AsahiKASEI

[AK4678]

AKM

AK4678
24bit Stereo CODEC with MIC/RCV/HP/SPK/LINE-AMP

GENERAL DESCRIPTION

The AK4678 is a 24bit stereo CODEC with a built-in Microphone-Amplifier, Receiver-Amplifier, Mono
Class-D Speaker-Amplifier, Cap-less Class-G Headphone-Amplifier and Line-Amplifier. The AK4678
features dual PCM I/F in addition to audio I/F that allows easy interfacing in mobile phone designs with
Bluetooth I/F. The playback features also include 5-band Parametric EQ and Dynamic Range Control,
therefore the AK4678 can automatically adjust a comfortable volume without distortion and provides great

flexibility. The AK4678 is available in a 49pin CSP, utilizing less board space than competitive offerings.

FEATURES

1. Recording Function (Stereo CODEC)

¢ 4 Stereo Input Selectors

¢ 4 Stereo Inputs (Single-ended) or 3 Mono Input (Full-differential)

e MIC Amplifier: +24dB ~ —6dB, 3dB step

¢ 2 Output MIC Power Supplies

¢ Digital ALC (Automatic Level Control): +36dB ~ —54dB, 0.375dB Step, Mute

e ADC CHARACTERISTICS: S/(N+D): 80dB, DR, S/N: 87dB (MIC-Amp=+18dB)
S/(N+D): 80dB, DR, S/N: 92dB (MIC-Amp=0dB)

e Stereo Digital MIC Interface

¢ Wind-noise Reduction Filter

e Stereo Separation Emphasis

¢ 3-band Programmable Notch Filter

¢ Audio Interface Format: 24/16bit MSB justified, 24/16bit IZS, 16bit DSP Mode

2. Playback Function (Stereo CODEC)
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¢ Digital Volume (+6dB ~ -57.0dB, 0.5dB Step, Mute)
¢ Digital ALC (Automatic Level Control): +36dB ~ —54dB, 0.375dB Step, Mute
e Stereo Separation Emphasis
¢ Dynamic Range Control
¢ 5-band Parametric Equalizer
e Stereo Line Output (Selectable Full-differential / Single-ended)
¢ Mono Receiver-Amp
- BTL Output
- Output Power: 60mW @ 320
- Analog Volume: +12 ~ -30dB & Mute, 3dB Step
e Cap-less Stereo Class-G Headphone-Amp
- Output Power: 25mW @ 32Q, 45mW @ 16Q
- Analog Volume: +6 ~—62dB & Mute, 2dB Step
- Zero crossing Detection
- Pop Noise Free at Power-ON/OFF
e Mono Class-D Speaker-Amp
- BTL Output
- Short Protection Circuit
- Output Power: 1.1W @ 8Q2, SVDD=4.2V, THD+N = 10%
0.839W @ 8Q2, SVDD=4.2V, THD+N =1%
- Analog Volume: +12 ~ -30dB & Mute, 3dB Step
- Pop Noise Free at Power-ON/OFF
¢ Audio Interface Format:
- 24/16bit MSB justified, 16bit LSB justified, 16/24bit I>S, 16bit DSP Mode

2012/05



AsahiKASEI [AK4678]

3. Dual PCM I/F for Baseband & Bluetooth Interface
¢ Four sample Rate Converters (Up sample: up to x6: Down sample: down to x1/6)
e Sample Rate:
- PORTA (Mono): 8 ~ 16kHz
- PORTB (Stereo): 8 ~ 48kHz
¢ Digital Volume
e Slave Mode
¢ Audio Interface Format:
- 16bit Linear, 8bit A-law, 8bit p-law
- Short/Long Frame, IZS, MSB justified
4. Power Management
5. Master Clock(Audio I/F):
(1) PLL Mode
e Frequencies: 11.2896MHz, 12MHz, 12.288MHz, 13MHz, 13.5MHz, 19.2MHz,
24MHz, 25MHz, 26MHz, 27MHz (MCKI pin)
32fs or 64fs (BICK pin)
(2) External Clock Mode
e Frequencies: 256fs, 512fs or 1024fs (MCKI pin)
6. Output Master Clock Frequencies(Audio I/F): 32fs/64fs/128fs/256fs
7. Sampling Frequency (Audio I/F)
¢ PLL Slave Mode (BICK pin): 8kHz ~ 48kHz
¢ PLL Master Mode:
8kHz, 11.025kHz, 12kHz, 16kHz, 22.05kHz, 24kHz, 32kHz, 44.1kHz, 48kHz
¢ EXT Master/Slave Mode:
8kHz ~ 48kHz (256fs), 8kHz ~ 24kHz (512fs), 8kHz ~ 12kHz (1024fs)
8. Audio I/F: Master/Slave mode
9. uP IF: I’C Bus (Ver 1.0, 400kHz Fast Mode)
10. Ta=-30 ~ 85°C
11. Power Supply:

¢ SVDD (SPK/RCV/LINE-Amp): 3.0 ~ 5.5V
¢ AVDD (Analog): 1.7 ~ 2.0V
« DVDD (Digital Core): 1.7~ 2.0V
¢ PVDD (HP-Amp & Charge Pump): 1.7 ~ 2.0V
¢ TVDD (Digital I/F): 1.6 ~ 3.6V

12. Package : 49pin CSP(2.96 x 2.96 mm, 0.4mm pitch)
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m Ordering Guide
AK4678ECB —30 ~+85°C 49pin CSP (0.4mm pitch) Black type
AKD4678 Evaluation board for AK4678
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| PIN/FUNCTION |
No. | Pin Name | 1/0 | Function
Power Supply
G5 | AVDD - | Analog Power Supply Pin, 1.7 ~ 2.0V
F5 | vVCOM O | Common Voltage Output Pin
G6 | VSS1 - Ground 1 Pin
El | DVDD - Digital Core Power Supply Pin, 1.7 ~ 2.0V
A5 | TVDD - Digital 1/0 Power Supply Pin, 1.6 ~ 3.6V
B5 | VSS2 - Ground 2 Pin
F2 | SVDD - Analog Amp Power Supply Pin, 3.0 ~ 5.5V
G1 | VSS3 - | Ground 3 Pin
C6 | PVDD - HP-Amp & Charge Pump Power Supply Pin
C7 | VEE - Charge Pump Circuit Negative Voltage Output Pin
B6 | CPA O [ Positive Charge Pump Capacitor Terminal A Pin
B7 | CNA I | Negative Charge Pump Capacitor Terminal A Pin
A6 | CPB O | Positive Charge Pump Capacitor Terminal B Pin
A7 | CNB I Negative Charge Pump Capacitor Terminal B Pin
F4 | MPWRI1 O [ MIC Power Supply 1 Pin
G4 | MPWR2 O | MIC Power Supply 2 Pin
Audio Interface
A2 | MCKI 1 External Master Clock Input Pin
A3 | BICK 1/0 | Audio Serial Data Clock Pin
C3 | LRCK 1/0 | Input / Output Channel Clock Pin
B3 | SDTI I Audio Serial Data Input Pin
A4 | SDTO O | Audio Serial Data Output Pin
PCM Interface
D2 | BICKA I Serial Data Clock A Pin
D3 | SYNCA 1 Sync Signal A Pin
D1 | SDTIA I Serial Data Input A Pin
Cl | SDTOA O | Serial Data Output A Pin
Al | BICKB I Serial Data Clock B Pin
B2 | SYNCB I Sync Signal B Pin
B1 | SDTIB I Serial Data Input B Pin
C2 | SDTOB O | Serial Data Output B Pin
Analog Input
LINL ]I __|LchAnalogInput1 Pin (MDIFI bit =“0": Single-ended Input, DMIC bit ="07) |
F7 1IN+ |1 __| Positive Line Input 1 Pin (MDIF1 bit = *1”: Full-differential Input, DMIC bit =0”) __
DMDAT I Digital Microphone Data Input Pin (DMIC bit = “1”)
RINT ] I_|Rch Analog Input 1 Pin (MDIF1 bit = “0": Single-ended Input, DMIC bit ="07)
G7 |IN1- | I |Negative Line Input 1 Pin (MDIF1 bit =*1": Full-differential Input, DMIC bit = “07) _
DMCLK O | Digital Microphone Clock Pin (DMIC bit = “1”)
re |-LIN2 | I | LchAnalogInput2 Pin (MDIF2 bit="0": Single-ended Input)
IN2- I Negative Line Input 2 Pin (MDIF2 bit = “1”: Full-differential Input)
ps [RIN2 | T | RchAnalogInput2 Pin (MDIF2bit = "0™: Single-ended Input) |
IN2+ I Positive Line Input 2 Pin (MDIF2 bit = “1”: Full-differential Input)
g7 |[LIN3 I LchAnalog Input3 Pin (MDIF3 bit =0 Single-ended Input)
IN3+ I Positive Line Input 3 Pin (MDIF3 bit = “1”’; Full-differential Input)
Ee |BRIN3 | I |RchAnalogInput3 Pin (MDIF3 bit =*0": Single-ended Input) __________ |
IN3- I Negative Line Input 3 Pin (MDIF3 bit = “1”: Full-differential Input)
D5 | LIN4 I Lch Analog Input 4 Pin
D4 | RIN4 1 Rch Analog Input 4 Pin
MS1403-E-01 2012/05
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PIN/FUNCTION (Cont.)

No. | Pin Name | 1/0 | Function
Analog Output
g3y |[ROUT | O __| Reh Stereo Line Output Pin (LODIF bit = “0”: Stereo Line Output)
LON O | Negative Line Output Pin (LODIF bit = “1”: Full-differential Mono Output)
ga | LOUT | O __| Leh Stereo Line Output Pin (LODIF bit = “0”: Stereo Line Output) |
LOP O | Positive Line Output Pin (LODIF bit = “1”: Full-differential Mono Output)
F3 | RCP O | Receiver-Amp Positive Output Pin
G3 | RCN O | Receiver-Amp Negative Output Pin
D6 | HPL O | Lch Headphone-Amp Output Pin
D7 | HPR O | Rch Headphone-Amp Output Pin
F1 | SPP O | Speaker-Amp Positive Output Pin
G2 | SPN O | Speaker-Amp Negative Output Pin
Speaker-Amp Filter Pin
E2 | SPFIL 0 Connect 2.2nF between SPFIL pin and VSSI.
Control Interface
B4 | SCL I Control Data Clock Pin
C5 | SDA I/0 | Control Data Input Pin
4 | PDN p | Power-Down Mode Pin o .
H”: Power-up, “L”: Power-down, reset and initializes the control register.

Note 1. All input pins except analog input pins (LIN1/IN1+, RIN1/IN1—, LIN2/IN2—, RIN2/IN2+, LIN3/IN3+,
RIN3/IN3-, LIN4, RIN4) must not be allowed to float.
I/0 pins (LRCK, BICK and SDA pins) should be processed appropriately.

B Handling of Unused Pin on the System

The unused input and output pins on the system should be processed appropriately as below.

Classification | Pin Name Setting
MPWRI1, MPWR?2, SPP, SPN, RCP, RCN, HPL,
HPR, ROUT/LON, LOUT/LOP, RIN4, LIN4,
Analog RIN3/IN3—, LIN3/IN3+, RIN2/IN2+, LIN2/IN2—, These pins should be open.
RIN1/IN1—, LINI/IN1+, CPA, CNA, CPB, CNB,
VEE, SPFIL
SDTO, SDTOA,SDTOB | These pins should be open.
MCKI, SDTI, SDTIA, SDTIB, BICKA, SYNCA, .
Digital BICKB, SYNCB These pins should be connected to VSS2.
These pins should be connected to VSS2
LRCK, BICK and M/S bit should be set to “0”,

MS1403-E-01
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| ABSOLUTE MAXIMUM RATINGS
(VSS1=VSS2=VSS3=0V; Note 2, Note 3)

Parameter Symbol min max Unit
Power Supplies: | Analog AVDD -0.3 25 \%
SPK/RCV/LINE-Amp SVDD -0.3 6.0 v
HP-Amp & Charge Pump PVDD -0.3 2.5 A"
Digital Core DVDD -0.3 2.5 v
Digital 1/0 TVDD —0.3 6.0 \Y
Input Current, Any Pin Except Supplies 1IN - +10 mA
Analog Input Voltage (Note 4) VINA -0.3 AVDD +0.3 \Y
Digital Input Voltage (Note 5) VIND —-0.3 TVDD + 0.3 \Y
Ambient Temperature (powered applied) Ta -30 85 °C
Storage Temperature Tstg —65 150 °C
Maximum Power Dissipation (Note 6) Pd - 1 W

Note 2. All voltages with respect to ground.

Note 3. VSS1, VSS2 and VSS3 must be connected to the same analog ground plane.

Note 4. RIN4, LIN4, RIN3/IN3—, LIN3/IN3+, RIN2/IN2+, LIN2/IN2—, RIN1/IN1—, LIN1/IN1+ pins

Note 5. SDTI, LRCK, BICK, MCKI, PDN, BICKA, SYNCA, SDITA, BICKB, SYNCB, SDTIB, SCL and SDA pins
Pull-up resistors at SDA and SCL pins should be connected to (TVDD+0.3)V or less voltage.

Note 6. The maximum power dissipation (1W) is the AK4678 internal dissipation that does not include power dissipation
of externally connected speaker, headphone and receiver in recommended operating conditions. The allowable
maximum junction temperature for the AK4678 is 125°C and Oja(Junction to Ambient) is 35°C/W under
JESDS51-9(2p2s). The internal dissipation does not cause permanent damage to the device when 6ja = 35°C/W
and Pd=1W because the junction temperature does not exceed 125°C. AKM recommends to use the board with
0ja < 35°C/W.

WARNING: Operation at or beyond these limits may result in permanent damage to the device.
Normal operation is not guaranteed at these extremes.
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I RECOMMENDED OPERATING CONDITIONS |
(VSS1=VSS2=VSS3=0V; Note 2)
Parameter Symbol min typ max Unit
Power Analog AVDD 1.7 1.8 2.0 \Y%
Supplies SPK/RCV/LINE-Amp SVDD 3.0 4.2 5.5 v
(Note 7) | HP-Amp & Charge Pump PVDD 1.7 1.8 2.0 v
Digital Core DVDD 1.7 1.8 2.0 v
Digital /O TVDD 1.6 1.8 3.6 \%
Difference AVDD - PVDD -0.2 - 0.2 v
AVDD - DVDD -0.2 - 0.2 A%
PVDD - DVDD —0.2 — 0.2 \

Note 2. All voltages with respect to ground.

Note 7. The power-up sequence between supplies (AVDD, SVDD, PVDD, DVDD or TVDD) is not critical. The PDN pin
should be held “L” when power supplies are tuning on. The PDN pin is allowed to be “H” after all power
supplies are applied and settled. The AK4678 should be operated along the recommended power-up/down
sequence shown in “System Design (Grounding and Power Supply Decoupling)” to avoid pop noise at speaker

output, receiver output, headphone outputs and line outputs.

* AVDD, PVDD, DVDD and TVDD can be powered OFF (Power is not applied) when SVDD is
powered ON (Power is applied) with PDN pin “L”. When turning on AVDD, PVDD, DVDD and
TVDD again in this case, the PDN pin must be “L” until all other power supplies are powered
ON. Also, when turning off AVDD, PVDD, DVDD and TVDD, the PDN pin must be “L” before
other power supplies start to turn off.

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

MS1403-E-01

2012/05



AsahiKASEI [AK4678]

ANALOG CHARACTERISTICS (CODEC)

(Ta=25°C; AVDD=PVDD= DVDD=TVDD= 1.8V, SVDD=4.2V; VSS1=VSS2=VSS3=0V;,
Signal Frequency=1kHz; 24bit Data; fs=44.1kHz, BICK=64fs; Measurement Bandwidth=20Hz ~ 20kHz; unless
otherwise specified)

Parameter | min | typ | max | Unit
MIC Amplifier: LIN1/RIN1/LIN2/RIN2/LIN3/RIN3/LIN4/RIN4 pins
Input Resistance | 17 | 25 | 38 | kQ
Gain (Note 8)

GainSetting | o pERNURR R 24 | 4B

Step Width - 3 - dB

MIC Power Supply: MPWRI1, MPWR?2 pin
Output Voltage (Note 9) 2.4 2.5 2.6 \Y
Load Resistance 1.0 - - kQ
Load Capacitance - - 30 pF
Output Noise Level (A-weighted) - -107 - dBV
PSRR (Note 10)

217Hz - 100 - dB

1kHz - 100 - dB

Stereo ADC Analog Input Characteristics:
LINT/RINT/LIN2/RIN2/LIN3/RIN3/LIN4/RIN4 pins(Single-ended Input) — Stereo ADC — Programmable Filter
(IVOL=0dB, EQ=ALC=0OFF) —» SDTO

Resolution - - 24 Bits

Input Voltage (Note 11) gjrgi g; -------- 0 126024 012§7 -------------- 0129580 ----------- X gf)
S/(N+D) (~1dBFS) gjg;g g; --------- O e R
D-Range (~60dBFS, A-weighted) gj&g % --------- 2 e R R
E— TN . — R — S
Interchannel Isolation (Note 14) gjlgtz g; --------- 7_5 --------------- ) 9000 ------------------ : i i jg ---
Interchannel Gain Mismatch (Note 14) 8:1122 g; ---------- : ----------------- 8 82 35

Note 8. In case of full-differential input, MGAIN (min)=-3dB
Note 9. In case of MICL1 bit or MICL2 bit = “0”. Output voltage is proportional to AVDD (typ. 1.39 x AVDD V).
MICLI1 bit or MICL2 bit =“1": typ. 1.56 x AVDD V
Note 10. PSRR is referred to SVDD with 500mVpp sine wave.
Note 11. Input voltage means ADC full-scale voltage. It is proportional to AVDD voltage.
Single-ended Input: Vin = 1.0 x AVDD Vpp(typ).
Full-Differential Input: Vin = (IN+) — (IN-) = 1.0 x AVDD Vpp(typ).
IN+ = 0.5 x AVDD(typ), IN- = 0.5 x AVDD(typ)
Pseudo-Differential Input: Vin = (IN+) — (IN-) = 1.0 x AVDD Vpp (typ).
IN+= 1.0 x AVDD(typ), IN- =0V (IN- pin should be connected to VSS1.)
Note 12. MGNL3-0=MGNR3-0 bits = “BH” (+18dB).
In case of Full-differential, S/(N+D) =75dB, DR=S/N=81dB
Note 13. MGNL3-0=MGNR3-0 bits = “5SH” (0dB).
In case of Full-differential, S/(N+D) =79dB, DR=S/N=91dB
Note 14. This is a value between Lch and Rch of each input.

MS1403-E-01 2012/05
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Parameter | min typ | max | Unit
Stereo DAC Characteristics:

Resolution | - - | 24 | Bits

Stereo Line Output Characteristics: Stereco DAC — LOUT/ROUT pins, ALC=OFF, IVOL=0dB, OVOL=0dB,

LVL=0dB, R;=10kQ; unless otherwise specified.

Output Voltage (Note 15) 1.62 1.8 1.98 Vpp
S/(N+D) (0dBFS) 70 80 - dB
S/N (A-weighted) 82 92 - dB
Interchannel Isolation 80 95 - dB
Interchannel Gain Mismatch - 0 0.8 dB
Load Resistance 10 - - kQ
Load Capacitance - - 30 pF
PSRR (Note 16)

217Hz - 75 - dB

1kHz - 75 - dB
Mono Line Output Characteristics: Stereo DAC — LOP/LON pins, ALC=OFF, IVOL=0dB, OVOL=0dB, LVL=0dB,

LODIF bit = “1”, Ri=10kQ for each pin (Full-differential)
Output Voltage (Note 17) 3.24 3.6 3.96 Vpp
S/(N+D) (0dBFS) - 73 - dB
S/N (A-weighted) - 95 - dB
Load Resistance (LOP/LON pins, respectively)
10 - - kQ
(Note 18)
Load Capacitance (LOP/LON pins, respectively) ) ) 30 PF
(Note 19)

PSRR (Note 16)

217Hz - 70 - dB

1kHz - 70 - dB

Mono Receiver-Amp Output Characteristics:

DAC(Stereo, Note 20) — RCP/RCN pins, ALC=OFF, IVOL=0dB, OVOL=0dB, RCVG=-6dB, R;=32Q, BTL; unless

otherwise specified.

Output Voltage (Note 21)

e R 7 T 19 | 216 | Vpp

0dBFS, RCVG=0dB - 3.91 - Vpp
S/(N+D)

odBFS T 0 [ S R

0dBFS, RCVG=0dB - 55 - dB
S/N (A-weighted) (DAC - RCP/RCN pins) 84 94 - dB
Output Noise Level (A-weighted, RCVG = -9dB) - —-100 - dBV
Load Resistance 32 - - Q
Load Capacitance (Note 19) - - 30 pF
PSRR (Note 16)

217Hz - 75 - dB

1kHz - 75 - dB
Note 15. Output voltage is proportional to AVDD voltage. Vout = 1.0 x AVDD Vpp(typ)

Note 16.
Note 17.
Note 18.

PSRR is referred to SVDD with 200mVpp sine wave.
Output voltage is proportional to AVDD voltage. Vout = (LOP) — (LON) =2.0 x AVDD Vpp(typ)
This is a resistance value between output pin and VSS1. When a resistor is connected between output pins, load

resistance for each output pin is half. Therefore, it is necessary to decide load resistance in consideration of

these.
Note 19.

This is a capacitance value between output pin and VSS1. When a capacitor is connected between output pins,

load capacitance for each output pin doubles. Therefore, it is necessary to decide load capacitance in

consideration of these.
Note 20.
Note 21.

Input signal of left and right channels is same phase and level.
Output voltage is proportional to AVDD voltage. Vout = (RCP) — (RCN) =2.17 x AVDD Vpp(typ)

Po=15mW @ 32Q, Vout = 1.96Vpp. Po = 60mW @ 32Q, Vout =3.91Vpp.

MS1403-E-01
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Parameter |

min

typ |

max

| Unit

Headphone-Amp Characteristics: DAC(Stereo, Note 20) - HPL/HPR pins, ALC=OFF, IVOL=0dB, OVOL=0dB,
HPG=0dB, R;=32Q

Output Voltage (Note 22)

OdBFS,R; =32Q,HPG=—4dB | 144 | L6 ] 176 | Vpp___

0dBFS,R, = 160, HFG=—4dB [ S I A Vpp

0dBFS,R;=320.HPG=0dB | - as Vpp

0dBFS, R; = 16Q), HPG=0dB - 0.85 - Vrms
S/(N+D)

O0dBFS, R, =320, HPG=—4dB | 0l B - dB

O0dBFS,R; =16Q, HPG=—4dB | . U SR 67 |- | . dB

0dBFS, R, =32QHPG=0dB | SR S B - dB

0dBFS, R; = 16QQ HPG=0dB - 20 - dB
S/N (A-weighted) 85 95 - dB
Output Noise Level (A-weighted, HPG=—14dB) - —106 - dBV
Interchannel Isolation 60 80 - dB
Interchannel Gain Mismatch - 0 0.8 dB
Load Resistance 16 32 - Q
Load Capacitance (Note 23) - - 300 pF
PSRR (Note 24)

217Hz - 70 - dB
1kHz - 60 - dB

DC-offset (HPG < —4dB) -1 0 1 mV

Speaker-Amp Characteristics: DAC(stereo, Note 25) — SPP/SPN pins, ALC=OFF, IVOL=0dB, OVOL=0dB,
SPKG=-—6dB, R; =80 + 10uH

Output Power

SVDD=5.0V.THD*N=10% [ - 2 D W

SVDD=42V,THD+N=10% [ S R D W

SVDD=42V,THD+N=1% [~ S 0.8 | W

SVDD=3.7V, THD+N = 1% - 0.69 - W
Output Voltage (—3dBFS) (Note 26) 5.0 5.4 6.2 Vpp
S/(N+D) (SVDD=3.7V, Po=0.35W) 40 59 - dB
Output Noise Level (A-weighted) (Note 27) - -82 =73 dBV
Load Resistance 8 - - Q
Load Capacitance (Note 23) - - 300 pF
PSRR (Note 28)

217Hz - 63 - dB

1kHz - 63 - dB
DC-offset -10 0 10 mV
Current Limit (Note 29) - 40 80 mA

Note 22. The Output voltage is proportional to AVDD voltage. Vout = 1.4 x AVDD Vpp(typ).
Po=10mW @ 32Q, Vout = 1.6Vpp. Po =25mW @ 32Q, Vout = 2.5Vpp.
Po=20mW @ 16Q, Vout = 1.6Vpp. Po =45mW @ 162, Vout = 0.85Vrms.

Note 23.
Note 24.
Note 25.
Note 26.
Note 27.
Note 28.

Load Capacitance for VSS1.

PSRR is referred to PVDD with 200mVpp sine wave.

Input signal of left and right channels is same phase and level.
Output voltage is proportional to AVDD voltage. Vout = (SPP) — (SPN) = 3.0 x AVDD Vpp(typ).
In case of mono signal input (e.g. Lch only) and SPKG=0dB, output noise level is -84dBV.
PSRR is referred to SVDD with 200mVpp sine wave.

Note 29. The average current between SVDD and VSS3 when the SPP and SPN pins are shorted and output power is

890mW.
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AsahiKASEI

[AK4678]

Parameter min typ max Unit

Stereo Line Output Volume Characteristics:

Gain Setting -9 - +6 dB

Step Width 1 3 5 dB

Headphone Output Volume Characteristics:

Gain Setting —62 - +6 dB

Step Width Gain: +6 ~ —40dB 1 2 3 dB
Gain: —40 ~ —62dB - 2 - dB

Speaker Output Volume Characteristics:

Gain Setting =30 - +12 dB

Step Width 1 3 5 dB

Receiver Output Volume Characteristics:

Gain Setting -30 - +12 dB

Step Width 1 3 5 dB

MS1403-E-01 2012/05
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Parameter | min | typ | max | Unit

Power Supply Current:

Power Up (PDN pin = “H”, All Circuits Power-up)

AVDD + DVDD + PVDD + TVDD | (Note 30) - 6.2 - mA
(Note 31) - 9.6 14.4 mA
SVDD (No Load) (Nowe30) | s - mA__
(Note 31) - 4.2 6.3 mA
Power Down (PDN pin = “L”) (Note 32)
AVDD + PVDD + DVDD + TVDD + SVDD - 1 10 LA
SVDD (Note 33) - 0 10 LA
Note 30. EXT Slave Mode, fs=44.1kHz, No input, No load, PMADL = PMADR = PMDAL = PMDAR = PMPFIL =

Note 31.

Note 32.

Note 33.

PMEQ =PMDRC =PMLO =PMRO = PMHPL = PMHPR = PMSPK = PMRCV = PMVCM bits = “1”, PMPLL
=PMMP1 =PMMP2 = M/S = PMOSC = PMMIX = PMSRAI = PMSRAO = PMSRBI = PMSRBO = PMPCMA
= PMPCMB bits = “0”.

AVDD=3.9mA (typ), DVDD=1.4mA (typ), PVDD=0.75mA (typ), SVDD=3.5mA (typ), TVDD=0.1mA (typ).
PLL Master Mode, Audio I/F sampling frequency =44.1kHz, PCM I/F A sampling frequency =16kHz, PCM I/F
B sampling frequency = 8kHz, No input, No load, PMADL = PMADR = PMDAL = PMDAR = PMPFIL =
PMEQ = PMDRC = PMLO = PMRO = PMHPL = PMHPR = PMSPK = PMRCV = PMVCM = PMPLL =
PMMPI1 = PMMP2 = M/S = PMOSC = PMMIX = PMSRAI = PMSRAO = PMSRBI = PMSRBO = PMPCMA
= PMPCMB bits = “1”. PLL Reference Clock = MCKI = 11.2896MHz. In this case, output current of the
MPWR1 and MPWR?2 pins are OmA.

AVDD=4.6mA (typ), DVDD=4.0mA (typ), PVDD=0.78mA (typ), SVDD=4.2mA (typ), TVDD=0.2mA (typ)
All digital input pins are fixed to each supply pin TVDD or VSS2.

AVDD, DVDD, PVDD and TVDD are powered OFF.

B Power Consumption for Each Operation Mode

Condition: Ta=25°C; AVDD=DVDD=PVDD=TVDD =1.8V, SVDD=4.2V; VSS1=VSS2=VSS3=0V; fs=44.1kHz,

fs2=16kHz, fs3=8kHz; External Slave Mode, BICK=64fs; No data input, Receiver / Speaker / Headphone =
No Load.

Mode AVDD DVDD+PVDD TVDD SVDD Total Power
[mA] [mA] [mA] [mA] [mW]

LIN1/RINT > ADC (Note 34) 1.93 0.74 0.1 0.003 5.0
DAC - Lineout (Note 35) 1.27 0.46 0.02 0.9 6.9
DAC - HP (Note 36) 0.82 1.21 0.02 0.003 3.7
DAC - RCV (Note 37) 1.22 0.44 0.02 1.3 8.5
DAC - SPK (Note 38) 1.75 0.44 0.02 1.35 9.4
PCMI/FA>PCMIFB &

PCM I/F B > PCM I/F A (Note 39) 021 119 01 0.003 27

Note 34.
Note 35.
Note 36.
Note 37.
Note 38.
Note 39.

PMVCM = PMADL = PMADR bits = “1”, PFSDO bit = “0”

PMVCM = PMDAL = PMDAR =PMLO = PMRO bits =“1”, DASEL1-0 bits = “10”

PMVCM = PMDAL = PMDAR = PMHPL = PMHPR bits = “1”, DASEL1-0 bits = “10”

PMVCM = PMDAL = PMDAR = PMRCYV bits = “1”, DASEL1-0 bits = “10”

PMVCM = PMDAL = PMDAR = PMSPK bits = “1”, DASEL1-0 bits = “10”

PMVCM = PMOSC = PMPCMA = PMSRAI = PMSRAO = PMPCMB = PMSRBI = PMSRBO bits = “1”
Table 1. Power Consumption for Each Operation Mode (typ)
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AsahiKASEI

[AK4678]

SRC CHARACTERISTICS

(Ta=25°C; AVDD=PVDD= DVDD=TVDD =1.8V, SVDD=4.2V; VSS1=VSS2=VSS3=0V; Signal Frequency=1kHz;
16bit Data; Measurement Bandwidth=20Hz ~ FSO/2; unless otherwise specified)

Parameter | Symbol | min typ | max | Unit
SRC Characteristics (SRCAI): SDTIA - SRCAI - SDTO

Resolution - - 16 Bits
Input Sample Rate FSI 8 - 16 kHz
Output Sample Rate FSO 8 - 48 kHz
THD+N (Input = 1kHz, —1dBFS, Note 40)

FSO/FSI = 44.1kHz/8kHz - —88 - dB
Dynamic Range (Input = 1kHz, —60dBFS, Note 40)

FSO/FSI = 44.1kHz/8kHz - 98 - dB
Ratio between Input and Output Sample Rate FSO/FSI 1/2 6 -
SRC Characteristics (SRCAQO): SDTI - SRCAO - SDTOA
Resolution - - 16 Bits
Input Sample Rate FSI 8 - 48 kHz
Output Sample Rate FSO 8 - 16 kHz
THD+N (Input = 1kHz, —1dBFS, Note 40)

FSO/FSI = 8kHz/44.1kHz - =75 - dB

FSO/FSI = 16kHz /8kHz - —88 - dB
Dynamic Range (Input = 1kHz, —60dBFS, Note 40)

FSO/FSI = 8kHz/44.1kHz - 100 - dB

FSO/FSI = 16kHz /8kHz - 99 - dB
Ratio between Input and Output Sample Rate FSO/FSI 1/6 2 -
SRC Characteristics (SRCBI, SRCBO): SDTI - SRCBO - SDTOB, SDTIB - SRCBI - SDTO
Resolution - - 16 Bits
Input Sample Rate FSI 8 - 48 kHz
Output Sample Rate FSO 8 - 48 kHz
THD+N (Input = 1kHz, —1dBFS, Note 40)

FSO/FSI = 8kHz/44.1kHz - =75 - dB

FSO/FSI = 44.1kHz/8kHz - —88 - dB
Dynamic Range (Input = 1kHz, —60dBFS, Note 40)

FSO/FSI = 8kHz/44.1kHz - 100 - dB

FSO/FSI = 44.1kHz/8kHz - 99 - dB
Ratio between Input and Output Sample Rate FSO/FSI 1/6 6 -
Note 40. Measured by Audio Precision System Two Cascade.
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AsahiKASEI [AK4678]

FILTER CHARACTERISTICS (CODEC) |

(Ta=25°C; AVDD =PVDD =DVDD=1.7 ~ 2.0V; SVDD=3.0 ~ 5.5V, TVDD =1.6 ~ 3.6V; fs=44.1kHz; Programmable

Filter=OFF)

Parameter | Symbol | min | typ | max | Unit

ADC Digital Filter (Decimation LPF):

Passband (Note 41) +0.16dB PB 0 - 17.3 kHz
—-0.66dB - 19.4 - kHz
-1.1dB - 19.9 - kHz
—6.9dB - 22.1 - kHz

Stopband (Note 41) SB 26.1 - - kHz

Passband Ripple PR - - +0.16 dB

Stopband Attenuation SA 73 - - dB

Group Delay (Note 42) GD - 20 - 1/fs

Group Delay Distortion AGD - 0 - us

ADC Digital Filter (HPF): HPFC1-0 bits = “00”

Frequency Response -3.0dB FR - 34 - Hz
—-0.5dB - 10 - Hz
—0.1dB - 22 - Hz

DAC Digital Filter (LPF):

Passband (Note 41) +0.05dB PB 0 - 20.0 kHz
—6.0dB - 22.05 - kHz

Stopband (Note 41) SB 24.1 - - kHz

Passband Ripple PR - - +0.05 dB

Stopband Attenuation SA 54 - - dB

Group Delay (Note 42) GD - 25 - 1/fs

DAC Digital Filter (LPF) + SCF + SMF:

Frequency Response: 0 ~ 20.0kHz | FR | - | +1.0 | - | dB

Note 41. The passband and stopband frequencies scale with fs (system sampling rate).
For example, DAC is PB=0.454 x fs (@+0.05dB). Each response refers to that of 1kHz.

Note 42. The calculated delay time caused by digital filtering. This time is from the input of analog signal to setting of the
24-bit data of both channels from the input register to the output register of the ADC. This time includes group
delay of the HPF and Programmable filter. For the DAC, this time is from setting the 24-bit data of both channels
from the input register to the output of analog signal and includes selector block (SDMIN, PFMXL/R and
SRMXL/R), DRC, 5-band EQ and DATT-A. For the signal through the programmable filters, group delay is

increased 4/fs at Playback Mode from the value above if there is no phase changed by the IIR filter.
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AsahiKASEI

[AK4678]

FILTER CHARACTERISTICS (SRC)

(Ta=25°C; AVDD = PVDD =DVDD=1.7 ~ 2.0V; SVDD=3.0 ~ 5.5V, TVDD =1.6 ~ 3.6V; Programmable Filter=OFF)

Parameter | Symbol | min | typ | max | Unit
Digital Filter
Passband | —0.23dB | 0.985 < FSO/FSI < 6.000 PB 0 - 0.4583FSI kHz
—0.20dB | 0.905 < FSO/FSI < 0.985 PB 0 - 0.4167FSI kHz
—0.13dB | 0.714 < FSO/FSI < 0.905 PB 0 - 0.3104FSI kHz
—0.11dB | 0.656 < FSO/FSI1<0.714 PB 0 - 0.2813FSI kHz
—0.10dB | 0.492 < FSO/FSI < 0.656 PB 0 - 0.2167FSI kHz
—0.09dB | 0.452 < FSO/FSI < 0.492 PB 0 - 0.1948FSI kHz
—0.07dB | 0.357 < FSO/FSI < 0.452 PB 0 - 0.1458FSI kHz
—0.07dB | 0.324 < FSO/FSI < 0.357 PB 0 - 0.1271FSI kHz
—0.06dB | 0.226 < FSO/FSI < 0.324 PB 0 - 0.0729FSI kHz
—0.17dB | 0.1667 < FSO/FSI < 0.226 PB 0 - 0.0625FSI kHz
Stopband 0.985 < FSO/FSI < 6.000 SB 0.5417FSI - - kHz
0.905 < FSO/FSI < 0.985 SB 0.5021FSI - - kHz
0.714 < FSO/FSI < 0.905 SB 0.3958FSI - - kHz
0.656 <FSO/FS1<0.714 SB 0.3667FSI - - kHz
0.492 < FSO/FSI < 0.656 SB 0.3021FSI - - kHz
0.452 < FSO/FSI < 0.492 SB 0.2802FSI - - kHz
0.357 < FSO/FSI < 0.452 SB 0.2313FSI - - kHz
0.324 <FSO/FSI < 0.357 SB 0.2125FSI - - kHz
0.226 < FSO/FSI <0.324 SB 0.1583FSI - - kHz
0.1667 < FSO/FSI < 0.226 SB 0.1271FSI - - kHz
Stopband 0.985 < FSO/FSI < 6.000 SA 87.0 - - dB
Attenuation 0.905 < FSO/FSI < 0.985 SA 88.0 - - dB
0.714 < FSO/FSI < 0.905 SA 87.5 - - dB
0.656 < FSO/FSI < 0.714 SA 86.8 - - dB
0.492 < FSO/FSI < 0.656 SA 86.4 - - dB
0.452 < FSO/FSI < 0.492 SA 86.0 - - dB
0.357 <FSO/FSI < 0.452 SA 86.6 - - dB
0.324 < FSO/FSI < 0.357 SA 86.1 - - dB
0.226 < FSO/FSI < 0.324 SA 85.7 - - dB
0.1667 < FSO/FSI < 0.226 SA 72.8 - - dB
Group Delay (Note 43)
PCMI/FA > PCMI/FB | (PMMIX bit="0") GD - 30/£s2+10.5/1s3 - S
i et 29.5/fs2+37.5/1s3
(PMMIX bit=“1") | GD - 10 St - s
PCMI/FB > PCMI/FA | (PMMIX bit="0") GD - 30/fs2+10.5/fs3 - S
i ccr 29.5/£s2+37.5/1s3
(PMMIX bit=1") | GD - 105/t - s
PCM I/F A > SDTO GD - 29.5/fs2+11.5/fs - S
PCM I/F B - SDTO GD - 29.5/fs2+12.5/fs - S
PCM I/F A - 5-band EQ - DATT-A - DRC
> DAC Digital Outpu?(Note 44) GD - 29.5/52+32.5/1 - s
PCM I/F B = 5-band EQ = DATT-A - DRC
> DAC Digital Outplg (Note 44) GD - 29.5/52+33.5/1 - s

Note 43. This value is the time from the rising edge of LRCK, SYNCA or SYNCB after data is input to rising edge of
LRCK after data is output, when LRCK, SYNCA or SYNCB for Output data corresponds with SYNCA or
SYNCB for Input.
fs: LRCK Frequency, fs2: SYNCA Frequency, fs3: SYNCB Frequency.

