dB, ALC=0OFF
Resolution - - 16 Bits
Note 15 0.168 0.198 0.228 V
Input Voltage (Note 14) TN - I I T I 238 | Vpp
(Note 15) 71 83 - dBFS
S/(N+D)  (-1dBFS) ‘(Note16) | - | 88 |- dBFS
D-Range  (-60dBFS, A-weighted) Emgtzig ----------- 7 IR gg ------------- gg
. Note 15 76 86 - dB
SIN (A -weighted) ’%Nb’té’ig;""""""_ ””””””””” o5 LT B
Interchannel Isolation Emgiig ——————————— 7 R 19000 ————————————— gg
Interchannel Gain Mismatch Emgiig; fffffffffffffffff 8 i 7777777777777777 82 ffffffffffff gg

Note 12. The voltage difference between IN1/2+ and IN1/2— pins. AC coupling capacitor should be inserted in series at
each input pin. Full-differential mic input is not available at MGAIN1-0 bits = “00”. Maximum input voltage of
IN1+, IN1-, IN2+ and IN2- pins is 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+, IN1—, IN2+ or IN2— pin, ADC does not operate
normally.
Note 13. Output voltage is proportional to AVDD voltage. Vout = 0.75 x AVDD (typ)
Note 14. Input voltage is proportional to AVDD voltage. Vin = 0.06 x AVDD (typ)@MGAIN1-0 bits = “01” (+20dB),
Vin = 0.6 x AVDD(typ) @ MGAIN1-0 bits = “00” (0dB)
Note 15. MGAIN1-0 bits = “01” (+20dB)
Note 16. MGAIN1-0 bits = “00” (0dB)

MS0358-E-02
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ASAHI KASEI [AK4642]
Parameter | mintyp | | max | Units
DAC Characteristics:

Resolution | - | - | 16 | Bits

Stereo Line Output Characteristics: DAC — LOUT, ROUT pins, ALC=0OFF, IVOL=0dB, DVOL=0dB, LOVL bit =

“0”, R =10k

Output Voltage (Note 17) LOVL bit="0" | 178 | 198 [ 218 | Vpp
LOVL bit = “1” 2.25 2.50 2.75 Vpp
S/(N+D)  (-3dBFS) 78 88 - dBFS
SIN (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
Headphone-Amp Characteristics: DAC — HPL/HPR pins, ALC=0OFF, IVOL=0dB, DVOL=0dB
Note 19) 1.58 1.98 2.38 Vpp
Output Voltage (Note 18 (Note19) | 188 | 198 | 238 | Vpp
utput Voltage (Note 18) (Note 20) 2.40 3.00 3|60 Vpp
-~ (Note19) | 60 | o 1 - dBFS
S(N+D)  (-3dBFS) (Note 20) 280 - dBFS
] - (Note19) | ¢ CO 0 [ - S dB_
SIN (A weighted) (Note 20) i 90 : 4B
- (Note19) | 65 | [ - dB
Interchannel Isolation (Note 20) 3 80 : 4B
M (Noe19) | - T o1 [ o8 | B
Interchannel Gain Mismatch (Note 20) . 01 0.8 4B
- (Note19) | 20 [ S S Q
Load Resistance (Note 20) 100 - : O
- [ClinFigue2 | - [ - 30 | _pF
Load Capacitance C2 in Figure 2 . i 300 oF
Note 17. Output voltage is proportional to AVDD voltage. Vout = 0.6 x AVDD (typ)@LOVL bit = “0”.
Note 18. Output voltage is proportional to AVDD voltage.
Vout = 0.6 x AVDD(typ) @HPG bit = “0”, 0.91 x AVDD(typ) @HPG bit = “1”.
Note 19. HPG bit = “0”, HYDD=3.3V, RL=22.8Q.
Note 20. HPG bit = “1”, HYDD=5V, RL=100Q.
HP-Amp
HPL/HPR pin
47yF
6.8Q
I c1 l, c2 216
Figure 2. Headphone-Amp output circuit
MS0358-E-02 2005/04
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ASAHI KASEI [AK4642]
Parameter | mintyp | | max | Units
Speaker-Amp Characteristics: DAC — SPP/SPN pins, ALC=OFF, IVOL=0dB, DVOL=0dB, R, =8Q, BTL,
HVDD=3.3V
Output Voltage (Note 21)
'SPKG1-0 bits = “00”, ~0.5dBFS (Po=150mW) | 249311373 | | Vpp
SPKG1-0bits = “01”, ~0.5dBFS (Po=240mW) |~ -392- | | | Vpp
SPKG1-0 bits = “10”, —2.5dBFS (Po=400mW) -1.79 - Vrms
S/(N+D)
'SPKG1-0 bits = “00”, ~0.5dBFS (Po=150mwW) | -60- | [ | dB
'SPKG1-0 bits = “01”, ~0.5dBFS (Po=240mW) | 205 | ] - - dB
SPKG1-0 bits = “10”, —2.5dBFS (Po=400mW) -20 - dB
SIN (A-weighted) 80 90 - dB
Load Resistance 8 - - Q
Load Capacitance - - 30 pF

Speaker-Amp Characteristics: DAC — SPP/SPN pi

R.=50Q, BTL, HYDD=5.0V

ns, ALC=OFF, IVOL=0dB, DVOL=0dB, C =3pF, Reia=10Q2 X 2,

Output Voltage | SPKG1-0 bits = *10”, 0dBFS ___ | - | 675 | .- o|...Vpp o
(Note 21) | SPKG1-0 bits = “11”, 0dBFS 6.80 8.50 10.20 Vpp
SI(N+D) | SPKGL-Obits=*107,0dBFS | - [ 60 | - -] dB_
(Note 22) | SPKG1-0 bits = “11”, 0dBFS 40 50 - dB
SIN (A-weighted) 80 90 - dB
Load Resistance (Note 23) 50 - - Q
Load Capacitance (Note 23) - - 3 uF
BEEP Input: BEEP pin (External Input Resistance=20kQ)
Maximum Input Voltage (Note 24) | - | 1.98 | - | Vpp
Gain (Note 25)
BEEP > LOUT/ROUT [LOVLbit="0" | 45 [ o+45 [ [ dB__
LOVL bit=*“1" - +2 - dB
BEEP > HPL/HPR ~ [HPGhit="0" [ 245 | 20 | 155 | B
HPG bit = “1” - -16.4 -dB
BEEP - SPP/SPN
_ALC bit = 0", SPKGL-0bits =“00"_| 057 | +443+ [ 893 [ _ dB__
_ALCbit="0", SPKG1-Obits="01" | - | 4643 | - | dB
_ALCbit="0", SPKG1-0bits=*10" | - | #1065 | -] dB
ALCbit="0", SPKG1-0bits = "11" | - | . +12.65 | o | dB____
ALCDit="1" SPKG1-0bits="00" | - | . #643 | - .. dB____
ALCDit="1" SPKG1-0bits="01" | - | . #843 | - .. dB____
ALCDit="1" SPKG1-0bits = "10" | - | . +12.65 | o | dB____
ALC bit = “1”, SPKG1-0 bits = “11” - +14.65 - dB

Note 21. Output voltage is proportional to AVDD voltage.
Vout = 0.94 x AVDD(typ) @SPKG1-0 bits = “00”, 1.19 x AVDD(typ) @SPKG1-0 bits = “01”, 2.05 x
AVDD(typ)@SPKG1-0 bits = “10”, 2.58 x AVDD(typ)@SPKG1-0 bits = “11” at Full-differential output.

Note 22. In case of measuring at SPP and SPN pins.

Note 23. Load impedance is total impedance of series resistance and piezo speaker impedance at 1kHz in Figure 33. Load
capacitance is capacitance of piezo speaker. When piezo speaker is used, 10Q2 or more series resistors should be
connected at both SPP and SPN pins, respectively.

Note 24. Maximum voltage is in proportion to both AVDD and external input resistance (Rin). Vin = 0.6 x AVDD x Rin
1 20kQ (typ).

Note 25. The gain is in inverse proportion to external input resistance.

MS0358-E-02
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ASAHI KASEI [AK4642]
Parameter mintyp | max | Units
Power Supplies:
Power-Up (PDN pin = “H”)
All Circuit Power-up:
AVDD+DVDD (Note 26) - 15 23 mA
HVDD: HP-Amp Normal Operation
No Output (Note 27) ° 8 mA
HVDD: SPK-Amp Normal Operation i
No Output (Note 28) 8 24 mA
Power-Down (PDN pin = “L”) (Note 29)
AVDPD+  DVDD+HVDD | - | 10 | 100 | LA

Note 26. PLL Master Mode (MCKI=12.288MHz) and PMADL = PMADR = PMDAC = PMLO = PMHPL = PMHPR =
PMSPK = PMVCM = PMPLL = MCKO = PMBP = PMMP = M/S hits = “1”. MPWR pin outputs OmA.
AVDD=11mA(typ), DVDD=4mA(typ).

EXT Slave Mode (PMPLL = M/S = MCKO bits = “0”): AVDD=10mA(typ), DVDD=3mA(typ).

Note 27. PMADL = PMADR = PMDAC = PMLO = PMHPL = PMHPR = PMVCM = PMPLL = PMBP bits = “1” and

PMSPK bit = “0”.

Note 28. PMADL = PMADR = PMDAC = PMLO = PMSPK = PMVCM = PMPLL = PMBP bits = “1” and PMHPL =

PMHPR bits = “0”.

Note 29. All digital input pins are fixed to DVDD or DVSS.

MS0358-E-02
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ASAHI KASEI [AK4642]

FILTER CHARACTERISTICS

(Ta=25°C; AVDD, DVDD=2.6 ~ 3.6V; HVDD=2.6 ~ 5.25V; fs=44.1kHz, DEM=0OFF; FIL1=FIL3=EQ=0FF)

Parameter Symbol | | min | typ | max | Units
ADC Digital Filter (Decimation LPF):
Passband (Note 30) +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 (Note 31) GD - 19 - 1/fs
Group Delay Distortion AGD - 0 - us
ADC Digital Filter (HPF): (Note 32)
Frequency Response (Note 30) | —3.0dB FR - 0.9 - Hz
—-0.5dB - 2.7 - Hz
—0.1dB - 6.0 - Hz
DAC Digital Filter (LPF):
Passband (Note 30) +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 31) GD - 22 - 1/fs
DAC Digital Filter (LPF) + SCF:
Frequency Response: 0 ~ 20.0kHz | FR | - | +1.0 | - | dB
DAC Digital Filter (HPF): (Note 32)
Frequency Response (Note 30) | —3.0dB FR - 0.9 - Hz
-0.5dB - 2.7 - Hz
—-0.1dB - 6.0 - Hz
BOOST Filter: (Note 33)
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 30. The passhand and stopband frequencies scale with fs (system sampling rate).

For example, ADC is PB=0.454*fs (@-1.0dB). Each response refers to that of 1kHz.

Note 31. The calculated delay time caused by digital filtering. This time is from the input 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 from setting the 16-bit data of both channels from the input
register to the output of analog signal.

Note 32. 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”, the HPF of DAC is enabled but the HPF of ADC is
disabled.

Note 33. These frequency responses scale with fs. If a high-level and low frequency signal is input, the analog output clips
to the full-scale.
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ASAHI KASEI

[AK4642]

DC CHARACTERISTICS

(Ta=25°C; AVDD, DVDD=2.6 ~ 3.6V; HVYDD=2.6 ~ 5.25V)

Parameter Symbol min typ Max Units
High-Level Input Voltage VIH 70%DVDD - - \%
Low-Level Input Voltage VIL - - 30%DVDD V
High-Level Output Voltage (lout=—200pA) | VOH DVDD-0.2 - - \%
Low-Level Output Voltage
(Except SDA pin: lout=200pA) | VOL - - 0.2 \
(SDA pin: lout=3mA) | VOL - - 0.4 \Y
Input Leakage Current lin - - +10 LA
| SWITCHING CHARACTERISTICS
(Ta=25°C; AVDD, bVDD=2.6 ~ 3.6V; HVDD=2.6 ~ 5.25V; C, =20pF)
Parameter Symbol | |  min | typ | max | Units
PLL Master Mode (PLL Reference Clock = MCKI pin)
MCKI Input Timing
F| requency fCLK 11.2896 - 27 MHz
Pulse Width Low tCLKL 0.4/fCLK - - ns
Pulse Width High tCLKH 0.4/fCLK - - ns
MCKO Output Timing
F| requency fMCK 0.2352 - 12.288 MHz
Dut y Cycle
Except 256fs at fs=32kHz, 29.4kHz dMCK 40 50 60 %
256fs at fs=32kHz, 29.4kHz dMCK - 33 - %
LRCK Output Timing
F| requency fs 7.35 - 48 kHz
Dut yCycle Duty - 50 - %
BICK Output Timing
Period BCKO bit =“0” tBCK - 1/(32fs) - ns
BCKO bit = “1” tBCK - 1/(64fs) - ns
Dut vy Cycle dBCK - 50 - %
PLL Slave Mode (PLL Reference Clock = MCKI pin)
MCKI Input Timing
F| requency fCLK 11.2896 - 27 MHz
Pulse Width Low tCLKL 0.4/fCLK - - ns
Pulse Width High tCLKH 0.4/fCLK - - ns
MCKO Output Timing
F| requency fMCK 0.2352 - 12.288 MHz
Dut y Cycle
Except 256fs at fs=32kHz, 29.4kHz dMCK 40 50 60 %
256fs at fs=32kHz, 29.4kHz dMCK - 33 - %
LRCK Input Timing
F| requency fs 7.35 - 48 kHz
Dut vy Duty 45 - 55 %
BICK Input Timing
P| eriod tBCK 1/(64fs) - 1/(32fs) ns
Pulse Width Low tBCKL | 0.4 xtBCK - - ns
Pulse Width High tBCKH | 0.4 xtBCK - - ns
MS0358-E-02 2005/04
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[AK4642]