Note 44. This value includes group delay of DAC digital filter.
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AsahiKASEI [AK4678]
| DC CHARACTERISTICS |
(Ta=25°C; AVDD = PVDD =DVDD=1.7 ~ 2.0V; SVDD=3.0 ~ 5.5V, TVDD =1.6 ~ 3.6V)
Parameter Symbol min typ max Unit
High-Level Input Voltage | 2.2V<TVDD<3.6V__| VIHL | 70%TVDD_| - R S SRR S V.|
(Note 45) | 1.6V<TVDD<2.2V VIHI 80%TVDD - - \4
Low-Level Input Voltage | 22V<TVDD<3.6V | VILL | - [ R 30%TVDD [ V|
(Note 45) | 1.6V<TVDD<2.2V VIL1 - - 20%TVDD \Y
High-Level Output Voltage
(Note 46)(Iout=—200pA) | VOHI TVDD-0.2 - - \%
Low-Level Output Voltage - - v
(Note 46)(Iout=200pA) | VOLI - - 0.2 v
(SDA pin, 2.0VTVDD<3.6V: lIout=3mA) | VOL2 - - 0.4 A%
(SDA pin, 1.6V<TVDD<2.0V: lIout=3mA) | VOL2 - - 20%TVDD \Y%
Input Leakage Current (Note 47) Iind - - +2 LA
Digital MIC Interface (DMDAT pin Input; DMIC bit = “1”)
High-Level Input Voltage VIH3 65%AVDD - - v
Low-Level Input Voltage VIL3 - - 35%AVDD \
| Digital MIC Interface (DMCLK pin Output; DMIC bit = “1”)
High-Level Output Voltage (Iout=—80pA) VOH3 AVDD-0.4 - - \%
Low-Level Output Voltage (Iout= 80pA) VOL3 - - 0.4 \
Input Leakage Current (Note 47) lin - - +10 LA

Note 45. BICK, LRCK, SDTI, MCKI, PDN, BICKA, SYNCA, SDTIA, BICKB, SYNCB, SDTIB, SCL and SDA pins
Note 46. BICK, LRCK SDTO, SDTOA and SDTOB pins
Note 47. SYNCB, BICKB, SDTIB, SDTI, LRCK, MCKI, BICK, SCL, SDA, SDTIA, BICKA and SYNCA pins.

I/O pins (LRCK, BICK and SDA pins) are at the time of Input state.
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AsahiKASEI

[AK4678]

SWITCHING CHARACTERISTICS

(Ta=25°C; AVDD=DVDD=PVDD=1.7 ~ 2.0V, TVDD =1.6 ~3 .6V, SVDD=3.0 ~ 5.5V; C =20pF (except SDA pin) or

400pF (SDA pin); unless otherwise specified)

Parameter | Symbol | min | typ | max | Unit
PLL Master Mode (PLL Reference Clock = MCKI pin)
MCKI Input Timing
Frequency fCLK 11.2896 - 27 MHz
Pulse Width Low tCLKL 0.4/fCLK - - ns
Pulse Width High tCLKH 0.4/fCLK - - ns
LRCK Output Timing
Frequency fs 8 - 48 kHz
DSP Mode: Pulse Width High tLRCKH - tBCK - ns
Except DSP Mode: Duty Cycle Duty - 50 - %
BICK Output Timing
Period BCKO bit = “0” tBCK - 1/(32fs) - ns
BCKO bit=“1" tBCK - 1/(64fs) - ns
Duty Cycle dBCK - 50 - %
PLL Slave Mode (PLL Reference Clock = BICK pin)
LRCK Input Timing
Frequency fs 8 - 48 kHz
DSP Mode: Pulse Width High tLRCKH | tBCK-60 - 1/fs —tBCK ns
Except DSP Mode: Duty Cycle Duty 45 - 55 %
BICK Input Timing
Period PLL3-0 bits = “0010” tBCK - 1/(32fs) - ns
PLL3-0 bits = “0011” tBCK - 1/(64fs) - ns
Pulse Width Low tBCKL 0.4 x tBCK - - ns
Pulse Width High tBCKH | 0.4 x tBCK - - ns
MS1403-E-01 2012/05
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AsahiKASEI [AK4678]
Parameter | Symbol | min typ max | Unit
External Slave Mode
MCKI Input Timing
Frequency | 256fs fCLK 2.048 - 12.288 MHz
512fs fCLK 4.096 - 12.288 MHz
1024fs fCLK 8.192 - 12.288 MHz
Pulse Width Low tCLKL 0.4/fCLK - - ns
Pulse Width High tCLKH 0.4/fCLK - - ns
LRCK Input Timing
Frequency | 256fs fs 8 - 48 kHz
512fs fs 8 - 24 kHz
1024fs fs 8 - 12 kHz
DSP Mode: Pulse Width High tLRCKH | tBCK-60 - 1/fs —tBCK ns
Except DSP Mode: Duty Cycle Duty 45 - 55 %
BICK Input Timing
Period tBCK 3125 - - ns
Pulse Width Low tBCKL 130 - - ns
Pulse Width High tBCKH 130 - - ns
External Master Mode
MCKI Input Timing
Frequency | 256fs fCLK 2.048 - 12.288 MHz
512fs fCLK 4.096 - 12.288 MHz
102415 fCLK 8.192 - 12.288 MHz
Pulse Width Low tCLKL 0.4/fCLK - - ns
Pulse Width High tCLKH 0.4/fCLK - - ns
LRCK Output Timing
Frequency fs 8 - 48 kHz
DSP Mode: Pulse Width High tLRCKH - tBCK - ns
Except DSP Mode: Duty Cycle Duty - 50 - %
BICK Output Timing
Period BCKO bit = “0” tBCK - 1/(32fs) - ns
BCKO bit=“1” tBCK - 1/(64fs) - ns
Duty Cycle dBCK - 50 - %
MS1403-E-01 2012/05
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[AK4678]
Parameter | Symbol | min typ max | Unit
Audio Interface Timing (DSP Mode)
Master Mode
LRCK “T* to BICK “T” (Note 48) tDBF | 0.5xtBCK—40 | 0.5xtBCK | 0.5xtBCK+40 [ ns
LRCK “T to BICK “J” (Note 49) tDBF | 0.5xtBCK-40 | 0.5xtBCK | 0.5xtBCK+40 | ns
BICK “T” to SDTO (BCKP bit = “0”) tBSD -70 - 70 ns
BICK “!” to SDTO (BCKP bit = “1”) tBSD =70 - 70 ns
SDTI Hold Time tSDH 50 - - ns
SDTI Setup Time tSDS 50 - - ns
Slave Mode
LRCK “T* to BICK “T” (Note 48) tLRB 0.4 x tBCK - - ns
LRCK “T to BICK “J” (Note 49) tLRB 0.4 x tBCK - - ns
BICK “T to LRCK “T” (Note 48) tBLR 0.4 x tBCK - - ns
BICK “J” to LRCK “T” (Note 49) tBLR 0.4 x tBCK - - ns
BICK “T” to SDTO (BCKP bit = “0”) tBSD - - 80 ns
BICK “!” to SDTO (BCKP bit = “1”) tBSD - - 80 ns
SDTI Hold Time tSDH 50 - - ns
SDTI Setup Time tSDS 50 - - ns
Audio Interface Timing (Right/Left justified & I’S)
Master Mode
BICK “J” to LRCK Edge (Note 50) tMBLR —40 - 40 ns
LRCK Edge to SDTO (MSB) tLRD -70 - 70 ns
(Except I’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 50) tLRB 50 - - ns
BICK “7” to LRCK Edge (Note 50) tBLR 50 - - ns
LRCK Edge to SDTO (MSB) tLRD - - 80 ns
(Except I’S mode)
BICK “” to SDTO tBSD - - 80 ns
SDTI Hold Time tSDH 50 - - ns
SDTI Setup Time tSDS 50 - - ns
Note 48. MSBS, BCKP bits = “00” or “11”.
Note 49. MSBS, BCKP bits =“01” or “10”.
Note 50. BICK rising edge must not occur at the same time as LRCK edge.
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AsahiKASEI [AK4678]
Parameter | Symbol | min typ max | Unit
PCM Interface Timing (BICKA, SYNCA, SDTIA, SDTOA pins):
SYNCA Timing
Frequency fs2 8 - 16 kHz
Serial Interface Timing at Short/long Frame Sync
BICKA Frequency fBCK2 128 - 4096 kHz
BICKA Period tBCK2 244 - - ns
BICKA Pulse Width Low tBCKL2 100 - - ns
Pulse Width High tBCKH2 100 - - ns
SYNCA Edge to BICKA “}” (Note 51) tSYB2 40 - - ns
SYNCA Edge to BICKA “T” (Note 52) tSYB2 40 - - ns
BICKA “}” to SYNCA Edge (Note 51) tBSY2 40 - - ns
BICKA “T” to SYNCA Edge (Note 52) tBSY2 40 - - ns
SYNCA to SDTOA (MSB) (Except Short Frame) tSYD2 - - 60 ns
BICKA “T” to SDTOA (BCKPA bit = “0”) tBSD2 - - 60 ns
BICKA “” to SDTOA (BCKPA bit =“17) tBSD2 - - 60 ns
SDTIA Hold Time tSDH2 25 - - ns
SDTIA Setup Time tSDS2 25 - - ns
SYNCA Pulse Width Low tSYL2 0.8 x tBCK2 - - ns
Pulse Width High tSYH2 0.8 x tBCK2 - - ns
Serial Interface Timing at MSB justified and I’S
BICKA Frequency fBCK2 256 - 3072 kHz
BICKA Period tBCK2 312.5 - - ns
BICKA Pulse Width Low tBCKL2 130 - - ns
Pulse Width High tBCKH2 130 - - ns
SYNCA Edge to BICKA “T” tSYB2 50 - - ns
BICKA “T” to SYNCA Edge tBSY2 50 - - ns
SYNCA to SDTOA (MSB) (Except I’S mode) tSYD2 - - 80 ns
BICKA “J” to SDTOA tBSD2 - - 80 ns
SDTIA Hold Time tSDH2 50 - - ns
SDTIA Setup Time tSDS2 50 - - ns
SYNCA Duty Cycle dSYC2 45 50 55 %
Note 51. MSBSA, BCKPA bits = “00” or “11”".
Note 52. MSBSA, BCKPA bits = “01” or “10”.
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Parameter | Symbol | min typ max | Unit
PCM Interface Timing (BICKB, SYNCB, SDTIB, SDTOB pins):
SYNCB Timing
Frequency fs3 8 - 48 kHz
Serial Interface Timing at Short/long Frame Sync
BICKB Frequency fBCK3 128 - 4096 kHz
BICKB Period tBCK3 244 - - ns
BICKB Pulse Width Low tBCKL3 100 - - ns
Pulse Width High tBCKH3 100 - - ns
SYNCB Edge to BICKB “}” (Note 53) tSYB3 40 - - ns
SYNCB Edge to BICKB “T” (Note 54) tSYB3 40 - - ns
BICKB “!” to SYNCB Edge (Note 53) tBSY3 40 - - ns
BICKB “T” to SYNCB Edge (Note 54) tBSY3 40 - - ns
SYNCB to SDTOB (MSB) (Except Short Frame) tSYD3 - - 60 ns
BICKB “1” to SDTOB (BCKPB bit = “0”) tBSD3 - - 60 ns
BICKB “J” to SDTOB (BCKPB bit = “1”) tBSD3 - - 60 ns
SDTIB Hold Time tSDH3 25 - - ns
SDTIB Setup Time tSDS3 25 - - ns
SYNCB Pulse Width Low tSYL3 0.8 x tBCK3 - - ns
Pulse Width High tSYH3 0.8 x tBCK3 - - ns
Serial Interface Timing at MSB justified and I’S
BICKB Frequency fBCK3 256 - 3072 kHz
BICKB Period tBCK3 312.5 - - ns
BICKB Pulse Width Low tBCKL3 130 - - ns
Pulse Width High tBCKH3 130 - - ns
SYNCB Edge to BICKB “1> tSYB3 50 - - ns
BICKB “T” to SYNCB Edge tBSY3 50 - - ns
SYNCB to SDTOB (MSB) (Except I°S mode) tSYD3 - - 80 ns
BICKB “!” to SDTOB tBSD3 - - 80 ns
SDTIB Hold Time tSDH3 50 - - ns
SDTIB Setup Time tSDS3 50 - - ns
SYNCB Duty Cycle dSYC3 45 50 55 %
Note 53. MSBSB, BCKPB bits = “00” or “11”.
Note 54. MSBSB, BCKPB bits = “01” or “10”.
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Parameter | Symbol | min typ max | Unit
Control Interface Timing (I*C Bus mode): (Note 55)
SCL Clock Frequency fSCL 30 - 400 kHz
Bus Free Time Between Transmissions tBUF 1.3 - - us
Start Condition Hold Time (prior to first clock pulse) tHD:STA 0.6 - - us
Clock Low Time tLOW 1.3 - - us
Clock High Time tHIGH 0.6 - - us
Setup Time for Repeated Start Condition tSU:STA 0.6 - - us
SDA Hold Time from SCL Falling (Note 56) tHD:DAT 0 - - us
SDA Setup Time from SCL Rising tSU:DAT 0.1 - - us
Rise Time of Both SDA and SCL Lines tR - - 0.3 us
Fall Time of Both SDA and SCL Lines tF - - 0.3 us
Setup Time for Stop Condition tSU:STO 0.6 - - us
Capacitive Load on Bus Cb - - 400 pF
Pulse Width of Spike Noise Suppressed by Input Filter tSP 0 - 50 ns
Digital Audio Interface Timing: C,=100pF
DMCLK Output Timing
Period tSCK - 1/(64fs) - ns
Rising Time tSRise - - 10 ns
Falling Time tSFall - - 10 ns
Duty Cycle dSCK 45 50 55 %
Audio Interface Timing
DMDAT Setup Time tDMS 50 - - ns
DMDAT Hold Time tDMH 0 - - ns
Power-down & Reset Timing
PDN Accept Pulse Width (Note 57) tAPD 1.5 - - us
PDN Reject Pulse Width (Note 57) tRPD - - 50 ns
PMADL or PMADR “1” to SDTO valid (Note 58)
ADRST bit =“0” tPDV - 1059 - 1/1s
ADRST bit =“1" tPDV - 267 - 1/1s
PMDML or PMDMR “1” to SDTO valid (Note 59)
ADRST bit =“0” tPDV - 1059 - 1/1s
ADRST bit =“1" tPDV - 267 - 1/1s
PMSRAO “T” to SDTOA valid (Note 60) tPDV2 - 164 1/fs2
PMSRBO “1” to SDTOB valid (Note 61) tPDV3 - 164 1/£s3

Note 55. I’C-bus is a registered trademark of NXP B.V.

Note 56. Data must be held long enough to bridge the 300ns-transition time of SCL.

Note 57. The AK4678 can be reset by bringing PDN pin = “L” to “H” only upon power up. The PDN pin must held “L”
for more than 1.5us for a certain reset. The AK4678 is not reset by the “L” pulse less than 50ns.

Note 58. This is the count of LRCK “1 from the PMADL or PMADR bit = “1”.
Note 59. This is the count of LRCK “1” from the PMDML or PMDMR bit = “1”.
Note 60. This is the count of SYNCA “T from the PMSRAO bit = “1”.

Note 61. This is the count of SYNCB “T from the PMSRBO bit = “1”.
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m Timing Diagram

1/fCLK

LRCK ~—— R 50%TVDD
tLRCKH tLRCKL
< »  Duty =tLRCKH x fs x 100
{tBCK tLRCKL x fs x 100
BICK - fmsrmmsrmmsreeeaes) Koememn ey frommrmrmennnacen \----- 50%TVDD
tBCKH tBCKL
4¢—» dBCK =tBCKH /tBCK x 100
tBCKL / tBCK x 100
Figure 3. Clock Timing (PLL/EXT Master mode)
P tLRCKH
O 50%TVDD
- tDBF N
20 L VS (SN S ——— 50%TVDD
(BCKP ="0")
BICK ------memoemofmmmmmmome e N 50%TVDD
(BCKP ="1")
tBSD
SDTO >< """"""""""""""""""" ‘ ”””””” - MSB >< """""" 50%TVDD
tSDS tSDH
«——>

Figure 4. Audio Interface Timing (PLL/EXT Master mode, DSP mode, MSBS bit= “0")
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tLRCKH
LRCK ) 50%TVDD
BICK 50%TVDD
(BCKP ="1")
BICK 50%TVDD
(BCKP ="0")
50%TVDD
VIH1
VIL1

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

I o . 509%TVDD

50%TVDD

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

BICK
(BCKP ="1")

BICK
(BCKP ="1")

BICK
(BCKP ="0")

tBLR

4

[AK4678]

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

tLRCKH || | ILRCKL | Duty = tLRCKH x fs x 100
tLRCKL x fs x 100

A

tBCKH tBCKL

» » |l »

Figure 9. Clock Timing (PLL Slave mode; Except DSP mode)

tLRCKH

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

LRCK

BICK

(BCKP ="0")

BICK
(BCKP ="1") -y

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

———————————————————————————————— AN VIHL

LRCK
VIL1

BICK

(BCKP ="1")

BICK
(BCKP ="0") -y

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

1/fCLK

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

tBCKH tBCKL

> W]

Figure 12. Clock Timing (EXT Slave mode)
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LRCK

BICK

50%TVDD

tSDS tSDH

SDTI

dSYC2 =tSYH2 x fs2 x 100
tSYL2 x fs2 x 100

1/fs2
SYNCA VN e e L
/
tSYL2
tBCK2 = 1/fBCK2
BICKA
Figure 14. Clock Timing of PCM I/F A
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A N

tSYB2

BICKA
(BCKPA = “0")

BICKA
(BCKPA = “17)

A N

tSYB2 |

&
<

BICKA
(BCKPA =“17)

BICKA
(BCKPA = “0")

Figure 16. PCM I/F A Timing at short and long frame sync (MSBSA bit= “1")
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SYNCA
BICKA
SDTOA
VIH1
SDTIA
VIL1

1/fs3
--------------------------- VIH1
SYNCB Y ViLL
tSYL3 dSYC3 = tSYH3 x fs3 x 100
tSYL3 x fs3 x 100
tBCK3 = 1/fBCK3
BICKB
Figure 18. Clock Timing of PCM I/F B
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A R

tSYB3

BICKB

tSDS3
—

A N

tSYB3 |

BICKB
(BCKPB =“17)

BICKB
(BCKPB =*0")

Figure 20. PCM I/F B Timing at short and long frame sync (MSBSB bit= “1")
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SYNCB
BICKB
tSYD3 — <+
SDTOB  —=-=-==-=--=---ommmmomo k- mm-- o il it
VIH1
SDTIB
VIL1
Figure 21. PCM I/F B Timing at MSB justified and I’S
L tSCK
| ___65%AVDD
DMCLK ====pf{================ok======-----oom-ooy [~~~ 50%AVDD
Y I N I N \___35%AVDD
tSCKL
[ —

tSRise tSFall

dSCK =100 x tSCKL / tSCK
Figure 22. DMCLK Clock Timing

65%AVDD
35%AVDD

Figure 23. Audio Interface Timing (DCLKP bit = “1”)

65%AVDD
35%AVDD

Figure 24. Audio Interface Timing (DCLKP bit = “0”)
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tLOW 1R tHIGH

e hlle

| | |
tHD:STA tHD:DAT tSU:DAT  tSU:STA | tSU:STO |
‘Stop  Start. Start “Stop
Figure 25. I*C Bus Mode Timing
PMADL bit, PMADR hit,
PMDML or PMDMR bit
tPDV
LB I Ty 50%TVDD
Figure 26. Power Down & Reset Timing 1
tAPD
PDN
Figure 27. Power Down & Reset Timing 2
PMSRAQ bit
P tPDV2
SDTOA oo 50%TVDD
Figure 28. Power Down & Reset Timing 3
PMSRBO bit
P tPDV3
T o= R 50%TVDD
Figure 29. Power Down & Reset Timing 4
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OPERATION OVERVIEW

B System Clock (Audio I/F)

There are the following four clock modes to interface with external devices. (Table 2 and Table 3)

Mode PMPLL bit M/S bit PLL3-0 bits Figure
PLL Master Mode 1 1 Table 5 Figure 30
PLL Slave Mode .
(PLL Reference Clock: BICK pin) ! 0 Table 5 Figure 31
EXT Slave Mode 0 0 X Figure 32
EXT Master Mode 0 1 X Figure 33
Table 2. Clock Mode Setting (x: Don’t care)
Mode MCKI pin BICK pin LRCK pin
Selected by PLL3-0 Output Output
PLL Master Mod X .
aster ode bits (Selected by BCKO bit) (1fs)
PLL Slave Mode GND Input Input
(PLL Reference Clock: BICK pin) (Selected by PLL3-0 bits) (1fs)
. Input Input
EXT Slave Mode Selected by FS1-0 bits > 32f5) (1f5)
. Output Output
EXT Master Mode Selected by FS1-0 bits (Selected by BCKO bit) (1f5)

B Master Mode/Slave Mode

Table 3. Clock pins state in Clock Mode

The M/S bit selects either master or slave mode. M/S bit = “1” selects master mode and “0” selects slave mode. The
AK4678 is in slave mode until the M/S bit is changed to “1” after the PDN pin changes from “L” to “H”. The AK4678
goes to master mode by changing M/S bit = “1”.

When the AK4678 is used in master mode, LRCK and BICK pins are Hi-Z state until M/S bit becomes “1”. LRCK and
BICK pins of the AK4678 should be pulled-down or pulled-up by a resistor (about 100kQ) externally to avoid floating

state.
M/S bit Mode
0 Slave Mode (default)
1 Master Mode
Table 4. Select Master/Slave Mode
MS1403-E-01
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m PLL Mode (PMPLL bit = “1”)

[AK4678]

When PMPLL bit is “17, a fully integrated analog phase locked loop (PLL) generates clock that is selected by the PLL3-0
and FS3-0 bits. The PLL lock time is shown in Table 5. This lock time is when the AK4678 is supplied stable clocks after
PLL is powered-up (PMPLL bit = “0” — “1”’) or when the sampling frequency changes.

1) Setting of PLL Mode

(default)

Moge | PLL3 | PLL2 | PLLI | PLLO | PLL Reference Input PL%HI;I‘;CI‘
bit bit bit bit Clock Input Pin Frequency
(max)

2 0 0 1 0 BICK pin 32fs 2ms
3 0 0 1 1 BICK pin 64fs 2ms
4 0 1 0 0 MCKI pin 11.2896MHz 10ms
5 0 1 0 1 MCKI pin 12.288MHz 10ms
6 0 1 1 0 MCKI pin 12MHz 10ms
7 0 1 1 1 MCKI pin 24MHz 10ms
8 1 0 0 0 MCKI pin 19.2MHz 10ms
10 1 0 1 0 MCKI pin 13MHz 10ms
11 1 0 1 1 MCKI pin 26MHz 10ms
12 1 1 0 0 MCKI pin 13.5MHz 10ms
13 1 1 0 1 MCKI pin 27MHz 10ms
14 1 1 1 0 MCKI pin 25MHz 10ms

Others Others N/A

Table 5. Setting of PLL Mode (*fs: Sampling Frequency, N/A: Not available)

2) Setting of sampling frequency in PLL Mode
When PLL reference clock input is MCKI and BICK pins, the sampling frequency is selected by FS3-0 bits as defined in

Table 6.
Mode FS3 bit FS2 bit FS1 bit FSO bit Sampling Frequency
0 0 0 0 0 8kHz
1 0 0 0 1 12kHz
2 0 0 1 0 16kHz
3 0 0 1 1 24kHz
5 0 1 0 1 11.025kHz
7 0 1 1 1 22.05kHz
10 1 0 1 0 32kHz
11 1 0 1 1 48kHz
15 1 1 1 1 44.1kHz
Others Others N/A
Table 6. Setting of Sampling Frequency at PMPLL bit = “1” (N/A: Not available)
MS1403-E-01

-37-

(default)

2012/05



AsahiKASEI [AK4678]

H PLL Unlock State
1) PLL Master Mode (PMPLL bit = “1”, M/S bit = “1”)
In this mode, LRCK and BICK pins output “L” before the PLL goes to lock state after PMPLL bit =“0" - “1” (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 “0”.

PLL State BICK pin LRCK pin
After that PMPLL bit “0” 2> “1” “L” Output “L” Output
PLL Unlock (except above case) Invalid Invalid

PLL Lock Table 8 1fs Output

Table 7. Clock Operation in PLL Master Mode (PMPLL bit = “1”, M/S bit = “1”)

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

When an external clock (11.2896MHz, 12MHz, 12.288MHz, 13MHz, 13.5MHz, 19.2MHz, 24MHz, 25MHz, 26 MHz or
27MHz) is input to the MCKI pin, the BICK and LRCK clocks are generated by an internal PLL circuit. The BICK output
frequency is selected between 32fs or 64fs, by BCKO bit (Table 8).

11.2896MHz, 12MHz, 12.288MHz, 13MHz,
13.5MHz, 19.2MHz, 24MHz, 25MHz,
26MHz, 27MHz

AK4678 DSP or uP
MCKI
BICK 323, bifs BCLK
LRCK ifs LRCK
SDTO SDTI
SDTI < SDTO
Figure 30. PLL Master Mode
BCKO bit BICK Output
Frequency
0 32fs (default)
1 64fs

Table 8. BICK Output Frequency in Master Mode

MS1403-E-01 2012/05
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m PLL Slave Mode (PMPLL bit = “1”, M/S bit = “0”)

A reference clock of PLL is selected among the input clocks to BICK pin. The required clock to the AK4678 is generated
by an internal PLL circuit. Input frequency is selected by PLL3-0 bits (Table 5).

BICK input should be synchronized to LRCK input. Sampling frequency can be selected by FS3-0 bits (Table 6).

AK4678 DSP or uP
MCKI
BICK 32fs or 64fs BCLK
LRCK 1fs LRCK
SDTO » |soT
SDTI SDTO

Figure 31. PLL Slave Mode (PLL Reference Clock: BICK pin)
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W EXT Slave Mode (PMPLL bit = “0”, M/S bit = “0”)

When PMPLL bit is “0”, the AK4678 becomes EXT mode. Master clock is input from the 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 the
AK4678 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
CM1-0 bits (Table 9) and sampling frequency is selected by FS3-0 bits (Table 10).

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

Mode | CMI1bit | CMO0 bit | MCKI Input Frequency Sampling Frequency Range
0 0 0 256fs 24kHz ~ 48kHz (default)
1 0 1 512fs 8kHz ~ 24kHz
2 1 0 1024fs 8kHz ~ 12kHz
3 1 1 256fs 8kHz ~ 24kHz
Table 9. MCKI Frequency in EXT Slave Mode (PMPLL bit = “0”, M/S bit = “0”)
Mode FS3 bit FS2 bit FS1 bit FSO bit Sampling Frequency
0 0 0 0 0 8kHz
1 0 0 0 1 12kHz
2 0 0 1 0 16kHz
3 0 0 1 1 24kHz
5 0 1 0 1 11.025kHz
7 0 1 1 1 22.05kHz
10 1 0 1 0 32kHz
11 1 0 1 1 48kHz
15 1 1 1 1 44.1kHz (default)
Others Others N/A

Table 10. Setting of Sampling Frequency (N/A: Not available)

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 reduced 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 11.

S/N
MCKI (fs=8kHz, 20kHzLPF + A-weighted)
256fs 82dB
512fs 82dB
1024fs 92dB

Table 11. Relationship between MCKI and S/N of LOUT/ROUT pins

AKA4678 DSP or puP
256fs, 512fs, or
MCKI MCLK
BICK BCLK
LRCK LRCK
SDTO SDTI
SDTI SDTO

Figure 32. EXT Slave Mode
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B EXT Master Mode (PMPLL bit = “0”, M/S bit = “1”)

The AK4678 becomes EXT Master Mode by setting PMPLL bit = “0” and M/S bit = “1”. Master clock is input from the
MCKI pin, the internal PLL circuit is not operated. The clock required to operate is MCKI (256fs, 512fs, or 1024fs). The
input frequency of MCKI is selected by CM1-0 bits (Table 12) and sampling frequency is selected by FS3-0 bits (Table

13).

Mode | CMI1bit | CMO0 bit | MCKI Input Frequency Sampling Frequency Range
0 0 0 256fs 24kHz ~ 48kHz (default)
1 0 1 512fs 8kHz ~ 24kHz
2 1 0 1024fs 8kHz ~ 12kHz
3 1 1 256fs 8kHz ~ 24kHz
Table 12. MCKI Frequency in EXT Master Mode (PMPLL bit = “0”, M/S bit = “1”)
Mode FS3 bit FS2 bit FS1 bit FSO bit Sampling Frequency
0 0 0 0 0 8kHz
1 0 0 0 1 12kHz
2 0 0 1 0 16kHz
3 0 0 1 1 24kHz
5 0 1 0 1 11.025kHz
7 0 1 1 1 22.05kHz
10 1 0 1 0 32kHz
11 1 0 1 1 48kHz
15 1 1 1 1 44.1kHz (default)
Others Others N/A

Table 13. Setting of Sampling Frequency (N/A: Not available)

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 reduced 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 14.

S/N
MCKI (fs=8kHz, 20kHzLPF + A-weighted)
256fs 82dB
512fs 82dB
1024fs 92dB

Table 14. Relationship between MCKI and S/N of LOUT/ROUT pins

AKA4678 DSP or puP
256fs, 512fs, or
1024fs
MCKI « MCLK
BICK 32fs or 64fs BCLK
LRCK ifs LRCK
SDTO SDTI
SDTI < SDTO
Figure 33. EXT Master Mode
BCKO bit BICK Output Frequency
0 32fs (default)
1 64fs

Table 15. BICK Output Frequency in Master Mode
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m System Reset

Upon power-up, the PDN pin must be “L” and changed to “H” after all power supplies are supplied. “L” time of 1.5us or
more is needed to reset the AK4678. All internal registers reset to their initial values. This reset is released when the
dummy command (Actually, the rising edge of 16™ SCL) is input after PDN pin = “H”. Dummy command is
executed by writing all “0” to the register address 00H.

The ADC enters an initialization cycle when the PMADL or PMADR bit is changed from “0” to “1”. The initialization
cycle time is set by ADRST bit (Table 16). During the initialization cycle, the ADC digital data outputs of both channels
are forced to a 2's complement, “0”. The ADC output reflects the analog input signal after the initialization cycle is
complete. When using a digital microphone, the initialization cycle is the same as ADC’s.

Note 62. The initial data of ADC has offset data that depends on the condition of the microphone and the cut-off
frequency of HPF. If this offset is not small, make initialization cycle longer by setting ADRST bit = “0” or do
not use the initial data of ADC.

Digital Initialization Cycle
ADRST bit fs = 8kHz fs = 16kHz fs =44.1kHz
0 1059/fs 132.4ms 66.2ms 24ms (default)
1 267/fs 33.4ms 16.7ms 6.1ms

Table 16. ADC Digital Initialization Cycle

r s

A R/W="0 g

R

T P

Slave Sub
SDA | S |Address Address(00H) Data(00H) H
N N N
A A A
C C c
K K K
Figure 34. Dummy Command
MS1403-E-01 2012/05
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H Audio Interface Format

Four types of data formats are available and can be selected by setting the DIF1-0 bits (Table 17). 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 AK4678 in master mode, but must be input to the AK4678 in slave mode.

Mode Déil Déio SDTO (ADC) SDTI (DAC) BICK | Figure
0 0 0 16bit DSP Mode 16bit DSP Mode > 32fs Table 18
1 0 1 24bit MSB justified | 16bit LSB justified > 32fs Figure 39
. . 24bit MSB .
2 | 0 24bit MSB justified S > 48fs Figure 40 | (default)
justified
3 ) ) 24/16 bit I’S 24/16bit I°S RAsor | Lo
compatible compatible > 48fs gt

Table 17. Audio Interface Format

If 24-bit(16-bit) data that ADC outputs is converted to 8-bit data by removing LSB 16-bit(8-bit), “—1" at 24bit(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
“—65536” at 24-bit (“~256” at 16-bit) data which is a large offset. This offset can be removed by adding the offset of
“32768” at 24-bit (“128” at 16bit) to 24-bit(16-bit) data before converting to 8-bit data.

In Mode 1, 2 and 3, the SDTO is clocked out on the falling edge (“4”*) of BICK and the SDTT is latched on the rising edge
(“T”).

In Mode 0 (16bit DSP mode), the audio I/F timing is changed by BCKP and MSBS bits (Table 18).

DIF1 | DIF0O | MSBS | BCKP

bit bit bit bit Audio Interface Format Figure

MSB of SDTO is output by the rising edge (“T”) of the
first BICK after the rising edge (“T”) of LRCK.

MSB of SDTI is latched by the falling edge (“»L”) of the
BICK just after the output timing of SDTO’s MSB.
MSB of SDTO is output by the falling edge (“i«”) of the
first BICK after the rising edge (“T”") of LRCK.

MSB of SDTI is latched by the rising edge (“1”) of the
BICK just after the output timing of SDTO’s MSB.
MSB of SDTO is output by next rising edge (“T”) of the
falling edge (“4”) of the first BICK after the rising edge
1 0 (“T) of LRCK. Figure 37
MSB of SDTI is latched by the falling edge (“»L”) of the
BICK just after the output timing of SDTO’s MSB.
MSB of SDTO is output by next falling edge (“»L”) of the
rising edge (“T) of the first BICK after the rising edge
1 1 (“T) of LRCK. Figure 38
MSB of SDTI is latched by the rising edge (“1”) of the
BICK just after the output timing of SDTO’s MSB.

Figure 35 | (default)

Figure 36

Table 18. Audio Interface Format in Mode 0
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ey — | I~
- LI,
BlCK(SZf ) 15 .O 1 2 % 8 9 10 11 12 13 14 15 16 17 18 % 24 25 26 27 26 29 30 31 0

S
' Lch /§ 'Rch i
soto@ |0 1§|14|%8|7|6|5|4|3|2 BOE0 DEDB0ERNE
Lch / Rch %

SDTI(i) E 15|14|%8|7|6|5|4|3|2|1|0 15|14|%8|7|6|5|4|3|2|1|0
BICK(64f ) 15 0 1 2 % 14 15 16 17 18 % 30 31 32 33 34 % 46 47 48 49 50 % 62 63 :
s U - - . -

iLch / 1 Rch % I % % |
/ . . T
SDTO(0) |15|14|/2|1|0 15|14 /2|1|o | | - |
= | iRch | , | | .
| - - - .
SDTI(i) 15|14|%2|1|0|15|14| %/ 1]o] %/ %/ H|_
< 1/fs
' 15:MSB, O.LSB
Figure 35. Mode 0 Timing (BCKP bit = “0”, MSBS bit = “0”)
ey — | N
LRCK N | [
(Slave) ! % l 27 26 29 30 31 !O
BlCK(32fs) 15 0 1 2 % 8 9 10 11 12 13 14 15 16 17 18% 24 25 26
i Lch % I Rch / i
SDTO(0) | o 15|14|§8|7|6|5|4|3|2|1|0 15|14|§8|7|6|5|4|3|2|1|0
ilch | | | |
SDTI()) E 1;|14|%8|7|6|5|4|3J_2 |l|0|15|14|§8|7|6|5|4|3|2|1|O
15 o 1 2 / 14 15 16 17 18 % 30 31 32 33 34 % 46 47 48 49 50 % 62 63 :
| i ) i
BICK(64fs) L o % % % |
] | | )
SDTO(0) 15|14|%2|1|0 15] 14| %2|1|0 % % |
iLch % | Rch % | % % l
SDTI()) 15|14|% |1|0|15|14| %2|1|0| // %/ :[_
¢ 1/fs |
15:MSB, 0:LSB
Figure 36. Mode 0 Timing (BCKP bit = “1”, MSBS bit = “0”)
MS1403-E-01 2012/05

- 44 -



AsahiKASEI

LRCK
(Master)

LRCK
(Slave)

BICK(32fs)
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Figure 38. Mode 0 Timing (BCKP bit = “1”, MSBS bit = “1”)
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Figure 37. Mode 0 Timing (BCKP bit = “0”, MSBS bit = “1”)
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LRCK J | [
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Figure 39. Mode 1 Timing
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Figure 40. Mode 2 Timing
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Figure 41. Mode 3 Timing
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H MIC/LINE Input Selector

The AK4678 has input selector. When MDIF1, MDIF2 and MDIF3 bits are “0”, INL1-0 and INR1-0 bits select
LIN1/LIN2/LIN3/LIN4 and RIN1/RIN2/RIN3/RIN4, respectively. When MDIF1, MDIF2 and MDIF3 bits are “1”,
LINIT/RIN1, LIN2/RIN2 and LIN3/RIN3 pins become IN1+/—, IN2—/+ and IN3+/— pins, respectively. In this case,
full-differential input is available (Figure 43). Digital microphone input is selected when DMIC bit = “1”.

MDIF1 | MDIF2 | MDIF3 INL1 INLO INR1 INRO Leh Rch

bit bit bit bit bit bit bit

0 0 0 0 0 0 0 LIN1 RIN1 (default)
0 0 0 0 0 0 1 LINI RIN2
0 0 0 0 0 1 0 LIN1 RIN3
0 0 0 0 0 1 1 LIN1 RIN4
0 0 0 0 1 0 0 LIN2 RIN1
0 0 0 0 1 0 1 LIN2 RIN2
0 0 0 0 1 1 0 LIN2 RIN3
0 0 0 0 1 1 1 LIN2 RIN4
0 0 0 1 0 0 0 LIN3 RIN1
0 0 0 1 0 0 1 LIN3 RIN2
0 0 0 1 0 1 0 LIN3 RIN3
0 0 0 1 0 1 1 LIN3 RIN4
0 0 0 1 1 0 0 LIN4 RIN1
0 0 0 1 1 0 1 LIN4 RIN2
0 0 0 1 1 1 0 LIN4 RIN3
0 0 0 1 1 1 1 LIN4 RIN4
0 0 1 1 0 0 0 IN3+/— RIN1
0 0 1 1 0 0 1 IN3+/— RIN2
0 0 1 1 0 1 1 IN3+/— RIN4
0 1 0 0 0 0 1 LIN1 IN2+/—
0 1 0 1 0 0 1 LIN3 IN2+/—
0 1 0 1 1 0 1 LIN4 IN2+/—
0 1 1 1 0 0 1 IN3+/— IN2+/—
1 0 0 0 0 0 1 INI+/— RIN2
1 0 0 0 0 1 0 IN1+/— RIN3

1 0 0 0 0 1 1 INI+/— RIN4
1 1 0 0 0 0 1 IN1+/— IN2+/—

Others N/A

Table 19. MIC-Amp Input Signal at DMIC bit = “0” (N/A: Not available)

MS1403-E-01 2012/05
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AK4678
INL1-0 bits
LIN1/IN1+ pin - ()
RIN1/IN1- pin E ;—0 —
ADC Lch
|
MDIF1 bit MIC-Amp Lch
MDIF3 bit
INR1-0 bits
LIN2/IN2- pin Ea
RIN2/IN2+ pin () T. ADC Reh
QE:; MIC-Amp Rch
LIN3/IN3+ pin éz
RIN3/IN3- pin ()
LIN4 pin ()
RIN4 pin ()
Figure 42. Mic/Line Input Selector (DMIC bit = “0”)
AK4678
MPWR pin
INL+ pin MIC-Amp
| )
| IN1-pin I
, 0
Figure 43. Connection Example for Full-differential Mic Input (MDIF1/2/3 bits = “1”)
AK4678
\/ INL+ pin MIC-Amp
|1 (}
iilNl—Mn? ::>>—>
Figure 44. Connection Example for Full-differential Mic Input (MDIF1/2/3 bits = “1”)
MS1403-E-01 2012/05
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H MIC Gain Amplifier

[AK4678]

The AK4678 has a gain amplifier for microphone input. The gain of MIC-Amp Lch and Rch is independently selected by
the MGNL3-0 and MGNR3-0 bits (Table 20).

MGNL3 MGNL2 MGNLI1 MGNLO
Mode /MGNR3 | /MGNR2 | /MGNRI1 | /MGNRO | Input Gain
bits bits bits bits

0 0 0 0 0 N/A

1 0 0 0 1 N/A
2 0 0 1 0 N/A
3 0 0 1 1 —6dB
4 0 1 0 0 -3dB
5 0 1 0 1 0dB
6 0 1 1 0 +3dB
7 0 1 1 1 +6dB
8 1 0 0 0 +9dB
9 1 0 0 1 +12dB
10 1 0 1 0 +15dB
11 1 0 1 1 +18dB
12 1 1 0 0 +21dB
13 1 1 0 1 +24dB
14 1 1 1 0 N/A
15 1 1 1 1 N/A

MS1403-E-01

Table 20. Mic Input Gain (N/A: Not available)
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m MIC Power

[AK4678]

When PMMP1 bit (PMMP2 bit) = “1”, the MPWRI1 pin (MPWR2 pin) supplies power for the microphone. This output
voltage is typically 2.5V @MICL1 bit (MICL2 bit) =“0” (SVDD=3.0 ~ 5.5V), and typically 2.8V@MICL1 bit (MICL2
bit) =“1” (SVDD=3.3 ~ 5.5V) (Table 21). The load resistance is minimum 1kQ for each MPWR1 pin and MPWR2 pin.
In case of using two sets of stereo mic, the load resistance is minimum 2kQ for each channel. Any capacitor must not be
connected directly to the MPWRI1 pin (MPWR2 pin) (Figure 45).

MICL1 bit Output Level (typ)
MICL?2 bit SVDD Voltage Range | Output Level (typ) AVDD=1 8V
0 3.0~5.5V 1.39 x AVDD 2.5V
1 3.3~5.5V 1.56 x AVDD 2.8V
Table 21. MIC Power 1, MC Power 2 Output Level
PMMP1 bit MPWRI pin
0 Hi-Z (default)
1 Output
Table 22. MIC Power 1 Status
PMMP2 bit MPWR?2 pin
0 Hi-Z (default)
1 Output
Table 23. MIC Power 2 Status
MIC Power 2
MPWR?2 pin
(] *
MIC Power 1
MPWR1 pin
1
LT
G 9 G G
X 4 X
TENENE
CH C:l Microphone
LIN1 pin
C ¢ q Microphone
RIN1 pin
[ I ® d Microphone
LIN2 pin
AKA678 [lj—{ I .—d Microphone
RIN2 pin
Figure 45. MIC Block Circuit
MS1403-E-01
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W Digital MIC

1. Connection to Digital MIC

The AK4678 can be connected to digital microphone by setting DMIC bit = “1”. When DMIC bit is set to “1”, the LIN1
and RIN1 pins become DMDAT (digital microphone data input) and DMCLK (digital microphone clock supply) pins
respectively. The same power supply as AVDD must be provided to the digital microphone. The Figure 46 and Figure 47
show mono/stereo connection examples. The DMCLK signal is output from the AK4678, and the digital microphone
outputs 1bit data, which generated by AXModulator, from DMDAT. PMDML/R bits control power up/down of the digital
block (Decimation Filter and HPF1). PMADL/PMADR bits settings do not affect the digital microphone power
management. The DCLKE bit controls ON/OFF of the output clock from the DMCLK pin. When the AK4678 is powered
down (PDN pin= “L”), the DMCLK and DMDAT pins are pulled-down by internal 2.7kQ(typ.) resistor. However, when
the AK4678 is powered-up (PDN pin = “H”), path of the internal pulled-down resistor is OFF. Therefore, external
pull-down resistor(R) should be connected to the DMDAT pin to avoid floating state.

AVDD
AK4678
l VDD
MCKI
: DMCLK (64fs) , BLL
AX
O_ AMP I, dutator
DMDAT Decimation Programmable SDTO
§ »O—> " Lier  |HPFIP Fiter | ALC —O—>
Lch R
l VDD
AZ
O_ AMP [ [Modulator
C
Rch
Figure 46. Connection Example of Stereo Digital MIC
AVDD
AK4678
VDD
MCKI
(I\< DMCLK(64fs) L BLL
A
O— AMP Modulator|
DMDAT Decimation Programmable SDTO
( > Fiter HPFL I Citer ALC — )——>
R
Figure 47. Connection Example of Mono Digital MIC
MS1403-E-01 2012/05
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2. Interface

[AK4678]

The input data channel of the DMDAT pin is set by DCLKP bit. When DCLKP bit = “1, Lch data is input to the
Decimation Filter if DMCLK = “H”, Rch data is input if DMCLK = “L”. When DCLKP bit = “0”, Rch data is input to the
Decimation Filter if DMCLK = “H”, Lch data is input if DMCLK = “L”. The DMCLK pin outputs “L” when DCLKE bit
= “0”, and only supports 64fs. In this case, necessary clocks must be supplied to the AK4678 for ADC operation. The
output data through “the Decimation and Digital Filters” is the negative full-scale with 0% 1’s density of 1bit output data
and positive full-scale with the 100% 1°s density of 1bit output data.

DCLKP bit DMCLK pin = “H” DMCLK pin =“L”
0 Rch Lch (default)
1 Lch Rch
Table 24. Data In/Output Timing with Digital MIC
A
DMCLK(64fs) J
\ 4 Y Y \ 4
DMDAT (Lch) / \éalid \ / \E/’alid \ / \éalid \ / \éalid \
\ ata / \ ata , \ ata / \ ata ,
oMDAT Reh) | o (e} (e ) ()

Figure 48. Data In/Output Timing with Digital MIC (DCLKP bit = “1”)

DMCLK(64fs)

DMDAT (Lch)

DMDAT (Rch)

| A
A 4

»

\ 4

y

/ Valid \ / Valid \

/ Valid \

/ valid \

\ Data / \ Data /

/ Valid \

\ Data /

/ Valid \

\ Data /

e

\ Data /

\ Data /

Valid
Data

Figure 49. Data In/Output Timing with Digital MIC (DCLKP bit = “0”)

MS1403-E-01
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m Digital Block

[AK4678]

Digital block is composed as Figure 50. Each block can be powered-down by power management bits (PMADL,
PMADR, PMDAL, PMDAR, PMPFIL, PMEQ, PMDRC, PMSRAI, PMSRAO, PMSRBI and PMSRBO bits).

- [PBLo PR,
i :
E<ADC HPF1| |
! 1
1 HPFAD | 4 é
_________________ b4
PFSEL
------ |
L] 1
weet | HPF2 |
L] 1
LPF | LPF i
H
FI3, EQo, 1 | Stereo |}
GN1-0 ! [ Separation | |
L] 1
1| 3-band |!
EQ1-3 1 !
Q 3: Notch H
ALC, IVLIR } ALC H
L] 1
momil o Mx |}
R I
% d i
PFSDO
SDOL/R1-0
NZRY
™
T ¥
PMDAL or PMDAR }- SVAL/R2-0 | "i >
h -
' ({PMEQ]----------2 |SVOLA
! | OVLR, ! oorr oo
i | SMUTE _5EQ SRMXL/RL-0{ y i
: s ' [ I M el NP
1 T - H - I\ al
(onc [ ol s [P O
: : ! AR A
i lmmmmm oo oo o ! -4--1--' PFMXIJRID
| - ! i | oscfor src
H I e -
: [mac | [mxar] i
! 7'y 7'y k4 N O I
"""" 1 MX2Al-0
1)
HIl MIX2C [Mxac1-0
1| MIx2B bt SRCAO
1
E MX2B1-0 SVOLB |svB2-0
e R Feee ok
: DATT-B [« SRCAI r-‘
! BVL6-0
i J
i SBMX1-0
H A 4
E evi6:0 [HaTT.C
P T i
H » MIX3 | Stereo |
L . SRCBO 33

MS1403-E-01
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1. ADC: Include the Digital Filter (LPF) for ADC as shown in “FILTER CHRACTERISTICS”.

2. HPFI: Include the Digital Filter (HPF) for ADC as shown in “FILTER CHRACTERISTICS”.

3. DAC: Include the Digital Filter (LPF) for DAC as shown in “FILTER CHRACTERISTICS”.

4. HPF2: High Pass Filter. Applicable to use as Wind-Noise Reduction Filter. (See “Digital Programmable Filter”.)

5. LPF: Low Pass Filter (See “Digital Programmable Filter”.)

6. Stereo Separation: Stereo Separation Emphasis Filter & Gain Compensation. (See “Digital Programmable Filter”.)
Gain Compensation is composed with EQO and Gain blocks. This block adjusts the frequency response after Stereo
Separation Emphasis.

7. 3-Band Notch: Applicable to use as Equalizer or Notch Filter. (See “Digital Programmable Filter”.)

8. ALC: Input Digital Volume with ALC function. (See “Input Digital Volume” and “ALC Operation”.)

9. SVOLA: Side Tone Volume at Internal MIC/SPK or External Headset Phone Call. (See “Side Tone Volume”.)

10. 5-Band EQ: Equalizer for playback path. (See “5-band Equalizer”.)

11. DATT-A: Digital Volume for playback path. (See “Digital Output Volume™.)

12. SMUTE: Soft mute. (See “Soft Mute”.)

13. DRC: Dynamic Range Control for playback path. (See “Dynamic Range Control”.)

14. DATT-B: Digital Volume for Recording of Received Voice. (See “Digital Volume for Recording of Received
Voice”)

15. DATT-C: Digital Volume of Received Voice. (See “Digital Volume for Received Voice”)

16. SVOLB: Side Tone Volume at B/T Headset Phone Call. (See “Side Tone Volume for B/T Phone Call™.)

MS1403-E-01 2012/05
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Mod PMADLbit | PMADRbit | PMPFIL [ PFSEL [PFSDO| PMDAL/R | PMEQ | PMDRC |DASELI-0 | L.
ode (PMDML bit) | (PMDMR bit) |  bit bit bit bits bit bit bits 1gure
Recording 1 1 1 1 0 1 00 0 0 X
1 0 1 0 1 00 0 0 X Figure 51
0 1 1 0 1 00 0 0 X
Recording 1 1 1 1 0 1 11 1 1 01
& Playback 2 1 0 1 0 1 11 1 1 01 Figure 52
0 1 1 0 1 11 1 1 01
Playback 1 0 0 1 1 1 11 1 1 01 Figure 53
Playback 2 0 0 0 0 1 11 1 1 01 Figure 54
Table 25. Recode/Playback Mode (x: Don’t care)
ADC 1st Order 1st Order 1st Order Stereo Gain 3 Band ALC
— > HPFL | HPF2 ™" LPF Separation [—*|Compensation | Notch [ | (Volume) —
Figure 51. Path at Recording Mode 1
ADC 1st Order 1st Order 1st Order Stereo Gain 3 Band ALC
- ™ HPF1 [~ "] HPF2 [’ LPF [ | Separation [~*Compensation *| Notch [ °| (volume) [
«— DAC [ DRC |+—|SMUTEl—DATT-A[— °E&

Figure 52. Path at Recording Mode 1 & Playback Mode 2

1st Order

1st Order
] HPF2 [

5 Band d i
] DAC [«~{DRCj—{SMUTER—[DATT-AR— *Eq” et (ALC e Ro e ontator*— sepraton
Figure 53. Path at Playback Mode 1
«—{ DAC [+ DRC |«—fsmUTEf—{paTT-A}— °E&¢
Figure 54. Path at Playback Mode 2
MS1403-E-01
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m Digital Programmable Filter

(1) High Pass Filter (HPF2)

[AK4678]

Normally, this HPF is used for Wind-Noise Reduction. This is composed 1st order HPF. The coefficient of HPF is set by
F1A13-0 bits and F1B13-0 bits. HPF bit controls ON/OFF of the HPF2. When the HPF2 is OFF, the audio data passes
this block by 0dB gain. The coefficient must be set when HPF bit = “0” or PMPFIL bit = “0”. The HPF2 starts operation

4/fs(max) after when HPF bit = “1” and PMPFIL bit = “1” are set.

fs: Sampling frequency
fc: Cut-off frequency

Register setting (Note 63)
HPF: F1A[13:0] bits =A, F1B[13:0] bits =B
(MSB=F1A13, F1B13; LSB=F1A0, F1B0)

1 / tan (mfc/fs) 1 — 1/ tan (nfc/fs)
A= , B=
1 + 1/ tan (nfc/fs) 1 + 1/ tan (nfc/fs)

Transfer function

1-z"

H(z)=A
1+Bz™!

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

(2) Low Pass Filter (LPF)

This is composed with 1st order LPF. F2A13-0 bits and F2B13-0 bits set the coefficient of LPF. LPF bit controls ON/OFF
of the LPF. When the LPF is OFF, the audio data passes this block by 0dB gain. The coefficient must be set when LPF bit
= “0” or PMPFIL bit = “0”. The LPF starts operation 4/fs(max) after when LPF bit = “1” and PMPFIL bit = “1” are set.

fs: Sampling frequency
fc: Cut-off frequency

Register setting (Note 63)
LPF: F2A[13:0] bits =A, F2B[13:0] bits =B
(MSB=F2A13, F1B13; LSB=F2A0, F2B0)

1 1 — 1/ tan (rfc/fs)
A= , B=
1+ 1/ tan (nfc/fs) 1 + 1/ tan (nfc/fs)

Transfer function

1+z7!

H(z)=A
1+Bz™!

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

MS1403-E-01
- 56 -
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(3) Stereo Separation Emphasis Filter (FIL3)

FIL3 is used to emphasize the stereo separation of stereo mic recording data or playback data. F3A13-0 and F3B13-0 bits
set the filter coefficient of FIL3. FIL3 becomes High Pass Filter (HPF) at F3AS bit = “0”, and Low Pass Filter (LPF) at
F3AS bit =“1". FIL3 bit controls ON/OFF of FIL3. When Stereo Separation Emphasis Filter is OFF, the audio data
passes this block by 0dB gain. The coefficient should be set when FIL3 bit = “0” or PMPFIL bit = “0”. The FIL3 starts
operation 4/fs(max) after when FIL3 bit = “1” and PMPFIL bit = “1” are set.

1) When FIL3 is set to “HPF”

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

Register setting (Note 63)
FIL3: F3AS bit =“0”, F3A[13:0] bits =A, F3B[13:0] bits =B
(MSB=F3A13, F3B13; LSB=F3A0, F3B0)

1 / tan (mfc/fs) 1 — 1/ tan (rnfc/fs)
s B =
1+ 1/ tan (nfc/fs) 1 + 1/ tan (nfc/fs)

A=10""x

Transfer function
1-z""
H(z)=A
1+Bz!

2) When FIL3 is set to “LPF”

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

Register setting (Note 63)
FIL3: F3AS bit=“1", F3A[13:0] bits =A, F3B[13:0] bits =B
(MSB=F3A13, F3B13; LSB=F3A0, F3B0)

1 1 — 1/ tan (nfc/fs)
A=10""x , B=
1 + 1/ tan (nfc/fs) 1 + 1/ tan (nfc/fs)
Transfer function
1+z!
H(z)=A
1+Bz™
MS1403-E-01 2012/05
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(4) Gain Compensation (EQO)

Gain Compensation is used to compensate the frequency response and the gain that is changed by Stereo Separation
Emphasis Filter. Gain Compensation is composed with Equalizer (EQO0) and the Gain (0dB/+12dB/+24dB). E0A15-0,
EOB13-0 and EOC15-0 bits set the coefficient of EQ0. GN1-0 bits set the gain (Table 26). EQO bit controls ON/OFF of
EQO. When EQ is OFF and the gain is 0dB, the audio data passes this block by 0dB gain. The coefficient should be set
when EQO bit =“0” or PMPFIL bit = “0”. EQO starts operation 4/fs(max) after when EQO bit = “1”” and PMPFIL bit=“1"
are set.

fs: Sampling frequency

fc,: Pole frequency

fc,: Zero-point frequency

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

Register setting (Note 63)
EO0A[15:0] bits =A, EOB[13:0] bits =B, EOC[15:0] bits =C
(MSB=EO0A15, EOB13, EOC15; LSB=E0A0, EOBO, E0CO0)

1 +1/tan (nfcy/fs) 1 — 1/ tan (nfc,/fs) 1 — 1/ tan (nfc,/fs)
A=10""x , B= . C=108"
1 +1/tan (nfe,/fs) 1 +1/tan (nfe,/fs) 1 +1/tan (nfc,/fs)

Transfer function

A+Cz!
H(z) =
1+Bz™"
Gain[dB] A
K
|
i
|
|
|
|
i
| !
! i
I ! >
fcy fc, Frequency
Figure 55. EQO Frequency Response
GNI1 bit GNO bit Gain

0 0 0dB (default)

0 1 +12dB

1 X +24dB

Table 26. Gain select of gain block (x: Don’t care)
MS1403-E-01 2012/05
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(5) 3-band Equalizer

This block can be used as Equalizer or Notch Filter. 3-band Equalizer (EQ1, EQ2 and EQ3) is selected ON/OFF
independently by EQ1, EQ2 and EQ3 bits. When Equalizer is OFF, the audio data passes this block by 0dB gain.
E1A15-0, E1B15-0 and E1C15-0 bits set the coefficient of EQ1. E2A15-0, E2B15-0 and E2C15-0 bits set the coefficient
of EQ2. E3A15-0, E3B15-0 and E3C15-0 bits set the coefficient of EQ3. The EQx (x=1~3) coefficient must be set when
EQx bit = “0” or PMPFIL bit = “0”. EQ1-3 start operation 4/fs(max) after when (EQx (x=1~3) = “1”") and PMPFIL bit =
“1” is set

fs: Sampling frequency

fo, ~ fo;: Center frequency

fb; ~ fbs: Band width where the gain is 3dB different from center frequency
K;~K;:Gain (-1 <K, <3)

Register setting (Note 63)
EQI1: E1A[15:0] bits =A,, E1B[15:0] bits =B,, E1C[15:0] bits =C,
EQ2: E2A[15:0] bits =A,, E2B[15:0] bits =B,, E2C[15:0] bits =C,
EQ3: E3A[15:0] bits =A;, E3B[15:0] bits =B;, E3C[15:0] bits =C;
(MSB=E1A15, E1B15, E1C15, E2A15, E2B15, E2C15, E3A1S, E3B1S5, E3C15; LSB=E1A0, E1B0, E1CO0,
E2A0, E2B0, E2CO0, E3A0, E3B0, E3C0)

tan (1fb,/fs) 2 1 — tan (nufb,/fs)
A=K, x , By = cos(2m fo,/fs) x , G
1 + tan (nfb,/fs) 1 + tan (nfb,/fs) 1 + tan (b, /fs)

(n=1?2’ 3)

Il
|

Transfer function

H(z) =1 +h(z) + hy(z) + h3(z)

1-2z72

h, (2) = As
1-Bz - Cyz 2

(n=1,2,3)

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

Note 63. [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"

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.

MS1403-E-01 2012/05
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H ALC Operation

The ALC (Automatic Level Control) is executed by ALC block when ALC bit is “1”. ALC circuit operates at playback
path for Playback mode (Figure 53 and Figure 54) and operates at recording path for Recording mode (Figure 51 and
Figure 52).

1. ALC Limiter Operation

During the ALC limiter operation, when either Lch or Rch exceeds the ALC limiter detection level (Table 27), the IVL
and IVR values (same value) are attenuated automatically by the amount defined by the ALC limiter ATT step (Table 28).

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 29). When ALC output level exceeds full-scale at
LFST bit=“1", IVL and IVR values are immediately (period: 1/fs) changed in 1 step(L/R common). When ALC output
level is less than full-scale, the IVL and IVR values are changed at the individual zero crossing point of each channels or
at the zero crossing timeout.

When ZELMN bit = “1” (zero cross detection is disabled.), IVL and IVR values are immediately (period: 1/fs) changed
by ALC limiter operation. Attenuation step is fixed to 1 step regardless of the setting LMAT1-0 bits.

The attenuation operation is exceeded continuously until the input signal level becomes ALC limiter detection level
(Table 27) or less. After completing the attenuate operation, unless ALC bit is changed to “0”, the operation repeats when
the input signal level exceeds LMTH1-0 bits.

LNgtHl LNS;HO ALC Limier Detection Level ALC Recovery Waiting Counter Reset Level
0 0 ALC Output > -2.5dBFS —2.5dBFS > ALC Output > —4.1dBFS (default)
0 1 ALC Output > —4.1dBFS —4.1dBFS > ALC Output > —6.0dBFS
1 0 ALC Output > —6.0dBFS —6.0dBFS > ALC Output > —8.5dBFS
1 1 ALC Output > —8.5dBFS —8.5dBFS > ALC Output > —12dBFS

Table 27. ALC Limiter Detection Level / Recovery Counter Reset Level

LMATI LMATO ALC Limiter ATT Step
bit bit ALC Output ALC Output ALC Output ALC Output
>LMTH >FS >FS + 6dB >FS + 12dB
0 0 1 1 1 1 (default)
0 1 2 2 2 2
1 0 2 4 4 8
1 1 1 2 4 8
Table 28. ALC Limiter ATT Step
ZTM1 ZTMO0 Zero Crossing Timeout Period
bit bit 8kHz 16kHz 44.1kHz
0 0 128/fs 16ms 8ms 2.9ms (default)
0 1 256/fs 32ms 16ms 5.8ms
1 0 512/fs 64ms 32ms 11.6ms
1 1 1024/fs 128ms 64ms 23.2ms
Table 29. ALC Zero Crossing Timeout Period
MS1403-E-01 2012/05
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2. ALC Recovery Operation

The ALC recovery operation waits for the WTM2-0 bits (Table 30) to be set after completing the ALC limiter operation.
If the input signal does not exceed “ALC recovery waiting counter reset level” (Table 27) during the wait time, the ALC
recovery operation is executed. The IVL and IVR values are automatically incremented by RGAIN1-0 bits (Table 31) up
to the set reference level (Table 32) with zero crossing detection which timeout period is set by ZTM1-0 bits (Table 29).
Then the IVL and IVR are set to the same value for both channels. The ALC recovery operation is executed in a period set
by WTM2-0 bits. When zero cross is detected at both channels during the wait period set by WTM2-0 bits, the ALC

recovery operation waits until WTM2-0 bits period and the next recovery operation is executed. If ZTM1-0 bits are longer
than WTM2-0 bits and no zero crossing occurs, the ALC recovery operation is executed in a period set by ZTM1-0 bits.

For example, when the current IVL and IVR values are 30H and RGAIN1-0 bits are set to “01”, IVL and IVR values are
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 IVL and IVR values exceed the reference level (REF7-0 bits), the IVL and IVR values are not increased.

When

“ALC recovery waiting counter reset level (LMTH1-0) < Output Signal < ALC limiter detection level (LMTHI1-0)”
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 (Fast Recovery Operation). When large noise is input to microphone
instantaneously, the quality of small signal level in the large noise can be improved by this fast recovery operation. The
speed of fast recovery operation is set by RFST1-0 bits (Table 33).

WTM2 WTMI1 WTMO ALC Recovery Operation Waiting Period
bit bit bit 8kHz 16kHz 44.1kHz
0 0 0 128/fs 16ms 8ms 2.9ms (default)
0 0 1 256/fs 32ms 16ms 5.8ms
0 1 0 512/fs 64ms 32ms 11.6ms
0 1 1 1024/1s 128ms 64ms 23.2ms
1 0 0 2048/1s 256ms 128ms 46.4ms
1 0 1 4096/1s 512ms 256ms 92.9ms
1 1 0 8192/fs 1024ms 512ms 185.8ms
1 1 1 16384/fs 2048ms 1024ms 371.5ms
Table 30. ALC Recovery Operation Waiting Period
RGAINI1 RGAINO GAIN STEP
bit bit
0 0 1 step 0.375dB | (default)
0 1 2 step 0.750dB
1 0 3 step 1.125dB
1 1 4 step 1.500dB
Table 31. ALC Recovery GAIN Step
MS1403-E-01 2012/05
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REF7-0 bits GAIN (dB) Step
F1H +36.0
FOH +35.625
EFH +35.25
E1H +30.0 (default)
: : 0.375dB
92H +0.375
91H 0.0
90H —-0.375
02H —53.625
01H -54.0
00H MUTE
Table 32. Reference Level at ALC Recovery Operation
RFST1 bit RFSTO bit Recovery Speed
0 0 4 times (default)
0 1 8 times
1 0 16times
1 1 N/A
Table 33. Fast Recovery Speed Setting (N/A: Not available)
2012/05

-62 -



-63 -

AsahiKASEI [AK4678]
3. Example of ALC Operation
Table 34 and Table 35 show the examples of the ALC setting for mic recording and playback, respectively.
Register Name | Comment fs=8kHz - fs=44.1kHz :
Data Operation Data Operation
LMTHI1-0 Limiter detection Level 01 —4.1dBFS 01 —4.1dBFS
ZELMN Limiter zero crossing detection 0 Enable 0 Enable
Zero crossing timeout period
ZTM1-0 * ZTM1-0 bits should be equal to or 01 32ms 11 23.2ms
shorter than WTM?2-0 bits.
WTM2-0 Recovery waiting period 001 32ms 100 46.4ms
REF7-0 Maximum gain at recovery operation E1H +30dB E1H +30dB
R’,ﬁ;'_g’ Gain of IVOL ElH +30dB E1H +30dB
LMATI1-0 Limiter ATT step 00 1 step 00 1 step
RGAINI1-0 Recovery GAIN step 00 1 step 00 1 step
RFST1-0 Fast Recovery Speed 00 4 times 00 4 times
ALC ALC enable 1 Enable 1 Enable
Table 34. Example of the ALC setting (Recording Path)
Register Name | Comment fs=8kHz - fs=44. 1kHz :
Data Operation Data Operation
LMTHI1-0 Limiter detection Level 01 —4.1dBFS 01 —4.1dBFS
ZELMN Limiter zero crossing detection 0 Enable 0 Enable
ZTM1-0 Zero crossing timeout period 01 32ms 11 23.2ms
Recovery waiting period
WTM2-0 *WTM2-0 bits should be the same or | 001 32ms 100 46.4ms
longer data as ZTM1-0 bits
REF7-0 Maximum gain at recovery operation AlH +6dB AlH +6dB
R’,ﬁ;'_g’ Gain of IVOL 91H 0dB 91H 0dB
LMATI1-0 Limiter ATT step 00 1 step 00 1 step
RGAINI1-0 Recovery GAIN step 00 1 step 00 1 step
RFST1-0 Fast Recovery Speed 00 4 times 00 4 times
ALC ALC enable 1 Enable 1 Enable
Table 35. Example of the ALC setting (Playback Path)
MS1403-E-01 2012/05
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The following registers should not be changed during the ALC operation. These bits should be changed after the ALC
operation is finished by ALC bit = “0”.

e LMTH1-0, LMAT1-0, WTM2-0, ZTM1-0, RGAIN1-0, REF7-0, ZELMN, RFST1-0, LFST and FR bits

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

Manual Mode

l ALC bit =“1"

WR (IVL7-0) (1) Addr=11H, Data=E1H
WR (IVR7-0) (2) Addr=12H, Data=E1H
WR (REF7-0) |* The value of IVOL should be (3) Addr=13H, Data=E1H

l the same or smaller than REF’s 1
WR (ZTM1-0, WTM2-0, RFST1-0, FR) (4) Addr=15H, Data=05H
WR (LMTH1-0, RGAIN1-0, LMAT1-0, ZELMN, LFST) (5) Addr=16H, Data=01H
WR (ALC = “17) (6) Addr=17H, Data=03H

!

ALC Operation
Note : WR : Write

Figure 56. Registers set-up sequence at ALC operation

MS1403-E-01 2012/05
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H Input Digital Volume (Manual Mode)

[AK4678]

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

1. After exiting reset state, set-up the registers for the ALC operation (ZTM1-0, LMTH1-0 and etc)
2. When the registers for the ALC operation (Limiter period, Recovery period and etc) are changed.

For example, in case of changing the sampling frequency.

3. When IVOL is used as a manual volume.

IVL7-0 and IVR7-0 bits set the gain of the volume control (Table 36). When IVOLC bit is “0”, IVL7-0 and IVR7-0 bits
control Lch and Rch volume values independently. When IVOLC bit is “1”, IVL7-0 bits controls both channels. 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=PMDML=PMDMR bits = “0”, IVOL operation starts with the written
values at the end of the ADC initialization cycle after PMADL, PMADR, PMDML or PMMDR bit is changed to “1”.

IVL7-0 bits
IVR7-0 bits GAIN (dB) Step
FIH +36.0
FOH +35.625
EFH +35.25
92H +0.375
91H 0.0 0.375dB
90H ~0.375
03H 5325
02H 53,625
01H 54
00H MUTE

MS1403-E-01

Table 36. Input Digital Volume Setting
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m Digital HPF1
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A digital High Pass Filter (HPF) is integrated for DC offset cancellation of the ADC input. The cut-off frequencies of the
HPF1 are set by HPFC1-0 bits (Table 37). It is proportional to the sampling frequency (fs) and default is 3.4Hz (@fs =
44.1kHz). HPFAD bit controls the ON/OFF of the HPF1 (Recommend HPF enable).

HPFCI bit | HPFCO bit fe
fs—44.1kHz fs—22.05kHz fs—8kHz
0 0 3 4Hz 1.7Hz 0.62Hz
0 1 13.6Hz 6.8Hz 2.47Hz
1 0 108.8Hz 54 .4Hz 19.7Hz
1 1 217.6Hz 108.8Hz 39.5Hz

H Side Tone Volume (SVOLA)

Table 37. HPF1 Cut-off Frequency

(default)

The AK4678 has the channel independent side tone volume (5 levels, 6dB step). The volume can be set by the
SVAL/R2-0 bits. The volume is included at mixing path from ALC to 5-band EQ. The output data of ALC is changed

from 0 to —24dB.

MS1403-E-01

SVAL/R2-0 bits Gain
OH 0dB
1H —-6dB
2H -12dB
3H —18dB
4H -24dB

Others N/A

(default)

Table 38. Side Tone Volume A Code Table (N/A: Not available)
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H 5-Band Equalizer

The AK4678 has 5-Band Equalizer before DAC of Stereo CODEC. The 5-band Equalizer is selected ON/OFF by SEQ
bit. When 5-band Equalizer is OFF, the audio data passes this block by 0dB gain. Each coefficient and transfer function of
5-band Equalizer is as follows. The coefficient must be set when SEQ bit = “0” or PMEQ bit = “0”.

Gain range of 5-band equalizer is set from +12dB to -12dB (0.5dB step) independently by SEQ1G5-0, SEQ2G5-0,
SEQ3G5-0, SEQ4GS5-0 or SEQ5GS-0 bits.

The 5-band Equalizer starts operation 4/fs(max) after when SEQ bit = “1” and PMEQ bit = “1” is set.

1. EQ1: 1st order Low Pass Filter

<Low Pass Filter>
fs: Sampling frequency
fc: Cut-off frequency
k: Filter gain

Register setting (Note 64)
SE1A[13:0] bits =A, SE1B[13:0] bits =B
(MSB=5E1A13, SE1B13; LSB=5E1A0, SE1B0)

1 1 — 1 /tan (nfc/fs)
A=kx , B=
1 +1/tan (nfc/fs) 1 + 1 /tan (nfc/fs)
Transfer function
1+z!
h]L (Z) = A
1+Bz!

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

MS1403-E-01 2012/05
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2. EQ2, EQ3, EQ4: Equalizer

SE2A15-0, SE2B15-0 and 5SE2C15-0 bits set the coefficient of EQ2. SE3A15-0, SE3B15-0 and SE3C15-0 bits set the
coefficient of EQ3. 5SE4A15-0, 5SE4B15-0 and 5E4C15-0 bits set the coefficient of EQ4.

fs: Sampling frequency

fo, ~ fos: Center frequency

b, ~ fby: Band width where the gain is 3dB different from center frequency
k, ~ ky: Filter gain

Register setting (Note 64)
EQ2: SE2A[15:0] bits =A,, SE2B[15:0] bits =B;, SE2C[15:0] bits =C,
EQ3: 5E3A[15:0] bits =A,, SE3B[15:0] bits =B,, SE3C[15:0] bits =C;
EQ4: SE4A[15:0] bits =A;, SE4B[15:0] bits =Bs, SE4C[15:0] bits =C,4
(MSB=5E2A15, 5E2B15, SE2C15, SE3A1S, SE3B15, SE3C15, SE4A15, SE4B1S, SE4C15; LSB=5E2A0,
5E2B0, SE2C0, SE3A0, SE3B0, 5SE3C0, SE4A0, SE4B0, SE4C0)

tan (tfb /fs) 2 1 —tan (nfb,/fs)
A=k, x , Bn=cos(2n fo/fs) x , Gi=—
1 + tan (nfb,/fs) 1 + tan (wefb,/fs) 1 + tan (nfb,/fs)
(n=2,3,4)

Transfer function

1-2z72

h, (z) = A,

-1 -2

1-B.z —-C,z

n=2,3,4)

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

MS1403-E-01 2012/05
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3. EQS5: 1st order High Pass Filter

<High Pass Filter>

fs: Sampling frequency
fc: Cut-off frequency
k: Filter gain

Register setting (Note 64)

SESA[13:0] bits =A, SESB[13:0] bits =B

(MSB=5E5A13, 5E5B13; LSB=5E5A0, 5E5B0)

1/ tan (nfc/fs)

A=kx
1 + 1/ tan (nfc/fs)

Transfer Function

1—z!

hsy (z) = A
1+Bz™!

1 — 1 /tan (wfc/fs)

1 + 1/ tan (nfc/fs)

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

complement)]

X = (Real number of filter coefficient calculated by the equations above) x 2"

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.

Total Transfer Function:

H(z) = K4 X hy(2) + K X hy(2) + K3 X h3(2Z) + K4 X hy(2) + K5 X hsp(2)

K ~5: EQ Gain (+12 ~ -12dB, 0.5dB step). This value is changed by control register.

K.: SEQ1G5-0 bits (Addr=6AH)
Ka: SEQ2G5-0 bits (Addr=6BH)
Ks: SEQ3G5-0 bits (Addr=6CH)
Ku: SEQ4G5-0 bits (Addr=6DH)
Ks: SEQ5G5-0 bits (Addr=6EH)

EQ1: fc=100Hz

EQ2: fo,=250Hz (fb,=50Hz)
EQ3: fo;=1kHz (fb;=200Hz)
EQ4: fo=3.5kHz (fb,=700Hz)
EQS5: fe=10kHz

MS1403-E-01

Default Center Frequency (Sampling Frequency = 44.1kHz):
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Note 64. [Translation the filter coefficient calculated by the equations above from real number to binary code (2’s
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EQ1G5-0 bits
EQ2G5-0 bits

EQ1G5-0 bits
EQ2G5-0 bits

EQ3GS5-0 bits GAIN (dB) EQ3GS5-0 bits GAIN (dB)

EQ4GS5-0 bits EQ4GS5-0 bits

EQ5GS5-0 bits EQ5G5-0 bits
30H —12 17H +0.5
2FH —-11.5 16H +1
2EH —-11 15H +1.5
2DH —-10.5 14H +2
2CH -10 13H +2.5
2BH -9.5 12H +3
2AH -9 11H +3.5
29H -8.5 10H +4
28H -8 OFH +4.5
27H -7.5 OEH +5
26H -7 0DH +5.5
25H —6.5 0CH +6
24H -6 0BH +6.5
23H -5.5 0AH +7
22H =5 09H +7.5
21H —4.5 08H +8
20H —4 07H +8.5
IFH -3.5 06H +9
1EH -3 05H +9.5
1DH -2.5 04H +10
ICH -2 03H +10.5
1BH -1.5 02H +11
1AH -1 01H +11.5
19H -0.5 00H +12
18H 0

Table 39. 5-band Equalizer Gain Setting (Default: 0dB)
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Figure 57. DRC Functions and Signal Path

DRCMI-0 bits select stereo or mono of DRC input data. In case of mono mode, the same data is input to both channels.

DRCM1 bit DRCMO bit Lch Rch
0 0 L R
0 1 L L
1 0 R R
1 1 N/A

(default)

Table 40. DRC Stereo/Mono Select (N/A: Not available)

1. Noise Suppression Block

(1) Low Pass Filter (LPF)

This is composed with 1st order LPF. NSLA13-0 bits and NSLB13-0 bits set the coefficient of LPF. NSLPF bit controls
ON/OFF of the LPF. When the LPF is OFF, the audio data passes this block by 0dB gain. The coefficient must be set
when NSLPF bit = “0” or PMDRC bit = “0”. The LPF starts operation 4/fs(max) after when NSLPF bit = “1” and

PMDRC bit = “1” are set.

fs: Sampling frequency
fc: Cut-off frequency

Register setting

LPF: NSLA[13:0] bits =A, NSLB[13:0] bits =B

(MSB=NSLA13, NSLB13; LSB=NS

1

LAO, NSLBO)

1 — 1/ tan (nfc/fs)

A= ,
1 + 1/ tan (nfc/fs)

Transfer function

1+z7!

H(z)=A
1+Bz™!

1 + 1/ tan (nfc/fs)

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

MS1403-E-01
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(2) High Pass Filter (HPF)

This is composed 1st order HPF. The coefficient of HPF is set by NSHA13-0 bits and NSHB13-0 bits. NSHPF bit
controls ON/OFF of the HPF. When the HPF is OFF, the audio data passes this block by 0dB gain. The coefficient must
be set when NSHPF bit = “0” or PMDRC bit = “0”. The HPF starts operation 4/fs(max) after when NSHPF bit = “1” and

PMDRC bit = “1” are set.

fs: Sampling frequency
fc: Cut-off frequency

Register setting
HPF: NSHA[13:0] bits =A, NSHBJ[13:0] bits =B
(MSB=NSHA13, NSHB13; LSB=NSHAO0, NSHBO0)

1/ tan (nfc/fs) 1 — 1/ tan (rfc/fs)

A= , B=

1 +1/tan (nfc/fs)

1 +1/tan (nfc/fs)

Transfer function
1-z7"

H(z)=A
1+Bz™!

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

(3) Noise Suppression

The Noise Suppression is enabled when NSCE bit (Noise suppression enable bit) = “1” during DRC operation (PMDRC
bit =“1"). This function attenuates output signal level automatically when minute amount of the signal is input.

NSCE bit: Noise Suppression Enable
0: Disable (default)
1: Enable

(3-1) Noise Level Suppressing Operation

The output signal is suppressed when the input moving average level set by NSIAF1-0 bits (Table 41) is lower than
“Noise Suppression Threshold Low Level” set by NSTHL4-0 bits (Table 42) during the normal operation.

This operation attenuats the volume automatically to the reference level set by NSREF3-0 bits (Table 43) with the soft
transition of the attenuation speed set by NSATT2-0 bits (Table 44).

. Moving Average Parameter
NSIAF1-0 bits fs=8kHz | fs—16kHz | fs=44.1kHz
00 256/fs 32ms 16ms 5.8ms
01 512/fs 64ms 32ms 11.6ms
10 1024/fs 128ms 64ms 23.2ms |(default)
11 2048/fs 256ms 128ms 46.4ms

Table 41. Moving Average Parameter Setting at Noise Suppression Off

MS1403-E-01
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. Noise Suppression
NSTHLA-0bits | 1 0007 ow Level [dB] Step
00H -36.0 (default)
01H -37.5
02H -39.0
: : 1.5dB
10H —60.0
1EH -81.0
1FH -82.5
Table 42. Noise Suppression Threshold Low Level
NSREF3-0 bits GAIN [dB] Step
0H -9 (default)
1H -12
2H -15
AH -39
BH —42 3dB
CH —45
DH —48
EH =51
FH —54

Table 43. Reference Value Setting when Noise Suppression is ON

NSATT2 | NSATTI | NSATTO ATT Speed
bit bit bit 8kHz 16kHz 44.1kHz
0 0 0 1.1dB/s 2.1dB/s 5.8dB/s
0 0 1 2.1dB/s 4.2dB/s 11.7dB/s
0 1 0 4.2dB/s 8.5dB/s 23.4dB/s
0 1 1 8.5dB/s 17.0dB/s 46.8dB/s
1 0 0 17.0dB/s 33.9dB/s 93.5dB/s
1 0 1 33.9dB/s 67.9dB/s 187.1dB/s
1 1 0
1 1 1 N/A
Table 44. Noise Suppression ATT Speed Setting (N/A: Not available)
MS1403-E-01
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(3-2) Noise Suppression — Normal Operation

During noise suppressing operation, if the input moving average level set by NSOAF1-0 bits (Table 45) exceeds Noise
Suppression Threshold High Level set by NSTHH4-0 bits (Table 46), the operation switches to normal operation from
noise suppressing operation.