Parameter Symbol | min typ max | Units
PLL Slave Mode (PLL Reference Clock = LRCK pin)
LRCK Input Timing
F| requency fs 7.35 - 48 kHz
Dut vy Duty 45 - 55 %
BICK Input Timing
P| eriod tBCK 1/(64fs) - 1/(32fs) ns
Pulse Width Low tBCKL 240 - - ns
Pulse Width High tBCKH 240 - - ns
PLL Slave Mode (PLL Reference Clock = BICK pin)
LRCK Input Timing
F| requency fs 7.35 - 48 kHz
Dut vy 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 xtBCK - - ns
Pulse Width High tBCKH | 0.4 xtBCK - - ns
External Slave Mode
MCKI Input Timing
F| requency 256fs fCLK 1.8816 - 12.288 MHz
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 kHz
512fs fs 7.35 - 26 kHz
1024fs fs 7.35 - 13 kHz
Duty Duty 45 - 55 %
BICK Input Timing
Period tBCK 3125 - - ns
Pulse Width Low tBCKL 130 - - ns
Pulse Width High tBCKH 130 - - ns
Audio Interface Timing
Mas _ter Mode
BICK “!” to LRCK Edge (Note 34) tMBLR —-40 -40 ns
LRCK Edge to SDTO (MSB) tLRD =70 - 70 ns
(Except 1°S mode)
BICK “{” to SDTO tBSD -70 -70 ns
SDTI Hold Time tSDH 50 - - ns
SDTI Setup Time tSDS 50 - - ns
Slave Mode
LRCK Edge to BICK “T” (Note 34) tLRB 50 - - ns
BICK “T to LRCK Edge (Note 34) tBLR 50 - - ns
LRCK Edge to SDTO (MSB) tLRD - - 80 ns
(Except 1°S mode)
BICK “{” to SDTO tBSD - - 80 ns
S| DTI Hold Time tSDH 50 - - ns
SDTI Setup Time tSDS 50 - - ns
Note 34. BICK rising edge must not occur at the same time as LRCK edge.
MS0358-E-02 2005/04
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Parameter Sym bol min typ max Units

Control Interface Timing (3-wire Serial mode)
CCLK Period tCCK 20( - - 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 “J” to CCLK “1” tCSS 50 - - ns
CCLK “1” to CSN “1” tCSH 50 - - ns

Control Interface Timing (1°C Bus mode):
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 13 - - us
Clock High Time tHIGH 0.6 - - us
Setup Time for Repeated Start Condition tSU:STA 0.6 - - us
SDA Hold Time from SCL Falling (Note 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 s
Setup Time for Stop Condition tSU:STO 0.6 - - us
Pulse Width of Spike Noise Suppressed by Input Filter tSP 0 - 50 ns

Power-down & Reset Timing
PDN Pulse Width (Note 36) tPD 150 - - ns
PMADL or PMADR “1” to SDTO valid (Note 37) tPDV - 1059 - 1fs

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

Note 36. The AK4642 can be reset by the PDN pin = “L”.

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

MS0358-E-02 2005/04
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B Timing Diagram

1fCLK

1/fs

50%DVDD

tLRCKH tLRCKL
P »  Duty = tLRCKH x fs x 100

tLRCKL x fs x 100

A

1/fMCK

Yo o R e 50%DVDD

dMCK = tMCKL x fMCK x 100

Figure 3. Clock Timing (PLL Master mode)

O 50%DVDD

50%DVDD

50%DVDD

tSDS tSDH

4
4

Figure 4. Audio Interface Timing (PLL Master mode)
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1/fCLK

—————————————————— ~ VIH
MCKI
—————————————————— ~-VIL
1/fs
-«
————————————————————————— ~ VIH
LRCK
A ~-VIL
tLRCKH | | ¢ tLRCKL Duty = tLRCKH x fs x 100
=tLRCKL x fs x 100
tBCK
-«
————————————————————————— ~VIH
BICK
e ~-VIL
tBCKH tBCKL
—————— - 50%DVDD

1/fCLK

dMCK = tMCKL x fMCK x 100

Figure 5. Clock Timing (PLL Slave mode; PLL Reference Clock = MCKI pin)

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

Figure 6. Clock Timing (EXT Slave mode)
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LRCK

BICK

tSDS

SDTI

Figure 7. Audio Interface Timing (PLL/EXT Slave mode)
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————————————————————————————————————————————————————————————————————————————————————————————————————————————— VIH
CSN
tCCKL  tCCKH
CCLK
Ao Y e VIH
CDTI co RIW
T A e VIL

CDTI D2 D1 DO

Figure 9. WRITE Data Input Timing

> e T e
tHD:DAT {SU:DAT  tSU:STA |

Stop Start

Figure 10. I*C Bus Mode Timing
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PMADL bit
or
PMADR bit

SDTO
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tPDV

A

——————————————————————— 509%DVDD

Figure 11. Power Down & Reset Timing 1

Figure 12. Power Down & Reset Timing 2
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[AK4642]

I OPERATION OVERVIEW

W System Clock

There are the following four clock modes to interface with external devices (see Table 1 and Table 2).

Mode PMPLL bit M/S bit PLL3-0 bits Figure
PLL Master Mode 1 1 See Table 4 Figure 13
PLL Slave Mode 1 .
(PLL Reference Clock: MCKI pin) 1 0 See Table 4 Figure 14
PLL Slave Mode 2 .
(PLL Reference Clock: LRCK or BICK pin) ! 0 See Table 4 Figure 15
EXT Slave Mode 0 0 X Figure 16
Don’t Care (Note 38) 0 1 X -
Note 38. If this mode is selected, the invalid clocks are output from MCKO pin when MCKO bit is “1”.
Table 1. Clock Mode Setting (x: Don’t care)
Mode MCKO bit | MCKO pin | MCKI pin BICK pin LRCK pin
0 “L” Output
PLL Master Mode 1 Selected by gilfgfzdb?é (Selected by O(lﬂz; t
PS1-0 bits BCKO bit)
0 “L” Input
PLL Slave Mode Selected by Input
. ; Selected by A hi (Selectet by
(PLL Reference Clock: MCKI pin) 1 PS1-0 bits PLL3-0 bits BCKO bit) (1fs)
Input
PLL Slave Mode Input
. . 0“L” GND (Selected by
(PLL Reference Clock: LRCK or BICK pin) BCKO bit) (1fs)
- Selected by Input Input
EXT Slave Mode 0 L FS3-0bits | (> 32fs) (1fs)

Table 2. Clock pins state in Clock Mode

B Master Mode/Slave Mode

The M/S bit selects either master or slave mode. M/S bit = “1” selects master mode and “0” selects slave mode. When the
AK4642 is power-down mode (PDN pin = “L") and exits reset state, the AK4642 is slave mode. After exiting reset state,

the AK4642 goes to master mode by changing M/S bit = “1”.

When the AK4642 is used by master mode, LRCK and BICK pins are a floating state until M/S bit becomes “1”. LRCK
and BICK pins of the AK4642 should be pulled-down or pulled-up by the resistor (about 100kQ) externally to avoid the

floating state.

M/S bit Mode
0S lave Mode
1M aster Mode

Table 3. Select Master/Salve Mode

MS0358-E-02
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B PLL Mode

[AK4642]

When PMPLL bit is “1”, a fully integrated analog phase locked loop (PLL) generates a clock that is selected by the
PLL3-0 and FS3-0 bits. The PLL lock time is shown in Table 4, whenever the AK4642 is supplied to a stable clocks after

PLL is powered-up (PMPLL bit = “0” — “1”) or sampling frequency changes.

1) Setting of PLL Mode
PLL R and C of
oge | PLL3 | PLL2 | PLLL [ PLLO | Reference Input VCOC pin PL%;SCK
bit bit bit bit Clock Input Frequency R[Q] | CIF] (max)
Pin
0 0 00¢(Q LRCK pin 1fs 6.8k | 220n 160ms Default
1 0 001 N/A - - - -
2 0010 BICK pin 32fs 10k | 4.7n 2ms
10k 10n 4ms
3 0031 BICK pin 64fs 10k 4.7n 2ms
10k 10n 4ms
4 0 100 MCKI pin 11.2896MHz 10k | 4.7n 40ms
5 0 101 MCKI pin 12.288MHz 10k | 4.7n 40ms
6 0 110 MCKI pin 12MHz 10k 4.7n 40ms
7 0 111 MCKI pin 24MHz 10k 4.7n 40ms
12 1 100 MCKI pin 13.5MHz 10k 10n 40ms
13 1 101 MCKI pin 27MHz 10k 10n 40ms
Others Others N/A

Table 4. Setting of PLL Mode (*fs: Sampling Frequency)

2) Setting of sampling frequency in PLL Mode
When PLL2 bitis “1” (PLL reference clock input is MCKI pin), the sampling frequency is selected by FS3-0 bits as

defined in Table 5.

Default

Mode FS3 bit FS2 bit FS1 bit FSO bit Sampling Frequency
0 000 0 8kHz
1 000 1 12kHz
2 001 0 16kHz
3 001 1 24kHz
4 010 0 7.35kHz
5 010 1 11.025kHz
6 011 0 14.7kHz
7 011 1 22.05kHz
10 101 0 32kHz
11 101 1 48kHz
14 111 0 29.4kHz
15 111 1 44,1kHz
Others O hers N/A

Table 5. Setting of Sampling Frequency at PLL2 bit = “1” and PMPLL bit = “1”

When PLL2 bit is “0” (PLL reference clock input is LRCK or BICK pin), the sampling frequency is selected by FS3 and
FS1-0 bits. (See Table 6). FS2 bit is “don’t care”.

Mode FS3 bit FS2 bit FS1bit | FSObit | Sampling Frequency Range
0 0 Donf't care 0 0 7.35kHz < fs < 8kHz Default
1 0 Don’t care 0 1 8kHz < fs < 12kHz
2 0 Donft care 1 0 12kHz < fs < 16kHz
3 0 Don't care 1 1 16kHz < fs < 24kHz
6 1 Don’t care 1 0 24kHz < fs < 32kHz
7 1 Dont care 1 1 32kHz < fs < 48kHz

Others O thers N/A

Table 6. Setting of Sampling Frequency at PLL2 bit = “0” and PMPLL bit = “1”
MS0358-E-02 2005/04
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B PLL Unlock State

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

In this mode, LRCK and BICK pins go to “L” and irregular frequency clock is output from MCKO pins at MCKO bit is
“1” before the PLL goes to lock state after PMPLL bit = “0” = “1”. If MCKO bit is “0”, MCKO pin goes to “L” (see
Table 7).

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

When sampling frequency is changed, BICK and LRCK pins do not 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 above case) “L” Output Invalid Invalid Invalid
PLL Lock “L” Output See Table 9 See Table 10 1fs Output

Table 7. Clock Operation at PLL Master Mode (PMPLL bit = “1”, M/S bit = “1")
2) PLL Slave Mode (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 bit = “0” - “1”.
After that, the clock selected by Table 9 is output from MCKO pin when PLL is locked. ADC and DAC output invalid
data when the PLL is unlocked. For DAC, the output signal should be muted by writing “0” to DACL, DACH and DACS
bits.

MCKO pin
PLL State MCKO bit = “0” | MCKO bit =*1"
After that PMPLL bit “0” - “1” “L” Output Invalid
PLL Unlock “L” Output Invalid
PLL Lock “L” Output Output

Table 8. Clock Operation at PLL Slave Mode (PMPLL bit = “0”, M/S bit = “0”)

MS0358-E-02 2005/04
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B PLL Master Mode (PMPLL bit =“1", M/S bit =*1")

[AK4642]

When an external clock (11.2896MHz, 12MHz, 12.288MHz, 13.5MHz, 24MHz 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 bits (see Table 9) and the output is enabled by MCKO bit. The BICK output frequency is selected among 32fs or
64fs, by BCKO bit (see Table 10).

MS0358-E-02

11.2896MHz, 12MHz, 12.288MHz

[ 13.5MHz, 24MHz, 27MHz
AK4642 DSP or pP
MCKI
MCKO
BICK
LRCK
SDTO
SDTI
Figure 13. PLL Master Mode
Mode PS1 bit PSO0 bit MCKO pin
00 0 256fs Default
10 1 128fs
21 0 64fs
31 1 32fs

Table 9. MCKO Output

Frequency (PLL Mode, MCKO bit = “1”)

Default

BCKO bit BICK Output
Frequency
0 32fs
1 64fs

Table 10. BICK Output Frequency at Master Mode

26 -

2005/04



ASAHI KASEI [AK4642]

B PLL Slave Mode (PMPLL bit =“1”, M/S bit =*0")

A reference clock of PLL is selected among the input clocks to MCKI, BICK or LRCK pin. The required clock to the
AK4642 is generated by an internal PLL circuit. Input frequency is selected by PLL3-0 bits (see Table 4).

a) PLL reference clock: BICK or LRCK pin

Sampling frequency corresponds to 7.35kHz to 48kHz by changing FS3-0 bits (see Table 6).

AK4642

MCKO DSP or pP

MCKI

BICK

LRCK

SDTO

SDTI

Figure 14. PLL Slave Mode 1 (PLL Reference Clock: LRCK or BICK pin)
b) PLL reference clock: MCKI pin

BICK and LRCK inputs should be synchronized with MCKO output. The phase between MCKO and LRCK dose not
matter. MCKO pin outputs the frequency selected by PS1-0 bits (see Table 9) and the output is enabled by MCKO bit.
Sampling frequency can be selected by FS3-0 bits (see Table 5).

11.2896MHz, 12MHz, 12.288MHz
13.5MHz, 24MHz, 27MHz

AK4642
DSP or uP

MCKI

MCKO MCLK

BICK

LRCK

SDTO

SDTI

Figure 15. PLL Slave Mode 2 (PLL Reference Clock: MCKI 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 AK4642 may draw
excess current and it is not possible to operate properly because utilizes dynamic refreshed 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”).

MS0358-E-02 2005/04
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B EXT Slave Mode (PMPLL bit =*0", M/S bit =“0")

When PMPLL bit is “0”, the AK4642 becomes EXT mode. Master clock is input from MCKI pin, the internal PLL circuit
is not operated. This mode is compatible with I/F of the normal audio CODEC. The clocks required to operate are MCKI
(256fs, 512fs or 1024fs), LRCK (fs) and BICK (>32fs). The master clock (MCKI) should be synchronized with LRCK.
The phase between these clocks does not matter. The input frequency of MCKI is selected by FS1-0 bits (see Table 11).

Mode |  FS3-2 bits FSibit | Fsobit | MCKIInput | Sampling Frequency
Frequency Range
0 Don’t care 00 256fs 7.35kHz ~ 48kHz Default
1 Don’t care 0 1 1024fs 7.35kHz ~ 13kHz
2 Don’t care 10 256fs 7.35kHz ~ 48kHz
3 Don’t care 11 512fs 7.35kHz ~ 26kHz
Others Others N/A N/A

Table 11. MCKI Frequency at EXT Slave Mode (PMPLL bit = “0”, M/S bit = “0”)

The S/N of the DAC at low sampling frequencies is worse than at high sampling frequencies due to out-of-band noise.
The out-of-band noise can be improved by using higher frequency of the master clock. The S/N of the DAC output
through LOUT/ROUT pins at fs=8kHz is shown in Table 12.