This recovery operation sets the volume automatically to 0dB with the soft transition of the recovery speed set by
NSGAIN2-0 bits (Table 47).

NSOAF1-0 bits Moving Average Parameter

fs=8kHz fs=16kHz | fs=44.1kHz
00 4/fs 0.5ms 0.3ms 0.1ms
01 8/fs 1.0ms 0.5ms 0.2ms
10 16/fs 2.0ms 1.0ms 0.4ms (default)
11 32/fs 4.0ms 2.0ms 0.7ms

Table 45. Moving Average Parameter Setting at Noise Suppression On

. Noise Suppression
NSTHHA-0bIts |y oo} 1d High Level [dB] Step
00H -36.0 (default)
01H -37.5
02H -39.0
: : 1.5dB
10H —60.0
1EH —81.0
IFH —82.5

Table 46. Noise Suppression Threshold High Level

NSGAIN2 | NSGAIN1 | NSGAINO Recovery Speed

bit bit bit 8kHz 16kHz 44 1kHz

0 0 0 0.3dB/ms 0.5dB/ms 1.5dB/ms

0 0 1 0.5dB/ms 1.1dB/ms 3.0dB/ms | (default)
0 1 0 1.1dB/ms 2.2dB/ms 6.0dB/ms

0 1 1 2.2dB/ms 4.4dB/ms 12.2dB/ms

1 0 0 4.5dB/ms 9.0dB/ms 24.7dB/ms

1 0 1

1 1 0 N/A

1 1 1

Table 47. Recovery Speed Setting from Noise Suppression to Normal Operation (N/A: Not available)

MS1403-E-01 2012/05
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2. Dynamic Volume Control Block

The AK4678 has the dynamic volume control (DVLC) circuits before DRC. DVLC divides frequency range into three
band (Low, Middle, High) and controls independently.

(1) Low Frequency Range

— %~ o— IPF voLL —|pvicL|—»

VL1X/Y5-0
“0” data DLLPF1-0 VL2X/Y5-0

\ 4

o _unnm DLLA13-0 VL3X/Y4-0
(DLLPF1-0 bits =*00") 30730 1166.0
L2G6-0

L3G6-0

L4G6-0

Figure 58. DVLC Functions and Signal Path for Low Frequency Range

(1-1) Low Pass Filter (LPF)

This is composed with 1st or 2nd order LPF. DLLA13-0 bits and DLLB13-0 bits set the coefficient of LPF. DLLPF1-0
bits controls ON/OFF of the LPF. When the LPF is OFF, the audio data does not pass this block. The coefficient must be
set when DLLPF1-0 bits = “00” or PMDRC bit = “0”. The LPF starts operation 4/fs(max) after when DLLPF1-0 bits =
“01” or “10” and PMDRC bit = “1” are set.

DLLPF1 bit DLLPFO bit Mode
0 0 OFF (“0” data) (default)
0 1 1st order LPF
1 0 2nd order LPF
1 1 N/A

Table 48. DLLPF Mode Setting (N/A: Not available)

fs: Sampling frequency
fc: Cut-off frequency

Register setting
LPF: DLLAJ[13:0] bits =A, DLLB[13:0] bits =B
(MSB=DLLA13, DLLB13; LSB=DLLAO, DLLBO0)

1 1 — 1/ tan (nfc/fs)
A= , B=
1 + 1/ tan (nfc/fs) 1 +1/tan (nfc/fs)

Transfer function (1st order)
1+z7!
H(z)=A
1+ Bz

-1

Transfer function (2nd order)
1+z7!

H(z)=A —— x A
1+Bz" 1+Bz~'

1+z7!

The cut-off frequency should be set as below.
fc/fs > 0.002 (fc min = 88Hz at 44.1kHz)

MS1403-E-01 2012/05
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(1-2) Dynamic Volume Control Curve

[AK4678]

The inflection points of the DVLC curve is set by three coordinate values (VL1X5-0, VL1Y5-0, VL2X5-0, VL2Y5-0,

VL3X4-0 and VL3Y4-0 bits). The setting of three inflection points are calculated the values of (X1, Y1), (X2r, Y21),
(X3, Y3p) in dB. The inflection points should be set in such a way that VL1X < VL2X < VL3X, VL1Y <VL2Y < VL3Y.
And the each slope is set by L1G6-0, L2G6-0, L3G6-0 and L4G6-0 bits. X4, is fixed full-scale, Y4 is calculated by the
LA4G value. The initial value of the DVLC gain is set by the L1G.

MS1403-E-01

A
Full scalef----=-=-=-==-=-=-=-=-=--------------- [
(X3, Y3) (X4, Y4)
""""""""""""""" v L4G
R YR TsG ;
E I | |
> | | |
3 | | |
E G
5 . | | |
O | | | |
Q 1 1 1 1
— 1 1 1 1
> | | | |
D | | | |
G | A
©.0) DVLC Input Level Full scale
Figure 59. DVLC Curve for Low Frequency Range
VL1X/Y5-0 bits | Dynamic Volume Control Point Ste
VL2X/Y5-0 bits [dB] p
00H 0 (default)
01H -1.5
02H =30 1.5dB
2EH —69.0
2FH -70.5
30H N/A
: : N/A
3FH N/A

Table 49. DVLC Point Setting for X/Y'1, X/Y2 (N/A: Not available)

VL3X/Y4-0 bits Dynamic Voh[lcrirlge]COHtrol Point Step
00H 0 (default)
01H -1.5
02H =30 1.5dB
1EH —45.0
1FH —46.5

Table 50. DVLC Point Setting for X/Y3

-76 -
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Slope Setting

Y1 Y2, - Y1
LIG= “ x16, 12G= _(Y2-YL) x 16,
I (X2, - X1,)
Y3, -Y2 Y4, —Y3
13G- —BemY2) e g YY)
(X3, - X2)) (X4, - X3,)

x 16,

[AK4678]

The results calculated by the equations above should be rounded off to integer. These integers are slope data.

MS1403-E-01

L1G6-0 bits, L2G6-0 bits,

L3G6-0 bits, L4G6-0 bits Slope Data
00H 0
01H 1
02H 2
7EH 126
7FH 127

(default)

Table 51. DVLC Slope Setting for Low Frequency Range

-77 -
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(2) Middle Frequency Range

Bypass (DMHPF1-0 = DMLPF1-0 bits = “00™)

VOLM }—{DvicM|—oc— >
DMHPF1-0 DMLPF1-0  vmanes
DMHA13-0 DMLA13-0 VM3X/Y4-0

DMHB13-0 DMLB13-0 M1G6-0
M2G6-0
M3G6-0
M4G6-0

Figure 60. DVLC Functions and Signal Path for Middle Frequency Range

HPF | LPF

\ 4

(2-1) High Pass Filter (HPF)

This is composed with 1st or 2nd order HPF. The coefficient of HPF is set by DMHA13-0 bits and DMHB13-0 bits. HPF
bit controls ON/OFF of the HPF. When the HPF is OFF, the audio data passes this block by 0dB gain. The coefficient
must be set when DMHPF1-0 bits = “00” or PMDRC bit = “0”. The HPF starts operation 4/fs(max) after when
DMHPF1-0 bits = “01” or “10” and PMDRC bit = “1” are set.

DMHPF1 bit | DMHPFO bit Mode
0 0 Bypass (default)
0 1 1st order HPF
1 0 2nd order HPF
1 1 N/A

Table 52. DMHPF Mode Setting (N/A: Not available)

fs: Sampling frequency
fc: Cut-off frequency

Register setting
HPF: DMHAJ13:0] bits =A, DMHBJ13:0] bits =B
(MSB=DMHA13, DMHB13; LSB=DMHA0, DMHBO0)

1/ tan (nfc/fs) 1 — 1/ tan (nfc/fs)
A= , B=
1 +1/tan (nfc/fs) 1 +1/tan (nfc/fs)

Transfer function (1st order)
1-z7!

H(z)=A

1+Bz ™"

Transfer function (2nd order)
1-z"! 1-2z
H(z)=A —— x A
1+Bz" 1+Bz~'

-1

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

MS1403-E-01 2012/05
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(2-2) Low Pass Filter (LPF)

[AK4678]

This is composed with 1st or 2nd order LPF. DLLA13-0 bits and DMLB13-0 bits set the coefficient of LPF. DMLPF1-0
bits controls ON/OFF of the LPF. When the LPF is OFF, the audio data passes this block by 0dB gain. The coefficient
must be set when DMLPF1-0 bits = “00” or PMDRC bit = “0". The LPF starts operation 4/fs(max) after when DMLPF1-0

bits = “01” or “10” and PMDRC bit = “1” are set.

DMLPF1 bit | DMLPFO bit Mode
0 0 Bypass
0 1 1st order LPF
1 0 2nd order LPF
1 1 N/A

(default)

Table 53. DMLPF Mode Setting (N/A: Not available)

fs: Sampling frequency
fc: Cut-off frequency

Register setting

LPF: DMLA[13:0] bits =A, DMLB[13:0] bits =B
(MSB=DMLA 13, DMLBI13; LSB=DMLA0, DMLBO0)

1 1 — 1/ tan (rfc/fs)

A= , B=

1+ 1/ tan (nfc/fs) 1 + 1/ tan (nfc/fs)

Transfer function (1st order)
1+z!
H(z)=A
1+Bz"

Transfer function (2nd order)
1+z7"
H(z)=A —— x A
1+Bz™" 1+Bz™"

1+2z7!

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

MS1403-E-01
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(2-3) Dynamic Volume Control Curve

[AK4678]

The inflection points of the DVLC curve is set by three coordinate values (VM1X5-0, VM1Y5-0, VM2X5-0, VM2Y5-0,
VM3X4-0 and VM3Y4-0 bits). The setting of three inflection points are calculated the values of (X1y, Y1y), (X2,
Y2m), (X3\m, Y3y) in dB. The inflection points should be set in such a way that VM1X < VM2X < VM3X, VM1Y <
VM2Y < VM3Y. And the each slope is set by M1G6-0, M2G6-0, M3G6-0 and M4G6-0 bits. X4y, is fixed full-scale, Y4y
is calculated by the M4G value. The initial value of the DVLC gain is set by the M1G. When the HPF and LPF is bypass
(DMHPF1-0 = DMLPF1-0 bits = “00”), the audio data passes this block by 0dB gain.

MS1403-E-01

A

Full scalef--------============--------"-"-"------- '

DVLC Output Level

M1G

2 (X4, Yay)

[

(0,0

DVLC Input Level

Full scale

Figure 61. DVLC Curve for Middle Frequency Range

VMI1X/Y5-0 b@ts Dynamic Volume Control Point Step
VM2X/Y5-0 bits [dB]
00H 0 (default)
01H -1.5
02H =30 1.5dB
2EH —69.0
2FH -70.5
30H N/A
: : N/A
3FH N/A

Table 54. DVLC Point Setting for X/Y'1, X/Y2 (N/A: Not available)

VM3X/Y4-0 bits Dynamic Voh[lcrir}lse]COHtrol Point Step
00H 0 (default)
01H -1.5
02H =30 1.5dB
1EH —45.0
1FH —46.5

Table 55. DVLC Point Setting for X/Y3
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Slope Setting
M1G=

(Y2m - Y1)
(X2 — X1y)

x 16, M2G=

(Y3 —Y2y)

x 16, M4G=
X3y — X2

x 16,

X4y — X3y)

(Y4 —Y3w)

x 16,

[AK4678]

The results calculated by the equations above should be rounded off to integer. These integers are slope data.

MS1403-E-01

M1Go6-0 bits, M2G6-0 bits, Slope Data
M3G6-0 bits, M4G6-0 bits
00H 0
01H 1
02H 2
7EH 126
7FH 127

-81-

(default)

Table 56. DVLC Slope Setting for Middle Frequency Range
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(3) High Frequency Range

T 0o HpF VOLH —»{DVLCH|——»

VH1X/Y5-0
“0” data DHHPF1-0 VH2X/Y5-0

s —unnm DHHA13-0 VH3X/Y4-0
(DHHPF1-0 bits = “00") DHHB13-0 H1G6.0
H2G6-0
H3G6-0
H4G6-0

Y

Figure 62. DVLC Functions and Signal Path for High Frequency Range

(3-1) High Pass Filter (HPF)

This is composed with 1st or 2nd order HPF. The coefficient of HPF is set by DHHA13-0 bits and DHHB13-0 bits. HPF
bit controls ON/OFF of the HPF. When the HPF is OFF, the audio data does not pass this block. The coefficient must be
set when DHHPF1-0 bits = “00” or PMDRC bit = “0”. The HPF starts operation 4/fs(max) after when DHHPF1-0 bits =
“01” or “10” and PMDRC bit = “1” are set.

DHHPF1 bit | DHHPFO bit Mode
0 0 OFF (“0” data) (default)
0 1 1st order HPF
1 0 2nd order HPF
1 1 N/A

Table 57. DHHPF Mode Setting (N/A: Not available)

fs: Sampling frequency
fc: Cut-off frequency

Register setting
HPF: DHHA[13:0] bits =A, DHHB[13:0] bits =B
(MSB=DHHA13, DMHB13; LSB=DHHAO0, DHHBO)

1/ tan (nfc/fs) 1 — 1/ tan (rfc/fs)
A= , B=
1 +1/tan (nfc/fs) 1 +1/tan (nfc/fs)

Transfer function (1st order)
1-z"
H(z)=A
1+Bz"

Transfer function (2nd order)
1-z""
H(z)=A —— x A
1+Bz™! 1+Bz™"

1-z7"

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

MS1403-E-01 2012/05
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(3-2) Dynamic Volume Control Curve

[AK4678]

The inflection points of the DVLC curve is set by three coordinate values (VH1X5-0, VH1Y5-0, VH2X5-0, VH2Y5-0,
VH3X4-0 and VH3Y4-0 bits). The setting of three inflection points are calculated the values of (X1y, Y1y), (X24,
Y2Hy), (X3y, Y3y) in dB. The inflection points should be set in such a way that VH1X < VH2X < VH3X, VH1Y <
VH2Y < VH3Y. And the each slope is set by H1G6-0, H2G6-0, H3G6-0 and H4G6-0 bits. X4y is fixed full-scale, Y4y is
calculated by the H4G value. The initial value of the DVLC gain is set by the H1G.

MS1403-E-01

A

Full scalef--------============--------"-"-"------- !
(X34, Y34) (X4, Y4y)
""""""""""""""" v H4G
_____________ (X24, Y2u) o 3G ; ;
E 1 1 ]
> | | |
g | | |
3| Y TEE o
5 . | | |
) | | | |
O | | | |
| 1 1 1 1
> | | | |
D ] ] 1 1
HIG | o
(0, 0) Full scale

DVLC Input Level

Figure 63. DVLC Curve for High Frequency Range

VH1X/Y5-0 bits | Dynamic Volume Control Point Step
VH2X/Y5-0 bits [dB]
00H 0 (default)
01H -1.5
02_H _3.'0 1.5dB
2EH —69.0
2FH =70.5
30H N/A
: : N/A
3FH N/A

Table 58. DVLC Point Setting for X/Y 1, X/Y2 (N/A: Not available)

VH3X/Y4-0 bits Dynamic Voh[l(rlr}lga]Control Point Step
00H 0 (default)
01H -1.5
02H =3.0 1.5dB
1EH —45.0
1FH —46.5

Table 59. DVLC Point Setting for X/Y3
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Slope Setting

Y1 2u-Y1
HIG = T x 16, H2G = _2u V) x 16,
Iy X2y — X1y
34— Y2 44-Y3
H3G = Y2 e g - AT
X3y — X2y X4y — X3y

x 16

[AK4678]

The results calculated by the equations above should be rounded off to integer. These integers are slope data.

MS1403-E-01

H1G6-0 bits, H2G6-0 bits,

H3G6-0 bits, H4G6-0 bits Slope Data
00H 0
01H 1
02H 2
7EH 126
7FH 127

(default)

Table 60. DVLC Slope Setting for High Frequency Range
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(4) Dynamic Volume Control

[AK4678]

The DVLC automatically controls the volume at the attenuation speed set by DVLMAT2-0 bits (Table 62) or the recovery
speed set by DVRGAIN2-0 bits (Table 63) in such a way that the input moving average level set by DAF1-0 bits (Table 61)

is reached the output level of the DVLC curve set by each frequency range.

. Moving Average Parameter
DAFI-0bits fs=8kHz | fs—16kHz | fs=44.1kHz
00 256/fs 32ms 16ms 5.8ms
01 512/fs 64ms 32ms 11.6ms
10 1024/fs 128ms 64ms 23.2ms
11 2048/fs 256ms 128ms 46.4ms

Table 61. DVLC Moving Average Parameter Setting

(default)

(default)

DVLMAT2 | DVLMATI | DVLMATO ATT Speed
bit bit bit 8kHz 16kHz 44.1kHz
0 0 0 1.1dB/s 2.1dB/s 5.8dB/s
0 0 1 2.1dB/s 4.2dB/s 11.7dB/s
0 1 0 4.2dB/s 8.5dB/s 23.4dB/s
0 1 1 8.5dB/s 17.0dB/s 46.8dB/s
1 0 0 17.0dB/s 33.9dB/s 93.5dB/s
1 0 1 33.9dB/s 67.9dB/s 187.1dB/s
1 1 0 67.9dB/s 135.8dB/s 374.3dB/s
1 1 1 N/A
Table 62. DVLC ATT Speed Setting (N/A: Not available)
PVRUAIN | DVRGAINI | DVRGAINO Recovery Speed
bit bit bit 8kHz 16kHz 44.1kHz
0 0 0 0.07dB/s 0.13dB/s 0.37dB/s
0 0 1 0.13dB/s 0.27dB/s 0.73dB/s
0 1 0 0.27dB/s 0.53dB/s 1.46dB/s
0 1 1 0.53dB/s 1.06dB/s 2.92dB/s
1 0 0 1.06dB/s 2.12dB/s 5.84dB/s
1 0 1 2.12dB/s 4.24dB/s 11.7dB/s
1 1 0 4.24dB/s 8.48dB/s 23.4dB/s
1 1 1 N/A
Table 63. DVLC Recovery Speed Setting (N/A: Not available)
MS1403-E-01
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3. Dynamic Range Control Block

The AK4678 has the dynamic range control (DRC) circuits. The compression level is selected in three levels and set by
DRCCI1-0 bits (Table 64).

When the DRC is OFF (DRCC1-0 bits = “00”), the audio data passes this block by 0dB gain. However limiter and
recovery operation is always ON. The compression level must be set when PMDRC bit = “0”.

A

Y SRR RN

g k High
o) 1 1
> I I
[} I I
- | |
5 | |
o 1 1
5 -6dBf---------------------- . .
o) : | |
) | | |
Qf ] I I
o) ! | |
-6dB 0dB +3.5dB
DRC Input Level (dB)
Figure 64. DRC Gain Curve
DRCCI bit DRCCO bit Compression Level

0 0 OFF (default)

0 1 Low

1 0 Middle

1 1 High

Table 64. DRC Compression Level Setting

1. DRC Limiter Operation

During the DRC limiter operation, when the output level of DRC exceeds full-scale, the DRC volume are attenuated
automatically with the soft transition in the attenuation speed set by DLMAT2-0 bits (Table 65).

DLMAT2 | DLMATI | DLMATO ATT Speed

bit bit bit 8kHz 16kHz 44.1kHz

0 0 0 0.1dB/ms 0.3dB/ms 0.7dB/ms | (default)
0 0 1 0.3dB/ms 0.5dB/ms 1.5dB/ms

0 1 0 0.5dB/ms 1.1dB/ms 3.0dB/ms

0 1 1 1.1dB/ms 2.2dB/ms 6.0dB/ms

1 0 0 2.2dB/ms 4.4dB/ms 12.2dB/ms

1 0 1 4.5dB/ms 9.0dB/ms | 24.7dB/ms

1 1 0

1 N 1 N/A

Table 65. DRC ATT Speed Setting (N/A: Not available)
MS1403-E-01 2012/05
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2. DRC Recovery Operation

[AK4678]

During the DRC recovery operation, when the DRC volume reaches 0dB or the output level of DRC exceeds limiter
detection level, the DRC volume are set automatically with the soft transition in the recovery speed set by DRGAIN1-0

bits (Table 66).

MS1403-E-01

DRGAIN1 | DRGAINO Recovery Speed
bit bit 8kHz 16kHz 44.1kHz
0 0 1.1dB/s 2.1dB/s 5.9dB/s
0 1 2.1dB/s 4.2dB/s 11.7dB/s
1 0 4.2dB/s 8.5dB/s 23.4dB/s
1 1 8.5dB/s 17.0dB/s 46.7dB/s

Table 66. DRC Recovery Speed Setting
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m Digital Output Volume (DATT-A)

[AK4678]

The AK4678 has a digital output volume (DATT-A: 128 levels, 0.5dB step, Mute). The volume can be set by the OVL6-0
and OVRG6-0 bits. The volume is included in front of a DAC block. The input data of DAC is changed from +6 to —57dB
or MUTE. When the OVOLC bit = “1”, the OVL6-0 bits control both Lch and Rch attenuation levels. When the OVOLC
bit = “0”, the OVL6-0 bits control Lch level and OVR6-0 bits control Rch level. This volume has a soft transition
function. The OVTM bit sets the transition time between set values of OVL/R6-0 bits as either 128/fs or 256/fs (Table
68). When OVTM bit = “1”, a soft transition between the set values occurs (256 levels). It takes 256/fs
(=5.8ms@fs=44.1kHz) from 00H (+6dB) to 7FH (MUTE).

OVL/R6-0 bits Gain Step

00H +6.0dB

01H +5.5dB

02H +5.0dB

0CH 0dB 0.5dB (default)
7DH —56.5dB

7EH —57.0dB

7FH MUTE (—)

Table 67. Digital Volume A Code Table

. Transition time between OVL/R6-0 bits = 00H and 7FH
OVTM bit
' Setting fs—8kHz fs—44.1kHz
0 128/fs 16ms 2.9ms
1 256/fs 32ms 5.8ms

MS1403-E-01

Table 68. Transition Time Setting of Digital Output Volume A
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H Soft Mute

Soft mute operation is performed in the digital domain. When the SMUTE bit is changed to “1”, the output signal is
attenuated to —oo (“0”) during the cycle set by the OVTM 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 OVL/R6-0 bits during the cycle set of the
OVTM bit. If the soft mute is cancelled within the cycle set by the OVTM bit after starting the operation, the attenuation
is discontinued and returned to the value set by the OVL/R6-0 bits. The soft mute is effective for changing the signal
source without stopping the signal transmission (Figure 65).

SMUTE bit

OVTM bit OVTM bit

(1)
/(3)

OVL/R6-0 bits

Attenuation

—p 4— GD — «— GD
)

Analog Output

Figure 65. Soft Mute Function

(1) The output signal is attenuated until —oo (“0”) in the cycle set by the OVTM 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 OVTM bit, the attenuation is discounted and returned to the
value set by the OVL/R6-0 bits.

MS1403-E-01 2012/05
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m Digital Volume for Recording of Received Voice (DATT-B)

The AK4678 has a digital output volume control (DATT-B: 128 levels, 0.5dB step, Mute) for recording of received voice.
The volume can be set by the BVL6-0 bits. This volume is included in SRCAI blocks. The output data of SRCAI is
changed from +6 to —57dB or MUTE. This volume control is in common for left and right channels. This volume has a
soft transit function. The OVTMB bit sets the transition time between set values of BVL6-0 bits as either 128/fs or 256/fs
(Table 70). When OVTMB bit = “1”, a soft transition between the set values occurs (256 levels). It takes 256/fs (=5.8ms
@ fs=44.1kHz, PMMIX bit = “1”) from 00H (+6dB) to 7FH (MUTE).

BVL6-0 bits Gain Step
00H +6.0dB
01H +5.5dB
02H +5.0dB
0CH 0dB 0.5dB (default)
7DH —56.5dB
7EH -57.0dB
7FH MUTE (—)
Table 69. Digital Volume B Table
. Transition time between BVL6-0 bits = 00H and 7FH
OVTMB bit
' Setting fs—8kHz fs—44.1kHz
0 128/fs 16ms 2.9ms
1 256/fs 32ms 5.8ms (default)

(PMMIX bit = “0: fs = SYNCB Frequency, PMMIX bit = “1”: fs = LRCK Frequency)
Table 70. Transition Time Setting of Digital Output Volume B

m Digital Volume for Received Voice (DATT-C)

The AK4678 has a digital output volume control (DATT-C: 128 levels, 0.5dB step, Mute) for recording of received voice.
The volume can be set by the CVL6-0 bits. The volume range is from +6 to —57dB or MUTE. This volume control is in
common for left and right channels. This volume has a soft transit function. The OVTMB bit sets the transition time
between set values of CVL6-0 bits as either 128/fs or 256/fs (Table 72). When OVTMB bit = “1”, a soft transition
between the set values occurs (256 levels). It takes 256/fs (=5.8ms @ fs =44.1kHz, PMMIX bit = “1”") from 00H (+6dB)
to 7FH (MUTE).

CVL6-0 bits Gain Step
00H +6.0dB
01H +5.5dB
02H +5.0dB
0CH 0dB 0.5dB
7DH —56.5dB
7EH —57.0dB
7FH MUTE (—)

Table 71. Digital Volume C Table

(default)

. Transition time between CVL6-0 bits = 00H and 7FH
OVTMB bit
' Setting fs—8kHz fs—44.1kHz
0 128/1fs 16ms 2.9ms
1 256/fs 32ms 5.8ms

MS1403-E-01

(default)

(PMMIX bit = “0”: fs = SYNCB Frequency, PMMIX bit = “1”: fs = LRCK Frequency)
Table 72. Transition Time Setting of Digital Output Volume C

-90 -
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m Side Tone Volume for B/T Phone Call (SVOLB)

[AK4678]

The AK4678 has the side tone volume control (5 levels, 6dB step) for B/T phone call. The volume can be set by the

SVB2-0 bits. The volume range is from 0dB to -24dB.

SVB2-0 bits Gain
OH 0dB
1H —6dB
2H —12dB
3H —18dB
4H —24dB

Others N/A

(default)

Table 73. Side Tone Volume B Table (N/A: Not available)

m Digital Volume for B/T MIC Input (BIVOL)

The AK4678 has the digital volume control (5 levels, 6dB step) for B/T mic input. The volume can be set by the BIV2-0

bits .The volume rage is from 0 to —24dB.

BIV2-0 bits Gain
0H 0dB
1H —-6dB
2H —12dB
3H —18dB
4H —24dB

Others N/A

(default)

Table 74. SDTIB Volume Table (N/A: Not available)

MS1403-E-01
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m Path & Mixing Setting of Digital Block (Figure 50)

[AK4678]

PMADL, PMADR, PMDML and PMDMR bits set both ADC power management and output data selection. In case of
mono operation, the same data is output to both channel slots.

(default)

PMADL bit | PMADR bit ADC Lch data ADC Rch data
0 0 All “0” All “0”
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 75. ADC Mono/Stereo Select (Analog MIC: DMIC bit = “0”)

(default)

PMDML bit | PMDMR bit ADC Lch data ADC Rch data
0 0 All “0” All “0”
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 76. ADC Mono/Stereo Select (Digital MIC: DMIC bit = “1)

PFSEL bit select the input data of programmable filter.

PFSEL Programmable Filter Input
0 ADC Output (selected by Table 75) | (default)
1 SDTI Input (selected by Table 83)

Table 77. Programmable Filter Input Signal Select

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

(default)

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

Table 78. ALC Output Mono Mixing

PFSDO bit select the input data both SDTO and SVOLA.

MS1403-E-01

PFSDO bit SDTO and SVOLA Input
0 ADC Output (selected by Table 75)
1 Programmable Filter Output (selected by Table 78)

Table 79. SDTO, SVOLA Input Signal Select

92

(default)

2012/05



AsahiKASEI

Table 81. SDTO Rch Output Mixing

SDOD

bit SDTO

0

Enable (Output) (default)

1

Disable (“L” Output)

Table 82. SDTO Disable

SDIMI1 bit | SDIMO bit Lch Rch
0 0 L R (default)
0 1 L L
1 0 R R
1 1 N/A

[AK4678]

SDOL1-0 and SDOR1-0 bits set the data mixing for each channel of SDTO from the data selected by Table 79 and

MIXI1L/R output data.

SDOLI1 bit | SDOLO bit SDTO Lch
0 0 Lch Signal selected by Table 79 (default)
0 1 MIX1L
1 0 (Lch Signal selected by Table 79) + (MIX1L)
1 1 (Lch Signal selected by Table 79)/2 + (MIX1L)/2

Table 80. SDTO Lch Output Mixing

SDORI1 bit | SDORO bit SDTO Rch
0 0 Rch Signal selected by Table 79 (default)
0 1 MIX1R
1 0 (Rch Signal selected by Table 79) + (MIX1R)
1 1 (Rch Signal selected by Table 79)/2 + (MIX1R)/2

When SDOD bit is “1”, SDTO output data can be disabled (fixed to “L”). Input data of SVOLA is not disabled.

SDIM1-0 bits select stereo or mono of SDTI input data. In case of mono mode, the same data is input to both channels.

Table 83. SDTI Stereo/Mono Select (N/A: Not available)

PFMXL1-0 and PFMXR1-0 bits set the data mixing for each channel of 5-band EQ from the data selected by Table 83
and SVOLA output data.

-93 -

PFMXL1 bit | PFMXLO bit 5-band EQ Lch Input
0 0 Lch Signal selected by Table 83 (default)
0 1 SVOLA Lch
1 0 (Lch Signal selected by Table 83) + (SVOLA Lch)
1 1 N/A
Table 84. 5-band EQ Lch Input Mixing 1 (N/A: Not available)
PFMXRI1 bit | PEMXRO bit 5-band EQ Rch Input
0 0 Rch Signal selected by Table 83 (default)
0 1 SVOLA Rch
1 0 (Rch Signal selected by Table 83) + (SVOLA Rch)
1 1 N/A
Table 85. 5-band EQ Rch Input Mixing 1 (N/A: Not available)
MS1403-E-01 2012/05
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[AK4678]

SRMXL1-0 and SRMXR1-0 bits set the data mixing for each channel of 5-band EQ from the data selected by Table
84/Table 85 and MIX1L/R output data.

SRMXL1 bit | SRMXLO bit 5-band EQ Lch Input
0 0 Signal selected by Table 84 (default)
0 1 MIXI1L
1 0 (Signal selected by Table 84) + (MIX1L)
1 1 N/A
Table 86. 5-band EQ Lch Input Mixing 2 (N/A: Not available)
SRMXRI1 bit | SRMXRO bit 5-band EQ Rch Input
0 0 Signal selected by Table 85 (default)
0 1 MIX1R
1 0 (Signal selected by Table 85) + (MIX1R)
1 1 N/A
Table 87. 5-band EQ Rch Input Mixing 2 (N/A: Not available)
DASEL1-0 bits select the input data of DAC.
DASEL1 bit | DASELO bit DAC Lch DAC Rch
0 0 DATT-A Lch DATT-A Rch (default)
0 1 DRC Lch DRC Rch
1 0 SDTI Lch SDTI Rch
1 1 N/A
Table 88. DAC Input Signal Select (N/A: Not available)
MX1L2-0 bits set the data mixing for Audio I/F Lch input.
MXI1L2 bit | MX1L1 bit | MX1LO bit Audio I/F Lch Input
0 0 0 DATT-B (default)
0 0 1 BIVOL Lch
0 1 0 BIVOL Rch
0 1 1 ((BIVOL Lch) + (BIVOL Rch))/2
1 0 0 (DATT-B) + (BIVOL Lch)
1 0 1 (DATT-B) + (BIVOL Rch)
1 1 0 ((BIVOL Lch) + (BIVOL Rch))/2 + (DATT-B))/2
1 1 1 N/A

Table 89. Audio I/F Lch Input Mixing (N/A: Not available)

MX1R2-0 bits set the data mixing for Audio I/F Rch input.

MXI1R2 bit | MX1R1 bit | MX1RO bit Audio I/F Rch Input
0 0 0 DATT-B (default)
0 0 1 BIVOL Lch
0 1 0 BIVOL Rch
0 1 1 ((BIVOL Lch) + (BIVOL Rch))/2
1 0 0 (DATT-B) + (BIVOL Lch)
1 0 1 (DATT-B) + (BIVOL Rch)
1 1 0 ((BIVOL Lch) + (BIVOL Rch))/2 + (DATT-B))/2
1 1 1 N/A
Table 90. Audio I/F Rch Input Mixing (N/A: Not available)
MS1403-E-01 2012/05
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MX2A1-0 bits set the data mixing for MIX2C input.

MX2A1 bit | MX2A0 bit MIX2C Input
0 0 BIVOL Lch (default)
0 1 BIVOL Rch
1 0 (BIVOL Lch) + (BIVOL Rch)
1 1 ((BIVOL Lch ) + (BIVOL Rch))/2

Table 91. MIX2C Input Mixing 1

MX2B1-0 bits set the data mixing for MIX2C input.

MX2B1 bit | MX2BO0 bit MIX2C Input
0 0 DATT-A Lch (default)
0 1 DATT-A Rch
1 0 (DATT-A Lch ) + (DATT-A Rch)
1 1 (DATT-A Lch) + (DATT-A Rch))/2

Table 92. MIX2C Input Mixing 2

MX2C1-0 bits set the data mixing for SRCAO and SVOLB input.

MX2C1 bit | MX2CO0 bit SRCAO/SVOLB Input
0 0 MIX2A (default)
0 1 MIX2B
1 0 (MIX2A) + (MIX2B)
1 1 ((MIX2A) + (MIX2B))/2

Table 93. SRCAO/SVOLB Input Mixing

MXSB2-0 bits set the data mixing for SRCBO input.

MXSB2 | MXSBL | MXOB0 SRCBO Lch SRCBO Rch

0 0 0 DATT-A Lch DATT-A Rch (default)
0 0 1 DATT-A Lch <~

0 1 0 DATT-A Rch <~

0 1 1 (DATT-A Lch) + (DATT-A Rch) «—

1 0 0 ((DATT-A Lch) + (DATT-A Rch))/2 «—

| 0 | ((DATT-A Lch) + (DATT-A Rch))/2 o

+ (DATT-C)
1 1 0 Lch Signal selected by Table 79 Rch Signal selected by Table 79
1 1 1 DATT-C <«

Table 94. SRCBO Input Mixing

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

SDOAD bit SDTOA
0 Enable (Output) (default)
1 Disable (“L” Output)

Table 95. SDTOA Disable

MS1403-E-01 2012/05
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[AK4678]

SBMX1-0 bits set the data mixing from SDTIA input and SVOLB output. The mixed data is input to DATT-C.

SBMXI1 bit | SBMXO bit DATT-C Input
0 0 SRCAI
0 1 SVOLB
1 0 (SRCAI) + (SVOLB)
1 1 N/A

Table 96. SDTOB Mixing (N/A: Not available)

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

MS1403-E-01

SDOBD bit

SDTOB

0

Enable (Output) (default)

1

Disable (“L” Output)

Table 97. SDTOB Disable

-96 -
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H Stereo Line Output (LOUT/ROUT pins)

When DACL and DACR bits are “1”, Lch/Rch signal of DAC is output from the LOUT/ROUT pins in single-ended.
When DACL and DACR bits are “0” in normal operation (PMDAC=PML/RO bits = “1”, LOPS bit = “0”), output signal
is muted and LOUT/ROUT pins output common voltage (typ. 0.8 x AVDD). The load impedance is 10kQ (min.). When
the PMLO=PMRO=LOPS bits = “0”, LOUT/ROUT enters power-down mode and the output is pulled-down to VSS1 by
100kQ (typ). When the LOPS bit is “1”, LOUT/ROUT enters power-save mode. Pop noise at power-up/down can be
reduced by changing PMLO and PMRO bits at LOPS bit = “1”. In this case, output signal line should be pulled-down to
VSS1 by 20kQ after AC coupled as Figure 67. Rise/Fall time is 300ms (max) at C=1pF and AVDD=1.8V. When
PMLO=PMRO bits = “1” and LOPS bit = “0”, LOUT/ROUT is in normal operation. LVL2-0 bits control the volume of
LOUT/ROUT. When LOM bit = “1”, DAC output signal is output to LOUT and ROUT pins as (L+R) mono signal.

DACL bit LVL2-0 bits
—— DAC Lch e

M 1
DACR bit x LOM bit , %—» LOUT pin
oo X |

DACL bit x LOM bit

ol

M
DACR bit I —/%v—' ROUT pin
X

— 1 DACRch ® oo b !

Figure 66. Stereo Line Output

LOPS bit PMLO bit Mode LOUT pin
0 0 Power-down Pull-down to VSSI (default)
| Normal Operation Normal Operation
1 0 Power-save Fall down to VSS1
1 Power-save Rise up to common voltage
Table 98. Stereo Line Output Mode Select (LOUT)
LOPS bit PMRO bit Mode ROUT pin
0 0 Power-down Pull-down to VSSI (default)
1 Normal Operation Normal Operation
| 0 Power-save Fall down to VSS1
1 Power-save Rise up to common voltage

Table 99. Stereo Line Output Mode Select (ROUT)

LVL2-0 bits Attenuation
7TH N/A
6H N/A
SH +6dB
4H +3dB
3H 0dB (default)
2H -3dB
1H —-6dB
OH -9dB

Table 100. Stereo Line Output Volume Setting (N/A: Not available)

MS1403-E-01 2012/05
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LOUT
ROUT

IR
A

20kQ

Figure 67. External Circuit for Stereo Line Output (in case of using Pop Noise Reduction Circuit)

<Stereo Line Output Control Sequence (in case of using Pop Noise Reduction Circuit)>

PMLO bit
PMRO bit

LOPS bit

LOUT pin
ROUT pin

(1)

(

2)

5)

(3)

|

[AK4678]

(6)

Normal Output

Figure 68. Stereo Line Output Control Sequence (in case of using Pop Noise Reduction Circuit)

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

(2) Set PMLO=PMRO bits = “1”. Stereo line output exits power-down mode.

LOUT and ROUT pins rise up to common voltage (typ. 0.8 x AVDD). Rise time is 200ms (max 300ms) at
C=1pF and AVDD=1.8V.
(3) Set LOPS bit = “0” after LOUT and ROUT pins rise up. Stereo line output exits power-save mode.
Stereo line output is enabled.
(4) Set LOPS bit = “1”. Stereo line output enters power-save mode.

(5) Set PMLO=PMRO bits = “0”. Stereo line output enters power-down mode.

LOUT and ROUT pins fall down to VSS1. Fall time is 200ms (max 300ms) at C=1uF and AVDD=1.8V.
(6) Set LOPS bit = “0” after LOUT and ROUT pins fall down. Stereo line output exits power-save mode.

MS1403-E-01
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m Full-differential Mono Line Output (LOP/LON pins)

[AK4678]

When LODIF bit = “1”, LOUT/ROUT pins become LOP/LON pins, respectively. Lch/Rch signal of DAC or
LIN1/RIN1/LIN2/RIN2/LIN3/RIN3/LIN4/RIN4 is output from the LOP/LON pins in full-differential as (L+R) signal.
The load impedance is 10kQ2 (min) for each LOP pin and LON pin. When the PMLO = PMRO bits = “0”, the mono line
output enters power-down mode and the output is pulled-down to VSS1. When the PMLO = PMRO bits = “1”” and LOPS
bit= 1", mono line output enters power-save mode. Pop noise at power-up/down can be reduced by changing PMLO and
PMRO bits when LOPS bit = “1”. When PMLO = PMRO bits = “1” and LOPS bit = “0”, mono line output enters in
normal operation. LVL2-0 bits set the volume of mono line output.