SIN

MCKI 1 (fs=8KkHz, 20kHzLPF + A-weighted)
25615 8308

512fs 93dB

10245 93dB

Table 12. 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 AK4642 may draw
excess current and it is not possible to operate properly because utilizes dynamic refreshed 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”).

AK4642

MCKO DSP or pP
MCKI | mcLk

BICK BCLK

LRCK LRCK

SDTO SDTI

SDTI SDTO

Figure 16. EXT Slave Mode
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B System Reset

Upon power-up, the AK4642 should be reset by bringing the PDN pin = “L”. This ensures that all internal registers reset
to their initial values.

The ADC enters an initialization cycle that starts when the PMADL or PMADR bit is changed from “0” to “1” at PMDAC
bits is “0”. The initialization cycle time is 1059/fs=24ms@fs=44.1kHz. During the initialization cycle, the ADC digital
data outputs of both channels are forced to 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 when the PMDAC bit is changed from “0” to “1” at PMADL and
PMADR bits are “0”. The initialization cycle time is 1059/fs=24ms@fs=44.1kHz. During the initialization 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 complete. When PMADC or PMADR bit is “1”, the DAC does not require an
initialization cycle.

B Audio Interface Format

Three types of data formats are available and are selected by setting the DIF1-0 bits (seeTable 13). In all modes, the serial
data is MSB first, 2’s complement format. Audio interface formats can be used in both master and slave modes. LRCK
and BICK are output from the AK4642 in master mode, but must be input to the AK4642 in slave mode. The SDTO is
clocked out on the falling edge (“\”) of BICK and the SDTI is latched on the rising edge (“1").

Mode | DIFLbit | DIFObit | SDTO (ADC) SDTI(DAC) | BICK | Figure
00 0 N/A N/A N/A -
10 1 MSB justified MSB justified > 32fs | Figure 17
21 0 MSB justified MSB justified > 32fs | Figure 18 | Default
31 1 I°S compatible | IS compatible | >32fs | Figure 19

Table 13. Audio Interface Format

If 16-bit data that ADC outputs is converted to 8-bit data by removing LSB 8-bit, “—1” at 16bit data is converted to “-1”
at 8-bit data. And when the DAC playbacks this 8-bit data, “—1" at 8-bit data will be converted to “~256” at 16-bit data
and this is a large offset. This offset can be removed by adding the offset of “128” to 16-bit data before converting to 8-bit
data.

LRCK N | |

012 3 9 1011121314150 1 2 3 9 101112131415 0 1

BICK(32fs)

SDTO(0) l15|14|13| |7|6|5|4|3|2|1|ol15|14|13| |7|6|5|4|3|2|1|0l15|

SDTI(i) i15|14|13| |7|6|5|4|3|2|1|0i15|14|13| |7|6|5|4|3|2|1|0i15|

0123 15 16 17 18 15 16 17 18 310 1
BICK(64fs)
SDTO(0) 15[14f13] | [1]o] 15[14)13) | [1]o0] 15|
SDTI(i) Don't Care  [15[14] Dontcare  [15[14] = |1]o

115:MSB, 0:LSB i |

E‘ Lch Data H‘ Rch Data ’E

Figure 17. Mode 1 Timing
MS0358-E-02 2005/04
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LRCK | [
0123 9101112131415 0 1 2 3 9 101112131415 0 1
BICK(32fs)
SDTO(0) 15|14|13| |7|6|5|4|3|2|1|0 15|14|13| |7|6|5|4|3|2|1|0
SDTI() 15(14[13| |7]6]5]4|3|2]1]0]15[14]13] |7]6]5]4]3]2]|1]0]1s]
0123 1516 17 18 310 1 2 3 1516 17 18 310 1
BICK(64fs)
SDTO(0) 115|14|13| [1]o] 15[14[13] |1_5|_
SDTI() 15|14|13| | 1 | 0 | Don't Care 15|14|13| Don't Care 15|
ilS:MSB, 0:LSB : :
E‘ Lch Data h‘ Rch Data >E
Figure 18. Mode 2 Timing
LRCK | |
0123 9 1011121314150 1 2 3 9101112131415 0 1
BICK(32fs)
SDTO(0) | 0]15]14] |8|7]|6]5]4]3]2]1]0]15[14] |s|7]6]5]4]3]2]1]0
somi(y [0 | [e[7[e[s[=[3[z[1]o s | [a]r[e]s[4]c[2[a]0]
0123 15 16 17 18 310 1 2 3 1516 17 18 310 1
BICK(64fs)
SDTO(o) [2]2]o] tsja] - [2]1]o]
SDT|(i) | 2 | 1 | 0 | Don't Care 15|14| | 2 | 1 | 0 | Don't Care
ilS:MSB, 0:LSB ' '
E‘ Lch Data >E< Rch Data >E
Figure 19. Mode 3 Timing
B Mono/Stereo Mode
PMADL and PMADR bits set mono/stereo ADC operation.
PMADL bit PMADR bit ADC Lch data ADC Rch data
0 0 All “0” All “0” Default
0 1 Rch Input Signal Rch Input Signal
1 0 Lch Input Signal Lch Input Signal
1 1 Lch Input Signal Rch Input Signal
Table 14. Mono/Stereo ADC operation
2005/04
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W Digital High Pass Filter

The AD C hasadi gital high pass fi lter for DC offset
(@fs=44.1kHz) and scales with sampling rate (fs). When PMADL bit = “1” or PMADR bit = “1”, the HPF of ADC is
enabled but the HPF of DAC i s disabled. When PM ADL=PMADR bits = “0”, PMDAC bit=“1", the HPF of DAC is
enabled but the HPF of ADC is disabled.

B MIC/LINE Input Selector

[AK4642]

can cellation. The cut -off freque ncy of the HPF is 0.9Hz

The AK4642 has i nput selector. W hen M DIF1 and M DIF2 bitsare “0”, INL and INR bits select LIN1/LIN2 and
RIN1/RIN2, respectively. When MDIF1 and MDIF2 bits are “1”, LIN1, RIN1, LIN2 and RIN2 pins become IN1—, IN1+,

IN2+ and IN2- pins respectively. In this case, full-differential input is available (Figure 21).

MDIF1 bit MDIF2 bit INL bit INR bit Lch Rch
0 oLl N1 RIN1 Default
0 1LI N1 RIN2
0 1 oLl N2 RIN1
1 LIN2 RIN2
1 0 x LIN1 IN2+/—
1 X N/A N/A
0x 0N /A N/A
1 1 IN1+/— RIN2
1 X X IN1+/— IN21 /-
Table 15. MIC/Line In Path Select
AK4642
INL bit
LINL/IN1- pin - ()
———O
ADC Lch
RIN1/IN1+ pin () ® o
MDIF1 bit
INR bit
; N
RIN2/IN2- pin O
ADC Rch
LIN2/IN2+ pin D; 4 O
MDIF2 bit
Figure 20. Mic/Line Input Selector
MS0358-E-02 2005/04
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AK4642

Figure 21. Connection Example for Full-differential Mic Input (MDIF1/2 bits = “1”)
B MIC Gain Amplifier
The AK4642 has a gain amplifier for microphone input. The gain of MIC-Amp is selected by the MGAIN1-0 bits (see

Table 16). The typical input impedance is 60kQ(typ) @ MGAIN1-0 bits = “00” or 30k Q(typ) @MGAIN1-0 bits = “01”,
“10” or “11”.

MGAIN1 bit | MGAINO bit Input Gain
00 0dB
01 +200dB Default
10 +26dB
11 +32dB

Table 16. Mic Input Gain

H MIC Power

When PMMP bit = “1”, the MPWR pin supplies power for the microphone. This output voltage is typically 0.75 x AYDD
and the load resistance is minimum 0.5kQ. In case of using two sets of stereo mic, the load resistance is minimum 2kQ for
each channel. No capacitor must not be connected directly to MPWR pin (see Figure 22).

PMMP bit MPWR pin
OHi -Z Default
1 Output
Table 17. MIC Power
MIC Power
| .
L
| :
4
N
A\
C q Microphone
C q Microphone
C d Microphone
| O—Q Microphone
RIN2 pin
Figure 22. MIC Block Circuit
MS0358-E-02 2005/04
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W Digital EQ/HPF/LPF

The AK4642 performs wind-noise reduction filter, stereo separation emphasis, gain compensation and ALC (Automatic
Level Control) by digital domain for A/D converted data (Figure 23). FIL1, FIL3 and EQ blocks are IR filters of 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 setting of filter coefficient 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 hit | LOOP bit Status Digital EQ/HPF/LPF
«00” 0 X Power-down Power-down Default
1x Playback Playback path
0 X Recording Recording path
“01”, *“10” or “11” 1 0 Recording & Playback Recording path
1 Recording Monitor Playback Recording path

Note 39. Stereo separation emphasis circuit is effective only at stereo operation.
Table 18. Digital EQ/HPF/LPF Cirtcuit Setting (x: Don’t care)

FIL3 coefficient also sets the attenuation of the stereo separation emphasis.
The combination of GN1-0 bit (Table 19) and EQ coefficient set the compensation gain.

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

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

Wind-noise reduction Stereo separation emphasis Gain compensation
[ 1 F_"'_"'_"_"'_"'_"'_"'_"__"'I: ________________ :
1 1 1 i : :
Leh — FIL1 :I Tmix BH EQ || Gain [ ALC [ Leh
E o FIL3 + ATT X i
: P FIL3 + ATT X !
: L TMIX - - Gain |— L
Rch — FIL1 .f n MIX 3 EQ Gain : ALC Rch
Any coefficient  Any coefficient 0dB ~ -10dB Any coefficient GN1-0
F1A13-0 F3A13-0 MUTE EQA15-0 +24/+12/0dB
F1B13-0 F3B13-0 (set by EQB13-0
F1AS F3AS FIL3 coefficient) EQC15-0
+12dB ~ 0dB

Figure 23. Digital EQ/HPF/LPF

GN1 GNO|Ga in
0 0 0dB Default
0 1 +12dB
1x +24dB

Table 19. Gain select of gain block (x: Don’t care)

MS0358-E-02 2005/04
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[Filter Coefficient Setting]
1) When FIL1 and FIL2 are set to “HPF”
fs: Sampling frequency
fc: Cut-off frequency
f: Input signal frequency
K: Filter gain [dB] (Filter gain of 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, F3B13; LSB=F1A0, F1B0, F3A0, F3B0)
1/ tan (nfc/fs) 1 —1/tan (=fc/fs)
A=10"x , B=
1+ 1/tan (nfc/fs) 1+ 1/tan (nfc/fs)
Transfer function Amplitude Phase
1-z71 2 — 2cos (2nf/fs) (B+1)sin (2nf/fs)
Hz)=A — M(f) = A o(f) =tan "
1+Bz7? 1 + B? + 2Bcos (2xf/fs) 1- B + (B-1)cos (2nf/fs)
2) When FIL1 and FIL2 are set to “LPF”
fs: Sampling frequency
fc: Cut-off frequency
f: Input signal frequency
K: Filter gain [dB] (Filter gain of 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, F3B13; LSB=F1AQ0, F1B0, F3A0, F3B0)
1 1 —1/tan (=fc/fs)
A=10"%x , B=
1+ 1/tan (nfc/fs) 1+ 1/ tan (nfc/fs)
Transfer function Amplitude Phase
1+z7° 2 + 2cos (2nf/fs) (B—-1)sin (2xf/fs)
Hz)=A ——— M(f) = A o(f) =tan *
1+Bz™* 1 + B? + 2Bcos (2nf/fs) 1+ B + (B+1)cos (2xf/fs)
MS0358-E-02 2005/04
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3) EQ

fs: Sampling frequency

fc,: Pole frequency

fc,: Zero-point frequency

f: Input signal frequency

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

Register setting
EQA[15:0] bits =A, EQBJ[13:0] bits =B, EQC[15:0] bits =C
(MSB=EQA15, EQB13, EQC15; LSB=EQAQ, EQBO, EQCO0)

1+ 1/ tan (rfcy/fs) 1 —1/tan (nfcy/fs) 1 —1/tan (nfcy/fs)
A=10?x , B= ,  C=10"?x
1+ 1/tan (rnfc,/fs) 1+ 1/tan (nfc,/fs) 1+ 1/ tan (rfc,/fs)
Transfer function Amplitude Phase
A+Cz™*t A? + C? + 2ACcos (2f/fs) (AB-C)sin (2nf/fs)
H(z) = M(f) = B(f) =tan *
1+Bz* 1+ B? + 2Bcos (2nf/fs) A+ BC + (AB+C)cos (2nf/fs)

[Translation the filter coefficient calculated by the equations above from real number to binary code (2’s complement)]
X = (Real number of filter coefficient calculated by the equations above) x 2*3

X should be rounded to integer, and then should be translated to binary code (2’s complement).
MSB of each filter coefficient setting register is sine bit.

[Filter Coefficient Setting Example]

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

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

2) EQ block

Example: fs=44.1kHz, fc;=300Hz, fc,=3000Hz, Gain=+8dB
Gain[dB] A

+8dB

>
fc, fc 2 Fr equency
EQA[15:0] bits = 0000 1001 0110 1110
EQBJ[13:0] bits = 10 0001 0101 1001
EQC[15:0] bits =1111 1001 1110 1111
MS0358-E-02 2005/04
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B ALC Operation

The ALC (Automatic Level Control) is done by ALC block 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 Playback path
0 X Recording Recording path
“01”, “10” or “11” 1 0 Recording & Playback Recording path
1 Recording Monitor Playback Recording path

Table 20. ALC Setting (x: Don’t care)
1. ALC Limiter Operation

During the ALC limiter operation, when either Lch or Rch exceeds the ALC limiter detection level (Table 21), the IVL
and IVR values (same value) are attenuated automatically by the amount defined by the ALC limiter ATT step (Table 22).
The IVL and IVR are then set to the same value for both channels.

When ZELMN bit= “0" (zero cross detection is enabled), the IVL and IVR values 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 limiter and recovery operation (Table 23).