LVL2-0 bits
DACL bit C 0
1 |
—— DAC Lch o0 %——» LOP pin
vl b
| !
X | ! |
DACR bit ! !
— | DACRch o o :J}:—» LON pin
Figure 69. Full-differential Mono Line Output
LVL2-0 bits Attenuation
7H N/A
6H N/A
5H +12dB
4H +9dB
3H +6dB (default)
2H +3dB
1H 0dB
OH -3dB
Table 101. Mono Line Output Gain Setting (N/A: Not available)
LOPS bit | PMLO/RO bits Mode LON/LOP pins
0 0 Power-down Pull-down to VSS1 (default)
1 Normal Operation Normal Operation
1 0 Power-save Fall down to VSS1
1 Power-save Rise up to common voltage
Table 102. Mono Line Output Mode Setting
MS1403-E-01
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[AK4678]

<Full-differential Mono Line Output Control Sequence (in case of using Pop Noise Reduction

Circuit)>

PMLO bit
PMRO bit

LOPS bit

LOP, LON pins

2)

(1)

(3)

|

5)

(6)

Normal Output J_

Figure 70. Mono Line Output Control Sequence (in case of using Pop Noise Reduction Circuit)

(1) Set LOPS bit = “1”. Mono line output enters power-save mode.

(2) Set PMLO = PMRO bits = “1”. Mono line output exits power-down mode.
LOP and LON pins rise up to common voltage (typ. 0.8 x AVDD). Rise time is 200ms (max 300ms) at
C=1pF and AVDD=1.8V.

(3) Set LOPS3 bit = “0” after LOP and LON pins rise up. Mono line output exits power-save mode.

Mono line output is enabled.
(4) Set LOPS bit = “1”. Mono line output enters power-save mode.
(5) Set PMLO = PMRO bits = “0”. Mono line output enters power-down mode.
LOP and LON pins fall down to VSS1. Fall time is 200ms (max 300ms) at C=1pF and AVDD=1.8V.

(6) Set LOPS bit = “0” after LOP and LON pins fall down. Mono line output exits power-save mode.

MS1403-E-01
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m Receiver-Amp (RCP/RCN pins)

Lch/Rch signal of DAC is output from the RCP/RCN pins which is BTL as (L+R) signal. The load impedance is 32Q
(min). When the PMRCYV bit = “0”, the mono receiver output enters power-down mode and the output is Hi-Z. When the
PMRCYV bit=“1"and RCVPS bit =“1”, mono receiver output enters power-save mode. Pop noise at power-up/down can
be reduced by changing PMRCV bit when RCVPS bit = “1”. When PMRCYV bit = “1” and RCVPS bit = “0”, mono

receiver output enters in normal operation. RCVG3-0 bits control the volume of mono receiver output.

RCVG3-0 bits
DACRL bit 1
—1 DAC Leh o o : +—> RCP pin
1 1
M| o
Lo :
X ;
DACRR bit ! !
1 1
— DACRch O/O —i/%—i—b RCN pin
Figure 71. Mono Receiver Output
RCVG3-0 bits Attenuation
FH +12dB
EH +9dB
DH +6dB
CH +3dB
BH 0dB (default)
AH -3dB
9H —6dB
8H —-9dB
7H —12dB
6H —15dB
5H —18dB
4H —21dB
3H —24dB
2H —27dB
1H -30dB
OH MUTE
Table 103. Mono Receiver Output Volume Setting
PMRCYV bit RCVPS bit Mode RCP pin RCN pin
0 X Power-down Hi-Z Hi-Z
1 Power-save Hi-Z Common Voltage
1 (typ. 0.8 x AVDD)
0 Normal Operation | Normal Operation | Normal Operation
Table 104. Receiver-Amp Mode Setting (x: Don’t care)
MS1403-E-01
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i A
RCVPS bit \A |

Figure 72. Power-up/Power-down Timing for Receiver-Amp

MS1403-E-01 2012/05
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m Headphone Output (HPL/HPR pins)

The headphone amplifiers are operated by positive and negative power supplied from charge pump circuit. The VEE pin
outputs the negative voltage generated by the internal charge pump circuit from PVDD. This charge pump circuit is
switched between VDD mode and 1/2VDD mode by the output level of the headphone amplifiers.

The headphone amplifier output is single-ended and centered on OV (VSS1). Therefore, the capacitor for AC-coupling
can be removed. The minimum load resistance is 16€2. The output power is 20mW (@ 0dBFS, Ry = 16Q2, AVDD=1.8V,
HPG = -4dB) and 25mW (@ 0dBFS, R; =320, AVDD=1.8V, HPG=0dB).

The output level of headphone-amp can be controlled by HPG5-0 bits. This volume setting is in common for L/R channels
and can attenuate/gain the mixer output from +6dB to —62dB in 2dB steps (Table 105). The HPG value is changed
independently on L/R channels by zero crossing or timeout. Zero crossing timeout period is set by HPTM1-0 bits. When
LOHM bit = “17, the headphone-amp output to HPL and HPR pins as (L+R) mono signal.

HPG5-0 hits
— 1 DAC Lch E !
M 1 I
LOMH bit | —:%E—» HPL pin
oo X i
LOMH bit . ,
oo M|
| —‘%‘—» HPR pin
X | !
— DACRch ® L i
Figure 73. Stereo Headphone Output
HPG35-0 bits GAIN (dB) HPG35-0 bits GAIN (dB)
29H N/A 14H -30
28H N/A 13H -32
27H N/A 12H —34
26H +6 11H -36
25H +4 10H —38
24H +2 OFH -40
23H 0 OEH —42
22H -2 0DH —44
21H —4 0CH —46
20H -6 0BH —48
1FH -8 0AH =50
1EH -10 09H =52
IDH -12 08H —54
ICH -14 07H -56
1BH -16 06H —58
1AH —18 05H -60
19H -20 04H —62
18H 22 03H MUTE
17H —24 02H MUTE
16H -26 01H MUTE
15H -28 00H MUTE

Table 105. Headphone-Amp Volume Setting (Default: 0dB, N/A: Not available)

MS1403-E-01 2012/05
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HPTM1 HPTMO Zero Crossing Timeout Period
bit bit 8kHz 16kHz 44.1kHz
0 0 128/fs 16ms 8ms 2.9ms (default)
0 1 256/fs 32ms 16ms 5.8ms
1 0 512/fs 64ms 32ms 11.6ms
1 1 1024/fs 128ms 64ms 23.2ms
Table 106. Headphone-Amp Volume Zero Crossing Timeout Period
CPMODEI bit CPMODEQ bit Mode Operation Voltage
0 0 Class-G Operation Mode Automatic Switching | (default)
0 1 + VDD Operation Mode + VDD
1 0 +1/2 VDD Operation Mode +1/2 VDD
1 1 N/A
Table 107. Charge Pump Mode Setting (N/A: Not available)
VDDTM2 | VDDTMI1 | VDDTMO VDD Mode Holding Period
bit bit bit 8kHz 16kHz 44.1kHz
0 0 0 1024/fs 128ms 64ms 23.2ms
0 0 | 2048/1s 256ms 128ms 46.4ms
0 1 0 4096/fs 512ms 256ms 92.9ms
0 1 1 8192/fs 1024ms 512ms 186ms
1 0 0 16384/fs 2048ms 1024ms 372ms
1 0 1 32768/fs 4096ms 2048ms 743ms | (default)
1 1 0 65536/fs 8192ms 4096ms 1486ms
1 1 1 N/A
Table 108. VDD Mode Waiting Period (N/A: Not available)
MS1403-E-01 2012/05
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<HP-Amp External Circuit>

It is necessary to put an oscillation prevention circuit (0.22uF+20% capacitor and 15Q+20% resistor) because it has the
possibility that Headphone-Amp oscillates.

HP-A jmmmmmsmmsooooo .
| mp Headphone |

r
| L

i
AK4678 0.22F | 160

5 L]

Figure 74. HP-Amp oscillation prevention circuit example

When PMHPL or PMHPR bit = “1”, headphone outputs are in normal operation after the charge pump circuit is powered
up. When PMHPL and PMHPR bits = “0”, the headphone-amps and the charge pump circuit are powered-down
completely. At that time, the HPL and HPR pins go to VSS1 voltage via the internal pulled-down resistor. The
pulled-down resistor is 120Q (typ).

The power-up time of HP-Amp block is 28ms and then HPL and HPR pins output 0V (VSS1). The power-down is
executed immediately.

PMYCM PMH.PL/R Mode HPL/R pins
bit bits
X 0 Power-down & Mute Pull-down by 120Q (typ) (default)
1 1 Normal Operation Normal Operation

Table 109. Headphone-Amp Mode Setting (x: Don’t’ care)

MS1403-E-01 2012/05
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B Speaker Output (SPP/SPN pins)

Lch/Rch signal of DAC is converted by PWM and is output from SPP/SPN pins by BTL. When Lch/Rch signal of DAC
is 0dBFS, the speaker amplifier outputs 0.89W ( @ 8Q2, AVDD=1.8V, SVDD=4.2V, SPKG=-6dB). The load impedance

is 8Q (min). A 2.2nF capacitor should be connected between SPFIL pin and VSS1 pin to reduce out-of-band noise from
DAC. SPKG3-0 bits control the volume of SPP/SPN.

SPKG3-0 bits
DACSL bit C 0
1 |
—— DAC Lch o0 %—» SPP pin
wl i
N |
X | ! :
DACSR bit : !
—— DACRch oo :J}:—» SPN pin

Figure 75. Mono Speaker Output

SPKG3-0 bits Attenuation

FH +12dB

EH +9dB

DH +6dB

CH +3dB

BH 0dB (default)
AH -3dB

9H —6dB

8H —-9dB

7H —12dB

6H —15dB

SH —18dB

4H -21dB

3H —24dB

2H —27dB

1H -30dB

OH MUTE

Table 110. Speaker Output Volume Setting
PMSPK bit Speaker-Amp
0 Power-down & Hi-Z (default)
1 Power-up & Output

Table 111. Speaker-Amp output state

When PMSPK bit is “17, the speaker-amp is powered-up. The power-up time of SPK-Amp block is 32ms and then SPP
and SPN pins output 0V (VSS3). When PMSPK bit is “0”, the SPK-Amp block can be powered-down. The clock
supplied to SPK-Amp block must not be stopped for more than 0.5ms. Once SPK-Amp block is powered-down, the
SPK-Amp block should be powered-up again with an interval of 0.5ms or more.

MS1403-E-01 2012/05
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B Thermal Shutdown Function

When PMVCM bit is “1” and the internal device temperature rises up irregularly (E.g. Output pins of speaker amplifier
are shortened.), all amplifier blocks are automatically powered-down (PMLO, PMRO, PMRCV, PMHPL, PMHPR and
PMSPK bits = “0”) and then THDET bit becomes “1”. The other control registers are not initialized. When the internal
device temperature falls down, THDET bit becomes “0”, but the amplifier blocks do not return to normal operation unless
the amplifier blocks are powered-up (PMLO, PMRO, PMRCV, PMHPL, PMHPR or PMSPK bits = “1”). The device
status can be monitored by THDET bit.

MS1403-E-01 2012/05
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m System Clock (PCM I/F)

The AK4678 has two PCM I/F ports. PCM I/F A is for baseband module and PCM I/F B is for Bluetooth mode. PCM I/F
A, PCM I/F B and Audio I/F can be operated by asynchronous clock because the AK4678 has four SRCs. PCM I/F A and
PCM I/F B support slave mode only. The required clock PCM I/F is BICKA (BICKB) and SYNCA (SYNCB).When
PMPCMA bit is “1”, PCM I/F A port is powered-up. When PMPCMB bit is “1”, PCM I/F B port is powered-up.

AK4678 Baseband Module

SYNCA

BICKA

SDTOA

SDTIA

SYNCB

BICKB

SDTOB

SDTIB

Figure 76. PCM I/F A and B

B SRC (Sample Rate Converter)

The AK4678 has four asynchronous SRCs. The SRCs are operated by internal oscillator. When PMSRAI PMSRAO,
PMSRBI or PMSRBO bit is “1” and PMOSC bit is “1”, SRC starts operation. Initial time of SRC is 164/fs2(164/fs3) for
SDTOA(SDTOB) output enable after power-down state is released by a clock input(SYNC clock). Until then, SDTOA
and SDTOB output data as shown in Table 112. Ratio of Input / Output is decided by PMMIX bit.

e After PMSRx bit =“0" — “1” PMSRXx bit = “1”
Mode PMSRx bit =70 & Before SYNCA/SYNCB Input During initial time
16bit Linear L L 0000H
8bit A-Law L H 11010101b
8bit pu-Law L H 11111111b

Table 112. SDTOA and SDTOB pins Output Data (PMSRx: PMSRAI, PMSRAO, PMSRBI, PMSRBO)

PMMIX SRC Input Sampling Rate Output Sampling Rate

bit (FSI) (FSO)

0 SRCAI SYNCA SYNCB

SRCAO SYNCB SYNCA
SRCAI SYNCA LRCK

1 SRCAO LRCK SYNCA
SRCBI SYNCB LRCK

SRCBO LRCK SYNCB

Table 113. PCM I/F Input Output rate

MS1403-E-01 2012/05
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H PCMI/F A & B Format

[AK4678]

AK4678 supports dual PCM I/F (PCM I/F A & PCM I/F B) that supports 3 kind of I/F (16bit Linear, 8bit A-Law and 8bit
p-Law) independently (Table 114 and Table 115).

Mode LAWALI bit | LAWAO bit Format
0 0 0 16bit Linear (default)
1 0 1 N/A
2 1 0 8bit A-Law
3 1 1 8bit u-Law
Table 114. PCM I/F A Mode (N/A: Not available)
Mode LAWBI bit | LAWBO bit Format
0 0 0 16bit Linear (default)
1 0 1 N/A
2 1 0 8bit A-Law
3 1 1 8bit u-Law

Table 115. PCM I/F B Mode (N/A: Not available)

Four types of data formats are available and are selected by setting the FMTA1-0 and FMTB1-0 bits independently (Table
116 and Table 117). In 16bit Linear mode, the serial data is MSB first, 2°s complement format. In 8bit A-Law and p-Law
Mode, the serial data is MSB first. PCM I/F formats support slave mode only. SYNCA/B and BICKA/B are input to the

AK4678.

Mode | FMTAL bit | FMTAO bit Format BICKA Figure
0 0 0 Short Frame Sync | > 16fs2 Table 118 (default)
1 0 1 Long Frame Sync | > 16fs2 Table 120
2 1 0 MSB justified > 32152 Figure 93
3 1 1 IS > 32152 Figure 95
Table 116. PCM I/F A Format
Mode | FMTBI bit | FMTBO bit Format BICKB Figure
0 0 0 Short Frame Sync 16fs3 or > 32153 Table 119 (default)
1 0 1 Long Frame Sync 16fs3 or > 32153 Table 121
2 1 0 MSB justified > 321s3 Figure 94
3 1 1 I°S > 32153 Figure 96

Table 117. PCM I/F B Format

In modes 2 and 3, the SDTOA/B is clocked out on the falling edge (“4”*) of BICKA/B and the SDTIA/B is latched on the

rising edge (“T).

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

When BCKPA bit = “0”, the SDTOA is clocked out on the rising edge (“7”") of BICKA and the SDTIA is latched on the
falling edge (“4”). When BCKPA bit = “1”, the SDTOA is clocked out on the falling edge (“i”) of BICKA and the

SDTIA is latched on the rising edge (“1”).
MSBSA bit can shift the MSB position of SDTOA and SDTIA by half period of BICKA.

When BCKPB bit = “0”, the SDTOB is clocked out on the rising edge (“7”) of BICKB and the SDTIB is latched on the
falling edge (“4”). When BCKPB bit = “1”, the SDTOB is clocked out on the falling edge (“i”) of BICKB and the

SDTIB is latched on the rising edge (“T).
MSBSB bit can shift the MSB position of SDTOB and SDTIB by half period of BICKB.

MS1403-E-01
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MSBSA BCKPA Data Interface Format Figure
bit bit
MSB of SDTOA is output by next rising edge (“T”) of the falling edge (“4”) of BICKA
0 0 after the rising edge (“7”) of SYNCA. MSB of SDTIA is latched by the falling edge (“4”) of | Figure 77
the BICKA just after the output timing of SDTOA’s MSB.
MSB of SDTOA is output by next falling edge (“¥”) of the rising edge (“1*’) of BICKA
0 1 after the rising edge (“T) of SYNCA. MSB of SDTIA is latched by the rising edge (“T) of | Figure 78
the BICKA just after the output timing of SDTOA’s MSB.
MSB of SDTOA is output by the 2nd rising edge (“17*’) of BICKA after the rising edge (“1”)
1 0 of SYNCA. MSB of SDTIA is latched by the falling edge (“4”) of the BICKA just after the | Figure 79
output timing of SDTOA’s MSB.
MSB of SDTOA is output by the 2nd falling edge (“}”") of BICKA after the rising edge
1 1 (“1) of SYNCA. MSB of SDTIA is latched by the rising edge (“T) of the BICKA just Figure 80
after the output timing of SDTOA’s MSB.
Table 118. PCM I/F A Format in Mode 0
Msbl?tSB BC,;;PB Data Interface Format Figure
MSB of SDTOB is output by next rising edge (“T”) of the falling edge (“4"") of BICKB after
0 0 the rising edge (“T”) of SYNCB. MSB of SDTIB is latched by the falling edge (“4”") of the | Figure 85
BICKB just after the output timing of SDTOB’s MSB.
MSB of SDTOB is output by next falling edge (“4”") of the rising edge (1) of BICKB after
0 1 the rising edge (“7”) of SYNCB. MSB of SDTIB is latched by the rising edge (1) of the | Figure 86
BICKB just after the output timing of SDTOB’s MSB.
MSB of SDTOB is output by the 2nd rising edge (“T”") of BICKB after the rising edge (“1*)
1 0 of SYNCB. MSB of SDTIB is latched by the falling edge (“4”) of the BICKB just after the | Figure 87
output timing of SDTOB’s MSB.
MSB of SDTOB is output by the 2nd falling edge (“J”*) of BICKB after the rising edge
1 1 (“T7) of SYNCB. MSB of SDTIB is latched by the rising edge (“1*’) of the BICKB just after | Figure 88
the output timing of SDTOB’s MSB.
Table 119. PCM I/F B Format in Mode 0
MS].SSA BCI.(PA Data Interface Format Figure
bit bit
0 0 MSB of SDTOA is output by the rising edge (“T”) of SYNCA. MSB of SDTIA is latched by Fioure 81
the falling edge (“J”) of the BICKA just after the output timing of SDTOA’s MSB. £
0 1 MSB of SDTOA is output by the rising edge (1) of SYNCA. MSB of SDTIA is latched by Fioure 82
the rising edge (“1”) of the BICKA just after the output timing of SDTOA’s MSB. £
MSB of SDTOA is output by the rising edge (“T”) of the first BICKA after the rising edge
1 0 (“T) of SYNCA. MSB of SDTIA is latched by the falling edge (“4”) of the BICKA just Figure 83
after the output timing of SDTOA’s MSB.
MSB of SDTOA is output by the falling edge (“4”’) of the first BICKA after the rising edge
1 1 (“T) of SYNCA. MSB of SDTIA is latched by the rising edge (“1”) of the BICKA just Figure 84
after the output timing of SDTOA’s MSB.
Table 120. PCM I/F A Format in Mode 1
MS1403-E-01 2012/05
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MSinStSB BcéiiPB Data Interface Format Figure

0 0 MSB of SDTOB is output by the rising edge (“1”) of SYNCB. MSB of SDTIB is latched by Fieure 89
the falling edge (“1”) of the BICKB just after the output timing of SDTOB’s MSB. £

0 | MSB of SDTOB is output by the rising edge (“1”) of SYNCB. MSB of SDTIB is latched by Fieure 90
the rising edge (“1”) of the BICKB just after the output timing of SDTOB’s MSB. £
MSB of SDTOB is output by the rising edge (“1*) of the first BICKB after the rising edge

1 0 (“1) of SYNCB. MSB of SDTIB is latched by the falling edge (“4”") of the BICKB just Figure 91
after the output timing of SDTOB’s MSB.
MSB of SDTOB is output by the falling edge (“4”) of the first BICKB after the rising edge

1 1 (“T) of SYNCB. MSB of SDTIB is latched by the rising edge (“1”") of the BICKB just after | Figure 92
the output timing of SDTOB’s MSB.

Table 121. PCM I/F B Format in Mode 1

1/fs2

»----Y___

(

!

1

<

«

(

1
SYNCA b b

1
(16bit Linear) !

SDTOA

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

D15( D14

1

1

1

—!
[l

SDTIA | Don'tC%re |D15|D14|D13|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |Dl |Do |‘

'

1

!

1

1

iD15|D14|
@bit ALaw/u-Law) Don't Care ;
SDTOA D7 |D6 |D5 |D4 |D3 |D2 |D1 |Do | |D7 D6
i :
SDTIA Don't Care |D7 |D6 |D5 |D4 |D3 |D2 |Dl |D0 | Don't Care Don't Care | D7 |D6 |
Figure 77. Timing of Short Frame Sync (PCM I/F A: MSBSA bit = “0”, BCKPA bit = “0”)
' '
i 1/fs2 >
' '
SYNCA r| A
1

(16bit Linear)

1
1
SDTOA i D15|Dl4|D13|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |Dl |DO | D15( D14
1
1
D15|D14|

(8bit A-Law/p-Law)

: i i |
SDTIA | Don't Care |D15|D14|D13|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |D1 |D0 |‘ v |
1 1
1 i 1
1
1
1

SDTOA i D7 |D6 |D5 |D4 |D3 |D2 |D1 |D0 | Don't Care [p7 [ps
SDTIA V—— iD7 |D6 |D5 |D4 |03 |D2 |Dl |Do | Don't Care D7 |D6 ‘
Figure 78. Timing of Short Frame Sync (PCM I/F A: MSBSA bit = “0”, BCKPA bit = “1")
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1
* Ufs2 >
)

SYNCA ‘Ik_l II I—

(16bit Linear)

SDTOA ! D15|Dl4|Dl3|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |Dl |DO | ; {D15] D14
)
! .

SDTIA | Dot Care |D15|D14|D13|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 ||:>2 ||:>1 |Do |, iD15|D14|

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

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

SDTIA Don’tICare iD7 |D6 |D5 |D4 |D3 |D2 |D1 |D0 | Don't Care I iD7 |D6 ‘

Figure 79. Timing of Short Frame Sync (PCM I/F A: MSBSA bit = “1”, BCKPA bit = “0”)

1
i Ufs2 >
)

SYNCA 4 f

(16bit Linear) E

SDTOA ; ID15|D14|D13|D12|D11|D10|D9 |p8 [p7 [p6 D5 [pa [D3 [p2 [D1 [Do | : ,D15 D14
. :

soTIA | Don‘tiCare iD15|D14|D13|D12|D11|D10|D9 |os [p7 b6 |Ds [pa [p3 [D2 [p1 Do |'_ ) iD15|D14|

(Ssb;%TWIH-LaW) i :D7 |6 [ps [pa [ps [p2 [p1 [po | Dont Care E ;W

SDTIA | Don’tiCare iD? |D6 |D5 |D4 |D3 |D2 |D1 |Do | Don't Care Doin'tCare iD7 |D6 ‘

Figure 80. Timing of Short Frame Sync (PCM I/F A: MSBSA bit = “1”, BCKPA bit =“1")

:: 1fs2 >
1 1

T | T | |
1 1

BICKA I | I |

1 1
(16bit Linear) ! !

SDTOA |D15|D14|Dl3|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |Dl |Do | |D15 D14|D13
1 1
1 1

SDTIA |Don'tCareiD15|D14|D13|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |D1 |Do | P .y i015|014|013|
(8bit A-Law/p-Law) : Don't Care :

SDTOA |D7 |D6 |D5 |D4 |D3 |D2 |Dl |Do | |D7 D6 |D5
1 1
1

SDTIA |Don’1CareiD7 |D6 |D5 |D4 |D3 |D2 |D1 |D0 | Don't Care iD7 |D6 |D5 ‘
Figure 81. Timing of Long Frame Sync (PCM I/F A: MSBSA bit = “0”, BCKPA bit = “0”)
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! 1fs2 >

SYNCA | | | |

( (
(16bit Linear) H

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

SDTIA |Don’tCareiD15|D14|D13|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |D1 |Do | P iD15|D14|D13|

(8bit A-Law/u-Law) : Dot Care / i

SDTOA D7 |D6 |D5 |D4 |D3 |D2 |Dl |Do | D7 |D6 [D5
[ [

SDTIA |D0n’tCareiD7 |D6 |D5 |D4 |D3 |D2 |D1 |D0 | Don't Care iD7 |D6 |D5 ‘

Figure 82. Timing of Long Frame Sync (PCM I/F A: MSBSA bit = “0”, BCKPA bit = “1”)

1/fs2

g

“
SYNCA T |

]

|t

(16bit Linear) P b

SDTOA ' D15|D14|D13|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |D1 |DO | } {D15|D14|D13
1 1
1 1
1 1

SDTIA |Don’tCareiD15|D14|D13|D12|Dll|D10|D9 |ps D7 [p6 [Ds [pa D3 D2 D1 Do | # i iD15|D14|D13|
1 1

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

1 1
Lo
SDTOA v Ip7 |D6 |D5 |D4 |D3 |D2 |D1 |Do | p7 |De |Ds
1 1
H 1
1 1 1
SDTIA |Don’tCare|D7 |D6 |D5 |D4 |D3 |D2 |Dl |Do | Don't Care Don't Care] D7 |D6 |D5 ‘

Figure 83. Timing of Long Frame Sync (PCM I/F A: MSBSA bit = “1”, BCKPA bit = “0”)

;: 1/fs2 :;
] )
vy | | | |

] [
(16bit Linear) !
SDTOA

1 {D15|D14| D13
1

1
1
}
! B
soTiA | Dont care |D15[D14] D13[D12 D11 | D10| D9 |D8 [D7 [D6 D5 [D4 D3 [D2 [D1 [DO | 4, | |D15|D14|D13]
[ [
1
1
)
T

D15|D14|Dl3|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |Dl |Do |

(8bit ALaw/p-Law) | ! Don't Care

SDTOA E |D7 |D6 |D5 |D4 |D3 |D2 |Dl |Do | |D7 D6 |D5
HEE 1
1 1

SDTIA |D0n’tCare D7 |D6 |D5 |D4 |D3 |D2 |D1 |D0 | Don't Care Don't Care| D7 |D6 |D5 ‘

Figure 84. Timing of Long Frame Sync (PCM I/F A: MSBSA bit = “1”, BCKPA bit = “1”)

MS1403-E-01 2012/05
-113 -



AsahiKASEI

< 1/is3 >
SYNCB
BICKB
(16fs3)

! ' : ]

(16bit Linear) ! '
SDTOB|_|_2| L1 L0|L15|L14|L13||_12||_11||_10| L9|L8 | L7| L6| |_5| |_4| |_3| |_2| L1 Lo L15|L14|
SDTIB

(8bit A-Law/p-Law) i i
SDTOB| R2| R1| RO L7| L6| L5| |_4| L3| L2| Ll| L0| R7| R6| R5| R4| R3| R2| Rl| RO L7| L6|
SDTIB

s MU e

)
1
(16bit Linear) N i

]
SDTOB : |L15 |L14 | L8| L7 | Ll| Lo |R15 | Rl| R0| : |L15 L14
— L
SDTIB | Don‘tCAEre L15 |L14 | L8| L7 | L1| Lo |R15| | R1| RO| Don'tCare; L15 |L14|
(8bit A-Law/p-Law) i i :
SDTOB : I L7| L6 | L0| R7 | Rl| RO| i L7] e
f 1
'
SDTIB Don't Care | |_7| L6 | Lo| R7 | R1| RO| Don't Care ' | L7| L6|

<16bit Linear>
Lch Data: L15-0, MSB(L15), LSB(LO)
Rch Data: R15-0, MSB(R 15), LSB(R0)
<8bit A-Law/u-Law>
Lch Data: L7-0, MSB(L7), LSB(LO)
Rch Data: R7-0, MSB(R7), LSB(RO0)

Figure 85. Timing of Short Frame Sync (PCM I/F B: MSBSB bit = “0”, BCKPB bit = “0”)

> 1/fs3 >
1

SYNCB | |

BICKB |—
(161s3) I |l| _| |_| |_| |_| |—| |—| |—| |—| |—l u U
1 1

(16bit Linear) H

SDTOB |_2| 1| Lo L15|L14|L13|L12|L11|L10| L9|L8 | L7| L6| |_5| |_4| |_3| |_2| L1] Lo |_15||_14|
SDTIB i

(8hit A-Law/p-Law) H ) H 1
SDTOB|R2|R1|RO L7|L6|L5|L4|L3|L2|L1|L0|R7|R6|R5|R4|R3|R2|R1|RO L7|L6|
SDTIB

(o4 lﬂf LT Iﬂfl_l_

(16bit Linear)

SDTOB i |L15 |L14| | L8| L7 | Ll| Lo |R15 | R1| R0| : L15 [L14
. ! : '

SDTIB Don't C:%re L15 |L14 | L8 | L7 | L1 | Lo |R15| | R1| RO | Don'tCarei L15 |L14 |

@bit A-Law/u-Law) i g P

SDTOB i I L7| L6 | L0| R7 | R1| R0| ' L7 | e
b oo

SDTIB Don't C;re | L7| L6 | L0| R7 | R1| RO| Don't Care ' ] L7| L6|

<16bit Linear>
Lch Data: L15-0, MSB(L15), LSB(LO)
Rch Data: R15-0, MSB(R15), LSB(R0)
<8bit A-Law/u-Law>
Lch Data: L7-0, MSB(L7), LSB(LO)
Rch Data: R7-0, MSB(R7), LSB(R0)

Figure 86. Timing of Short Frame Sync (PCM I/F B: MSBSB bit = “0”, BCKPB bit = “17)
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“ 1/fs3 >
SYNCB K
BICKB
(16fs3)

1 1 1

(16bit Linear) ! , : i
SDTOB | |_2| L1| Lo L15|L14|L13|L12|L11|L10| L9|L8 | L7| L6| L5| L4| L3| L2| |_1| Lo L15|L14|
T [

(SSinDt-:-EI;_aW/ p-Law) i ' ( 1
SDTOB |R2|R1|RO L7|L6||_5||_4|L3|L2|L1|L0|R7|R6|R5|R4|R3|R2|R1|R0|L7|L6|
SDTIB ; ; !

1 1
H 1
1 ) ] 1

BICKB

(641s3) l |l|l l 1 l

(16bit Linear) ' d
1

ll
1
] 1
SDTOB i L15|L:l L3| L8| |_1| |_1| Lo |R 13| Rl| RO| : L15 |L14
T T
1 1 1

SDTIB Don't C;re L15|L] L3| L8| L1| |_1| Lo |R 6 | R1| R0| Don’tc:are iL15 |L14|
.

(8bit A-Law/p-Law) : !
SDTOB i L7|L 5 |LO| R1|R1|Ro|

1
SDTIB Don’t(llare [ |_7| k5 | Lo| 2 | R1| RO| Don't Care | |_7| L6|

<16bit Linear>
Lch Data: L15-0, MSB(L15), LSB(LO)
Rch Data: R15-0, MSB(R15), LSB(R0)
<8bit A-Law/p-Law>
Lch Data: L7-0, MSB(L7), LSB(LO)
Rch Data: R7-0, MSB(R7), LSB(RO0)

Figure 87. Timing of Short Frame Sync (PCM I/F B: MSBSB bit = “1”, BCKPB bit = “0”)

> 1fs3 >
1

SYNCB | |

(1659 WW[
(161s3)
(16bit Linear) i i : .
SDTOB | |_2| L1| L0|L15|L14|L13|L12|L11|L10| L9|L8 | |_7| L6| L5| L4| L3| L2| |_1| Lo L15|L14|
SDTIB i . ¥
(8bit A-Law/p-Law) ' (
SDTOB |R2|R1|RO L7|L6|L5|L4|L3|L2|L1|LO|R7|R6|R5|R4|R3|R2|R1|RO L7|L6|
SDTIB ; -

w LA UL U UUl UL

! i i i
(16bit Linear) {
1

SDTOB iL15 |LJ L3| L8 | L1| L1| Lo |R 13| Rl| R0| i L15 | L14
! : ! :

SDTIB | Don't C%lre L15 |L:l 13 | L8 | L1 | L1 | Lo |R 6 | R1| RO | Don't C?re L15 |L14 |

(@8bit A-Law/u-Law) | i :

SDTOB i IL7|L 5 |Lo| R1|R1|RO| i L7 | Le

SDTIB Don't (;are {70 5] o] 2 | Ri| Ro| Don't Care ' | 17| 16|

<16bit Linear>
Lch Data: L15-0, MSB(L15), LSB(LO)
Rch Data: R15-0, MSB(R15), LSB(R0)
<8bit A-Law/u-Law>
Lch Data: L7-0, MSB(L7), LSB(LO)
Rch Data: R7-0, MSB(R7), LSB(R0)

Figure 88. Timing of Short Frame Sync (PCM I/F B: MSBSB bit = “1”, BCKPB bit = “1”)
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“ 1/fs3 >

swes [ ] | | |

(16fs3)

(16bit Linear) i
SDTOB |_1| Lo L15|L14|L13|L12|L]_1|L10| |_9| L8| |_7| L6| L5| L4| L3| L2| |_1| Lo L15|L14| |_13|
SDTIB

(8bit A-Law/p-Law) i
SDTOB| R1| R0| L7| L6| L5| L4| L3| L2| |_1| |_o| R7| R6| R5| R4| R3| R2| R1| R0| L7| L6| L5|
SDTIB

BICKB
Ca FLFLI‘LFU JEjE  (REpEpE mlﬂﬂjlﬂ_
(16bit Linear)

SDTOB L15|L14| ‘ L8| L7 | Ll| Lo |R15| ‘ Rl| R0| .L15 L14 | L13
. .

1 1
SDTIB |Don't Care|L15|L14| ‘ L8| L7 | L1| Lo |R15| ‘ R1| RO| Don't Care IL15 |L14|L13|
(8bit A-Law/p-Law) i l
SDTOB L7| L6| \ L0| R7 | Rl| RO| 7] | s
SDTIB |Don’tCarei |_7| L6 \ Lo| R7 | R1| Ro| Don't Care i L7| L6| L5|

<16bit Linear>
Lch Data: L15-0, MSB(L15), LSB(LO)
Rch Data: R15-0, MSB(R 15), LSB(R0)
<8bit A-Law/u-Law>
Lch Data: L7-0, MSB(L7), LSB(LO)
Rch Data: R7-0, MSB(R7), LSB(RO0)

Figure 89. Timing of Long Frame Sync (PCM I/F B: MSBSB bit = “0”, BCKPB bit = “0”)

i 1/fs3 >

Al | | | |

(161s3)

(16bit Linear) i :
SDTOB |_|_1| Lo [L15 |L14|L13 |L12|L]_1 | L10| |_9| L8| |_7| L6| L5| L4| L3| L2| |_1| Lo [L15 |L14| |_13|
SDTIB

(8bit A-Law/p-Law)
SDTOB| R1| R0| L7| L6| L5| L4| L3| L2| |_1| |_o| R7| R6| R5| R4| R3| R2| R1| R0| L7| L6| L5|
SDTIB

BICKB |—|’_|ﬂ|—‘ |—||—||—||—||—|I_]ﬂ|_|_
(64fs3)
(16bit Linear)

SDTOB L15|L14| ‘ L8| L7 | Ll| Lo |R15| ‘ Rl| R0| .L15 L14 | L13
. .

1 1
SDTIB |Don't CareIL15|L14| ‘ L8| L7 | L1| Lo |R15| ‘ R1| RO| Don't Care ]L15 |L14|L13|
(8bit A-Law/p-Law) i l
SDTOB L7| L6| \ L0| R7 | Rl| RO| 7] | s
SDTIB |Don't Carel| |_7| L6| \ Lo| R7 | R1| Ro| Don't Care i L7| L6| L5|

<16bit Linear>
Lch Data: L15-0, MSB(L15), LSB(LO)
Rch Data: R15-0, MSB(R 15), LSB(R0)
<8bit A-Law/u-Law>
Lch Data: L7-0, MSB(L7), LSB(LO)
Rch Data: R7-0, MSB(R7), LSB(RO0)

Figure 90. Timing of Long Frame Sync (PCM I/F B: MSBSB bit = “0”, BCKPB bit = “17)
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< 13 >
sen [T |
asis3 WMWM
(161s3) I_I_
1 :l

(16bit Linear) [ H
SDTOB |_|_1 | Lo L15|L14|L13|L12|L]_1 |L10| L9 | L8| |_7| L6 | L5| L4| L3| L2| L1 | Lo L15|L14| |_13|
l 1

(Bsbll::-I/—XIEI;_aW/p Law) i ! \
SDTOB| R1| RO L7| L6| L5| L4| L3| L2| |_1| |_o| R7| R6| R5| R4| R3| R2| R1| RO L7| L6| L5|
SDTIB ;

BICKB
s U UL UL U T urLL
(16bit Linear) : ;

1 ]
SDTOB : |L15|L14 ‘ L8| L7 | Ll| Lo |R15| ‘ Rl| R0| : |L15 L14 | L13
N H

1 1 1
SDTIB | Don't Care ) 15 |L14 ‘ L8 | L7 | L1 | LO |R15| ‘ R1 | R0| Don'tCare , |L15 |L14 | L13 |
1

@8bit A-Law/u-Law) Lo :

SDTOB : |_7| L6 \ L0| R7 | Rl| RO| bl 7| e s
P :

SDTIB |Don'tCare| |_7| L6 ‘ |_o| R7 | R1| Ro| Don't Care I | L7| L6| L5|

<16bit Linear>
Lch Data: L15-0, MSB(L15), LSB(LO)
Rch Data: R15-0, MSB(R15), LSB(R0)
<8bit A-Law/u-Law>
Lch Data: L7-0, MSB(L7), LSB(LO)
Rch Data: R7-0, MSB(R7), LSB(RO0)

Figure 91. Timing of Long Frame Sync (PCM I/F B MSBSB bit = “1”, BCKPB bit = “0”)

i 1/fs3 >

sves [ f L E—

: )
BICKB
553 Jﬁ.ﬂﬂﬂﬂﬂﬂﬂﬂﬂﬂﬂﬂﬂﬂmw l
(16bit Linear) ! : : 1
SDTOB |_|_1 | |_o |L15 |L14|L13 |L12|L]_1 |L10| L9 |L8 | |_7| L6 | L5| L4| L3| L2| L1 | Lo fL1s |L14| |_13|
SDTIB
(8bit A-Law/p- Law)
SDTOB| R1| Lo L7| L6| L5| L4| L3| L2| |_1| |_o| R7| R6| R5| R4| R3| R2| R1| Ro| L7| L6| L5|
SDTIB

BICKB Hﬁﬂﬂ |—||—||—||—||—||_ﬂ|—||_
(64fs3)
(16bit Linear)

1 I
SDTOB : iL |Ll4 ‘ L8| L7 | Ll| Lo |R15| ‘ Rl| R0| : L15 |L14 |L13
i T

1 1
SDTIB | Don't Care | 15 |L14 ‘ L8 | L7 | L1 | LO |R15| ‘ R1 | R0| Don'tCare , {L15 | L14 |L13 |
1

@8bit A-Law/u-Law) oo '

SDTOB : l |_7| L6 \ L0| R7 | Rl| RO| bl 7] e s
) !