When ZELMN bit = “1” (zero cross detectionis disabled), IVLand IVR values are immediately (period: 1/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 continuously until the input signal level becomes ALC limiter detection level (Table 21)
or less. After completing the attenuation operation, unless ALC bit is changed 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 Level
00 ALC Output > —-2.5dBFS —2.5dBFS > ALC Output > —4.1dBFS Default
01 ALC Output > —4.1dBFS —4.1dBFS > ALC Output > —6.0dBFS
10 ALC Output > —6.0dBFS —6.0dBFS > ALC Output > —8.5dBFS
11 ALC Output > —8.5dBFS —8.5dBFS > ALC Output > —12dBFS

Table 21. ALC Limiter Detection Level / Recovery Counter Reset Level

ZELMN LMAT1 LMATO ALC Limiter ATT Step
00 1 step 0.375dB | Default
0 01 2 step 0.750dB
10 4 step 1.500dB
11 8 step 3.000dB
1 X X 1step 0.375dB

Table 22. ALC Limiter ATT Step (x: Don’t care)

L Zero Crossing Timeout Period

ZTM1 ZTMO 8kHz 16kHz 44 1kHz
0 0 128/fs 16ms 8ms 2.9ms Default
01 256/fs 32ms 16ms 5.8ms
10 512/fs 64ms 32ms 11.6ms
11 1024/fs 128ms 64ms 23.2ms

Table 23. ALC Zero Crossing Timeout Period
MS0358-E-02 2005/04
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2. ALC Recovery Operation

The ALC recovery operation waits for the WTM1-0 bits (Table 24) to be set after completing the ALC limiter operation.
If the input signal does not exceed “ALC recovery waiting counter reset level” (Table 21) during the wait time, the ALC
recovery operation is done. The IVL and IVR values are automatically incremented by RGAIN1-0 bits (Table 25) up to
the set reference level (Table 26) with zero crossing detection which timeout period is set by ZTM1-0 bits (Table 23).
Then the IVL and IVR are set to the same value for both channels. The ALC recovery operation is done at a period set by
WTM1-0 bits. When zero cross & detected at both channels during the wait period set by WTM1-0 bits, the ALC recovery
operation waits until WTMZ1-0 period and the next recovery operation is done.

For example, when the current IVOL value is 30H and RGAIN1-0 bits are set to “01”, IVOL is changed to 32H by the
auto limiter operation and then the input signal level is gained by 0.75dB (=0.375dB x 2). When the IVOL value exceeds
the reference level (REF7-0), the IVOL values are not increased.

When

“ALC recovery waiting counter reset level (LMTHZ1-0) < 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. When the impulse noise is input, the ALC recovery operation
becomes faster than a normal recovery operation. 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.

ALC Recovery Operation Waiting Period
WIMIWT MO 8kHz 16kHz 44.1kHz
00 128/fs 16ms 8ms 2.9ms Default
01 256/fs 32ms 16ms 5.8ms
10 512/fs 64ms 32ms 11.6ms
11 1024/fs 128ms 64ms 23.2ms
Table 24. ALC Recovery Operation Waiting Period
RGAIN1R GAINO GAIN STEP
00 1 step 0.375dB | Default
0 1 2 step 0.750dB
10 3 step 1.125dB
1 1 4 step 1.500dB
Table 25. ALC Recovery GAIN Step
REF7-0 GA IN(dB) Step
F1H +36.0
FOH +35.625
EFH +35.25
E2H + 30.375
E1H + 30.0 0.375dB Default
EOH + 29.625
03H -53.25
02H —53.625
01H —54.0
00H M UTE
Table 26. Reference Level at ALC Recovery operation
MS0358-E-02 2005/04
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3. Example of ALC Operation
Table 27 shows the examples of the ALC setting for mic recording.
. fs=8kHz fs=44.1kHz
Register Name | Comment Data Ope ration Data Operation
LMTH Li miter detection Level 01 —4.1dBFS 01 —4.1dBFS
ZELMN Limiter zero crossing detection 0 Enable 0 Enable
ZTM1-0 Zero crossing timeout period 00 16ms 10 11.6ms
Recovery waiting period
WTM1-0 *WTM1-0 bits should be the same data 00 16m S 10 11.6ms
as ZTM1-0 bits
REF7-0 Maximum gain at recovery operation E1H +30dB E1H +30dB
IVL7-0, .
IVR7-0 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
ALCALC enable 1 Enable 1 Enable

The following registers should not be changed during the ALC operation. These bits should be changed after the ALC

Table 27. Example of the ALC setting

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

e LMTH, LMAT1-0, WTM1-0, ZTM1-0, RGAIN1-0, REF7-0, ZELMN

Manual Mode

!

WR (ZTM1-0, WTM1-0)

'

WR (REF7-0)

{

WR (IVL/R7-0)

* The value of IVOL should be

Example:
Limiter = Zero crossing Enable
Recovery Cycle = 16ms@8kHz
Limiter and Recovery Step = 1
Maximum Gain = +30.0dB
Limiter Detection Level = -4.1dBFS
ALC bit ="1"

(1) Addr=06H, Data=00H

'

(2) Addr=08H, Data=E1H

'

(3) Addr=09H&O0CH, Data=E1H

* the same or smaller than REF’s ¢

WR (RGAIN1, LMTH1)

'

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

MS0358-E-02

{

ALC Operation

Note : WR : Write

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

!

(5) Addr=07H, Data=01H

Figure 24. Registers set-up sequence at ALC operation
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B Input Digital Volume (Manual Mode)

[AK4642]

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, LMTH and etc)
2. When the registers for the ALC operation (Limiter period, 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 control (Table 28). 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 the written 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 playback, the register setting of IVOL remains. Therefore, IVL7-0 and
IVR7-0 bits should be set to “91H” (0dB).

MS0358-E-02

IVL7-0
IVR7-0 GAIN (dB) Step
F1H +36.0
FOH +35.625
EFH + 35.25
E2H +30.37p
E1H +30.0 0.375dB
EOH +29.625
03H -53.25
02H -53.625
01H 54
00H MUTE

Table 28. Input Digital Volume Setting

39 -

2005/04



ASAHI KASEI [AK4642]

When writing to the IVL7-0 and I'VR7-0 bits continuouslly, the control register should be written by an interval more than
zero crossing timeout. If not, IVL and IVVR are not changed since zero crossing counter is reset at every write operation. If
the same register value as the previous write operation is written to IVL and IVR, this write operation is ignored and zero
crossing counter is not reset. Therefore, IVL and IVR can be written by an interval less than zero crossing timeout.

ALC bit

] 1
] 1
ALC Status Disable E | nable | Disable
! i
IVL7-0 bits : E1H(+30dB) :
! i
] 1
IVR7-0 bits | C6H(+20dB) :
! !
Internal IVL E1H(+30dB) | E1(+30dB) --> F1(+36dB) | E1+300B)
| (1) L (2)
Internal IVR C6H(+20dB) | E1(+30dB) --> F1(+36dB) | ceH(+200B)

Figure 25. IVOL value during ALC operation

(1) The IVL value becomes the start value if the IVL and IVR are different when the ALC starts. The wait time from
ALC bit =“1” to ALC operation start by IVL7-0 bits is at most recovery time (WTMZ1-0 bits) plus zerocross timeout
period (ZTM1-0 bits).

(2) W riting to IVL and VR registers (09H andOCH) is ignored during ALC operation. After ALC is disabled, the IVOL
changes to the last written data by zero crossing or imeout. When ALC is enabled again, ALC bit should be set to “1”
by an interval more than zero crossing timeout period after ALC bit = “0”.

MS0358-E-02 2005/04
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B De-emphasis Filter

The AK4642 includes the digital de-emphasis filter (tc = 50/15us) by IR filter. Setting the DEM1-0 bits enables the
de-emphasis filter (Table 29).

DEM1 DEM 0 Mode
0 0 44.1kHz
0 1 OFF Default
10 48kHz
1 1 32kHz

Table 29. De-emphasis Control

B Bass Boost Function

The BST1-0 bits control the amount of low frequency boost applied to the DAC output signal (Table 30). If the BST1-0
bits are setto “01” (MIN Levd), use a47uF capacitor for AC-coupling. If the boosted signal exceeds full scale, the analog
output clips to the full scale. Figure 26 shows the boost frequency response at —20dB signal input.

Boost Filter (fs=44.1kHz)

Level [dB]

Frequency [Hz]

Figure 26. Bass Boost Frequency Response (fs=44.1kHz)

BST1B STO Mofle
00 OFF Default
0 1 MIN
10 MID
11 MAX

Table 30. Bass Boost Control
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W Digital Output Volume

The AK4642 has a digital output volume (256 | evels, 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 control both Lch and Rch attenuation levels. When the DVOLC bit
=*“0”, the DVL7-0 bits control Lch level and DVR7-0 bits control Rch level. This volume has a soft transition function.
The DVTM bit sets the transition time between set values of DVL/R7-0 bits as either 1061/fs or 256/fs (Table 32). When
DVTM bit =“0”, a soft transition between the set values occurs (1062 levels). It takes 1061/fs (=24ms@fs=44.1kHz)
from OOH (+12dB) to FFH (MUTE).

DVL/R7-0 G ain

00H +12.0dB

01H +11.5dB

02H +11.0dB

18H 0dB Default

FDH -114.5dB

FEH -115.0dB

FFH MUTE (—o0)

Table 31. Digital Volume Code Table
. Transition time between DVL/R7-0 bits = 00H and FFH
DVTM bit Setting fs= 8kHz fs=44.1kHz

01061/ fs 133ms 24ms Default
1256/ fs 32ms 6ms

Table 32. Transition Time Setting of Digital Output Volume

MS0358-E-02 2005/04
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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 —oo (“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 by the DVL/R7-0 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 transmission (Figure 27).

SMUTEbit

DVTM bit DVTM bit
<+—>

1)
/(3)

DVL/R7-0 bits

Attenuation

—» 4—GD —» 4—GD
(2)

Analog Output \/\

Figure 27. Soft Mute Function

(1) The output signal is attenuated until —o (“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.
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B BEEP Input

When the PMBP bit is set to “1”, the beep input is powered-up. When the BEEPS bit is set to “1”, the input signal from the
BEEP pin is output to Speaker-Amp. When the BEEPH bit is set to “1”, the input signal from the BEEP pin is output to
Headphone-Amp. When the BEEPL bit is set to “1”, the input signal from the BEEP pin is output to the stereo line output
amplifier. The external resister Ri adjusts the signal level of BEEP input. Table 33, Table 34 and Tabl e 35 show the

typical gain example at R; = 20kQ. This gain is in inverse proportion to R;.

BEEP —F—W—L

Ri

BEEPL
O—» LOUT/ROUT pin

BEEPH
¢ o 0—— % HPLHPR pin

BEEPS
O—— SPPI/SPN pin

Figure 7. Block Diagram of BEEP pin

LOVL bit

BEEP - LOUT/ROUT

00dB

Default

1+2dB

Tabl

e 33. BEEP Input > LOUT/ROUT Output Gain (typ) at R; = 20kQ

HPG bit BEEP - HPL/HPR
0 —-20dB Default
1 -16.4dB
Table 34. BEEP Input > Headphone-Amp Output Gain (typ) at R; = 20kQ
SPKG1-0 bits BEEP - SPP/SPN
ALC bit = “0” ALC bit =*“1”
00 +4.43dB +6.43dB Default
01 +6.43dB +8.43dB
10 + 10.65dB +12.65dB
11+ 12.65dB +14.65dB

Table 35. BEEP Input > Speaker-Amp Output Gain (typ) at R; = 20kQ
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B Stereo Line Output (LOUT/ROUT pins)

When DACL bitis “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 impedance is 10kQ
(min.). When the PMLO bit = LOPS bit= “0", the stereo | ine out put e nters powe r-down mode and the out put is
pulled-down to AVSS by 100kQ(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 bit = “1”. In t his case, output signal line should be
pulled-down to AVSS by 20kQ after AC coupled as Figure 29. Rise/Fall time is 300ms(max) at C=1uF. When PMLO bit
= LOPS bit = “1”, stereo line output is in normal operation.

LOVL bit set the gain of stereo line output.

1
oo P‘ » LOUT pin
DAC . :
' ; P( P ROUT pin
1

Figure 28. Stereo Line Output

LOPS PM LO Mode LOUT/ROUT pin
0 0 Power-down Pull-down to AVSS Default
1 Norm al Operation Normal Operation
1 0 Power-save Fall down to AVSS
1 Power-save Rise up to VCOM

Table 36. Stereo Line Output Mode Select (x: Don’t care)

LOVL Gain Output Voltage (typ)
00dB 0.6 x AVDD Default
1+ 2dB 0.757 x AVDD

Table 37. Stereo Line Output Volume Setting

C
=
v

20kQ

Figure 29. 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 l
T e T i Tt TTTmmTT T T ie——— &
> 300 ms > 300 ms

Figure 30. Stereo Line Output Control Sequence (in case of using Pop Reduction Circuit)

(1) Set LOPS bit=*1". Stereo line output 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) at C=1uF.

(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 line output enters power-save mode.

(5) Set PMLO bit = “1”. Stereo line output enters power-down mode.
LOUT and ROUT pins fall down to AVSS. Fall time is 200ms (max 300ms) at C=1puF.

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

[AK4642]

Power supply voltage for the Headphone-Amp is supplied from the HVDD pin and centered on the HVYDD/2 voltage. The
load resistance and output voltage are specified by HVDD voltage. HPG bit selects the output voltage (see Table 38).

HVDD 2.6 ~5.25V 4.0 ~5.25V

HPG bit 0 1
Output Voltage [Vpp] 0.6 x AVDD 0.91 x AVDD
Load Resistance (min) 22Q) 100Q

Table 38. Headphone-Amp Output Voltage and Load Resistance

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. A capacitor between the MUTET pin
and ground reduces pop noise at power-up. Rise/Fall time constant is in proportional to HVDD voltage and the capacitor

at MUTET pin.

[Example]: A capacitor between the MUTET pin and ground = 1.0uF, HYDD=3.3V:

Rise/fall time constant: T = 100ms(typ), 250ms(max)
Time until the common goes to HVSS when HPMTN bit = “1” - “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

1

1

1

1

1

1

1

1
o

2

D

©)

)

Figure 31. Power-up/Power-down Timing for Headphone-Amp

(1) Headphone-Amp power-up (PMHPL, PMHPR bit = “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 bit = “0””). 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.
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[AK4642]

When BOOST=0FF, the cut-off frequency (fc) of Headphone-Amp depends on the external resistor and capacitor. This
fc can be shifted to lower frequency by using bass boost function. Table 39 shows the cut off frequency and the output
power for various resistor/capacitor combinations. The headphone impedance R, is 16Q. Output powers are shown at
HVDD = 2.7, 3.0 and 3.3V. The output voltage of headphone is 0.6 x AVDD (Vpp).

When an external resistor R is sma ller than 12Q, put an osci llation prevention circuit (0.22 pF+20% capa citor and
10Q+20% resistor) because it has the possibility that Headphone-Amp oscillates.

[ HP-AMP R
AK4642 I 0.22u
100

Figure 32. External Circuit Example of Headphone

fc [Hz] fc [Hz] Output Power [MW]@O0dBFS
HPGhit | R[QIC| [wF] | BOOST=OFF %ofgjzl\lf F|I I\Zl > 7V 30V 23y
o 6.8 14070 1209 ?g 10112 15.1
16 14070 50 — }13 5.16.3 7.7
1100 ig %7 ég 0911 13
Table 39. External Circuit Example
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B Speaker Output

Power supply for Speaker-Amp (HVDD) is 2.6V to 5.25V. In case of dynamic (electromagnetic) speaker (load resistance
<50Q), HVDD is 2.6V to 3.6V.

Speaker Type Dynamic Speaker Piezo (Ceramic) Speaker
HVDD 2.6 ~3.6V 2.6 ~5.25V
Load Resistance (min) 8Q 50Q
Load Capacitance (max) 30pF 3uF

Note 22. In case of measuring at SPP and SPN pins.

Note 23. Load impedance is total impedance of series resistance and piezo speaker impedance at 1kHz in Figure 33. Load
capacitance is capacitance of piezo speaker. When piezo speaker is used, 10Q2 or more series resistors should be
connected at both SPP and SPN pins, respectively.

Table 40. Speaker Type and Power Supply Range

The DAC output signal is input to the Speaker-amp as [(L+R)/2]. The Speaker-amp is mono and BTL output. The gain is
set by SPKG1-0 bits. Output level depends on AVDD voltage and SPKG1-0 bits.

. Gain
SPKGLObItS A ehit="0" | ALCbit="1"
00 +4.43dB +6.43dB Default
01 +6.43dB +8.43dB
10 + 10.65dB +12.65dB
11+ 12.65dB +14.65dB
Table 41. SPK-Amp Gain
SPK-Amp Output (DAC Input = 0dBFS)
AVDD HVDD SPKG1-0 bits ALC bit=“0" ALC bit =“1”
(LMTHZ1-0 bits = “00”)
00 3.30Vpp 3.11Vpp
33V 01 4.15Vpp (Note 40) 3.92Vpp
10 6.75Vpp (Note 40) 6.37Vpp (Note 40)
3.3V 11 8.50Vpp (Note 40) 8.02Vpp (Note 40)
00 3.30Vpp 3.11Vpp
50V 01 4.15Vpp 3.92Vpp
10 6.75Vpp 6.37Vpp
11 8.50Vpp 8.02Vpp

Note 40. The output level is calculated by assuming that output signal is not clipped. In actual case, output signal may be
clipped when DAC outputs 0dBFS signal. DAC output level should be set to lower level by setting digital

volume so that Speaker-Amp output level is 4.0Vpp or less and output signal is not clipped.
Table 42. SPK-Amp Output Level
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<ALC Operation Example of Speaker Playback>

Register Name | Comment fs=44.1kHz -
Data O peration
LMTH Lim iter detection Level 00 —2.5dBFS
ZELMN Lim iter zero crossing detection 0 Enable
ZTM1-0 Zero crossing timeout period 10 11.6ms
Recovery waiting period
WTM1-0 *WTMZ1-0 bits should be the same data 11232m S
as ZTM1-0 bits
REF7-0 Maximum gain at recovery operation ClH +18dB
VS Gain of IVOL 91H 0dB
LMAT1-0 Limiter ATT step 00 1 step
RGAIN1-0 Recovery GAIN step 00 1 step
ALC ALC enable 1 Enable

Table 43. ALC Operation Example of Speaker Playback
<Caution for using Piezo Speaker>

When a piezo speaker (load capacitance > 30pF) is used, resistances more than 10Q should be inserted between SPP/SPN
pins and speaker in series, respectively, as shown in Figure 33. Zener diodes should be inserted between speaker and
GND as shown in Figure 33, in order to protect SPK-Amp of AK4642 from the power that the piezo speaker outputs when
the speaker is pressured. Zener diodes of the following zener voltage should be used.

0.92 x SVDD < Zener voltage of zener diodo (ZD in Figure 33) < SVDD+0.3V
Ex) In case of SVDD =5.0V: 4.6V <ZD <5.3V
For example, zener diode which zener voltage is 5.1V(Min: 4.97V, Max: 5.24V) can be used.

I ZD
1

SPK-Amp ] >10Q

>éSPP N
1
1
> 1 SPN
I >10Q
1
ZD

Figure 33. Speaker Output Circuit (Load Capacitance > 30pF)
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<Speaker-Amp Control Sequence>

[AK4642]

Speaker-Amp is powered-up/down by PMSPK bit. When PMSPK bit is “0”, both SPP and SPN pin are in Hi-Z state.
When PMSPK bit is “1” and SPPSN bit is “0”, the Speaker-Amp enters power-save mode. In this mode, SPP pin is placed
in Hi-Z state and SPN pin goes to HVDD/2 vol tage. Pow er-save mode can reduce the pop noi se at power-up and

Default

power-down.
PMSPK SP PSN Mode SPP SPN
0x Power-down Hi-Z Hi-Z
1 oP ower-save Hi-Z HVDD/2
1 Normal Operation | Normal Operation | Normal Operation
Table 44. Speaker-Amp Mode Setting (x: Don’t care)
PMSPK bit
SPPSN bit
seon [ 2> G
SPN pin | HVDD/2 | | HVDD/2 |
Figure 34. Power-up/Power-down Timing for Speaker-Amp
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W Serial Control Interface

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

Internal registers may be written by using the 3-wire P interface pins (CSN, CCLK and CDTI). The data on this interface
consists of a 2-bit Chip address (Fixed to “10”), Read/Write (Fixed to “1”), Register address (MSB first, 5bits) and
Control data (MSB first, 8bits). Each bit is clocked in on the rising edge (“T”) of CCLK. Address and data are latched on

the 16th CCLK rising edge (“7*) after CSN falling edge(“4 ™). Clock speed of CCLK is 5MHz (max). The value of
internal registers are initialized by PDN pin = “L".

S (-

01 2 3 4 5 6 7 8 9 10 11 12 13 14 15

CCLK
CDTI _ 1 |co |RNV|A4|A3|A2|A2|AO|D7 |D6|D5|D4|D3|D2 |D1|DO
1" ‘0" ‘1
C1-C0: Chip Address (C1 =“1", CO = “0"); Fixed to “10”
R/W: READ/WRITE (“1”: WRITE, “0": READ); Fixed to “1”
A4-A0: R egister Address
D7-DO0: Con trol data
Figure 35. Serial Control I/F Timing
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(2) I°C-bus Control Mode (12C pin = “H”)
The AK4642 supports the fast-mode 1°C-bus (max: 400kHz, Ver 1.0).

(2)-1. WRITE Operations

Figure 36 shows the data transfer sequence for the 1°C-bus mode. All commands are preceded by a START condition. A
HIGH to LOW transition on the SDA line while SCL is HIGH indicates a START condition (Figure 42). After the
START condition, a slave address is sent. This address is 7 bits long followed by an eighth bit that is a data direction bit
(R/W). The most significant five bits of the slave address are fixed as “00100”. The next two bits are CAD1 and CADO
(device address bits). These two bits identify the specific device on the bus. The hard-wired input pins (CAD1 and CADO
pins) set these device address bits (Figure 37). If the slave address matches that of the AK4642, the AK4642 generates an
acknowledge and the operation is executed. The master must generate the acknowledge-related clock pulse and release
the SDA line (HIGH) during the acknowledge clock pulse (Figure 43). A R /W bit value of “1” indicates that the read
operation is to be executed. A “0” indicates that the write operation is to be executed.

The se cond by te consi sts of the control re gister addre ss of the AK4642. The form at is M SB first, and t hose most
significant 3-bits are fixed to zeros (Figure 38). The data after the second byte contains control data. The format is MSB
first, 8bits (Figure 39). The AK4642 generates an acknowledge after each byte has been rec eived. 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 condition (Figure 42).

The AK4642 can perform more than one byte write operation per sequence. After receipt of the third byte the AK4642
generates an acknowledge and awaits the next data. The master can transmit more than one byte instead of terminating the
write cycle after the first data byte is transferred. After receiving each data packet the internal 5-bit address counter is
incremented by one, and the next data is automatically taken into the next address.

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 clock signal on the SCL line is LOW (Figure 44) except for the START and STOP
conditions.

s
T S
A RIW="0" T
R o]
T $ P
Slave Sub
SDA s Address Address(n) Data(n) Data(n+1) ( W Data(n+x) H
A A A A A A
c c c c c c
K K K K K K
Figure 36. Data Transfer Sequence at the 1°C-Bus Mode
001001 CADO | R/W
(Those CAD1/0 should match with CAD1/0 pins)
Figure 37. The First Byte
0 0 0 A4 A3 AZ ALA0
Figure 38. The Second Byte
D7 Df D5 D4 D3 D2 D1 DO
Figure 39. 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 AK4642. After transmission of data, the master can read the next
address’s data by generating an acknowledge instead of terminating the write cycle after the receipt of the first data word.
After receiving each data packet the internal 5-bit address counter is incremented by one, and the next data is
automatically taken into the next address. If the address exceeds 1FH prior to generating a stop condition, the address
counter will “roll over” to 00H and the previous data will be overwritten.

The AK4642 supports two basic read operations: CURRENT ADDRESS READ and RANDOM ADDRESS READ.

(2)-2-1. CURRENT ADDRESS READ

The AK4642 contains an internal address counter that maintains the address of the last word accessed, incremented by
one. Therefore, if the last access (either a read or write) were to address n, the next CURRENT READ operation would
access data from the address n+1. After receipt of the slave address with R/W bit set to “1”, the AK4642 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 does not generate an acknowledge to the data but instead generates a stop condition,
the AK4642 ceases transmission.

S
T S
A RIW="1" T
R (e}
T P
SDA |s Slave Data(n) Data(n+1) Data(n+2) ( 1 Data(n+x) H
Address
A A A A A A
Cc C C C Cc C
K K K K K K

Figure 40. CURRENT ADDRESS READ

(2)-2-2. RANDOM ADDRESS READ

The random read operation allows the master to access any memory location at random. Prior to issuing the slave address
with the R/W bit set to “1”, the master must first perform a “dummy” write operation. The master issues a start request, a
slave address (R/W bit =*0") and then the register address to read. After the register address is acknowledged, the master
immediately reissues the start request and the slave address with the R/W bit set to “1”. The AK4642 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 generates a stop condition, the AK4642 ceases transmission.

S S
T T S
A R/W="0" A R/W="1" (-;
R R
T % T % P
SDA |s ilc?grfass iggress(n) S ilc?(;/r?ass Data(n) Data(n+1) ‘ 1 Data(n+x) H
A A A A A A A
C C C C C Cc C
K K K K K K K
Figure 41. RANDOM ADDRESS READ
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- NN/

start condition stop condition

Figure 42. START and STOP Conditions

DATA T : -
OUTPUTBY 1 \ !
TRANSMITTER | \!

i i not acknowledge \
DATA T T
OUTPUT BY i i
RECEIVER E '
! E acknowledge
SCL FROM P )
MASTER : ! 1 8 9
LS o t
______ clock pulse for
START acknowledgement
CONDITION
Figure 43. Acknowledge on the 1°C-Bus
; i ! -
1 1 |
> / | | >< | \
a | A—
| 1 |
i i i .
! | i
data line change
stable; of data
data valid allowed
Figure 44. Bit Transfer on the 1°C-Bus
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B Register Map

Addr | Register Name D7 . D4 D3D2 : . D1DO0.

00H | Power Management 1 0 PMBP | PMSPK i PMLO PMDAC | 0 PMADL
01H | Power Management 2 0 PMHPL | PMHPR | M/S 0 . MCKO PMPLL
02H | Signal Select 1 SPPSN DACS | DACL 0 PMMP ! 0 . MGAINO
03H | Signal Select 2 LOVL | . MGAIN1 ;| SPKG1 | SPKGO BEEPL 0 0
04H | Mode Control 1 PLL3 ! PLL1 ! PLLO | BCKO 0 | DIFL DIFO
05H | Mode Control 2 PS1 FS3 0 i 0 FS2 ! FS1 FSO
06H | Timer Select DVTM | ZTM1 ZTMO | WTM1 | WTMO | 0 0
07H | ALC Mode Control 1 0 i ALC | ZELMN | LMAT1 i LMATO | RGAINO | LMTHO
08H | ALC Mode Control 2 REF7 REF5 + REF4 '+ REF3 + REF2 | REF1 . REFO
09H | Lch Input Volume Control IVL7 IVL5 VL4 IVL3 VL2 VL1 IVLO
0AH | Lch Digital Volume Control DVL7 | DVL5 DVL4 DVL3 DVL2 DVL1 DVLO
0BH | ALC Mode Control 3 RGAIN1 0 0 0 0 0 0
0CH | Rch Input Volume Control IVR7 IVR5 IVR4 IVR3 1IVR2 IVR1 1IVRO
ODH | Rch Digital Volume Control DVR7 | DVR5 | DVR4 | DVR3 DVR2 DVR1 DVRO
0EH | Mode Control 3 0o ! SMUTE ! DVOLC ! BST1 BSTO DEM1 | DEMO
OFH | Mode Control 4 0 i 0 0 IVOLC HPM BEEPH ' DACH
10H How er Management 3 0 i HPG MDIF2 MDIF1 INR INL ' PMADR
11H | Digital Filter Select GN1 | 0 FIL1 EQ FIL3 0 0
12H | FIL3 Co-efficient 0 F3A7 | F3A5 F3A4 F3A3 F3A2 F3A1l F3A0
13H | FIL3 Co-efficient 1 F3AS F3A13 F3A12 F3A11 F3A10 F3A9 F3A8
14H | FIL3 Co-efficient 2 F3B7 F3B5 F3B4 F3B3 F3B2 F3B1 F3B0
15H | FIL3 Co-efficient 3 0 F3B13 F3B12 F3B11 F3B10 F3B9 F3B8
16H | EQ Co-efficient 0 EQA7 EQAS5 EQA4 EQA3 EQA2 EQA1 EQA0
17H | EQ Co-efficient 1 EQA15 EQA13 ! EQA12 ' EQAILl | EQA10 ! EQA9 EQA8
18H | EQ Co-efficient 2 EQB7 EQB5 EQB4 EQB3 EQB2 EQB1 EQBO
19H | EQ Co-efficient 3 0 EQB13 | EQBI12 ! EQBI11 : EQBI10 EQB9 EQB8
1AH | EQ Co-efficient 4 EQC7 EQC5 EQC4 EQC3 EQC2 EQC1 EQCO
1BH | EQ Co-efficient 5 EQC15 EQC13 | EQCl12 | EQCI11 | EQCI0 EQC9 EQCS8
1CH | FIL1 Co-efficient 0 F1A7 F1A5 F1A4 F1A3 F1A2 F1A1 F1A0
1DH | FIL1 Co-efficient 1 F1AS F1A13 F1A12 F1A11 F1A10 F1A9 F1A8
1EH | FIL1 Co-efficient 2 F1B7 F1B5 F1B4 F1B3 F1B2 F1B1 F1B0
1FH | FIL1 Co-efficient 3 0 F1B13 F1B12 F1B11 F1B10 F1B9 F1B8
Note 41. PDN pin = “L” resets the registers to their default values.