SDTIB |Don't Care|I |_7| L6 ‘ L0| R7 | R1| R0| Don't Care | i L7| L6| L5|

<16bit Linear>
Lch Data: L15-0, MSB(L15), LSB(LO)
Rch Data: R15-0, MSB(R 15), LSB(R0)
<8bit A-Law/u-Law>
Lch Data: L7-0, MSB(L7), LSB(LO)
Rch Data: R7-0, MSB(R7), LSB(RO0)

Figure 92. Timing of Long Frame Sync (PCM I/F B: MSBSB bit = “1”, BCKPB bit = “17)
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SYNCA _] |

0123 91011121314150123 9101112131415(:)1
BICKA
(32fs2)

SDTOA() _[B[3 /| [s[+[3[2[x]0] =

\\\\\\\\\\\\\\\\\

T

SDTIA() 15|14|13| | | | | | | | | 0 | Don't Care Don't Care 15|
0123/ 15161718 310 1 2 3 15161718/ 310 1
oo i il
SDTOA(0) .15|14|13| | [o] % % sl
SDTIA() .15|14|13| | o] DontCare'i Don't Care 15
Figure 93. Timing of MSB justified (PCM I/F A)
SYNCB
0123/% 91011121314150123% 10111213141501
G215 % /
SDTOB(0) 15|14|13| ?l BEDEEE |°15|14|13| /l [6]5]4]3]2] |°15|
/ !
SDTIB() |15|14|13| /l 7[e[5]4]3 | [0 ss[uelg | [6]5]4]2[2[1]o |15|

/
BICKB 0123

15161718/ 310123% 15161718/ 31 0 1
(64fs3)

-

soTo8(e) [H | B TR /| il Er
SDTIB(i) 15|14|13| | |o| Dontcare 15|14|13| /| 1/o|  Dontcare I15|
ilS:MSB 0: LSB
E‘ Lch Data h‘ Rch Data >E
Figure 94. Timing of MSB justified (PCM I/F B)
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SYNCA |

| i
BICKA 01 2 3% 9 101112131415 0 1 23% 9101112131415 0 1
(32fs2) % %
SDTOA(0) 15|14| 2 | [7]6]5]4]3]2]1 |o % r
somaq I /I HOEDEERE | oovcae |

. ,

EgzKZA 0123% 15161718% 310123% 15161718% 310 1
SDTOA) _[15]d /| o] | % %
SDTIA() 15|14| / [2]1]o] Don't Careil % Don't Care

15 MSB, 0:LSB

Figure 95. Timing of I’S (PCM I/F A)

SYNCB I_

01 2 / 9 1011121314150 1 2 / 9101112131415 0 1
BICKB / /
(32fs3) / /

SDTOB(0) 015|14| |||||||||°1*'>|14/|||||||||o
? :

SDTIB() |0 |15|14| /| [7]6]5]4 | [2]1]o |15|14| /| [7]6]5]4 | [2]1]o |

BICKE 0123% 15161718/ 310123% 15161718 3101

(64fs3) / / / %

/ .
soTos@ __[1d | ol | e | Bol
SDTIB() I15|14| | | | | Don't Care 15|14| | | | | Don't Care

ilS:MSB OLSB |
i‘ Lch Data »E‘ Rch Data >E

Figure 96. Timing of I’S (PCM I/F B)
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m Serial Control Interface (I*C-bus)

The AK4678 supports the fast-mode I*C-bus (max: 400kHz). Pull-up resistors at SDA and SCL pins must be connected to
(TVDD+0.3)V or less voltage.

(2)-1. WRITE Operations

Figure 97 shows the data transfer sequence for the I°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 103). After the
START condition, a slave address is sent. This address is 7 bits long followed by the eighth bit that is a data direction bit
(R/W). The most significant seven bits of the slave address are fixed as “0010010” (Figure 98). If the slave address
matches that of the AK4678, the AK4678 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 104). 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 second byte consists of the control register address of the AK4678. This address is 8bits and the format is MSB first
(Figure 99). The data after the second byte contains control data. The format is MSB first, 8bits (Figure 100). The
AK4678 generates an acknowledge after each byte is received. A data transfer is always terminated by a STOP condition
generated by the master. A LOW to HIGH transition on the SDA line while SCL is HIGH defines a STOP condition
(Figure 103).

The AK4678 can perform more than one byte write operation per sequence. After receipt of the third byte the AK4678
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 8-bit address counter is
incremented by one, and the next data is automatically taken into the next address. If the address exceeds AFH prior to
generating a stop condition, the address counter will “roll over” to 00H and the previous data will be overwritten.

The data on the SDA line must remain stable during the HIGH period of the clock. The HIGH or LOW state of the data
line can only change when the clock signal on the SCL line is LOW (Figure 105) except for the START and STOP
conditions.

S
T S
A RIW="0" g
R
T # P
SDA s ilc?c\i/:ass igzress(n) Data(n) Data(n+1) ( 1 Data(n+x) H
A A A A A A
C C c c c c
K K K K K K
Figure 97. Data Transfer Sequence at the I°C-Bus Mode
0 0 1 0 0 1 0 R/W
Figure 98. The First Byte
A7 A6 AS A4 A3 A2 Al A0
Figure 99. The Second Byte
D7 D6 D5 D4 D3 D2 D1 DO
Figure 100. 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 AK4678. 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 8-bit address counter is incremented by one, and the next data is
automatically taken into the next address. If the address exceeds AFH prior to generating a stop condition, the address
counter will “roll over” to 00H and the data of 00H will be read out. The AK4678 supports two basic read operations:
CURRENT ADDRESS READ and RANDOM ADDRESS READ.

(2)-2-1. CURRENT ADDRESS READ

The AK4678 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 AK4678 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 but instead generates a stop condition, the AK4678
ceases transmission.

n —40>-HW0n

Slave
Address

SDA Data(n) Data(n+1) Data(n+2) Data(n+x)

0>
ImM—n>=Z
0>
am—Hnr>»Z
0>
ImM—n>=<
0>
ImM—n>=Z
0>
am—Hnr»
0>z
T |TO-HW®W

Figure 101. 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 “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 “1”. The AK4678 then generates an
acknowledge, 1 byte of data and increments the internal address counter by 1. If the master does not generate an
acknowledge but instead generates a stop condition, the AK4678 ceases transmission.

S S
T T S
A R/W="0" A R/W="1 // g
R R 7
/
T T %% P
SDA |s Slave Sub S Slave Data(n) Data(n+1) / Data(n+x) P
Address Address(n) Address %
A A A MA MAZ%MA MN
c c c Ac Ac - Ac A
K K K TK TK 1K TC
E E E EK
R R R R
Figure 102. RANDOM ADDRESS READ
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start condition stop condition

Figure 103. START and STOP Conditions

DATA i
OUTPUTBY |
TRANSMITTER !

[ X XX
not acknowledge \

\

DATA !
OUTPUT BY :
RECEIVER i
i acknowledge
SCL FROM i )
MASTER ! 1 8 9
r
______ clock pulse for
START acknowledgement
CONDITION
Figure 104. Acknowledge on the I’C-Bus
i i i
> / | ’ >< | \
i i i --
: i i
i i i o
SCL | i i
; q ;
' data line ' change '
stable; of data
data valid allowed
Figure 105. Bit Transfer on the I’C-Bus
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H Register Map

Addr | Register Name D7 | D6 | D5 | D4 | D3 | D2 | D1 | DO
00H | Power Management 0 0 | 0 . PMADR | PMADL . 0 | 0 . PMPFIL | PMVCM
01H | Power Management 1 0 | 0 | 0 | 0 . PMDAR | PMDAL | PMDRC | PMEQ
02H | Power Management 2 ADRST | 0 i 0 i 0 i MICL2 | PMMP2 | MICL]l | PMMPI
03H | PLL Mode Select 0 FS3 | FS2 ' FSI | FSO ! PLL3 | PLL2 : PLLI | PLLO
04H | PLL Mode Select 1 CMI ! CMO ! BCKO ! 0 ' 0 i 0 ! M/S ! PMPLL
05H | Audio I/F Format Select 0 0 : 0 | SDOD : MSBS ! BCKP ;. DIFl ! DIF0
06H | MIC Signal Select 0 ! MDIF3 | MDIF2 | MDIFlI { INRI { INRO ! INLI ! INLO
07H | MIC Amp Gain MGNR3 | MGNR2 | MGNRI | MGNRO | MGNL3 | MGNL2 | MGNLI | MGNLO
08H | Digital MIC 0 ! 0 {PMDMR :PMDML | DCLKE | 0 | DCLKP | DMIC
09H | DAC Signal Pass Select DACSR | DACSL : DACRR ' DACRL ! 0 : 0 . DACR : DACL
0AH | LINEOUT Power Management 0 : 0 : 0 . LODIF | LOM | LOPS | PMRO | PMLO
0BH | HP Power Management HPTMI | HPTMO | 0 | 0 | LOMH ! 0 | PMHPR ! PMHPL
0CH | Charge Pump Control 0 | VDDTM2 | VDDTMI | VDDIMO . O | O  |CPMODEI | CPMODEO
0DH | SPK&RCV Power Management | THDET ! 0 | TEST ! PMSPK ! 0 ! 0 ' RCVPS ' PMRCV
0EH | LINEOUT Volume Control 0 ¢+ 0 ¢ 0 ! 0 i\ 0 i LVL2 ! LVLI ! LVLO
OFH | HP Volume Control 0O | 0 ' HPG5 ! HPG4 ! HPG3 : HPG2 | HPGl ! HPGO
10H | SPK & RCV Volume Control RCVG3 | RCVG2 | RCVGI | RCVGO | SPKG3 | SPKG2 | SPKGI | SPKGO
11H | Lch Input Volume Control IVL7 | IVL6 | IVL5 | 1IVL4 | IVL3 | IVL2 | IVLI | IVLO
12H | Rch Input Volume Control IVR7 | IVR6 | IVR5 | IVR4 | IVR3 | IVR2 | IVRI | IVRO
13H | ALC Reference Select REF7 | REF6 | REF5 | REF4 | REF3 | REF2 | REFl ! REF0
14H | Digital Mixing Control SRMXR! | SRMXRO ' SRMXL! ! SRMXLO ' PFMXRl ' PFMXRO ! PFMXL1 ! PFMXLO
15H | ALC Timer Select FR_ | RFST1 | RFSTO ! WTM2 | WTIMI ! WTMO ! ZTMI ! ZTMO
16H | ALC Mode Control LFST | ZELMN ! LMATI | LMATO | RGAINI | RGAINO | LMTHI | LMTHO
17H | Mode Control 0 0 i 0 ' SDIM1 ' SDIMO ' SEQ ' ADM : IVOLC : ALC
18H | Mode Control 1 0 {OVIMB: BIV2 | BIVI | BIV0O | SMUTE | OVIM ! OVOLC
19H | Digital Filter Select 0 0 | HPFCl . HPFCO | HPFAD | DASELI | DASELO | PFSDO | PFSEL
1AH | Digital Filter Select 1 GNI | GNO | LPF | HPF | EQ0 ! FIL3 | 0 { 0
1BH | Digital Filter Select 2 0 ) 0 ) 0 . EQ5 ' EQ4 | EQ3 | EQ2 | EQI
1CH | Side Tone Volume A Control 0 | SVAR2 ! SVARI | SVARO | 0 ! SVAL2 | SVALI ! SVALO
1DH | Lch Output Volume Control 0 | OVL6 | OVL5S ! OVL4 | OVL3 | OVL2 ! OVLI | OVLO
1EH | Rch Output Volume Control 0  OVR6 | OVR5 | OVR4 : OVR3 ! OVR2 ! OVRI ! OVRO
1FH | PCM I/F Power Management PMMIX ' PMSRBO | PMSRBI | PMPCMB : PMOSC | PMSRAO | PMSRAI | PMPCMA
20H | PCM I/F Control 0 SDOAD | 0 | MSBSA | BCKPA | LAWAI | LAWAO | FMTAl | FMTA(
21H | PCM I/F Control 1 SDOBD | 0 | MSBSB | BCKPB | LAWBI | LAWB0 | FMTBI | FMTBO
22H | Side Tone Volume B Control 0 i 0 i 0 i 0 i 0 v SVB2 | SVB1 | SVBO
23H | Digital Volume B Control 0 | BVL6 | BVLS | BVL4 | BVL3 | BVL2 ! BVLI | BVLO
24H | Digital Volume C Control 0 | CVL6 | CVL5 ! CVL4 ! CVL3 | CVL2 ! CVLI ! CVLO
25H | Digital Mixing Control 0 0 | 0 ! MXIR2 ! MXIRI | MXIR0 | MXIL2 | MXIL1 ! MXILO
26H | Digital Mixing Control 1 0 | 0 | MX2Cl | MX2C0 | MX2B1 ! MX2B0 | MX2Al | MX2A0
27H | Digital Mixing Control 2 0 i 0 i 0 i 0 i 0 I MXSB2 | MXSB1 | MXSBO0
28H | Digital Mixing Control 3 SDORI | SDORO i SDOLI | SDOLO | 0 { 0 | SBMXI | SBMXO0
29H | FIL1 Co-efficient 0 FIA7 | FIA6 | FIA5 | FIA4 | FIA3 | FIA2 | FIAl | FIA0
2AH | FIL1 Co-efficient 1 0 | 0 | FIAI3 ! FIAI2 | FIAll | FIAI0 | FIA9 | FIAS
2BH | FIL1 Co-efficient 2 FIB7 | FIB6 | FIBS | FIB4 | FIB} | FIB2 ! FIBl | FIBO
2CH | FIL1 Co-efficient 3 0 ! 0 ! FIBI3 ! FIBI2 : FIBIl ! FIBIO | FIB9 ! FIBS
2DH | FIL2 Co-efficient 0 F2A7 | F2A6 | F2A5 | F2A4 | F2A3 | F2A2 | F2A1 | F2A0
2EH | FIL2 Co-efficient 1 0 ! 0 ! F2A13 | F2A12 | F2Al1l ! F2A10 ! F2A9 | F2A8
2FH | FIL2 Co-efficient 2 F2B7 | F2B6 ' F2B5 | F2B4 | F2B3 | F2B2 | F2Bl | F2BO
30H | FIL2 Co-efficient 3 0 I 0 | F2BI3 ! F2BI2 | F2BIl | F2BI0 | F2B9 | F2BS
31H | FIL3 Co-efficient 0 F3A7 | F3A6 | F3A5 | F3A4 | F3A3 | F3A2 | F3Al | F3A0
32H | FIL3 Co-efficient 1 F3AS | 0 | F3AI3 | F3AI12 | F3All | F3AI0 | F3A9 | F3A8
33H | FIL3 Co-efficient 2 F3B7 | F3B6 | F3B5 | F3B4 | F3B3 | F3B2 ! F3Bl | F3B0
34H | FIL3 Co-efficient 3 0 ! 0 ! F3BI3 ! F3BI2 | F3BIl ! F3BI0O ! F3B9 ! F3B8
35H | EQ Co-efficient 0 EOA7 ' EO0A6 ! EOA5 ! EOA4 ' EO0A3 ' E0A2 ! EOAl | EOA0
36H | EQ Co-efficient 1 EOAI5 | E0Al4 | EOAI3 | EOAI2 | E0AIl ! EO0AI0 | EO0A9 ! EO0AS
37H | EQ Co-efficient 2 EOB7 ' EOB6 : EOBS : EOB4 i EOB3 : EOB2 ! EOBI | EOBO
38H | EQ Co-efficient 3 0 {0 | EOBI3 | EOBI2 | EOBIl | EOBIO | EOB9 ! EOBS
39H | EQ Co-efficient 4 EOC7 | EO0C6 | EOC5 | EO0C4 : EOC3 | EO0C2 | EOCI | EO0CO
3AH | EQ Co-efficient 5 EOCI5 | E0C14 | EOCI3 | EOCI2 | EOCIl1 | EOCIO | E0C9 | EOCS
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Addr | Register Name D7 ! D6 : D5 ! D4 D3 ! D2 ! DI ! DO

3BH | El Co-efficient 0 EIA7 ! ElA6 | EIA5 | EIA4 ! EIA3 | EIA2 | EIAl ! EIA0
3CH | El Co-efficient 1 E1Al15 | ElAl4 ! EIAI3 | EIAI2 | ElAlIl ! ElA10 | EIA9 ! EIAS
3DH | E1 Co-efficient 2 EIB7 | EIB6 | EIB5 | EIB4 | EIB3 ! EIB2 ! EIBlI ! EIBO
3EH | E1 Co-efficient 3 EIBI5 ! EIB14 | EIBI3 | EIB12 | EIBIl | EIBI0 | EIB9 | EIB8
3FH | E1 Co-efficient 4 EIC7 @ EIC6 | EIC5 @ EIC4 @ EIC3 @ EIC2 ! EICI ! EICO
40H | E1 Co-efficient 5 EIC15 @ EIC14 : EICI3 : EICI2 @ EICIl @ EICI0 @ EIC9 '@ EICS
41H | E2 Co-efficient 0 E2A7 | E2A6 | E2A5 | E2A4 | E2A3 | E2A2 | E2Al | E2A0
42H | E2 Co-efficient 1 E2A15 | E2Al4 | E2A13 | E2AI2 | E2A1l | E2A10 | E2A9 | E2A8
43H | E2 Co-efficient 2 E2B7 | E2B6 @ E2B5 . E2B4 | E2B3 | E2B2 . E2B1 ' E2BO
44H | E2 Co-efficient 3 E2B15 | E2B14 | E2BI3 | E2B12 | E2BI1 | E2BI0 | E2B9 | E2BS
45H | E2 Co-efficient 4 E2C7 | E2C6 | E2C5 | E2C4 | E2C3 | E2C2 | E2Cl1 | E2C0
46H | E2 Co-efficient 5 E2C15 | E2Cl4 | E2C13 | E2C12 | E2Cl1 | E2C10 | E2C9 | E2C8
47H | E3 Co-efficient 0 E3A7 | E3A6 '@ BE3A5 @ E3A4 @ E3A3 : E3A2 ! E3Al @ E3A0
48H | E3 Co-efficient 1 E3A15 ! E3Al4 @ E3AlI3 @ E3AI2 : E3AIl : E3AI0 : E3A9 @ E3AS8
49H | E3 Co-efficient 2 E3B7 | E3B6 ' E3B5 | E3B4 ' E3B3 | E3B2 ! E3Bl ! E3B0
4AH | E3 Co-efficient 3 E3B15 | E3Bl14 ! E3BI3 | E3BI12 | E3BIl | E3BI0 ! E3B9 | E3BS8
4BH | E3 Co-efficient 4 E3C7 | E3C6 . E3C5 . E3C4 | E3C3 | E3C2 . E3C1 ' E3C0
4CH | E3 Co-efficient 5 E3C15 | E3Cl4 | E3CI13 ! E3CI12 | E3CI1 | E3CI0 ! E3C9 | E3C8
4DH | Reserved 0 ' 0 ' 0 ' 0 ' 0 : 0 : 0 : 0

4EH | Reserved O : 0 0 I 0 i 0 I 0 i 0 ' 0

4FH | Reserved 0 | 0 C0 o i 0 o i 0 0

50H | 5band E1 Co-efficient 0 SEIA7 | 5EIA6 ! SEIAS @ 5EIA4 @ 5E1A3 @ 5EIA2 | 5EIAl @ SEIAO
51H | 5band E1 Co-efficient 1 0 | 0 ! 5EIA13 | 5E1AI2 | 5EIAll ! 5E1A10 | 5E1A9 | 5EIAS
52H | 5band E1 Co-efficient 2 SEIB7 ' 5EIB6 | SEIB5 | 5EIB4 | S5EIB3 | 5EIB2 | 5EIB1 | 5EIBO
53H | 5band E1 Co-efficient 3 0 1 0 . SEIBI3 | SEIBI2 . SEIBII : SEIBIO . SEIB9 . SEIBS
541 | 5band E2 Co-efficient 0 SE2A7 | S5E2A6 | SE2AS5 | SE2A4 | SE2A3 | SE2A2 | SE2A1 | SE2A0
55H | 5band E2 Co-efficient 1 5E2A15 | 5E2Al14 | SE2A13 | 5E2A12 | 5BE2All | 5SE2A10 | 5B2A9 | S5E2A8
56H | 5band E2 Co-efficient 2 SE2B7 | 5E2B6 | SE2B5 | SE2B4 | SE2B3 | S5E2B2 | 5E2Bl | SE2BO
57H | 5band E2 Co-efficient 3 5E2B15 ! 5E2B14 @ 5E2B13 @ SE2B12 ! SE2BI1 : 5E2B10 @ S5SE2B9 @ SE2BS
58H | 5band E2 Co-efficient 4 5E2C7 @ 5E2C6 @ S5E2C5 @ 5E2C4 1 S5SE2C3 1 5E2C2 @ 5E2C1 @ 5E2C0
59H | 5band E2 Co-efficient 5 SE2C15 | 5E2C14 | 5E2C13 | 5E2C12 | 5E2C11 | 5E2C10 | 5E2C9 : 5E2C8
5AH | 5band E3 Co-efficient 0 SE3A7 | 5E3A6 | 5E3A5 | 5E3A4 | 5E3A3 | 5E3A2 | 5E3Al1 | 5E3A0
5BH | 5band E3 Co-efficient | SE3A15 | 5SE3Al4 | 5E3A13 | SE3A12 | 5E3AIl ! 5E3AI0 | S5E3A9 | 5E3A8
5CH | 5band E3 Co-efficient 2 5E3B7 | 5E3B6 | S5E3B5 | SE3B4 | S5E3B3 | S5E3B2 | SE3BI | 5SE3B0
5DH | 5band E3 Co-efficient 3 SE3B15 | 5E3B14 | SE3B13 | SE3BI2 | 5E3BI1 | S5E3B10 | SE3B9 | SE3BS
SEH | 5band E3 Co-efficient 4 SE3C7 | 5B3C6 | 5E3C5 | SE3C4 | 5B3C3 | 5E3C2 | SE3CI | 5E3C0
5FH | 5band E3 Co-efficient 5 5E3C15 | 5E3C14 ! 5E3C13 | 5E3CI12 ! 5E3CI1 ' 5E3C10 | 5E3C9 | S5E3CS8
60H | 5band E4 Co-efficient 0 SE4A7 | 5E4A6 @ 5E4A5 ! SE4A4 @ SE4A3 @ 5E4A2 | 5E4A1 | 5E4A0
61H | 5band E4 Co-efficient 1 SE4A15 | 5E4Al14 | 5E4A13 | 5SE4A12 | 5E4A11 | 5E4A10 @ 5E4A9 ' 5E4AS8
62H | 5band E4 Co-efficient 2 SE4B7 | 5E4B6 | S5E4B5 | S5E4B4 | SE4B3 | S5SE4B2 | 5E4B1 | 5E4B0
63H | 5band E4 Co-efficient 3 SE4B15 | 5E4B14 | 5E4B13 | SE4BI2 | SE4BI11 | 5SE4B10 | S5E4B9 | 5E4B8
64H | 5band E4 Co-efficient 4 SE4C7 | 5E4C6 | 5E4C5 | SE4C4 | 5E4C3 | 5E4C2 | SE4C1 | 5E4C0
65H | 5band E4 Co-efficient 5 SE4C15 | 5E4C14 | SE4C13 | SE4CI2 | 5E4C11 | SE4C10 | SE4C9 | S5E4C8
66H | 5band E5 Co-efficient 0 S5E5A7 | 5E5A6 | 5ES5AS5 | SE5A4 | S5E5A3 | 5E5A2 | 5E5A1 | 5ESA0
67H | Sband E5 Co-efficient 1 0 | 0 | 5B5A13 | SES5AI12 | 5E5A11 | 5E5A10 | 5E5A9 | S5E5AS
68H | 5band E5 Co-efficient 2 5B5B7 @ 5E5B6 | 5ESB5 | S5SE5B4 @ SE5B3 ¢ SE5B2 @ 5E5B1 @ 5ESBO
69H | 5band E5 Co-efficient 3 0 ! 0 ' 5E5B13 ! 5E5BI2 @ 5E5BI1 @ 5SE5BI0 i 5E5B9 | SESBS
6AH | 5sband EQ! Gain 0 1 0 | EQIG5 ' EQIG4 : EQIG3 ! EQIG2 ! EQIGl | EQIGO
6BH | 5band EQ2 Gain 0 i 0 | EQ2G5 | EQ2G4 | EQ2G3 | EQ2G2 | EQ2Gl ! EQ2GO
6CH | 5band EQ3 Gain 0o . 0 ! EQ3G5 . EQ3G4 : EQ3G3 . EQ3G2 . EQ3Gl : EQ3GO
6DH | 5band EQ4 Gain 0o | 0 | EQ4G5 | EQ4G4 | EQ4G3 | EQ4G2 | EQ4G1 | EQ4GO
6EH | 5band EQ5 Gain 0 | 0 ! EQ5G5 | EQ5G4 | EQ5G3 ! EQ5G2 ! EQ5Gl | EQ5GO
6FH | Reserved 0O | 0 i 0 I 0 I 0 I 0 i 0 i 0
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Addr | Register Name D7 ! D6 : D5 ! D4 D3 ! D2 ! DI ! DO

70H | DRC Mode Control 0 i DLMAT2 | DLMATI1 | DLMATO ;DRGAIN1 ; DRGAINO ; DRCC1 | DRCCO0
71H | NS Control 0 : 0 ! DRCMI ! DRCMO ! 0 ! NSLPF ! NSHPF | NSCE
72H | NS Gain & ATT Control 0 ! NSGAIN2 | NSGAINI | NSGAINO ! 0 ' NSATT2 ' NSATT1 ' NSATTO
73H | NS On Level NSIAF1 | NSIAFO : 0 ' NSTHL4 ' NSTHL3 ! NSTHL2 : NSTHLI : NSTHLO
74H | NS Off Level NSOAFI : NSOAFO : 0 NSZHH * NSTHH3 : NSZHH : NSTIHH : NST)HH
75H | NS Reference Select 0 ! 0 ! 0 ! 0 i NSREF3 | NSREF2 | NSREF1 | NSREF0
76H | NS LPF Co-efficient 0 NSLA7 | NSLA6 : NSLAS | NSLA4 ! NSLA3 | NSLA2 | NSLAI : NSLAO
77H | NS LPF Co-efficient 1 0 : 0 ! NSLAI3 ! NSLAI2 ! NSLAII ! NSLAI0 ! NSLA9 ! NSLAS
78H | NS LPF Co-efficient 2 NSLB7 ' NSLB6 ! NSLB5 ! NSLB4 ! NSLB3 ! NSLB2 ' NSLB1 ' NSLBO
79H | NS LPF Co-efficient 3 0 i 0 " NSLB13 ' NSLBI2 ' NSLBI1 ' NSLBI10 : NSLB9 @ NSLBS
7AH | NS HPF Co-efficient 0 NSHA7 : NSHA6 : NSHAS5 : NSHA4 : NSHA3 : NSHA2 : NSHAI : NSHAO0
7BH | NS HPF Co-efficient 1 0 ; 0 | NSHA13 | NSHAI2 | NSHAIl | NSHA10 | NSHA9 | NSHAS
7CH | NS HPF Co-efficient 2 NSHB7 | NSHB6 : NSHB5 : NSHB4 : NSHB3 : NSHB2 ! NSHB1 : NSHBO
7DH | NS HPF Co-efficient 3 0 : 0 ! NSHB13 | NSHB12 | NSHBI11 | NSHB10 | NSHB9 : NSHBS
7EH | Reserved 0 : 0 : 0 : 0 : 0 : 0 : 0 : 0

7FH | Reserved 0 , 0 , 0 , 0 , 0 , 0 , 0 , 0

80H | DVLC Filter Select DLLPF1 ! DLLPFO ! DMHPF1 | DMHPFO ' DMLPF1 ' DMLPFO ' DHHPF1 ! DHHPFO
81H ]| DVLC Mode Control DVRGAIN2! DVRGAINI; DVRGAING DVLMAT2 | DVLMAT1! DVLMAT0: DAFl '@ DAFO0
82H | DVLCL Curve X1 0 : 0 © VLIX5 : VLIX4 : VLIX3 : VLIX2 : VLIX1 : VLIX0
83H | DVLCL Curve Y1 0 ; 0 ! VLIY5 | VLIY4 ! VLIY3 | VLIY2 ! VLIYl ! VLIY0
84H | DVLCL Curve X2 0 : 0 ! VL2X5 : VL2X4 © VL2X3 : VL2X2 | VL2X1 | VL2X0
85H | DVLCL Curve Y2 0 : 0 ! VL2Y5 | VL2Y4 | VL2Y3 | VL2Y2 ! VL2Yl ! VL2Y0
86H | DVLCL Curve X3 0 : 0 : 0 ! VL3X4 ! VL3X3 ! VL3X2 ! VL3Xl ! VL3X0
87H | DVLCL Curve Y3 0 : 0 : 0 ! VL3Y4 ! VL3Y3 | VL3Y2 | VL3Yl ! VL3Y0
88H | DVLCL Slope 1 0 ' LIG6 ! LIG5 @ LIG4 ! LIG3 ! LIG2 ! LIGI ! LIGO
89H | DVLCL Slope 2 0  L2G6 ! L12G5 ! 12G4 ! L2G3 | L2G2 ! L2Gl ! L2GO
8AH | DVLCL Slope 3 0 ¢ L3G6  L3G5  L3G4 : L3G3 : L3G2 : L3Gl : L3G0
8BH | DVLCL Slope 4 0 | 14G6  L4G5 | 14G4 | L4G3 | 14G2 . L4Gl : L4GO
8CH | DVLCM Curve X1 0 : 0 L VMIX5 © VMIX4 @ VMIX3 @ VMIX2 | VMIXI | VMIX0
8DH | DVLCM Curve Y1 0 ! 0 L VMIY5 | VMIY4 | VMIY3 | VMIY2 | VMIYl | VMIYO
8EH | DVLCM Curve X2 0 : 0 L VM2X5 | VM2X4 | VM2X3 | VM2X2 | VM2X1 | VM2XO0
8FH | DVLCM Curve Y2 0 : 0 P VM2Y5 | VM2Y4 | VM2Y3 | VM2Y2 | VM2YI1 | VM2YO
90H | DVLCM Curve X3 0 i 0 i 0 © VM3X4 ' VM3X3 | VM3X2 | VM3X1 | VM3XO0
91H | DVLCM Curve Y3 0 i 0 i 0 " VM3Y4 ¢ VM3Y3 ' VM3Y2 ! VM3Yl ! VM3Y0
92H | DVLCM Slope 1 0 ¢ MIG6  MIGS : MIG4 : MIG3 : MIG2 : MIGI : MIGO
93H | DVLCM Slope 2 0 I M2G6 ¢ M2G5 . M2G4 . M2G3 : M2G2 | M2Gl | M2GO
94H | DVLCM Slope 3 0 i M3G6 : M3G5 : M3G4 | M3G3 | M3G2 . M3Gl : M3GO
95H | DVLCM Slope 4 0 i M4G6 | M4G5 | M4G4 | M4G3 | M4G2 | M4Gl | MA4GO
96H | DVLCH Curve X1 0 : 0 ! VHIX5 ! VHIX4 ! VHIX3 ! VHIX2 | VHIX1 | VHIX0
97H | DVLCH Curve Y1 0 : 0 ! VHIY5 ! VHIY4 ! VHIY3 ! VHIY2 | VHIYl | VHIYO
98H | DVLCH Curve X2 0 i 0 ' VH2X5 ! VH2X4 ' VH2X3 ! VH2X2 | VH2X1 | VH2X0
99H | DVLCH Curve Y2 0 i 0 ' VH2Y5 @ VH2Y4 @ VH2Y3 @ VH2Y2 : VH2YI : VH2YO
9AH | DVLCH Curve X3 0 5 0 5 0 ' VH3X4 : VH3X3 @ VH3X2 : VH3XI : VH3X0
9BH | DVLCH Curve Y3 0 ; 0 ; 0 | VH3Y4 ! VH3Y3 | VH3Y2 ! VH3Yl : VH3Y0
9CH | DVLCH Slope 1 0 . HIG6 : HIG5 . HIG4 | HIG3 | HIG2 : HIGlI ' HIGO
9DH | DVLCH Slope 2 0 \ H2G6 | H2G5 . H2G4 : H2G3 | H2G2 | H2Gl1 | H2GO
9EH | DVLCH Slope 3 0 ! H3G6 | H3G5 | H3G4 | H3G3 | H3G2 ! H3Gl | H3GO0
9FH | DVLCH Slope 4 0 ! H4G6 '@ H4G5 ! H4G4 | HAG3 | H4G2 ! H4G1 | H4GO
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Addr |Register Name D7 ! D6 ! D5 ! D4 ! D3 ! D2 i DI ! DO
AOH |DVLCL LPF Co-efficient 0 | DLLA7 | DLLA6 | DLLAS ! DLLA4 ! DLLA3 | DLLA2 ! DLLAI | DLLAO
A1H |DVLCL LPF Co-efficient 1 0 ' 0 ! DLLAI3 | DLLAI2 ! DLLAIl | DLLAIO | DLLA9 | DLLAS
A2H |DVLCL LPF Co-efficient2 | DLLB7 : DLLB6 : DLLB5 : DLLB4 : DLLB3 @ DLLB2 @ DLLBI1 ' DLLBO
A3H |DVLCL LPF Co-efficient 3 0 ' 0 ! DLLBI3 : DLLBI2 : DLLBI11 ' DLLB10 : DLLB9 | DLLBS
A4H |DVLCM HPF Co-efficient 0] DMHA7 : DMHA6 : DMHAS5 : DMHA4 : DMHA3 : DMHA2 ' DMHAI : DMHAO
A5H | DVLCM HPF Co-efficient 1 0 ' 0 | DMHAI3 | DMHA12 | DMHA1l | DMHA10 | DMHA9 | DMHAS
A6H |DVLCM HPF Co-efficient 2| DMHB7 | DMHB6 | DMHB5 : DMHB4 | DMHB3 : DMHB2 : DMHBI1 : DMHBO
A7H | DVLCM HPF Co-efficient 3 0 i 0 | DMHBI3 ;| DMHBI2 | DMHBI1 | DMHBI10 | DMHB9 | DMHBS8
A8H |DVLCM LPF Co-efficient 0 | DMLA7 : DMLA6 | DMLAS5 . DMLA4 .| DMLA3 . DMLA2 : DMLAI | DMLAO
A9H |DVLCM LPF Co-efficient 1 0 . 0 : DMLAI3 ; DMLAI2 ;| DMLAII ; DMLA10 | DMLAY | DMLAS
AAH |DVLCM LPF Co-efficient2 | DMLB7 | DMLB6 | DMLB5 ' DMLB4 : DMLB3 ' DMLB2 ' DMLBI ' DMLBO
ABH |DVLCM LPF Co-efficient 3 0 ' 0 : DMLBI3 : DMLBI2 : DMLBII : DMLBI10 : DMLB9 : DMLBS8
ACH | DVLCH HPF Co-efficient 0 | DHHA7 : DHHA6 : DHHAS : DHHA4 : DHHA3 : DHHA2 : DHHAI : DHHAO
ADH | DVLCH HPF Co-efficient 1 0 ! 0 | DHHAI3 ! DHHAI2 | DHHAII | DHHAI0 | DHHA9 | DHHAS
AEH |DVLCH HPF Co-efficient 2 | DHHB7 | DHHB6 : DHHB5 : DHHB4 : DHHB3 : DHHB2 : DHHBI : DHHBO
AFH |DVLCH HPF Co-efficient 3 0 ' 0 | DHHBI3 ! DHHBI12 | DHHBI1 | DHHB10 | DHHB9 | DHHBS
Note 65. PDN pin = “L” resets the registers to their default values.

Note 66. The bits defined as 0 must contain a “0” value.

Note 67. For Addresses BOH to FFH, data must not be written.
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H Register Definitions
Addr | Register Name D7 D6 . D5 . D4 | D3 D2 | DI . DO
00H | Power Management 0 0 | 0 . PMADR | PMADL . 0 | 0 . PMPFIL : PMVCM
R/W R R | RW ! RW ! R | R | RW ! RW
Default 0 0 ' 0 : 0 ' 0 0 0 : 0

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

PMPFIL: Programmable Filter Block Power Management
0: Power down (default)
1: Power up

PMADL: MIC-Amp Lch & ADC Lch Power Management
0: Power down (default)
1: Power up
When the PMADL(PMDML) or PMADR(PMDMR) bit is changed from “0” to “1”, the digital initialization
cycle (1059/fs=24ms @ 44.1kHz, ADRST bit = “0”) starts. After initializing, digital data of the ADC is
output.

PMADR: MIC-Amp Rch & ADC Rch Power Management
0: Power down (default)
1: Power up

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 of setting of this address. In this case, register is initialized to the default value.

When all power management bits are “0”, all blocks are powered-down. The register values remain unchanged. Power
supply current is SOpA(typ) in this case. For fully shut down (typ. 1pA), the PDN pin should be “L”.
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Addr | Register Name D7 ! D6 ! D5 D4 ! D3 : D2 ! DI ! DO
01H | Power Management 1 0 ' 0 ' 0 0 . PMDAR | PMDAL | PMDRC | PMEQ

R/W R . R I R R | RW | RW | RW | RW
Default 0 | 0 L0 0 . 0 0 { 0 i 0

PMEQ: 5-band Parametric Equalizer Block Power Management

0: Power down (default)
1: Power up

PMDRC: Dynamic Range Control Block Power Management
0: Power down (default)
1: Power up

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

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

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

When all power management bits are “0”, all blocks are powered-down. The register values remain unchanged. Power
supply current is S0pA(typ) in this case. For fully shut down (typ. 1pA), the PDN pin should be “L”.

Addr

Register Name D7 D6 i D5

D4

D3 | D2 ! DI . DO

02H

Power Management 1 ADRST

MICL2 | PMMP2 | MICLl | PMMPI

R/W R/W

R'W : RW ! RW ' RW

(=N 1~v} [
=31 I=

Default 0

0
R
0

0 . 0 ' 0 ' 0

PMMP1: MPWRI1 pin Power Management
0: Power down: Hi-Z (default)
1: Power up

MICL1: MIC Power (MPWRI1 pin) Output Level select
Default “0”, typ. 2.5V (Table 21)

PMMP2: MPWR?2 pin Power Management
0: Power down: Hi-Z (default)
1: Power up

MICL2: MIC Power (MPWR?2 pin) Output Level Select
Default “0”, typ. 2.5V (Table 21)

ADRST: ADC Initialization Cycle Setting
0: 1059/fs (default)
1: 267/fs
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Addr | Register Name D7 D6 D5 D4 D3 D2 D1 DO
03H | PLL Mode Select 0 FS3 FS2 FS1 FSO PLL3 PLL2 PLL1 PLLO
R/W R/W R/W R/W R/W R/W R/W R/W R/W
Default 1 1 1 1 0 1 1 0
PLL3-0: PLL Reference Clock Select (Table 5)
Default: “0110” (MCKI pin, 12MHz)
FS3-0: Sampling Frequency Select (Table 6, Table 10 and Table 13)
Default: “1111” (fs=44.1kHz)
Addr | Register Name D7 D6 D5 D4 D3 D2 . D1 | DO
04H | PLL Mode Select 1 CMI | CMO | BCKO | 0 | 0 | 0 | M/S | PMPLL
R/W R/W R/W R/W R R R . R'W | R/W
Default 0 0 0 0 0 0 0 0
PMPLL: PLL Power Management
0: EXT Mode and Power Down (default)
1: PLL Mode and Power up
M/S: Master / Slave Mode Select
0: Slave Mode (default)
1: Master Mode
BCKO: BICK Output Frequency Select at Master Mode (Table 8)
CM1-0: MCKI Frequency Select at EXT Mode (Table 9 and Table 12)
Default: “00” (256fs)
Addr | Register Name D7 D6 D5 D4 D3I D2 D1 DO
05H | Audio I/F Format Select 0 0 0 | SDOD | MSBS ! BCKP DIF1 DIF0
R/W R R R . R/W R/W | R/W R/W R/W
Default 0 0 0 0 0 0 1 0

DIF1-0: Audio Interface Format (Table 17)
Default: “10” (24bit Left justified)

BCKP: BICK Polarity at DSP Mode (Table 18)

“0”: SDTO is output by the rising edge (“1”) of BICK and SDTI is latched by the falling edge (“4”). (default)
“1”: SDTO is output by the falling edge (“4*) of BICK and SDTI is latched by the rising edge (“T).