Note 42. Unused bits must contain a “0” value.
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B Register Definitions

Addr Hegister  Name D7 D6 : D5 D4 ! . D3D2D1 ' . DO
00H Ppwe r Management 1 0 i PMVCM | PMBP i PMSPK i PMLO : PMDAC ! 0 i PMADL
Default 0 i 0 i 00 i 0 i 0 i 0 i 0

PMADL: MIC-Amp Lch and ADC Lch Power Management
0: Power-down (Default)
1: Power-up
When the PMADL or PMADR bitis changed from “0”to “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

PMSPK: Speaker-Amp Power Management
0: Power-down (Default)
1: Power-up

PMBP: Beep Input Power Management
0: Power-down (Default)
1: Power-up
Both PMDAC and PMBP bits should be set to “1” when DAC is powered-up for playback. After that, BEEPL,
BEEPH or BEEPS bit is used to control each path when BEEP input is used.

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

Each block can be powered-down respectively by writing “0” in each bit of this address. 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 00H, 01H, 02H and 10H addresses and MCKO bit is “0”, all blocks are
powered-down. The register values remain unchanged.

When neither ADC nor DAC are used, external clocks may not be present. When ADC or DAC is used, external clocks
must always be present.
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Addr | Register Name D7 D6 ! ! D5D4 ! D3D2; D1! D ! 0
01H | Power Management 2 0 : HPMTN : PMHPL : PMHPR : M/S MCKO : PMPLL
Default 0 :{ 0 { 0 + 0 i O 0 i 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
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Addr Hegister Name D7 ! D6D5D © 4 ! D3 ! D2 ! DI ! DO
02H | Signal Select 1 SPPSN : BEEPS | DACS : DACL : 0 : PMMP ! 0 ! MGAINO
Default 0o ¢ 0 : 0 i+ 0 ! 0 0 b0 1

MGAIN1-0: MIC-Amp Gain Control (See Table 16)
MGAINL1 hit 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 Stereo 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.

DACS: Switch Control from DAC to Speaker-Amp
0: OFF (Default)
1: ON
When DACS bit is “1”, DAC output signal is input to Speaker-Amp.

BEEPS: Switch Control from BEEP pin to Speaker-Amp
0: OFF (Default)
1: ON
When BEEPS bit is “1”, BEEP signal is input to Speaker-Amp.

SPPSN: Speaker-Amp Power-Save Mode
0: Power-Save Mode (Default)
1: Normal Operation
When SPPSN bit is “0”, Speaker-Amp is in power-save mode. In this mode, SPP pin goes to Hi-Z and SPN
pin is outputs HVDD/2 voltage. When PMSPK bit = “1”, SPPSN bit is enabled. After the PDN pin is set to
“H”, Speaker-Amp is in power-down mode since PMSPK bit is “0”.
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Addr Hegister Name D7 ! D6D5D © 4 ! D3 ! D2 ! DI ! DO
03H | Signal Select 2 LOVL | LOPS : MGAIN1 | SPKGL ! SPKGO : BEEPL : 0 : 0
Default 0o ¢ 0 : 0 i+ 0 ! 0 0 P00 10

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

SPKG1-0: Speaker-Amp Output Gain Select (See Table 41)
MGAIN1: MIC-Amp Gain Control (See Table 16)
LOPS: Stereo Line Output Power-Save Mode

0: Normal Operation (Default)

1: Power-Save Mode

LOVL: Stereo Line Output Gain Select (Table 37)
0: 0dB (Default)

1: +2dB
Addr | Register Name D7D | 6 D5! ! D4D3: ! D2D1: ' DO
04H | Mode Control 1 PLL3 ! PLL2 | PLL1 ! PLLO ! BCKO { 0O ! DIFlL ' DIFO
Default o : 0 ¢ 0 O ' 0 * 0 ! 1 i 0

DIF1-0: Audio Interface Format (See Table 13)
Default: “10” (Left jutified)

BCKO: BICK Output Frequency Select at Master Mode (See Table 10)

PLL3-0: PLL Reference Clock Select (See Table 4)
Default: “0000”(LRCK pin)

Addr | Register Name D7 ! D6 ! D5D: 4D | 3 ! D2D 1 ! DO
05H | Mode Control 2 PS1 : PSO ! FS3 ! O { O ! FS2 ! FSL ! FSO
Default o : O0 + 0 : 0 ¢ 0 ! 0 { 0 ! 0

FS3-0: Sampling Frequency Select (See Table 5 and Table 6.) and MCKI Frequency Select (See Table 11.)
FS3-0 bits select sampling frequency at PLL mode and MCKI frequency at EXT mode.

PS1-0: MCKO Output Frequency Select (Table 9)
Default: “00”(256fs)
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[AK4642]
Addr | Register Name D7 ! D6 D5D ! 4D | 3 D2D ! 1 DO
06H Timer Select DVTMO0Z T™M1 ZTMO | WTM1 | WTMO 0 0
Default 0 0 000 i b0 i 0 0

WTM1-0: ALC Recovery Waiting Period (see Table 24.)
Default: “00” (128/fs)

ZTM1-0: ALC Limiter/Recovery Operation Zero Crossing Timeout Period (see Table 23.)
Default: “00” (128/fs)

DVTM: Digital Volume Transition Time Setting (see Table 32.)
0: 1061/fs (Default)
1: 256/fs

This is the transition time between DVL/R7-0 bits = 00H and FFH.

Addr

Register Name D7 | D6 D5D ! 4D | 3 | D2D 1 DO
07H | ALC Mode Control 1 0 | 0 i ALC | ZELMN ! LMAT1 | LMATO : RGAINO : LMTHO
Default o : 0 < 0 1+ 0 1 0 1+ 0 1+ 0 i 0
LMTH1-0: ALC Limiter Detection Level / Recovery Counter Reset Level (see Table 21.)
Default: “00”
LMTH?1 bit is D6 bit of OBH.
RGAIN1-0: ALC Recovery GAIN Step (see Table 25.)
Default: “00”
RGAINL1 bit is D7 bit of 03H.
LMAT1-0: ALC Limiter ATT Step (see Table 22.)
Default: “00”

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

ALC: ALC Enable
0: ALC Disable (Default)
1 : ALC Enable
Addr ]| Register Name D7D 6D ! 5 D4 | D3 D2D 1 DO
08H |ALC Mode Control 2 REF7 REF6 REF5 REF4 REF3 REF2 REF1 REFO

Default 1 ; 1 ; 1 ; 0 ; 0 ; 0 ; 0 1
REF7-0: Reference Value at ALC Recovery Operation. 0.375dB step, 242 Level (see Table 26.)
Default: “E1H” (+30.0dB)
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[AK4642]
Addr |Register Name D7D | 6D ! 5 D4 ! D3 ! D2D! 1 DO
09H | Lch Input Volume Control VL7 IVL6 IVL5 VL4 IVL3 IVL2 IV ' L1 1IVLO
0CH | Rch Input Volume Control IVR7 IVR61 ;. VR5 IVR4 IVR3 IVIR2 IV , R1 IVRO
Default 111 0 ' 00 0 ' 1
IVL7-0, IVR7-0: Input Digital Volume; 0.375dB step, 242 Level (see Table 28.)
Default: “E1H” (+30.0dB)
Addr | Register Name D7 ' D6 D5D ! 4D | 3 D2D ! 1 DO
0AH | Lch Digital Volume Control} VL7 DVL6 DVL5 | DVL4 DV L3 D‘:‘\/L2 DV L1 DVLO
O0DH | Rch Digital Volume Control DVR7 | DVR6 DVR5D; VR4 DV R3D: VR2 DVR1 DVRO
Default 0 : 0 01 10 : 0 : 0
DVL7-0, DVR7-0: Output Digital Volume (see Table 31.)
Default: “18H” (0dB)
Addr | Register Name D7 ! D6 | D5D ! 4D ! 3 | D2D ! 1 ! DO
0BH | ALC Mode Control 3 RGAINL { LMTH1 ; 0+ 0 + 0 { 0 : 0 : 0
Default 0 ' 0 0 0 ' 0 ' 0 : 0 : 0
LMTH1: ALC Limiter Detection Level / Recovery Counter Reset Level (see Table 21.)
RGAIN1: ALC Recovery GAIN Step (see Table 25.)
Addr | Register Name D7D 6 D5 D4 D3 D2 D1 . DO
OEH M ode Control 3 0 LOOP | SMUTE ; DVOLC ; BST1 BSTO DEM1 DEMO
Default 00 . 0 1 ' 0 ' 0 ' 0 ' 1

DEM1-0: De-emphasis Frequency Select (Table 29)
Default: “01” (OFF)

BST1-0: Bass Boost Function Select (Table 30)
Default: “00” (OFF)

DVOLC: Output Digital Volume Control Mode Select
0: Independent
1: Dependent (Default)

When DVOLC bit= “1”, DVL7-0 bi ts control both Lch and Rch volume level, while register values of
DVL7-0 bits are not written to DVR7-0 bits. When DVOLC bit =“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 | Register Name D7D | 6 D5 ! D4D3! ! D2D1; ! DO
OFHM ode Control 4 0 ; 0 ; 0 ; 0 . IVOLC | HPMB: EEPH . DACH
Default 0O : 0 ¢ 0 { O { 1 { 0 i 0 i 0

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

BEEPH: Switch Control from BEEP 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”, (L+R)/2 signals are output to Lch and Rch of the Headphone-Amp. Both PMHPL
and PMHPR bits should be “1” when HPM bit is “1”.

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.
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Addr | Register Name D7 ! D6 ! D5 ! D4 | D3D2 ! D1DO0
10H P] ower Management 3 0 ; 0 ; HPG . MDIF2 ¢ MDIF1 | INR . INL . PMADR
Default 0 i 0 i 0 + 0O + 0 + 0O 0 0

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

INL: ADC Lch Input Source Select
0: LIN1 pin (Default)
1: LIN2 pin

INR: ADC Rch Input Source Select
0: RIN1 pin (Default)
1: RIN2 pin

MDIF1: ADC Lch Input Type Select
0: Single-ended input (LIN1/LIN2 pin: Default)
1: Full-differential input (IN1+/IN1- pin)

MDIF2: ADC Rch Input Type Select
0: Single-ended input (RIN1/RIN2 pin: Default)
1: Full-differential input (IN2+/IN2— pin)

HPG: Headphone-Amp Gain Select (see Table 38.)
0: 0dB (Default)
1: +3.6dB
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Addr Register Name D7 ! D6 ! D5D4D3 ! i D2 ! DI ! DO
11H |Digital Filter Select GNL : GNO : O : FILI : EQ : FIL3 : 0 ! 0
Default o : 0 : 0 { 0 i 0 i+ 0 + 0 i 0

GNZ1-0: Gain Select at GAIN block (see Table 19.)
Default: “00”

FIL3: FIL3 (Stereo Separation Emphasis Filter) Coefficient Setting Enable
0: Disable (Default)
1: Enable
When FIL3 bit is “1”, the settings of F3A13-0 and F3B13-0 bits are enabled. When FIL3 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 bit is “1”, the settings of F1A13-0 and F1B13-0 bits are enabled. When FIL1 bit is “0”, FIL1 block
is through (0dB).
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Addr Register Name D7 ! D6 ! D5D4D3 ! i D2 ! DI ! DO
12H |FIL3 Co-efficient 0 F3A7 ! F3A6 F3A5 F3A4 | F3A3 ! F3A2 ! F3A1 ! F3A0
13H |FIL3 Co-efficient 1 F3AS | 0 | F3A13 ! F3A12 ' F3A1l1 : F3A10 : F3A9 : F3A8
14H |FIL3 Co-efficient 2 F3B7 ' F3B6 @ F3B5 | F3B4 | F3B3 ! F3B2 | F3B1 ! F3BO
15H |FIL3 Co-efficient 3 0 : 0 | F3B13 | F3B12 i F3B11 : F3B10 : F3B9 : F3B8
16H |EQ Co-efficient 0 EQA7 ' EQA6 : EQA5 ' EQA4 ' EQA3 ! EQA2 | EQAl ! EQAOQ
17H |EQ Co-efficient 1 EQA15 | EQA14 | EQA13 | EQAI12 | EQAIl | EQAI0 | EQA9 : EQAS8
18H |EQ Co-efficient 2 EQB7 . EQB6 . EQB5 : EQB4 : EQB3 . EQB2 : EQBL : EQBO
19H |EQ Co-efficient 3 0 ' 0 ! EQBI3 ' EQB12 ! EQB1l ! EQBIO ! EQB9 ! EOQBS
1AH |EQ Co-efficient 4 EQC7 | EQC6 | EQC5 ! EQC4 ! EQC3 ! EQC2 ! EQC1l ! EQCO
1BH |EQ Co-efficient 5 EQC15 ! EQC14 : EQC13 ! EQC12 : EQCIl : EQC10 : EQC9 : EQCS8
1CH |FIL1 Co-efficient 0 FIA7 | F1A6 | FIA5 | F1A4 ! F1A3 ! F1A2 | FIAl ! F1A0
1DH |FIL1 Co-efficient 1 FIAS : 0 | F1A13 ! F1A12 ! F1All ! F1A10 ! F1A9 ! F1A8
1EH |FIL1 Co-efficient 2 FIB7 | FIB6 | FIB5 : FI1B4 : FIB3 ' F1B2 ! FI1B1 ! FI1BO
1FH ]FIL1 Co-efficient 3 0 ¢ 0 ! FIB13 : F1B12 : FIB11 : FIB10 : FI1B9 : FI1B8
Default o : 0 : 0 ‘¢ O ¢ 0 { 0 0 i 0
F3A13-0, F3B13-0: FIL3 (Stereo Separation Emphasis Filter) Coefficient (14bit x 2)
Default: “0000H”
F3AS: FIL3 (Stereo Separation Emphasis Filter) Select
0: HPF (Default)
1: LPF
EQA15-0, EQB13-0, EQC15-CO0: EQ (Gain Compensation Filter) Coefficient (14bit x 2 + 16bit x 1)
Default: “0000H”
F1A13-0, F1B13-B0: FIL1 (Wind-noise Reduction Filter) Coefficient (14bit x 2)
Default: “0000H”
F1AS: FIL1 (Wind-noise Reduction Filter) Select
0: HPF (Default)
1. LPF
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| SYSTEM DESIGN

Figure 45 shows the system connection diagram for the AK4642. An evaluation board [AKD4642] is available which
demonstrates the optimum layout, power supply arrangements and measurement results.

Headphone Speaker 1
|
A A w :
|
|
|
i
Power Supply 1_0{‘ :
2.6 ~ 3.6V ,3 ,E b2 Dynamic SPK :
; N o < R1, R2: Short !
ZD1, ZD2: Open 8§ |
© o Piezo SPK :
S =G 7D1 R1, R2: 2100 i
ZD1, ZD2: Required :
10 0. T—u< = = |
4 | 10 oz2ul | cHip = :
I |
e :
I Il I 1l 101 Il 1001 il '
A A N B :
X | }
o -

QR O % 8 oz X X i
oo > > aa QO 9 |
I I I T n n = = !
§ u b ---H 0.1u !

F—1]25 IMUTET DVSS 116 [] i Ly
200 gy [ iERds
- A |26 IROUT DVDD 15 [}—e ;
Line Out 200 1w H--- ___U |

- AMH 27 iLouT BICK |14 []« : >

1 i . DSP

Beep —— W —{] 38 BEEP AK4642VN LRCK i3 [l : >
1 p— |

External MIC {29 iRIN2 Top View SDTO 112 ]] : >
or o ___U |
Line In | {30 1LIN2 SDTI 111 || !
|
H- - = -—--H |
O | —]31.LN coTl 0[] ;
Internal MIC 1 U |
O o —{[32IRINL CCLK 9 [l :

S n a O : uP
= 3258 ¢33 |
x O = > << > Y%a 0O !
N R e B e I L B R B Rl | !
N I A |
e e e e |
A { :
3 3 '
SHIHHeS=o i
o |
I | |
I 1 '
2 e il
o \ -
Analog Ground | Digital Ground
— b
Notes:
- AVSS, DVSS and HVSS of the AK4642 should be distributed separately from the ground of external
controllers.

- Values of R and C in Figure 45 should depend on system.

- All digital input pins should not be left floating.

- When the AK4642 is EXT mode (PMPLL bit = “0”), a resistor and capacitor of VCOC pin is not needed.

- When the AK4642 is PLL mode (PMPLL bit =*“1"), a resistor and capacitor of VCOC pin is shown in Table 4.

- When piezo speaker is used, 2.6 ~ 5.25V power should be supplied to HYDD and 10Q2 or more series resistors
should be connected to both SPP and SPN pins, respectively.

- When the AK4642 is used at master mode, LRCK and BICK pins are floating before M/S bit is changed to “1”.
Therefore, 100k around pull-up resistor should be connected to LRCK and BICK pins of the AK4642.

Figure 45. Typical Connection Diagram
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1. Grounding and Power Supply Decoupling

The AK4642 requires careful attention to power supply and grounding arrangements. AVDD, DVDD and HVDD are
usually supplied from the system’s analog supply. If AVDD, DVDD and HVDD are supplied separately, the power-up
sequence is not critical. AVSS, DVSS and HVSS of the AK4642 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 AK4642 as possible, with the small value ceramic capacitor
being the nearest.

2. Voltage Reference

VCOM is a signal ground of this chip. A 2.2uF electrolytic capacitor in parallel with a 0.1uF 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 from the VCOM pin in order to avoid unwanted coupling into the
AK4642.

3. Analog Inputs

The Mic, Line and Beep inputs are single-ended. The input signal range scales with nominally at 0.06 x AVDD Vpp (typ)
for the Mic input and 0.6 x AVDD Vpp (typ) for the Beep input, centered around the internal common voltage (0.45 x
AVDD). Usually the input signal is AC coupled using a capacitor. The cut-off frequency is fc = (1/2nRC). The AK4642
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). Stereo Line Output is centered at 0.45 x AVDD. The Headphone-Amp and
Speaker-Amp outputs are centered at HVDD/2.
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[AK4642]

CONTROL SEQUENCE

B Clock Set up

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

Power Supply A

1. PLL Master Mode.

_ L)
PDN pin 42‘

PMVCM bit 2‘
(Addr:00H, D6) !

MCKO bit
(Addr:01H, D1) ‘

PMPLL bit [
(Addr:01H, DO)
‘ ®)

MCKI pin /V / Input

M/S bit 1
(Addr:01H, D3) | ;
! ! ' 40msec(max) '
! 1 (6)

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: 8kHz

(1) Power Supply & PDN pin = “L” = “H"

(2)Addr:01H, Data:08H
Addr:04H, Data:4AH
Addr:05H, Data:00H

v

| (3)Addr:00H, Data:40H

v

| (4)Addr01H, Data:0BH

v

‘ MCKO, BICK and LRCK output

BICK pin Output
LRCK pin ) T
i ¢ 40msec(max) . 1
. 1 1@
MCKO pin l i @ l Output
Figure 46. 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 AK4642.

(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 before 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 changes from “0” to “1” and MCKI is supplied from an external

source.

(6) The AK4642 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)

Power Supply /

e
PDN pin A—ﬁ

—
)]

[AK4642]

Example:
Audio I/F Format : MSB justified (ADC & DAC)
PLL Reference clock: BICK
BICK frequency: 64fs
Sampling Frequency: 8kHz

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

PMVCMbit | iq_p
(Addr:00H, D6) H i
PMPLL bit i

(Addr:01H, DO) !

Input

LRCK pin i ‘ A

BICK pin

Internal Clock

4)

(©)

(2) Addr:04H, Data:32H
Addr:05H, Data:00H

v

| (3 Addr00H, Data:40H |

v

| (4) Ador-01H, Data:01H |

Figure 47. 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 AK4642.
(2)DIF1-0, FS3-0 and PLL3-0 bits should be set during this period.
(3)Power Up VCOM: PMVCM bhit = “0” > “1”

VCOM should first be powered up before the other block operates.
(4)PLL starts after the PMPLL bit changes from “0” to “1” and PLL refere nce clock (LRCK or BICK pi n) 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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Power Supply /

3. PLL Slave Mode (MCKI pin)

Example:

[AK4642]

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: 8kHz

(1) Power Supply & PDN pin = “L" - “H"

1
PDN pin ]ﬂ( ) |
PMVCM bit 1 (2)Addr:04H, Data:4AH
(Addr:00H, D6) ! o Addr:05H, Data:00H
MCKO bit | J
(Addr:01H, D1) ) ‘
: 3)Addr00H, Data:d0H |
PMPLL bit @)
(Addr:01H, DO) \L
. : ©
MCKI pin 777 — | (4)Addr01H, Data:03H
i i '40msec(max) ' § \b
) L ! HG) ‘ MCKO output start ‘
MCKO pin i ) | Output
® .
BICK pin - ‘ BICK and LRCK input start ‘
LRCK pin
Figure 48. 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 AK4642.
(2) DIF1-0, PLL3-0, FS3-0, BCKO and M/S bits should be set during this period.
(3) Power Up VCOM: PMVCM bit =“0” - “1”
VCOM should first be powered up before the other block operates.
(4) Enable MCKO output: MCKO bit = *“1”
(5) PLL starts after that the PMPLL bit changes from “0” to “1” and PLL reference clock (MCKI pin) is supplied.

PLL lock time is 40ms(max).
(6) The normal clock is output from MCKO after PLL is locked.
(7) The invalid frequency is output from MCKO during this period.
(8) BICK and LRCK clocks should be synchronized with MCKO clock.
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4. EXT Slave Mode

[AK4642]

Example:

Audio I/F Format: MSB justified (ADC and DAC)
Input MCKI frequency: 1024fs

Sampling Frequency: 8kHz

MCKO: Disable

Power Supply /

(1) Power Supply & PDN pin =“L" - “H"

e
PDN pin P

@ @

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

PMVCM bit «—p
(Addr:00H, D6) !

“)

Addr:05H, Data:01H

v

Input | (3) Addr:0oH, Data:4oH |

v

‘ MCKI, BICK and LRCK input ‘

MCKI pin
)
LRCK pin
BICK pin Input
Figure 49. 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 AK4642.
(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 before the other block operates.
(4) Normal operation starts after the MCKI, LRCK and BICK are supplied.
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B MIC Input Recording (Stereo)

FS3-0 bits

Example:
PLL Master Mode

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

Sampling Frequency:44.1kHz
Pre MIC AMP:+20dB

X XK 1,111 e
(Addr:05H, D5&D2-0) ! ﬁlé:;:a}ﬁi;g:Refer to Figrure 23
Q) ¢—p -
i | (1) Addr.05H, Data:27H
MIC Control 001 >< : 101 i
Addr:02H, D2-0,
(ader ) @ i | (2) Addr:02H, Data:05H
1
ALC Control 1 XXH | 28H ¢
(Addr:06H) @ : \ (3) Addr:06H, Data:28H
1
- v
1
ALgd%::(gt':;)l 2 XXH ' ! E1H | (4) Addr08H, Data:E1H
) i ¢
ALC Control 3 XXH : 0oH ‘ (5) Addr:0BH, Data:00H
(Addr:0BH) ! v
® ! | (6) Addr07H, Data:21H
1
ALC Control 4 XXH : 21H 01H
(Addr:07H) L (7) Addr:00H, Data:41H
® 9) Addr:10H, Data:01H
ALC State ALC Disable ALC Enable | ALC Disable |
| | Recording
it
PMADL/R bi v
(Addr:00H&10H, DO) | 1059/fs | (8) Addr:00H, Data:40H
@ ‘ ’ E 8) Addr:10H, Data:00H
ADC Internal Power Down Initialize | Normal State | Power Down v
State | (9) Addr:07H, Data:01H
Figure 50. MIC Input Recording Sequence
<Ex ample>

[AK4642]

This sequence is an example of ALC setting at fs=44.1kHz. If the parameter of the ALC is changed, please refer to

“Figure 24. Registers set-up sequence at ALC operation”

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

(1) Set up a sampling frequency (FS3-0 bit). When the AK4642 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 LMTHL1 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 of ADC is 1059/fs=24ms@fs=44.1kHz.

After the ALC bit isset to “1” and MIC&ADC block is powered-up, the ALC operation starts from 1VOL
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 wa it 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 changed, ALC bit may be keeping “1”. The ALC operation is
disabled because the MIC&ADC block is powered-down. If the registers for the ALC operation are also changed
when the sampling frequency is changed, it should be done after the AK4642 goes to the manual mode (ALC bit
= “0") or MIC&ADC block is powered-down (P MADL=PMADR bits = “0”). IVOL gain is not reset when
PMADL=PMADR bits = “0”, and then I\VVOL operation starts from the setting value when PMADC or PMADR
bit is changed to “1”.

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

FS3-0 bits ><‘
(Addr:05H, D5&D2-0) X XXX ) 1111 Example:
1 ) PLL Master Mode
P (13) Audio I/F Format: MSB justified (ADC & DAC)
. i L sampling Frequency: 44.1kHz
DACS bit | B Digital Volume: O
(Addr:02H, D3) ' ALC: Enable
@ ! (1) Addr:05H, Data:27H
SPKG1-0 bits i
00 I o1
(Addr:03H, D4-3) ® L {[ \l (2) Addr:02H, Data:20H
ALC Control 1 XXH ; 28H } ‘
(Addr:06H) @ l (3) Addr:03H, Data:08H
ALC Control 2 XXH ] C1H l
(Addr:08H) ) ' (4) Addr:06H, Data:28H
ALC Control 3 ! By .
(Addr:0BH) XXH ‘ 00H 5) Addr.OBH\LData.ElH
6) ]
ALC bit 0 X [ (6) Addr0BH, Data:00H |
(Addr:07H, D5) @
IVL/R7-0 bits = 3 o1 ‘ (7) Addr:07H, Data:20H
(Addr:09H&0CH, D7-0) H ’ \
®) I - .
BVLRT-0 bits o 1 o ! \ ‘ (8) Addr:09H & OCH, Data:91H ‘
(Addr:0AH&ODH, D7-0) T \b
) © [ lae [ (9) Addr0AH & 0DH, Data:28H |
PMDAC bit ‘ *‘
(Addr:00H, D2) \b
. ! i (10) Addr.00H, Data:74H
PMBP bit [ l
(Addr:00H, D5)
(10) 1 (11) Addr:02H, Data:AOH
PMSPK bit ‘
(Addr:00H, D4) |

SPPSN bit : :
(Addr:02H, D7) ; | 1

12y,

SPP pin Hi-Z 3 ‘Normal omput[ Hi-Z |

SPN pin Hi-z ‘H\/DD/Z‘ Normal Output‘HVDD/Z \ Hi-z

Figure 51. Speaker-Amp Output Sequence

<Ex ample>

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

(1) Set up a sampling frequency (FS3-0 bits). When the AK4642 is PLL mode, DAC and Speaker-Amp should be
powered-up in consideration of PLL lock time after a sampling frequency is changed.

(2) Set up the path of “DAC - SPK-Amp”: DACS bit = “0” - “1”

(3) SPK-Amp gain setting: SPKG1-0 bits = “00” - “01”

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

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

(6) Set up LMTH1 and RGAIN1 bits (Addr: 0BH)

(7) Set up LMTHO, RGAINO, LMAT1-0 and ALC bits (Addr: 07H)
When PMADL or PMADR bit is “1”, ALC for DAC path is disabled.

(8) 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).

(9) Set up the output digital volume (Addr: 0AH and ODH).
When DVOLC bit is “1” (default), DVL7-0 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.

(10) Power Up of DAC, Beep-Amp and Speaker-Amp: PMDAC = PMBP = PMSPK 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 cycle time is 1059/fs=24ms@fs=44.1kHz. During the initialization
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 complete. When PMADC or PMADR bit is
“1”, the DAC does not require an initialization cycle. When ALC bitis “1”, ALC isdisable (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.