MSBS
“0”:
113 1 ”:

: LRCK Phase at DSP Mode (Table 18)
The rising edge (“T”) of LRCK is half clock of BICK before the channel change. (default)
The rising edge (“T”") of LRCK is one clock of BICK before the channel change.

SDOD: SDTO Disable (Table 82)

4c()53,
113 1 2,
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Addr | Register Name D7 | D6 | D5 . D4 D3 D2 D1 DO
06H | MIC Signal Select 0 + MDIF3 | MDIF2 : MDIF1 INR1 INRO INL1 INLO
R/W R . R/W R/W R/W R/W R/W R/W R/W
Default 0 ' 0 0 0 0 0 0 0
INL1-0: MIC-Amp Lch Input Source Select (Table 19)
Default: “00” (LIN1)
INR1-0: MIC-Amp Rch Input Source Select (Table 19)
Default: “00” (RIN1)
MDIF1: Linel Input Type Select
0: Single-ended input (LIN1/RINT1 pins: default)
1: Full-differential input (IN1+/IN1- pins)
MDIF2: Line2 Input Type Select
0: Single-ended input (LIN2/RIN2 pins: default)
1: Full-differential input (IN2—/IN2+ pins)
MDIF3: Line3 Input Type Select
0: Single-ended input (LIN3/RIN3 pins: default)
1: Full-differential input (IN3+/IN3— pins)
Addr | Register Name D7 ! D6 ! D5 | D4 | D3 D2 | DI | DO
07H | MIC Amp Gain MGNR3 | MGNR2 | MGNRI | MGNRO | MGNL3 | MGNL2 | MGNLI | MGNLO
R/W RW | RW | RW | RW | RW | RW | RW | RW
Default 0 1 [ 0 [ 1 [ 0 [ 1 [ 0 [ 1
MGNL3-0: MIC-Amp Lch Gain Control (Table 20)
Default: “0101” (0dB)
MGNR3-0: MIC-Amp Rch Gain Control (Table 20)
Default: “0101” (0dB)
Addr | Register Name D7 ! D6 D5 | D4 ! D3 ! D2 ! DI ! DO
08H | Digital MIC 0 1 0 i PMDMR i PMDML : DCLKE | 0 i DCLKP : DMIC
R/W R | R | RW ! RW | RW ! R | RW | RW
Default 0 [ 0 [ 0 [ 0 [ 0 [ 0 [ 0 [ 0

DMIC: Digital Microphone Connection Select
0: Analog Microphone (default)
1: Digital Microphone

DCLKP: Data Latching Edge Select

0: Lch data is latched on the DMCLK rising edge (“T*). (default)
1: Lch data is latched on the DMCLK falling edge (“4”).

DCLKE: DMCLK pin Output Clock Control
0: “L” Output (default)
1: 64fs Output

PMDML/R: Input Signal Select with Digital Microphone (Table 76)

Default: “0”

When DMIC bit is “17, these registers are enabled. ADC digital block is powered-down by PMDML = PMDMR

bits = “0” when selecting a digital microphone input (DMIC bit = “1”).
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Addr | Register Name D7 : D6 : D5 ! D4 ! D3 D2 ! DI | DO
09H | DAC Signal Pass Select DACSR | DACSL | DACRR | DACRL 0 0 i DACR | DACL

R/W RW | RW | RW | RW | R R | RW . RW
Default 0 ' 0 ' 0 ' 0 ' 0 0 0 ' 0
DACL: Switch Control from DAC Lch to LOUT
0: OFF (default)
1: ON
DACR: Switch Control from DAC Rch to ROUT
0: OFF (default)
1: ON
DACRL: Switch Control from DAC Lch to RCV-Amp
0: OFF (default)
1: ON
DACRR: Switch Control from DAC Rch to RCV-Amp
0: OFF (default)
1: ON
DACSL: Switch Control from DAC Lch to SPK-Amp
0: OFF (default)
1: ON
DACSR: Switch Control from DAC Rch to SPK-Amp
0: OFF (default)
1: ON
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Addr | Register Name D7 | D6 : D5 | D4 D3 ! D2 ! DI ! DO

0AH | LINEOUT Power Management 0 ' 0 ' 0  LODIF i LOM | LOPS | PMRO | PMLO
R/W R | R | R | RW | RW | RW | RW | RW
Default 0O { 0 { 0 { 0 < 0 i 0 { 0 I 0

PMLO: LOUT Power Management
0: Power down (default)
1: Power up

PMRO: ROUT Power Management
0: Power down (default)
1: Power up

LOPS: LOUT/ROUT Power Management
0: Normal Operation (default)
1: Power Save Mode

LOM: Mono Mixing from DAC to LOUT/ROUT
0: Stereo Mixing (default)
1: Mono Mixing

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

DI ' DO

Addr | Register Name D7 D6 D5 ' D4 ' D3
0BH | HP Power Management HPTM! | HPTMO ! '

' PMHPR ! PMHPL

R'W | R/W

=
o
<
T

ol=l=l=

0 : 0
R/W RW ! RR'W ' R | R ! RW
0 10

Default 0 ! 0 0 )

PMHPL: HPL Power Management
0: Power down (default)
1: Power up

PMHPR: HPR Power Management
0: Power down (default)
1: Power up

LOMH: Mono Mixing from DAC to HPL/HPR
0: Stereo Mixing (default)
1: Mono Mixing

HPTM1-0: Headphone-Amp Volume Zero Crossing Timeout Period (Table 106)
Default: “00” (128/fs)
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Addr | Register Name D7 , D6 | D5 . D4 | D3 D2 | D1 . DO
OCH | Charge Pump Control 0 i VDDTM2 | VDDTMI | VDDTMO | 0 0 , CPMODE! |CPMODEO
R/W R . R'W | RW R/W R R . RW R/W
Default 0 1 i 0 1 0 0 i 0 i 0
CPMODE1-0: Charge-pump Mode Setting (Table 107)
Default: “00” (Automatic Switching)
VDDTM2-0: VDD Mode Waiting Period (Table 108)
Default: “101” (32768/fs)
Addr | Register Name D7 | D6 D5 . D4 | D3 D2 | DI ' DO
0ODH | SPK & RCV Power Management | THDET | 0 TEST | PMSPK | 0 0 . RCVPS | PMRCV
R/W R ; R R'W + RW . R R R'W  R/W
Default 0 0 0 0 0 0 0 0
PMRCV: Receiver-Amp Power Management
0: Power down (default)
1: Power up
RCVPS: Receiver-Amp Power Save Mode
0: Normal Operation (default)
1: Power Save Mode
PMSPK: Speaker-Amp Power Management
0: Power down (default)
1: Power up
TEST: Device TEST mode Enable.
0: Normal operation (default)
1: TEST mode
TEST bit must be always “0”.
THDET: Thermal Shutdown Detection
0: Normal Operation (default)
1: Thermal Shutdown status
Addr |Register Name D7 D6 D5 D4 D3 D2 D1 D0
OEH |LINEOUT Volume Control 0 0 0 0 0 LVL2 LVL1 LVLO
R/W R R R R R R/W R/W R/W
Default 0 0 0 0 0 0 1 1
LVL2-0: LINEOUT Volume Control (Table 100)
Default: “3H” (0dB)
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Addr | Register Name D7 | D6 ! D5 | D4 ! D3 i D2 { DI ! DO
0FH |HP Volume Control 0 i 0 HPGS5 HPG4 HPG3 HPG2 HPG1 HPGO

R/W R | R . RR'W + RW | RW . RW | RW | RW
Default 0 ) 0 ) 1 ) 0 ) 0 ) 0 ) 1 ) 1
HPG5-0: Headphone Volume Control (Table 105)
Default: “23H” (0dB)
Addr |Register Name D7 ! D6 ! D5 D4 ! D3 i D2 ! DI ! DO
10H |SPK & RCV Volume Control RCVG3 | RCVG2 | RCVG1 | RCVGO | SPKG3 | SPKG2 ; SPKGI | SPKG0
R/W R/W RW | R/W R/W R/W R/W R/W R/W
Default 1 : 0 : 1 : 1 : 1 : 0 : 1 : 1
SPKG3-0: Speaker Volume Control (Table 110)
Default: “BH” (0dB)
RCVG3-0: Receiver Volume Control (Table 103)
Default: “BH” (0dB)
Addr |Register Name D7 { D6 ! D5 i D4 | D3 i D2 { DI ! DO
11H | Lch Input Volume Control IVL7 | IVL6 | IVLS IVL4 IVL3 | IVL2 IVLI1 IVLO
12H | Rch Input Volume Control IVR7 IVR6 IVRS5 IVR4 IVR3 IVR2 IVR1 IVRO
R/W RW | RW | RW | RW | RW | RW | RW | RW
Default 1 , 0 , 0 , 1 ' 0 , 0 , 0 , 1
IVL7-0, IVR7-0: Input Digital Volume; 0.375dB step, 242 Level (Table 36)
Default: “91H” (0dB)
Addr |Register Name D7 | D6 ' D5 ! D4 ' D3 ! D2 | DI ! DO
13H | ALC Reference Select REF7 | REF6 ! REF5 REF4 REF3 | REF2 | REFl | REF0
R/W R/W R/W R/W R/W R/W R/W R/W R/W
Default 1 1 1 0 0 0 0 1
REF7-0: Reference Value at ALC Recovery Operation (Recording); 0.375dB step, 242 Level (Table 32)
Default: “E1H” (+30.0dB)
Addr |Register Name D7 ' D6 : D5 : D4 D3 ' D2 : DI : DO
14H | Digital Mixing Control SRMXR1 ! SRMXR0 ! SRMXL1 | SRMXLO ! PFMXR1 ! PFMXR0 ! PFMXL1 ! PFMXLO0
R/W RW | RW | RW | RW | RW | RW : RW ' RW
Default o ' 0 ! 0 ! 0 ' 0 i 0 ' 0 ! 0
PFMXL1-0: 5-band EQ Lch Input Mixing 1 (Table 84)
Default: “00” (SDTI)
PFMXR1-0: 5-band EQ Rch Input Mixing 1 (Table 85)
Default: “00” (SDTI)
SRMXL1-0: 5-band EQ Lch Input Mixing 2 (Table 86)
Default: “00” (SDTI)
SRMXR1-0: 5-band EQ Rch Input Mixing 2 (Table 87)
Default: “00” (SDTI)
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Addr |Register Name D7 . D6 . D5 | D4 . D3 . D2 | DI DO
15H | ALC Timer Select FR | RFST1 | RFSTO | WTM2 | WTMI | WTMO | ZTMI ZTMO
R/W R/W R/W R'W | RW R/W R/W R/W R/W
Default 0 i 0 i 0 i 0 i 0 0 0 0
ZTM1-0: ALC Limiter/Recovery Operation Zero Crossing Timeout Period (Table 29)
Default: “00” (128/13)
WTM2-0: ALC Recovery Waiting Period (Table 30)
Default: “000” (128/fs)
RFST1-0: ALC Fast recovery Speed (Table 33)
Default: “00” (4times)
FR: Fast recovery Enable
0: Enable (default)
1: Disable
ddr |Register Name D7 + D6 .« D5 D4 D3 + D2 + DI DO
16H | ALC Mode Control LFST | ZELMN | LMATI | LMATO | RGAINI | RGAINO | LMTHI | LMTHO
R/W RW | RW | RW | RW ! RW | RW | RW | RW
Default 0 0 0 0 0 0 0 0
LMTH1-0: ALC Limiter Detection Level / Recovery Counter Reset Level (Table 27)
Default: “00”
RGAIN1-0: ALC Recovery GAIN Step (Table 31)
Default: “00”
LMATI1-0: ALC Limiter ATT Step (Table 28)
Default: “00”
ZELMN: Zero Crossing Detection Enable at ALC Limiter Operation
0: Enable (default)
1: Disable
LFST: ALC Limiter operation when the output level exceeds FS(full-scale) level.
0: The volume is changed at zero crossing or zero crossing time out (default)
1: When output of ALC is larger than FS, IVL/IVR values are changed immediately (1/fs).
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Addr [Register Name D7 D6 ! D5 ! D4 ! D3 ! D2 : DI ! DO
17H | Mode Control 0 0 0 | SDIMI | SDIMO ! 5EQ ' ADM ! IVOLC | ALC
R/W R R | RW | RW | RW | RW | RW | RW
Default 0 0 { 0 0 i 0 i 0 { 1 0

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

IVOLC: Input Digital Volume Control Mode Select
0: Independent
1: Dependent (default)
When IVOLC 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.

ADM: Mono Recording (Table 78)
0: Stereo (default)
1: Mono: (L+R)/2

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

SDIM1-0: SDTI Input Signal Select (Table 83)
Default: “00” (L=Lch, R=Rch)

Addr |Register Name D7 ' D6 ¢ D5 ' D4 D3 ' D2 ! DI ! DO

18H |Mode Control 0 0 !OVIMB! BIV2 ! BIVI ! BIVO | SMUTE | OVTM ! OVOLC
R/W R | RR'W | RR'W | RW | RW | RW | RW | RW
Default o . I ¢ 0 I 0 i 0 0 i 1 1

OVOLC: Output Digital Volume Control Mode Select
0: Independent
1: Dependent (default)
When OVOLC bit = “1”, OVL6-0 bits control both Lch and Rch volume level, while register values of
OVL6-0 bits are not written to OVR6-0 bits. When OVOLC bit = “0”, OVL6-0 bits control Lch level and
OVRG6-0 bits control Rch level, respectively.

OVTM: Digital Volume Transition Time Setting
0: 128/fs
1: 256/fs (default)
This is the transition time between OVL/R6-0 bits = 00H and 7FH.

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

BIV2-0: SDTIB Input Volume Control (Table 74)
Default: “OH” (0dB)

OVTMB: Digital Volume Control (DATT-B and DATT-C) Transition Time Setting
0: 128/fs
1: 256/fs (default)
This is the transition time between BVL6-0 bits or CVL6-0 bits = 00H and 7FH.
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Addr | Register Name D7 | D6 : D5 | D4 D3 | D2 1 DI | DO

19H |Digital Filter Select 0 0 ! HPFCl ! HPFCO ! HPFAD ' DASELI | DASELO | PFSDO ! PFSEL
R/W R | RW | RW | RW | RW | RW | RW | RW
Default 0 ¢ 0 + 0 + 1 & 0 + 0 + 1 0

PFSEL: Signal Select of Programmable Filter Block (Table 77)
0: ADC Output Data (default)
1: SDTI Input Data

PFSDO: SDTO Output and SVOLA Input Signal Select (Table 79)
0: ADC (+1st HPF) Output
1: Programmable Filter Output (default)

DASEL1-0: DAC Input Signal Select (Table 88)
Default: “00” (L= DATT-A Lch, R= DATT-A Rch)

HPFAD: HPF1 Control of ADC
0: OFF
1: ON (default)
When HPFAD bit is “1”, the settings of HPFC1-0 bits are enabled. When HPFAD bit is “0”, HPFAD block is
through (0dB).
When PMADL bit = “1” or PMADR bit = “1”, set HPFAD bit to “1”.

HPFC1-0: Cut-off Frequency Setting of HPF1 (ADC) (Table 37)
Default: “00” (3.4Hz @ fs = 44.1kHz)
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Addr | Register Name D7 | D6 : D5 | D4 D3 | D2 1 DI | DO
1AH |Digital Filter Select 1 GNI | GNO | LPF : HPF . EQ0O | FIL3 ! 0 . 0
R/W RW | RW ! RW | RW | RW | RW R R

Default 0 ¢ 0 + 0 + 0 + 0 1 0 0 0

FIL3: FIL3 (Stereo Separation Emphasis Filter) Coefficient Setting Enable
0: Disable (default)
1: Enable
When FIL3 bit is “17, the settings of F3A13-0 and F3B13-0 bits are enabled. When FIL3 bit is “0”, FIL3 block
is OFF (MUTE).

EQO: EQO (Gain Compensation Filter) Coefficient Setting Enable
0: Disable (default)
1: Enable
When EQO bit is “17, the settings of EOA15-0, EOB13-0 and EOC15-0 bits are enabled. When EQO bit is “07,
EQO block is through (0dB).

HPF: HPF Coefficient Setting Enable
0: Disable (default)
1: Enable
When HPF bit is “1”, the settings of F1A13-0 and F1B13-0 bits are enabled. When HPF bit is “0”, HPF block
is through (0dB).

LPF: LPF Coefficient Setting Enable
0: Disable (default)
1: Enable
When LPF bit is “17, the settings of F2A13-0 and F2B13-0 bits are enabled. When LPF bit is “0”, LPF block
is through (0dB).

GN1-0: Gain Select at GAIN block (Table 26)
Default: “00” (0dB)

Addr | Register Name D7 + D6 + D5 + D4 + D3 + D2 DI : DO
IBH | Digital Filter Select 2 0O ' 0 ' 0 1 0 + 0 ' EQ3 i EQ ! EQI
R/W R ! R ' R ' R ' R ! RW ! RW ! RW
Default 0O 0 ' 0 T 0 1T 0 0 _ 0 _ ' 0

EQL1: Equalizer 1 Coefficient Setting Enable
0: Disable (default)
1: Enable
When EQ1 bit is “17, the settings of E1A15-0, E1B15-0 and E1C15-0 bits are enabled. When EQ1 bit is “07,
EQI block is through (0dB).

EQ2: Equalizer 2 Coefficient Setting Enable
0: Disable (default)
1: Enable
When EQ2 bit is “1”, the settings of E2A15-0, E2B15-0 and E2C15-0 bits are enabled. When EQ?2 bit is “0”,
EQ2 block is through (0dB).

EQ3: Equalizer 3 Coefficient Setting Enable
0: Disable (default)
1: Enable
When EQ3 bit is “17, the settings of E3A15-0, E3B15-0 and E3C15-0 bits are enabled. When EQ3 bit is “07,
EQ3 block is through (0dB).
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Addr | Register Name D7 | D6 . D5

D4 ! D3 ! D2 ! DI | DO

1CH Side Tone A Control SVAR2 | SVARI

. SVARO |

+ SVAL2  SVAL1 | SVALO

0
R/W R R/W R/W
0

R/W R/W R/W

Default ' 0 ' 0

0
R/W R
0 | 0 | 0 | 0

SVAL2-0, SVAR2-0: Side Tone Volume A (SVOLA) (Table 38)
Default: “000” (0dB)

Addr | Register Name D7 | D6 ! D5

D4 ¢ D3 : D2 ! DI ! DO

1DH | Lch Output Volume Control OVL6 OVL5

OVL4 OVL3 OVL2 OVLI OVLO0

1EH | Rch Output Volume Control OVR6 OVRS5

OVR4 OVR3 OVR2 OVR1 OVRO

R/W R/W R/W

R/W R/W R/W R/W R/W

o|m|olo

Default

0 ¢ 1 1 1 1 0 i 0

OVL6-0, OVR6-0: Output Digital Volume (Table 67)
Default: “0CH” (0dB)

Addr | Register Name D7 D6 D5

D4 ' D3 ¢ D2 ¢ DI i DO

1FH | PCM I/F Power Management | PMMIX

PMOSC ! PMSRAO ' PMSRAI ' PMPCMA

R/W R/W R/W R/W

! PMSRBO ! PMSRBI : PMPCMB |
' ' T RW |

R/W R/W R/W R/W

Default 0 ! 0 ! 0

0 : 0 : 0 ' 0 : 0

PMPCMA: PCM I/F A Power Management
0: Power down (default)
1: Power up

PMSRALI: SRCAI Power Management
0: Power down (default)
1: Power up

PMSRAOQO: SRCAO Power Management
0: Power down (default)
1: Power up

PMOSC: Internal Oscillator Power Management
0: Power down (default)
1: Power up

PMPCMB: PCM I/’F B Power Management
0: Power down (default)
1: Power up

PMSRBI: SRCBI Power Management
0: Power down (default)
1: Power up

PMSRBO: SRCBO Power Management
0: Power down (default)
1: Power up

PMMIX: MIX1 Block Power Management
0: Power down (default)
1: Power up
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Addr | Register Name D7 | D6 D5 D4 | D3 | D2 i DI | DO

20H | PCM I/F Control 0 SDOAD ! 0 | MSBSA | BCKPA | LAWAI | LAWAO | FMTAl | FMTA(
R/W RW | R | RW | RW | RW | RW | RW | RW
Default 0 0 0 : 0 0 + 0 1+ 0 i 0

FMTAI1-0: PCM I/F A Format (Table 116)
Default: “00” (Mode 0)

LAWA1-0: PCM I/F A Mode (Table 114)
Default: “00” (Mode 0)

BCKPA: P BICKA Polarity of PCM I/F A (Table 118)
“0”: SDTOA is output by the rising edge (“T”") of BICKA and SDTIA is latched by the falling edge (“J”"). (default)
“1”: SDTOA is output by the falling edge (“»L”) of BICKA and SDTIA is latched by the rising edge (“T”).

MSBSA: SYNCA Phase of PCM I/F A (Table 118)
“0”: The rising edge (“T”) of SYNCA is half clock of BICKA before the channel change. (default)
“1”: The rising edge (“T”) of SYNCA is one clock of BICKA before the channel change.

SDOAD: SDTOA Disable (Table 95)
“0”: Enable (default)
“1”: Disable (“L”)

Addr ] Register Name D7 + D6 + D5 + D4 + D3 1 D2 i DI DO

21H | PCM I/F Control 1 SDOBD | 0 ' MSBSB ' BCKPB ' LAWBI | LAWB0 | FMTB1 | EFMTBO
R/W R'W R . R'W ! RW | RW ' RW | RW ! RW
Default 0 ! 0 ! 0 ! 0 ! 0 i 0 P00

FMTB1-0: PCM I/F B Format (Table 117)
Default: “00” (Mode 0)

LAWBI1-0: PCM I/F B Mode (Table 115)
Default: “00” (Mode 0)

BCKPB: BICKB Polarity of PCM I/F B (Table 119)
“0”: SDTOB is output by the rising edge (“T”’) of BICKB and SDTIB is latched by the falling edge (“4”). (default)
“1”: SDTOB is output by the falling edge (“4") of BICKB and SDTIB is latched by the rising edge (“T).

MSBSB: SYNCB Phase of PCM I/F B (Table 119)
“0”: The rising edge (“T”) of SYNCB is half clock of BICKB before the channel change. (default)
“1”: The rising edge (“T”) of SYNCB is one clock of BICKB before the channel change.

SDOBD: SDTOB Disable (Table 97)
“0”: Enable (default)
“1”: Disable (“L”)

Addr | Register Name D7 D6 D5 D4 D3 : D2 ! DI ! DO
22H | Side Tone Volume B Control 0 0 0 0 0 SVB2 | SVBI | SVBO
R/W R R R R R . R'W | RW | R/W
Default 0 0 0 0 0 ' 0 ' 0 ' 0
SVB2-0: Side Tone Volume B (Table 73)
Default: “OH” (0dB)
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Addr | Register Name D7 D6 D5 ¢ D4 : D3 : D2 ! DI ! DO
23H | Digital Volume B Control 0 BVL6 BVLS | BVI4 | BVL3 | BVL2 | BVLI | BVLO
R/W R R/W RW | RW | RW | RW | RW | RW
Default 0 0 0 ¢ 0 I ¢ 1 i 0 i 0
BVL6-0: Digital Volume B (Table 69)
Default: “0CH” (0dB)
Addr | Register Name D7 D6 D5 | D4 ! D3 ! D2 | DI ! DO
24H | Digital Volume C Control 0 CVL6 CVL5 | CVL4 ! CVL3 | CVL2 ! CVLl ! CVLO
R/W R R/W RW | RW | RW | RW | RW | RW
Default 0 0 0 . 0 ¢\ 1 . 1 i 0 i 0
CVL6-0: Digital Volume C (Table 71)
Default: “0CH” (0dB)
Addr | Register Name D7 D6 ! D5 ' D4 ! D3 ¢ D2 ! DI ! DO
25H | Digital Mixing Control 0 0 0 | MXIR2 : MXIRI ! MXIR0 ! MXIL2 ! MXILl ! MXILO
R/W R R | RW | RW | RW | RW | RW | RW
Default 0 0 0 , 0 , 0 , 0 , 0 , 0
MX1L2-0: MIX1 Lch Output Signal Select (Table 89)
Default: “000” (DATT-B)
MX1R2-0: MIX1 Rch Output Signal Select (Table 90)
Default: “000” (DATT-B)
Addr | Register Name D7 D6 ! D5 ' D4 ! D3 ' D2 ! DI ! DO
26H | Digital Mixing Control 1 0 0 I MX2C1 | MX2C0 | MX2BI | MX2B0 | MX2Al | MX2A0
R/W R R | RW | RW | RW | RW | RW | RW
Default 0 0 0 , 0 , 0 , 0 , 0 , 0
MX2A1-0: MIX2A Output Signal Select (Table 91)
Default: “00” (BIVOL Lch)
MX2B1-0: MIX2B Output Signal Select (Table 92)
Default: “00” (DATT-A Lch)
MX2C1-0: MIX2C Output Signal Select (Table 93)
Default: “00” (MIX2A)
Addr | Register Name D7 D6 D5 , D4 , D3 , D2 . DI . DO
27H | Digital Mixing Control 2 0 0 0 0 . 0 | MXSB2 ! MXSBI | MXSB0
R/W R R R | R R | RW | RW | RW
Default 0 0 0 : 0 0 : 0 0 | 0
MXSB2-0: MIX3 Output Signal Select (Table 94)
Default: “000” (DATT-A Lch, DATT-A Rch)
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Addr | Register Name D7 ! D6 ! D5 ! D4 : D3 D2 : DI : DO
28H | Digital Mixing Control 3 SDOR1 i SDORO | SDOL1 : SDOLO | 0 0 . SBMX1 | SBMX0

R/W RW R/W . R'W | RW | R R . R'W | RW
Default 0 i 0 i 0 i 0 0 0 i 0 i 0
SBXM1-0: DATT-C Input Signal Selec (Table 96)
Default: “00” (SRCAI)
SDOL1-0: SDTO Lch Output Mixing (Table 80)
Default: “00” (Lch Signal Selected by Table 79)
SDOR1-0: SDTO Rch Output Mixing (Table 81)
Default: “00” (Rch Signal Selected by Table 79)
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Addr | Register Name D7 | D6 : D5 | D4 D3 | D2 1 DI | DO
29H |FIL1 Co-efficient 0 FIA7 | FIA6 | FIA5 . FIA4 | FIA3 : FIA2 | FIAl | FIAQ
2AH |FIL1 Co-efficient 1 0 : 0 | FIAI3 ! FIAI2 | FIAIl . FIAI0O : FIA9 | FIAS
2BH |FIL1 Co-efficient 2 FIB7 | FIB6 . FIB5 . FIB4 . FIB3 ' FIB2 : FIBl . FIBO
2CH |FIL1 Co-efficient 3 0 | 0 | FIBI3 ! FIBI2 | FIBIl | FIBI0 : FIB9 | FIBS
R/W RW | RW | RW | RW | RW | RW | RW | RW
Default F1A13-0 bits = “1FA9H”, F1B13-0 bits = “20ADH”
F1A13-0, F1B13-B0: FIL1 (Wind-noise Reduction Filter) Coefficient (14bit x 2)
Default: F1A13-0 bits = “1FA9H”, F1B13-0 bits = “20ADH” (fc=150Hz@fs=44.1kHz)
Addr |Register Name D7 : D6 : D5 D4 v D3 ¢+ D2 : DI : DO
2DH |FIL2 Co-efficient 0 F2A7 ! F2A6 | F2A5 | F2A4 | F2A3 | F2A2 | F2Al | F2A0
2EH |FIL2 Co-efficient 1 0 | 0 ! F2A13 ! F2AI2 | F2All ! F2A10 | F2A9 ! F2A8
2FH | FIL2 Co-efficient 2 F2B7 | F2B6 | F2B5 | F2B4 ! F2B3 | F2B2 | F2Bl ! F2B0
30H |FIL2 Co-efficient 3 0 ' 0 ! F2BI3 ! F2BI2 ! F2BIl ! F2BI0 ! F2B9 ! F2B8
R/W RW | RW ! RW ! RW ! RW ! RW | RW ! RW
Default 0 ! 0 ! 0 ! 0 ! 0 i 0 ! 0 I 0
F2A13-0, F2B13-B0: FIL2 (LPF) Coefficient (14bit x 2)
Default: “0000H”
Addr |Register Name D7 + D6 . D5 . D4 . D3 D2 . DI : DO
31H |FIL3 Co-efficient 0 F3A7 | F3A6 | F3A5 | F3A4 | F3A3 | F3A2 | F3Al | F3A0
32H |FIL3 Co-efficient 1 F3AS | 0 | F3AI3 | F3A12 | F3All | F3A10 | F3A9 | F3A8
33H |FIL3 Co-efficient 2 F3B7 | F3B6 : F3B5 | F3B4 : F3B3 ! F3B2 ! F3Bl | F3B0
34H |FIL3 Co-efficient 3 0 ' 0 | F3BI3 ! F3BI2 | F3BIl ! F3BI0 | F3B9 | F3B8
35H |EQ Co-efficient 0 EOA7 | E0A6 | EOA5 | EOA4 | EOA3 | E0A2 | EOAl | EO0A0
36H |EQ Co-efficient 1 EOA15 | EOAl14 | EOAI3 : EOAI12 | EOAIl | EOA10 | EOA9 . FEOAS
37H |EQ Co-efficient 2 EOB7 . EOB6 | EOB5 . EOB4 . EOB3 : EOB2 | EOBI . EOBO
38H |EQ Co-efficient 3 0 . 0 | EOBI3 . EOBI2 : EOBIl | EOBIO | EOB9 | EOBS
39H |EQ Co-efficient 4 EOC7 | EOC6 | EOC5 . EOC4 : EOC3 : E0C2 | EOCI | EOCO
3AH |EQ Co-efficient 5 EOC15 | EOC14 : EOC13 | EO0CI2 : EOCI1 | EOCIO ! EOC9 & EOCS
R/W RW | RW | RW | RW | RW | RW | RW | RW
Default 0 0 0 0 0 0 0 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
E0A15-0, EOB13-0, EOC15-C0: EQO (Gain Compensation Filter) Coefficient (14bit x 1 + 16bit x 2)
Default: “0000H”
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Addr |Register Name D7 : D6 ! D5 ! D4 ! D3 ! D2 1 DI ! DO
3BH |E1 Co-efficient 0 E1A7 | EIA6 | EIA5S | ElA4 | EIA3 ! E1A2 ! ElAl | EIA0
3CH |E1 Co-efficient 1 E1A15 | E1Al4 | EIA13 | ElA12 | EIAIl ! EIAI0 | EIA9 '@ EIAS
3DH |El Co-efficient 2 EIB7 : EIB6 @ EIB5 @ EIB4 : EIB3 @ EIB2 '@ EIBl @ EIBO
3EH |El Co-efficient 3 EIB15 ' EIB14 ! EIBI3 ! EIBI2 ! EIBIl1 ' EIBI0 ! EIB9 ' EIBS8
3FH |EI Co-efficient 4 EIC7 : EIC6 : EIC5 : EIC4 : EIC3 : EIC2 : EICI : EICO
40H |E1 Co-efficient 5 EIC15 | EICl4 : EICI3 ' EICI12 | EIC11 ' EIC10 ! EIC9 : EIC8
41H |E2 Co-efficient 0 E2A7 | E2A6 . E2A5 ' E2A4 . E2A3 . E2A2 . E2Al | E2A0
42H |E2 Co-efficient 1 E2A15 | E2A14 | E2A13 | E2A12 | E2A11 ! E2A10 | E2A9 @ [E2AS
43H |E2 Co-efficient 2 E2B7 . E2B6 | E2B5 | E2B4 | E2B3 | E2B2 | E2Bl : E2B0
444 | E2 Co-efficient 3 E2B15 | E2Bl14 ! E2BI13 | E2B12 . E2B11 ;. E2B10 | E2B9 . E2BS
45H |E2 Co-efficient 4 E2C7 ' E2C6 ' E2C5 @ E2C4 ' E2C3 @ E2C2 | E2C1 ! E2C0
46H |E2 Co-efficient 5 E2C15 @ E2Cl14 ' E2CI3 @ E2C12 @ E2Cl1 : E2C10 : E2C9 '@ E2C8
47H | E3 Co-efficient 0 E3A7 : E3A6 : E3A5 . E3A4 . E3A3 : E3A2 : E3A1 : E3A0
48H |E3 Co-efficient 1 E3A15 | E3Al4 | E3AI3 | E3AI2 | E3All . E3A10 | E3A9 . E3AS8
49H |E3 Co-efficient 2 E3B7 . E3B6 ' E3B5 . E3B4 . E3B3 . E3B2 | E3Bl : E3B0
4AH |E3 Co-efficient 3 E3B15 ! E3B14 ! E3BI3 ! E3B12 | E3BI1 '@ E3BI0 . E3B9 @ E3BS
4BH | E3 Co-efficient 4 E3C7 ! E3C6 | E3C5 ! E3C4 | E3C3 ! E3C2 | E3Cl ! E3C0
4CH |E3 Co-efficient 5 E3C15 | E3Cl4 ! E3Cl3 ! E3CI2 ! E3Cl1l1 ! E3C10 ! E3C9 ! E3C8
R/W RW | RW | RW | RW | RW ! RW | RW | RW
Default 0 : 0 : 0 i 0 I 0 ¢ 0 I 0 : 0
E1A15-0, E1B15-0, E1C15-0: Equalizer 1 Coefficient (16bit x3)
Default: “0000H”
E2A15-0, E2B15-0, E2C15-0: Equalizer 2 Coefficient (16bit x3)
Default: “0000H”
E3A15-0, E3B15-0, E3C15-0: Equalizer 3 Coefficient (16bit x3)
Default: “0000H”
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Addr |Register Name D7 | D6 ! D5 ! D4 D3 ! D2 | DI ! DO
50H [5band E1 Co-efficient 0 5E1A7 | 5E1A6 | 5EIA5 | SEIA4 | 5E1A3 | 5E1A2 | 5EIAl | SEIAO
51H |5band E1 Co-efficient 1 0 | 0 I 5EIAI3 ! 5EIAI2 | 5EIAll ! 5E1A10 | 5EIA9 | 5EIAS8
52H [5band E1 Co-efficient 2 5EIB7 | 5EIB6 | SEIB5S | SEIB4 | 5EIB3 | 5EIB2 | 5EIBl | SEIBO
53H |[5band E1 Co-efficient 3 0 ' 0 ! 5EIBI3 ! 5SEIBI2 ! 5EIBIIl | 5EIBI10 | 5EIB9 ! SEIBS8
54H [5band E2 Co-efficient 0 SE2A7 | 5E2A6 | S5SE2A5 | 5E2A4 | 5E2A3 | 5E2A2 | 5E2Al | S5E2A0
55H [5band E2 Co-efficient 1 SE2A15 | 5E2A14 | 5E2A13 | 5E2A12 | 5E2Al11 | 5E2A10 | 5E2A9 | S5E2A8
56H [5band E2 Co-efficient 2 SE2B7 | S5E2B6 . SE2B5 | SE2B4 : SE2B3 | SE2B2 | SE2B1 | SE2BO
57H [ 5band E2 Co-efficient 3 SE2B15 | SE2B14 | SE2BI13 | SE2B12 | SE2BI1 | SE2BI0 | SE2B9 | SE2BS
58H [5band E2 Co-efficient 4 5E2C7 | 5E2C6 | 5E2C5 | SE2C4 | 5E2C3 | 5E2C2 | 5E2C1 | S5E2C0
59H | 5band E2 Co-efficient 5 SE2C15 | 5E2C14 | 5B2C13 | 5E2C12 | SE2C11 | SE2C10 | 5E2C9 | S5E2C8
5AH |[5band E3 Co-efficient 0 5E3A7 | 5E3A6 | 5E3A5 | SE3A4 | 5BE3A3 | 5B3A2 | 5E3Al | SE3A0
5BH |5band E3 Co-efficient 1 S5E3A15 | 5E3Al14 | 5E3A13 | 5E3AI2 | SE3AIl | 5E3A10 | 5E3A9 ' 5E3AS8
5CH | 5band E3 Co-efficient 2 5E3B7 | S5E3B6 : SE3B5 | 5E3B4 : SE3B3 | SE3B2 : 5E3B1 ! 5E3B0
5DH [ 5band E3 Co-efficient 3 SE3B15 | 5E3B14 | 5E3BI13 | 5E3B12 | 5E3BI11 | 5E3B10 | 5E3B9 | S5E3BS
5EH | 5band E3 Co-efficient 4 5E3C7 | 5E3C6 | 5E3C5 | SE3C4 | 5E3C3 | 5E3C2 | 5E3C1 | SE3C0
5FH | 5band E3 Co-efficient 5 SE3C15 | 5E3C14 | 5B3CI13 | 5SE3C12 | 5SE3CI1 | SE3C10 | 5E3C9 | S5E3CS
60H [5band E4 Co-efficient 0 5E4A7 | 5E4A6 | S5E4A5 | SE4A4 | 5E4A3 | 5B4A2 | 5E4Al | SE4A0
61H |5band E4 Co-efficient 1 SE4A15 | 5E4Al4 | SE4A13 | SE4A12 | SE4All | SE4A10 | SE4A9 | SE4A8
62H |5band E4 Co-efficient 2 5E4B7 | 5E4B6 | 5E4B5 | SE4B4 | 5E4B3 | 5E4B2 | 5E4B1 | SE4BO
63H [5band E4 Co-efficient 3 SE4B15 | 5E4B14 | 5E4B13 | 5E4B12 | SE4B11 ! SE4B10 | 5E4B9 | 5E4BS
64H [5band E4 Co-efficient 4 SE4C7 | 5B4C6 | 5E4C5 | 5E4C4 | 5E4C3 | 5E4C2 | SE4C1 | 5E4CO
65H [ 5band E4 Co-efficient 5 SE4C15 | 5E4C14 | 5E4C13 | 5E4C12 | 5E4CI11 | 5E4C10 | 5E4C9 | 5E4C8
66H [5band E5 Co-efficient 0 5E5A7 | 5B5A6 | 5BE5AS5 | SESA4 | SE5A3 | SESA2 | SESAI | 5E5A0
67H [ 5band E5 Co-efficient 1 0 | 0 | 5BE5AI3 | SE5AI12 | 5B5Al1 | 5E5A10 | SESA9 | 5E5AS8
68H [5band E5 Co-efficient 2 5E5B7 | 5E5B6 | SE5B5 | SESB4 | 5E5B3 | 5E5B2 | SE5B1 | SESBO
69H |5band E5 Co-efficient 3 0 | 0 ! 5E5BI3 ! 5E5BI2 ! 5E5BII | 5E5BI0 | 5E5B9 | 5ES5BS
R/W R'W | R'W | RW | RW | RW | RW | RW | RW
5E1A13-0, SE1B13-B0: 5-band Equalizer 1 Coefficient (14bit x 2)
Default: SE1A13-0 bits = “003AH”, SE1B13-0 bits = “2074H” (fc=100Hz@fs=44.1kHz)
5E2A15-0, 5E2B15-0, SE2C15-0: 5-band Equalizer 2 Coefficient (16bit x3)
Default: 5E2A15-0 bits = “001DH”, 5E2B15-0 bits = “ 3FBB H”, 5E2C15-0 bits = “E03AH”
(fo,=250Hz, fb,=50Hz@fs=44.1kHz)
SE3A15-0, SE3B15-0, SE3C15-0: 5-band Equalizer 3 Coefficient (16bit x3)
Default: 5E3A15-0 bits = “0073H”, 5E3B15-0 bits = “3E76H”, 5E3C15-0 bits = “EOE6H”
(fos=1kHz, tb;=200Hz@fs=44.1kHz)
5E4A15-0, 5E4B15-0, SE4C15-0: 5-band Equalizer 4 Coefficient (16bit x3)
Default: 5E4A15-0 bits = “0185H”, SE4B15-0 bits = “3589H”, 5E4C15-0 bits = “E30BH”
(fo;=3.5kHz, fb,=700Hz@fs=44.1kHz)
5E5A13-0, SE5B13-B0: 5-band Equalizer 5 Coefficient (14bit x 2)
Default: SESA13-0 bits = “112CH”, SE5B13-0 bits = “3DA9H” (fc=10kHz@fs=44.1kHz)
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Addr |Register Name D7 | D6 | D5 | D4 . D3 | D2 | DI , DO
6AH |5band EQI Gain 0 1 0 i5EQIG5: SEQIG4 | SEQIG3 | SEQIG2 | SEQIGI | 5EQIGO
6BH |5band EQ2 Gain 0 | 0 ! 5EQ2GS5 ! 5EQ2G4 | 5BQ2G3 ! 5EQ2G2 | 5EQ2GI | 5EQ2GO
6CH |5band EQ3 Gain 0 ' 0 !5EQ3G5! 5EQ3G4 | 5EQ3G3 | SEQ3G2 ! SEQ3Gl | 5EQ3G0
6DH | 5band EQ4 Gain 0 ' 0 ! 5EQ4G5 ! SEQ4G4 ! SEQ4G3 | SEQ4G2 | SEQ4GI | S5EQ4GO
6EH | 5band EQ5 Gain 0 | 0 5EQ5GS5 ! 5EQ5G4 ! 5EQ5G3 | 5SEQ5G2 | SEQ5GI | S5EQ5GO
R/W R ! R | RW ! RW | RW | RW ! RW ! RW
Default o ¢ O 1+ O i 1 ¢ 1 1 0 1 0 1 0
5EQ1GS5-0: 5-band Equalizer 1 Gain Setting
Default: 18H (0dB)
5EQ2G5-0: 5-band Equalizer 2 Gain Setting
Default: 18H (0dB)
5EQ3G5-0: 5-band Equalizer 3 Gain Setting
Default: 18H (0dB)
SEQ4G5-0: 5-band Equalizer 4 Gain Setting
Default: 18H (0dB)
5EQ5G5-0: 5-band Equalizer 5 Gain Setting
Default: 18H (0dB)
EQ gain: +12dB(00H) ~ -12dB(30H), 0.5dB step
MS1403-E-01 2012/05

- 146 -




AsahiKASEI

[AK4678]

D7

Addr | Register Name

D6

D5 D4 D3

D2 D1 DO

70H | DRC Mode Control

. DLMAT2 | DLMATI1 | DLMATO | DRGAINI | DRGAINO ; DRCCI | DRCCO

0
R/W R
0

R/W

R/W R/W R/W

. RW R/W R/W
| 0 | 0 | 0

Default

0 |

0 | 0 | 0

DRCC1-0: DRC Enable (Table 64)
00: Disable (default)
01: Low
10: Middle
11: High

When DRCC1-0 bits are “00”, DRC is through (0dB).