(11) Exit the power-save-mode of Speaker-Amp: SPPSN bit = “0” — “1”

(12) Enter the power-save-mode of Speaker-Amp: SPPSN bit = “1” — “0”

(13) Disable the path of “DAC - SPK-Amp”: DACS bit =“1” - “0”

(14) Power Down DAC, Beep-Amp and Speaker-Amp: PMDAC = PMBP = PMSPK bits = “1” — “0”
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CLOCK

PMBP bit
(Addr:00H, D5)

PMSPK bit
(Addr:00H, D4)

DACS bit
(Addr:02H, D5)

BEEPS bit
(Addr:02H, D6)

SPPSN bit
(Addr:02H, D7)

SPP pin

SPN pin

<Ex ample>

[AK4642]
B BEEP signal output from Speaker-Amp
Clocks can be stopped. Example:
| ‘ (1) Addr:00H, Data:70H ‘
i;l) /V ©) ‘ (2) Addr:02H, Data:60H ‘
| (3)Adar:02H, DataEOH |
X ; \ | 0 ¢
hl ‘ BEEP Signal Output ‘
| (4) Addr02H, Data:60H |
: @y N
Hi-Z | Normal Output | Hi-Z | (5) Addr00H, Data:40H |
: : : \[/
Hi-Z |HVDD/2| Normal Output |HVDD/2| Hi-Z \ (6) Addr:02H, Data:00H \
Figure 52. “BEPP-Amp - Speaker-Amp” Output Sequence
The clocks can be stopped when only BEEP-Amp and Speaker-Amp are operating.
(1) Power Up BEEP-Amp and Speaker-Amp: PMBP = PMSPK bits = “0” — “1”
(2) Disable the path of “DAC - SPK-Amp”: DACS bit = “0”
Enable the path of “BEEP - SPK-Amp”: BEEPS bit = “0” — “1”
(3) Exit the power-save-mode of Speaker-Amp: SPPSN bit = “0” — “1”
(4) Enter the power-save-mode of Speaker-Amp: SPPSN bit = “1” — “0”
(5) Power Down BEEP-Amp and Speaker-Amp: PMBP = PMSPK bits = “1” — “0”
(6) Disable the path of “BEEP - SPK-Amp”: BEEPS bit = “1” — “0”
2005/04
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B Headphone-amp Output

<Ex

Example :
PLL Master Mode

Sampling Frequency: 44 .1kHz

FS3 O b DVOLC bit= “1"(d efault)

- | DigitalVolume Level: 0dB

s x XXX 1,111 b ST e e
(Addr:05H, D5&D2-0) De-emphasesresponse: OFF

(1) Soft Mute Time: 256/fs

=

DACH bit [ (@) AddrosH, Datai27H |
(Addr-0FH, DO) Q @ (13)

‘ (2) Addr:0FH, Data 09H ‘

(AB(Er:I)]r-E-i-CI), tD)ist-SZ) 00 o X 0 00 [@ Addr:OEl:b,Dala 1an |
IVL/R7-0 bits E1H 91H L@ Addr:ogry&ocw DatagiH |
(Addr:09H&0CH, D7-0) @ ‘ — Addr:OA:‘b&ODHY A ‘
e
st | (e s
(6) (11) [ (8) Addr:o1H, Data 79H
| —

==

‘ (10) Addr:01H, Data 09H

==

HPMTN bit (8) 9)

(Addr:01H, D6) ‘ (11) Addr:00H, Data 40H
r: ,

=

‘ (12) Addr:0EH, Data 00H

HPL/R pins Normal Output

|
|
|
|
. [ (@ AddroiH, Data 39K |

PMHPL/R bits | @ (10)

(Addr:01H, D5-4) ‘
|
|
|

‘ (13) Addr:0FH, Data 08H

Figure 53. Headphone-Amp Output Sequence
ample>

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

(1) Set up a sampling frequency (FS3-0 bits).

(2) Set up the path of “DAC — 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: 0AH and ODH)
When DVOLC bit is “1” (default), DVL7-0 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 Beep-Amp: PMDAC = PMBP bits = “0” — “1”
The DAC enters an initialization cycle that starts when the PMDAC bit is changed from “0” to “1” at PMADL
and PM ADR bi tsa re “0”. The initialization cyclet imei s 1059/fs= 24ms@fs=44.1kHz. Duri ngt he
initialization 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 complete. When P MADC or
PMADR bit is “1”, the DAC does not requi re an initialization cycle. When ALC bitis “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 = “0” — “1”
Output voltage of headphone-amp is still HVSS.

(8) Rise up the common voltage of headphone-amp: HPMTN bit = “0” — “1”
The rise time depends on HVDD and the capacitor value connected with the MUTET pin. When HVDD=3.3V
and the capacitor value is 1.0uF, the time constant is tr = 100ms(typ), 250ms(max).

(9) Fall down the common voltage of headphone-amp: HPMTN bit = “1” — “0”
The fall time depends on HVDD and tte capacitor value connected withthe MUTET pin. When HYDD=3.3V
and the capacitor value is 1.0uF, the time constant is t £ = 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 twice of tfthat the common voltage goes to GND.

(10) Power down headphone-amp: PMHPL = PMHPR bits = “1” — “0”

(11) Power down DAC and Beep-Amp: PMDAC = PMBP bits = “1” — “0”

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

(13) Disable the path of “DAC — HP-Amp”: DACH bit = “1” — “0”
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B Stereo Line Output

Example:
PLL, Master Mode
Audio I/F Format :MSB justified (ADC & DAC)
Sampling Frequency: 44.1kHz

FS3-0 bits X, XXX >< 1,111 M AINISPRO1REPKGO=BEEPL bits =0

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

WP 10) [ (1) AddrOsH, Data:27H |

DACL bit ' ! V.
(Addr:02H, D4) | [ (2) Addro2H, Data:10H |
! V7

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

(Addr:09H&0CH, D7-0) .
@ | (4) Addr:0AH&ODH, Data:28H |
DVL/R7-0 bits i
(AQdI:0AH&ODH, D7-0) 18H ; XXH [ (5) Addr03H, Data:d0H |
@
LOPS bit i | (6) Addr:00H, Data:6CH |
(Addr:03H, D6) !
, ®) i ® i@ [(7)Addro3H, Daa:00H |
PMDAC bit l ' '
(Addr:00H, D2) | i . : \ Playback \
PMBP bit | i | ;
(Addr:00H, D5) | | . | (8) Addr:03H, Data:40H |
16 ' i(9) ! V.
PMLO bit : : | (9) Addr:00H, Data:40H |
(Addr:00H, D3) ] >300 ms E : \V
. 4—p —Pp | (10) Addr:02H, Data:00H |
LOUT pin ' : ~2300ms i
ROUT pin : | Normal Output : [ (11) Addr:03H, Data00H |
Figure 54. Stereo Lineout Sequence
<Ex ample>
At first, clocks should be supplied according to “Clock Set Up” sequence.
(1) Set up the sampling frequency (FS3-0 bits). When the AK4642 is PLL m ode, DAC and Stereo Line-Amp
should be powered-up in consideration of PLL lock time after the sampling frequency is changed.
(2) Set up the path of “DAC - Stereo Line Amp”: DACL bit = “0” - “1”
(3) Set up the input digital volume (Addr: 09H and OCH)

(4)

Q)
(6)

™

(8)
©)

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

Set up the output digital volume (Addr: 0AH and ODH)
When DVOLC bit is “1” (default), DVL7-0 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.

Enter power-save mode of Stereo Line Amp: LOPS bit = “0” - “1”

Power-up DAC, Beep-Amp and Stereo Line-Amp: PMDAC = PMBP = PMLO bits = “0” —» “1”
The DAC enters an initialization cycle that starts when the PMDAC bit is changed from “0” to “1” at PMADL
and PM ADR bi tsa re “0”. The initialization cycle t ime i s1059/fs=24m s@fs=44.1kHz. Duri ngt he
initialization 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 complete. When P MADC or
PMADR bit is “1”, the DAC does not requi re an initialization cycle. When ALC bitis “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 PMLO bit is changed to “1”. Rise time is 300ms(max)
at C=1uF.

Exit power-save mode of Stereo 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”.

Enter power-save mode of Stereo Line-Amp: LOPS bit: “0” - “1”

Power-down DAC, Beep-Amp and Stereo Line-Amp: PMDAC = PMBP = PMLO bits = “1” — “0”
LOUT and ROUT pins fall down to AVSS. Fall time is 300ms(max) at C=1pF.

(10) Disable the path of “DAC - Stereo Line-Amp”: DACL bit = “1” - “0”
(11) Exit power-save mode of Stereo Line-Amp: LOPS bit=“1" > “0”

LOPS bit should be set to “0” after LOUT and ROUT pins fall down.
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B Stop of Clock

Master clock can be stopped when ADC and DAC are not used.

1. PLL Master Mode

1)

PMPLL bit
(Addr:01H, DO)
MCKO bit " or "L
(Addr:01H, D1)
External MCKI Input

<Example>

Example:

Audio I/F Format: MSB justified (ADC & DAC)
BICK frequency at Master Mode: 64fs

[AK4642]

Input Master Clock Select at PLL Mode: 11.2896MHz

Sampling Frequency: 8kHz

| (1) (2) Addr01H, Data:08H |

!

‘ (3) Stop an external MCKI ‘

Figure 55. Clock Stopping Sequence (1)

(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)

1)

@

@

PMPLL bit
(Addr:01H, DO)
External BICK Input
External LRCK Input
<Example>

Example
Audio I/F Format : MSB justified (ADC & DAC)
PLL Reference clock: BICK
BICK frequency: 64fs
Sampling Frequency: 8kHz

| (1) Addr01H, Data:00H |

v

‘ (2) Stop the external clocks ‘

Figure 56. Clock Stopping Sequence (2)

(1) Power down PLL: PMPLL bit =“1” — “0”
(2) Stop the external BICK and LRCK clocks
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3. PLL Slave (MCKI pin)

1) Example
. B ———— Audio I/F Format: MSB justified (ADC & DAC)
PMPLL bit PLL Reference clock: MCKI
(Addr:01H, DO) BICK frequency: 64fs
:(1) Sampling Frequency: 8kHz
MCKO bit |
(Addr:01H, D1) ‘ (1) Addr:01H, Data:00H ‘
L@ \E
External MCKI Input i
! ‘ (2) Stop the external clocks ‘
Figure 57. 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.

4, EXT Slave Mode

@

External MCKI Input i
7 Example
E ) Audio I/F Format :MSB justified(ADC & DAC)

Input MCKI frequency:1024fs

External BICK InpUt : Sampling Frequency:8kHz
L)
1

External LRCK Input i ‘ (1) Stop the external clocks

Figure 58. Clock Stopping Sequence (4)
<Example>

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

B Power down

[AK4642]

Power supply current can be shut down (typ. 10uA) by stopping clocks and setting PMVCM bit = “0” after all blocks
except for VCOM are powered-down. Power supply current can be also shut down (typ. 10pA) by stopping clocks and

setting PDN pin = “L”. When PDN pin = “L”, the registers are initialized.
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| PACKAGE
@ 32pin QFN (Unit: mm)
>
%, - 22020 > 0.60 + 0.10 P
%, . 50010 7 —> o ¥
\% 32 | 25 25 AN 32 25
A A IIIIIIII:IIIIIIII LlLlLlLl:LlLlLl 7, (0]
| N\ | s/

10 | 024 24 AN | ,7
o| o u | u M \ I s —
N| - u [ u M c}\ : 7 —]
oo hH ' = 45 ™, 1\45

u u 4 —
do H T T =N N SR N
w| w| [ I ] | 70N ]
u l u - PO RN —
8- | 117 =g : AN =1:
| ’ | A
v ¥ e M nnnonnnn ¥
9 ' 16 00T 16 ' 9
> {p10.05
] N
0.18 + 0.05 « 0.40
o
~ © ‘_|
28 o
o + +
e 0 o
o ™~ @
+ o o
3 / | : vy
o
v |
= .
38 T $
<<
—
Q
o
Note) The part of black at four corners on reverse side must not be soldered and must be open.
W Material & Lead finish
Package molding compound: Epoxy
Lead frame material: Cu
Lead frame surface treatment: Sol der (Pb free) plate
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| MARKING

N

4642
XXXXX

O

[TITTTTTTTTTTTTd
1

XXXXX : Date code identifier (5 digits)

| Revision History

Date (YY/MM/DD) | Revision | Reason Page Contents
04/11/16 00 First Edition
05/01/17 01 Error correct 76 Headphone Output Sequence
DACH bit setting is added.
Explanation 40 Input Digital Volume
addition The following sentence is added to note (1) of
Figure 25.

[The wait time from ALC bit = “1” to ALC
operation start by 1\VVL7-0 bits is at most recovery
time (WTM1-0 bits) plus zerocross timeout
period (ZTM1-0 bits).]

The following sentence is added to note (2) of
Figure 25.

[When ALC is enabled again, ALC bit should be
set to “1” by an interval more than zero crossing
timeout period after ALC bit = “0".]

Explanation 37 ALC Recovery Operation

deletion The following sentence is deleted.

[When zero cross is detected at both channels
during the wait period set by WTM1-0 bits, the
ALC recovery operation waits until WTM1-0
period and the next recovery operation is done.]

05/04/27 02 Explanation 1F eatures
change SPK Output Power: 250mW -> 400mwW
Spec addition 12 Analog Characteristics (SPK-Amp)

Output Voltage = 1.79Vrms(typ) at SPKG1-0
bits = “10”, —2.5dBFS (Po=400mW)
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IMPORTANT NOTICE

e These products and their specifications are subject to change without notice. Before considering
any use or application, consult the Asahi Kasei Microsystems Co., Ltd. (AKM) sales office or
authorized distributor concerning their current status.

¢ AKM as sumes no lia bility for infringe ment of any patent, intellectual pr operty, or other right in the
applic ation or use of any information ¢ ontained her ein.

¢ Any export of these produc ts, or devic es or systems containing them, may req uire an export license
or other official approval under the law and regulations of the country of export pertaining to customs
and tar iffs, c urrency exchange, or s trategic ma terials.

e AKM produc ts are neither intended nor authorize d for use as critical components in any s afety, life
support, or other haz ard related devic e or system, and AKM ass umes no respons ibility relating to any
such use, excep t with the expres s written ¢ onsent of the Rep resentat ive Dir ector of AKM. As used
here:

a. Ahazard related devic e or system is one designed or intended for lif e support or main tenance of
safety or for applic ations in medic ine, aer ospace, nuc lear energy, or other fields, in which its
failure to function or perform may reasonab ly be expected to resultin loss of life or in signific ant
injury or damage to pers on or proper ty.

b. A critical componentis one whos e failure to function or perform may rea sonably be expec ted to
result, whether dir ectly or indir ectly, in the loss of the safety or effectiv eness of the device or
system containing it, and which  must there fore meet very high s tandards of performance and
reliabilit y.

e Itis the res ponsibilit y of the buyer or dis tributor of an AKM pr oduct who dis tributes, dispos es of, or
other wise places the produc t with a third party t o notify that party in advanc e of t he above content
and conditions , and the buyer or distributor agrees to as sume any and all responsibility and liability
for and hold AKM har mless from any and all claims arising from the us e of said produc tin the
absence of suc h notification.
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