DRGAIN1-0: DRC Recovery Speed Setting (Table 66)

Default: “00”

DLMAT2-0: DRC ATT Speed Setting (Table 65)

Default: “000”

Addr | Register Name

D5 D4

D2 D1 DO

71H |NS Control

' DRCMI1 : DRCMO !

' NSLPF | NSHPF | NSCE

R/W

R/W R/W

R/W R/W R/W

o;cog

Default

SEIE I

0 0

0 0 0

NSCE: Noise Suppression Enable
0: Disable (default)
1: Enable

When NSCE bit is “0”, Noise Suppression is through (0dB).

NSHPF: HPF for Noise Suppression Coefficient Setting Enable

0: Disable (default)
1: Enable

When NSHPF bit is “17, the settings of NSHA 13-0 and NSHB13-0 bits are enabled. When NSHPF bit is “0”,

HPF block is through (0dB).

NSLPF: LPF for Noise Suppression Coefficient Setting Enable

0: Disable (default)
1: Enable

When NSLPF bit is “1”, the settings of NSLA13-0 and NSLB13-0 bits are enabled. When NSLPF bit is “0”,

LPF block is through (0dB).

DRCM1-0: DRC Input Signal Setting (Table 40)

Default: “00” (L = Lch, R =Rch)

Addr | Register Name D7 : D6 : D5 : D4 : D3 : D2 . Dl DO
72H |NS Gain & ATT Control 0 i NSGAIN2 | NSGAINI | NSGAINO | 0 .« NSATT2 | NSATT1 : NSATTO
R/W R [ R/W [ R/W . RW R . RW .+ RW R/W
Default 0 0 0 | 1 0 0 | 0 | 1
NSATT2-0: Noise Suppression ATT Speed Setting (Table 44)
Default: “001”
NSGAIN2-0: Noise Suppression Recovery Speed Setting (Table 47)
Default: “001”
2012/05
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Addr |Register Name D7 D6 D5 ¢ D4 ! D3 ! D2 1 DI ! DO
73H |NS On Level NSIAF1 NSIAFO 0 + NSTHL4 | NSTHL3 | NSTHL2 | NSTHL1 | NSTHLO
R/W R/W R/W R R'W « RW | RW . RW R/W
Default 1 0 0 0 i 0 i 0 i 0 i 0
NSTHLA4-0: Noise Suppression Threshold Low Level Setting (Table 42)
Default: “00H” (-36dB)
NSIAF1-0: Moving Average Parameter Setting at Noise Suppression Off (Table 41)
Default: “10” (1024/fs)
Addr |Register Name D7 , D6 , D5 , D4 . D3 D2 1 DI , DO
74H NS Off Level NSOAF1 |« NSOAFO0O | 0 + NSTHH4 | NSTHH3 | NSTHH2 | NSTHH1 | NSTHHO
R/W R/W ; R/W ; R . R'W .+ RW . RW | RW R/W
Default 1 0 0 0 | 0 ' 0 ' 0 ' 0
NSTHH4-0: Noise Suppression Threshold High Level Setting (Table 46)
Default: “00H” (-36dB)
NSOAF1-0: Moving Average Parameter Setting at Noise Suppression On (Table 45)
Default: “10” (16/fs)
Addr |Register Name D7 D6 D5 D4 . D3 . D2 1 DI ' DO
75H |NS Reference Select 0 0 0 0 i NSREF3 | NSREF2 | NSREF1 | NSREF0
R/W R R R R . R'W | RW | RW . R/W
Default 0 0 0 0 ' 0 : 0 : 0 : 0
NSREF3-0: Reference Value at Noise Suppression (Table 43)
Default: “OH” (-9dB)
Addr |Register Name D7 D6 D5 D4 | D3 | D2 | DI | DO
76H |NS LPF Co-efficient 0 NSLA7 NSLA6 NSLAS5 | NSLA4 | NSLA3 | NSLA2 | NSLA1 | NSLAO
77H NS LPF Co-efficient 1 0 0 NSLA13 NSLA12 NSLAI11 | NSLA10 | NSLA9 | NSLAS
78H | NS LPF Co-efficient2 | NSLB7 NSLB6 NSLB5 | NSLB4 | NSLB3 : NSLB2 | NSLBI : NSLBO
79H |NS LPF Co-efficient 3 0 0 NSLBI3 | NSLBI2 ! NSLBII ! NSLBIO | NSLB9 ! NSLBS§
7AH [NS HPF Co-efficient 0 NSHA7 NSHA6 @ NSHAS5 ! NSHA4 ' NSHA3 ! NSHA2 : NSHAI : NSHAO0
7BH _[NS HPF Co-efficient 1 0 0 | NSHAI3 | NSHAI2 | NSHA1l | NSHAI0 | NSHA9 | NSHAS
7CH |NS HPF Co-efficient 2 NSHB7 NSHB6 | NSHB5 ! NSHB4 : NSHB3 : NSHB2 : NSHBI : NSHBO
7DH NS HPF Co-efficient 3 0 0 » NSHB13 ' NSHBI12 : NSHBI11 : NSHB10 : NSHB9 : NSHBS
R/W R/W R/W RW + RW | RW : RW : RW R/W
NSLA13-0, NSLB13-0: Noise Suppression LPF Coefficient (14bit x 2)
Default: “0000H”
NSHA13-0, NSHB13-0: Noise Suppression HPF Coefficient (14bit x 2)
Default: “0000H”
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Addr |Register Name D7 ! D6 D5 i D4 ! D3 : D2 ! DI ! DO

80H |DVLC Filter Select DLLPFI | DLLPFO | DMHPFI ;| DMHPF0 | DMLPF1 | DMLPFO | DHHPFI ; DHHPFO
R/W RW | RW | RW | RW | RW | RW | RW ! RW
Default 0 : 0 : 0 L0 . 0 i 0 i 0 i 0

DHHPF1-0: DVLC High Frequency Range HPF Coefficient Setting Enable (Table 57)
00: Disable (default)
01: 1st order HPF
10: 2nd order HPF
11: N/A
When DHHPF1-0 bits are “01” or “10”, the settings of DHHA13-0 and DHHB13-0 bits are enabled. When
DHHPF1-0 bits are “00”, HPF block outputs “0” data.

DMLPF1-0: DVLC Middle Frequency Range LPF Coefficient Setting Enable (Table 53)
00: Disable (default)
01: 1st order LPF
10: 2nd order LPF
11: N/A
When DMLPF1-0 bits are “01” or “10”, the settings of DMLA13-0 and DMLB13-0 bits are enabled. When
DMLPF1-0 bits are “00”, LPF block of DVLC middle frequency range is through (0dB).

DMHPF1-0: DVLC Middle Frequency Range HPF Coefficient Setting Enable (Table 52)
00: Disable (default)
01: 1st order HPF
10: 2nd order HPF
11: N/A
When DMHPF1-0 bits are “01” or “10”, the settings of DMHA13-0 and DMHB13-0 bits are enabled. When
DMHPF1-0 bits are “00”, HPF block of DVLC middle frequency range is through (0dB).

DLLPF1-0: DVLC Low Frequency Range LPF Coefficient Setting Enable (Table 48)
00: Disable (default)
01: 1st order LPF
10: 2nd order LPF
11: N/A
When DLLPF1-0 bits are “01” or “10”, the settings of DLLA13-0 and DLLB13-0 bits are enabled. When
DLLPF1-0 bits are “00”, LPF block outputs “0” data.

Addr |Register Name D7 | D6 | D5 : D4 | D3 | D2 DI+ DO
81H |DVLC Mode Control | DVRGAIN2 i DVRGAINI | DVRGAINO : DVLMAT2 : DVLMATI : DVLMATO : DAF1 : DAFO0
R/W RW | RW | RW | RW ! RW | RW ! RW | RW

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

DAF1-0: Moving Average Parameter Setting for DVLC (Table 61)
Default: “11” (Default: 2048/fs)

DVLMAT2-0: DVLC ATT Speed Setting (Table 62)
Default: “011”

DVRGAIN2-0: DVLC Recovery Speed Setting (Table 63)
Default: “011”
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Addr |Register Name D7 : D6 ! D5 ! D4 ! D3 : D2 i DI ! DO
82H |DVLCL Curve X1 0 : 0 | VLIX5 | VLIX4 ! VLIX3 ! VLIX2 ! VLIXI | VLIX0
83H |DVLCL Curve Y1 0 : 0 . VLIY5 | VLIY4 ! VLIY3 ! VLIY2 | VLIYI ! VLIY0
84H |DVLCL Curve X2 0 ! 0 | VL2X5 | VL2X4 ! VL2X3 ! VL2X2 | VL2XI ! VL2X0
85H |DVLCL Curve Y2 0 ! 0 | VL2Y5 | VL2Y4 : VL2Y3 | VL2Y2 | VL2YI1 | VL2Y0
86H |DVLCL Curve X3 0 5 0 5 0 1 VL3X4 @ VL3X3 : VL3X2 : VL3X1 : VL3X0
87H |DVLCL Curve Y3 0 : 0 : 0 | VL3Y4 ! VL3Y3 ' VL3Y2 ! VL3Yl : VL3Y0
88H |DVLCL Slope 1 0 I LIG6 : LIG5 : LIG4 : LIG3 ! LIG2 : LIGl | LIGO
89H |DVLCL Slope 2 0 L L2G6 | L2G5 | L2G4  L12G3 : L2G2 | L2Gl | L2GO
8AH |DVLCL Slope 3 0 . L3G6 : 13G5 . L3G4 : L3G3 ! L3G2 : L3Gl ! L3GO
8BH |DVLCL Slope 4 0 . L4G6 | 14G5 | 14G4 | L4G3 | L4G2 | L4Gl | L4GO
8CH |DVLCM Curve X1 0 ! 0 | VMIX5 ! VMIX4 ' VMIX3 ! VMIX2 ! VMIXI ' VMIX0
8DH |DVLCM Curve Y1 0 i 0 | VMIY5 | VMIY4 | VMIY3 | VMIY2 ! VMIY1 | VMIY0
8EH |DVLCM Curve X2 0 : 0 L VM2X5 ¢ VM2X4 @ VM2X3 1 VM2X2 : VM2X1 : VM2X0
8FH |DVLCM Curve Y2 0 | 0 I VM2Y5 | VM2Y4 : VM2Y3 ! VM2Y2 : VM2YI : VM2Y0
90H |DVLCM Curve X3 0 : 0 : 0 | VM3X4 | VM3X3 | VM3X2 | VM3XI | VM3X0
91H |DVLCM Curve Y3 0 ' 0 ' 0 | VM3Y4 | VM3Y3 ! VM3Y2 ! VM3YI | VM3Y0
92H |DVLCM Slope 1 0 I MIG6 | MIG5 | MIG4 | MIG3 | MIG2 | MIGI ! MIGO
93H |DVLCM Slope 2 0 L M2G6 | M2G5 | M2G4 | M2G3 ! M2G2 | M2Gl ! M2GO
94H |DVLCM Slope 3 0 | M3G6 | M3G5 | M3G4 ! M3G3 ! M3G2 | M3GI ! M3GO
95H |DVLCM Slope 4 0 I M4G6 ¢ M4G5 @ M4G4 | M4G3 @ M4G2 | M4Gl ! MA4GO
96H |DVLCH Curve X1 0 | 0 | VHIX5 ! VHIX4 ! VHIX3 ! VHIX2 ! VHIX1 | VHIX0
97H |DVLCH Curve Y1 0 : 0 ! VHIY5 | VHIY4 ! VHIY3 ! VHIY2 ! VHIYl | VHIY0
98H |DVLCH Curve X2 0 ' 0 | VH2X5 | VH2X4 ! VH2X3 | VH2X2 | VH2X1 : VH2X0
99H |DVLCH Curve Y2 0 : 0 | VH2Y5 | VH2Y4 | VH2Y3 | VH2Y2 | VH2Yl ! VH2Y0
9AH |DVLCH Curve X3 0 : 0 : 0 | VH3X4 ! VH3X3 | VH3X2 | VH3XI1 ! VH3XO0
9BH |DVLCH Curve Y3 0 : 0 : 0 | VH3Y4 ! VH3Y3 ! VH3Y2 | VH3Yl ! VH3Y0
9CH |DVLCH Slope 1 0 ! HIG6 ' HIG5 ! HIG4 ' HIG3 ' HIG2 ! HIGI ! HIGO
9DH |DVLCH Slope 2 0 . H2G6 | H2G5 ! H2G4 ! H2G3 ! H2G2 ! H2Gl ! H2GO
9EH |DVLCH Slope 3 0 | H3G6 : H3G5 | H3G4 | H3G3 | H3G2 ! H3Gl ! H3GO
9FH |DVLCH Slope 4 0 | H4G6 | H4G5 | H4G4 | H4G3 | H4G2 : H4Gl ! H4GO
R/W R ! RW | RW | RW ! RW | RW | RW ! RW
Default 0 ; 0 ; 0 b0 0 0 i 0 1 0 i 0
VL1X5-0, VL2X5-0, VL3X4-0: Input Gain Setting for Low Range DVLC Point (Table 49, Table 50)
Default: “00H” (0dB)
VL1Y5-0, VL2Y5-0, VL3Y4-0: Output Gain Setting for Low Range DVLC Point (Table 49, Table 50)
Default: “00H” (0dB)
L1G6-0, L2G6-0, L3G6-0, L4G6-0: DVLC Slope Setting for Low Range (Table 51)
Default: “00H”
VM1X5-0, VM2X5-0, VM3X4-0: Input Gain Setting for Middle Range DVLC Point (Table 49, Table 50)
Default: “00H” (0dB)
VM1Y5-0, VM2Y5-0, VM3Y4-0: Output Gain Setting for Middle Range DVLC Point (Table 49, Table 50)
Default: “00H” (0dB)
M1G6-0, M2G6-0, M3G6-0, M4G6-0: DVLC Slope Setting for Middle Range (Table 51)
Default: “00H”
VH1X5-0, VH2X5-0, VH3X4-0: Input Gain Setting for High Range DVLC Point (Table 49, Table 50)
Default: “00H” (0dB)
VHI1Y5-0, VH2Y5-0, VH3Y4-0: Output Gain Setting for High Range DVLC Point (Table 49, Table 50)
Default: “00H” (0dB)
H1G6-0, H2G6-0, H3G6-0, H4G6-0: DVLC Slope Setting for High Range (Table 51)
Default: “00H”
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Addr |Register Name D7 ! D6 ! D5 ! D4 ! D3 ! D2 i DI ! DO
AOH |DVLCL LPF Co-efficient 0 | DLLA7 | DLLA6 | DLLAS ! DLLA4 ! DLLA3 | DLLA2 ! DLLAI | DLLAO
A1H |DVLCL LPF Co-efficient 1 0 ' 0 ! DLLAI3 | DLLAI2 ! DLLAIl | DLLAIO | DLLA9 | DLLAS
A2H |DVLCL LPF Co-efficient2 | DLLB7 : DLLB6 : DLLB5 : DLLB4 : DLLB3 @ DLLB2 @ DLLBI1 ' DLLBO
A3H |DVLCL LPF Co-efficient 3 0 ' 0 ! DLLBI3 : DLLBI2 : DLLBI11 ' DLLB10 : DLLB9 | DLLBS
A4H |DVLCM HPF Co-efficient 0] DMHA7 : DMHA6 : DMHAS5 : DMHA4 : DMHA3 : DMHA2 ' DMHAI : DMHAO
A5H | DVLCM HPF Co-efficient 1 0 ' 0 | DMHAI3 | DMHA12 | DMHA1l | DMHA10 | DMHA9 | DMHAS
A6H |DVLCM HPF Co-efficient 2| DMHB7 | DMHB6 | DMHB5 : DMHB4 | DMHB3 : DMHB2 : DMHBI1 : DMHBO
A7H | DVLCM HPF Co-efficient 3 0 i 0 | DMHBI3 ;| DMHBI2 | DMHBI1 | DMHBI10 | DMHB9 | DMHBS8
A8H |DVLCM LPF Co-efficient 0 | DMLA7 : DMLA6 | DMLAS5 . DMLA4 .| DMLA3 . DMLA2 : DMLAI | DMLAO
A9H |DVLCM LPF Co-efficient 1 0 . 0 : DMLAI3 ; DMLAI2 ;| DMLAII ; DMLA10 | DMLAY | DMLAS
AAH |DVLCM LPF Co-efficient2 | DMLB7 | DMLB6 | DMLB5 ' DMLB4 : DMLB3 ' DMLB2 ' DMLBI ' DMLBO
ABH |DVLCM LPF Co-efficient 3 0 ' 0 : DMLBI3 : DMLBI2 : DMLBII : DMLBI10 : DMLB9 : DMLBS8
ACH | DVLCH HPF Co-efficient 0 | DHHA7 : DHHA6 : DHHAS : DHHA4 : DHHA3 : DHHA2 : DHHAI : DHHAO
ADH | DVLCH HPF Co-efficient 1 0 ! 0 | DHHAI3 ! DHHAI2 | DHHAII | DHHAI0 | DHHA9 | DHHAS
AEH |DVLCH HPF Co-efficient 2 | DHHB7 | DHHB6 : DHHB5 : DHHB4 : DHHB3 : DHHB2 : DHHBI : DHHBO
AFH |DVLCH HPF Co-efficient 3 0 ' 0 | DHHBI3 ! DHHBI12 | DHHBI1 | DHHB10 | DHHB9 | DHHBS
R/W RW . RW | RW . RW | RW . RW | RW . RW
DLLA13-0, DLLB13-0: DVLC Low Frequency Range LPF Coefficient (14bit x 2)
Default: “0000H”
DMHA13-0, DMHB13-0: DVLC Middle Frequency Range HPF Coefficient (14bit x 2)
Default: “0000H”
DMLA13-0, DMLB13-0: DVLC Middle Frequency Range LPF Coefficient (14bit x 2)
Default: “0000H”
DHHA13-0, DHHB13-0: DVLC High Frequency Range HPF Coefficient (14bit x 2)
Default: “0000H”
MS1403-E-01 2012/05
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[AK4678]

SYSTEM DESIGN

Figure 106, Figure 107and Figure 108 show the system connection diagram for the AK4678. An evaluation board
[AKD4678] demonstrates the optimum layout, power supply arrangements and measurement results.

Digital ;

Digital I/F
1.6 ~3.6V '

Digital Core

Analog

Ground E Ground
=

Top View

O

[Necee

1

P O O
VEE 1 HPR LIN3

1
o0 O
PVDD HPL RIN3
O O
SDA LIN4 IN2+

AK4678

O O

PDN RIN4 LOUT
O O O
LRCK SYNCA ROUT
O O O
SDTOB BICKA SPFIL
O O -0
SDTOA DVDD

SDTIA 1

10
DU Analog

é 1.7~ 2.0V

O O
IN1+ IN1-
O O
IN2- VSS1
O--
VCOM: AVDD
O O
MPWR1 MPWR2
O O
RCP RCN
O o
SvDD SPN
p
o O

1.7~20V !

Note:

- VSS1, VSS2 and VSS3 of the AK4678 should be distributed separately from the ground of external controllers.
- 0.1pF capacitors at power supply pins should be ceramic capacitors. 2.2uF+50% capacitors between the CPA
to CNA pins, the CPB to CNB pins and the VEE to VSS2 pins should be low ESR ceramic capacitors. These
capacitors must be connected as close as possible to the pins.

MS1403-E-01
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,
Digital H Analog
Ground ! Ground

=

MS1403-E-01

0.22u

0.22u

* >
R 4
) % ls%

E(] Head Phone

[AK4678]

} Line In

| |
T
Top View I {f
T . SN
] : ] E 1 1
O O O O: 010 Oo-1YHF——
CNB CNA VEE HPR : LIN3 ! IN1+ IN1-
' 5 1k % 1k
O O O O+ O O "
cPB CPA PVDD HPL RIN3 IN2-t VSSL_ _|_u| I
||l @
TTTTTTTo T 11
O O OO0 O O O
TVvDD VSS2 SDA : LIN4 IN2+ VCOM AVDD 2.2k v
| AK467 N
O 0 o0 o o t—
SDTO SCL PDN : : RIN4 : LOUT MPWR1 MPWR2
O O 0O} i0i O O-
BICK SDTI LRCK : :SYNCA: : ROUT RCP '________R_C_l\{_::
O O O} i0iiO0~ O O
MCKI SYNCB SDTOB: :BICKA: :SPFIL : SVDD SPN :
O O 0000 O
SDTIB : DVDD SPP VSS3

[Ngexe

SDTOA
\

1 SDTIA|
| |

>

:
I

IT,
L

)

Line In

Line Out

Figure 107. Typical Connection Diagram (Analog Input/Output Block)
(In case of Internal Full-differential Mic and External pseudo differential Mic)
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Digital : Analog
Ground 1 Ground
T Top View

| O O O O O O O
. CNB CNA VEE HPR LIN3 IN1+ IN1-
E O O O O O O O
! cPB CPA PVDD HPL RIN3 IN2- vss1
1
Z O O O O O O O
' _TvbD ) vss2  SDA LIN4 IN2+ vVCoM AVDD
I | AK4678
t

Application E '"O O O O O O O

Processor ' _spTO scL PDN RIN4 Lout MPWR1  MPWR2
; 006 OO0 O O O
1 ___BICK SDTI LRCK !  SYNCA ROUT RCP RCN
E O +0O 0 !0 O O O
E MCKI | SYNCB SDTOB: | BICKA SPFIL SVDD SPN
— e 4 1 .

Bluetooth : '"O :"O E Q E E Q O O O

Module ! NCKB | SDTIB |SDTOAI & i iSDTIA DVDD SPP vss3
E
lt—
1

Base Band ]
E

Note:
- All digital input pins should not be left floating.
- When the AK4678 is used by master mode, LRCK and BICK pins are a Hi-Z state until M/S bit becomes “1”.
LRCK and BICK pins of the AK4678 should be pulled-down or pulled-up by the resistor (about 100k<)
externally to avoid the floating state.

Figure 108. Typical Connection Diagram (Digital Block)

MS1403-E-01 2012/05
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1. Grounding and Power Supply Decoupling

The AK4678 requires careful attention to power supply and grounding arrangements. AVDD, PVDD and SVDD are
usually supplied from the system’s analog supply, and DVDD and TVDD are supplied from the system’s digital power
supply. The power-up sequence between supplies (AVDD, PVDD, SVDD, DVDD or TVDD) is not critical. The PDN pin
should be held “L” when power supplies are tuning on. The PDN pin is allowed to be “H” after all power supplies are
applied and settled.

To avoid pop noise at receiver output, headphone outputs, speaker output and line outputs, the AK4678 should be
operated along the following recommended power-up/down sequence.

1) Power-up
- The PDN pin should be held “L” when power supplies are turning on. The AK4678 can be reset by keeping the PDN
pin “L” for 1.5us or longer after all power supplies are applied and settled.
- In the case that the power supplies are separated in two or more groups, SVDD should be powered ON first.

2) Power-down
- Each of power supplies can be powered OFF after the PDN pin is set to “L”.
- In the case that the power supplies are separated in two or more groups, SVDD should be powered OFF last.

VSS1, VSS2 and VSS3 of the AK4678 should be connected to the analog ground plane. System analog ground and digital
ground should be connected together near where the supplies are brought onto the printed circuit board. Decoupling
capacitors should be as near the AK4678 as possible. Especially, the small value ceramic capacitor is to be closest.

2. Voltage Reference

VCOM is a signal ground of this chip. A 1uF electrolytic capacitor attached to the VCOM pin eliminates the effects of
high frequency noise. No load current is allowed to 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 AK4678.

3. Charge Pump

2.2uF+50% capacitors between the CPA to CNA pins, the CPB to CNB pins and the VEE to VSS2 pins should be low
ESR ceramic capacitors. These capacitors must be connected as close as possible to the pins. No load current may be
drawn from the VEE pin.

4. Analog Inputs

The input signal range scales with 1.0 x AVDD Vpp (typ) at MGNL=MGNR=0dB, AVDD=1.8V and single-ended input,
centered around the internal common voltage (typ. 0.47 x AVDD). The input signal must be AC coupled using a
capacitor. The cut-off frequency (fc) is 1/(2nRC).

5. Analog Outputs

Stereo Line outputs and Mono Receiver output are centered at typ. 0.8 x AVDD. Stereo line output (LOUT/ROUT pins)
must be AC —coupled using a capacitor. Receiver output (RCP/RCN pins) should be connected directly to a receiver.
Headphone outputs (HPL/HPR pin) are centered at 0V and should be directly connected to a headphone. Speaker output
is PWM output (Class-D) and it is not necessary to add an external filter such as LC filters.

MS1403-E-01 2012/05
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| CONTROL SEQUENCE (AUDIO)

m Clock Set-up

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

1. PLL Master Mode

Example:

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

Input Master Clock Select at PLL Mode: 11.2896MHz

PDN pin ﬂ Sampling Frequency: 44.1kHz
b @ @ (1) Power Supply & PDN pin = “L" > “H”

PMVCM bit ;’1

(Addr:00H, DO) ' \l/

PMPLL bit (2)Addr:00H, Data:00H
(Addr:04H, DO) Q Addr:03H, Data:F4H

@ Addr:04H, Data: 22H
MCKI pin / Input Addr:05H, Data:02H
(Ad’;/l:/(ir—?lgl) | (3)Addr:00H, Data:01H |

i ‘ 10msec(max) ' \l/

! 1 (5)
BICK pin T ouput | (4)AddroaH, Datar2sH |
LRCK pin ‘l'

| BICK and LRCK output |

Figure 109. Clock Set Up Sequence (1)

<Example>

(1) After Power Up, PDN pin = “L” > “H”.
“L” time of 1.5ps or more is needed to reset the AK4678.

(2) Dummy command(Addr:00H, Data:00H) must be executed before control register is set.
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. Rise-up time of the VCOM pin is 1.5ms
(max) when the external capacitance is 1pF.

(4) PLL lock time is 10ms(max.) after PMPLL bit changes from “0” to “1” and MCKI is supplied from an external

source.
(5) The AK4678 starts to output the LRCK and BICK clocks after the PLL becomes stable. Then normal operation
starts.
MS1403-E-01 2012/05
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2. PLL Slave Mode (BICK pin)

Example:

Audio I/F Format : MSB justified (ADC & DAC)
\ PLL Reference clock: BICK

i BICK frequency: 64fs
i

Sampling Frequency: 44.1kHz
PDN pin <—ﬁ
1

Power Supply

(1) Power Supply & PDN pin =“L" > “H”

PMVCM bit | 11 © > ©
i ' !
(Addr:00H, DO) ; | ‘1’
' ‘ ‘ (2)Addr:00H, Data:00H
PMPLL bit ! ‘ Addr:03H, Data:F3H

(Addr:04H, DO)

! Addr:05H, Data:02H

LRCK pin ‘ / Input 41

BICK pin @ | | (3)Adar00H, Data:01H |
| -
Internal Clock ¢
® | (4)AddroaH, Dat:01H |
Figure 110. Clock Set Up Sequence (2)
<Example>

(1) After Power Up, PDN pin = “L” - “H”.
“L” time of 1.5us or more is needed to reset the AK4678.

(2) Dummy command (Addr:00H, Data:00H) must be executed before control register is set. DIF1-0, FS3-0 and
PLL3-0 bits should be set during this period.

(3) Power Up VCOM: PMVCM bit = “0” - “1”
VCOM should first be powered up before the other block operates. Rise-up time of the VCOM pin is 1.5ms
(max) when the external capacitance is 1pF.

(4) PLL starts after the PMPLL bit changes from “0” to “1” and PLL reference clock (BICK pin) is supplied. PLL
lock time is 2ms(max.).

(5) Normal operation starts after that the PLL is locked.

MS1403-E-01 2012/05
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3. EXT Slave Mode

Power Supply /
e

Example:

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

Input MCKI frequency: 256fs
Sampling Frequency: 44.1kHz

[AK4678]

PDN pin 44—»‘

(1) Power Supply & PDN pin =“L" > “H”

PMVCM bit —p
(Addr:00H, DO) !

MCKI pin

@)

(2)Addr:00H, Data:00H
Addr:03H, Data:FOH
Addr:04H, Data:00H
Addr:05H, Data:02H

¥

| (3) Addr:00H, Data:01H

| Mcki, BICK and LRCK input |

Input
@
LRCK pin
BICK pin Input
Figure 111. Clock Set Up Sequence (3)
<Example>

(1) After Power Up, PDN pin = “L” - “H”.
“L” time of 1.5us or more is needed to reset the AK4678.

(2) Dummy command (Addr:00H, Data:00H) must be executed before control register is set.

DIF1-0, CM1-0 and FS3-0 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. Rise-up time of the VCOM pin is 1.5ms

(max) when the external capacitance is 1pF.

(4) Normal operation starts after the MCKI, LRCK and BICK are supplied.

MS1403-E-01
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4. EXT Master Mode

Power Supply i

Example:

Audio I/F Format: MSB justified (ADC and DAC)
Input MCKI frequency: 256fs
Sampling Frequency: 44.1kHz

[AK4678]

e

PDN pin ﬂ
@

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

PMVCM bit
(Addr:00H, DO)

(2)

v

| @mcKiinput |

¥

(3)Addr:00H, Data:00H
Addr:03H, Data:FOH
Addr:04H, Data:02H
Addr:05H, Data02H

v

| BICK and LRCK output |

2

| (4)Addr00H, Data:01H |

MCKI pin Input
i(a)
MIS bit

(Addr:04H, D1) 41

LRCK pin l

BICK pin ‘ Output

Figure 112. Clock Set Up Sequence (4)

<Example>

(1) After Power Up, PDN pin = “L” - “H”.
“L” time of 1.5us or more is needed to reset the AK4678.

(2) MCKI should be input.

(3) Dummy command (Addr:00H, Data:00H) must be executed before control register is set.
After DIF1-0, CM1-0 and FS3-0 bits are set, M/S bit should be set to “1”. Then LRCK and BICK are output.

(4) Power Up VCOM: PMVCM bit = “0” = “1”

VCOM should first be powered up before the other block operates. Rise-up time of the VCOM pin is 1.5ms

(max) when the external capacitance is 1pF.

MS1403-E-01
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H MIC Input Recording (Stereo)

FS3-0 bits

Example:
PLL Master Mode
Audio I/F Format: MSB justified (ADC & DAC)

[AK4678]

MS1403-E-01

1
o orsy 990X 1111 el Freduency 44 ke
1 MIC Power 1: 2.5V Output
1) '<—>: ALC setting: Refer to Table 34
! ALC: Enable
MIC Control 1
(addroTh, D70) 20N A | AAH [ (1) Addr:04H, DataFxH |
1
1
1
MIC Signal Select ogH i xxH ’ (2) Addr07H, Data: AAH ‘
(Addr:06H) .
® ; | (3 Addr06H, Data: o |
ALC Setting 1 r:06H, Data: Xx
(Addr1aH, 154, 161) < ) : xxH )
1
' 4) Addr:13H, 15H, 16H, Data:xxH
ALC Enable  gon NG o [ @ Addr13n, ataoc |
(Addr:17H) !
® | 5)Addr17H, Datar03H |
ALC State ALC Disable ! ALC Enable |
© | ! | (6)Addro2H, Data01H |
PMMPL bit | : !
(Addr:02H, D0) i | | (7) Addr.00H, Data:33H |
PMADL/R bits @) |
PMPFILbit | ’ Recording ‘
(Addr:00H, D5-4, D1) ' ! ;
: 1059/fs : :
-—P 1 ’ (8) Addr:00H, Data:01H ‘
ADCDOUtIOUt "L" Output Initialize | Normal State| “L" Output J
t
ata ’ (9) Addr:02H, Data:00H ‘

’ (10) Addr:17H, Data:02H ‘

Figure 113. Stereo MIC Input Sequence
(MIC Recording: LINx/RINx — MICL/R - ADCL/R — ALC — Audio I/F — SDTO)

<Example>
This sequence is an example of ALC setting at fs=44.1kHz. If the parameter of the ALC is changed, please refer to
“Example of the ALC setting (Recording Path)”.

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

(1) Set up a sampling frequency (FS3-0 bits). MIC, ADC and Programmable Filter should be powered-up in
consideration of VCOM rise time and PLL lock time after a sampling frequency is changed when the AK4678 is
PLL mode.

(2) Set up Gain for MIC-Amp (Addr: 07H)

(3) Set up MIC Input Selector (Addr: 06H)

(4) Set up REF value for ALC (Addr: 13H) , Timer Select for ALC (Addr: 15H) and ALC mode (Addr: 16H)

(5) ALC Enable (Addr: 17H): ALC bit =“0" — “1”

(6) Power Up MIC Powerl: PMMP1 bit = “0” — “1”

(7) Power Up MIC-Amp, ADC and Programmable Filter: PMADL/R = PMPFIL bits = “0”—>*“1”

The initialization cycle time of ADC is 1059/fs=24ms @ fs=44.1kHz, ADRST bit = “0”. ADC outputs “0” data
during the initialization cycle. After the ALC bit is set to “1”, the ALC operation starts from IVOL value
(8) Power Down MIC-Amp, ADC and Programmable Filter: PMADL/R=PMPFIL 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 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 AK4678 goes to the manual mode (ALC bit =*“0") or ADC
block is powered-down (PMADL = PMADR bits = “0”). IVOL gain is not reset when PMADL = PMADR bits = “0”,
and then IVOL operation starts from the setting value when PMADL or PMADR bit is changed to “1”.

(9) Power Down MIC Power 1: PMMP1 bit = “1” — “0”

(10) ALC Disable: ALC bit=“1" — “0”

2012/05
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H Headphone-Amp Output

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

FS3-0 bits 0000\ 1111 s i%ﬂlgge: Enaie ©
(Addr:03H, D7-4) ! ,
1) ! .
@ iq—p! | (1) Addr:03H, Data FxH |
HPG5-0 bit: V : \ll
- I S 1
(Addr:0FH, D5-0) 23H : 20H | (2) Addr:0FH, Data 20H |
_ @ ®
5EQ bit 0 >< | 1 0 | (3) Addr:17H, Data OAH |
(Addr:17H, D3) ;
1
PMDALIR bits @ | (4) Addr01H, Data 0DH |
PMEQ bit @
(Addr:01H, D3-2, DO)
PMHPLIR bis ©) | (5) Addr:0BH, Data 03H |
(Addr:0BH, D1-0) 28ms|

. v
<
HPL/R pins ov Normal Output ov

|(6)Addr:OBH,Data00H |

v

| (7) Addr:01H, Data 00H |

v

|(8)Addr:l7H,Data02H |

Figure 114. Headphone-Amp Output Sequence
(Headphone Playback: SDTI — Audio I/F — 5-band EQ - DATT-A — DACL/R — HPL/HPR)

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

(D

(2
©)

“
(6]
(6)

(7)
®)

Set up a sampling frequency (FS3-0 bits). DAC and Headphone-Amp should be powered-up in consideration
of VCOM rise time and PLL lock time after a sampling frequency is changed when the AK4678 is PLL mode.
Set up analog volume for HP-Amp (Addr: OFH, HPGS5-0 bits)
Enable 5-band Equalizer: 5EQ bit = “0” - “1” (Frequency Response and gain are selected by Addr =
S50H-6EH.)
Power up DAC and EQ : PMDAL = PMDAR = PMEQ bits = “0” — “1”
Power up Headphone-Amp and charge pump circuit: PMHPL = PMHPR bits = “0” — “1”
The power-up time of HP-Amp block is 28ms. HPL and HPR pins output OV until the power-up time of
HP-Amp block passes.
Power down Headphone-Amp and charge pump circuit: PMHPL = PMHPR bits = “1” — “0”
HPL and HPR pins go to OV.
Power down DAC and EQ: PMDAL = PMDAR = PMEQ bits = “1” — “0”
Disable 5-band Equalizer: SEQ bit = “1” - “0”

MS1403-E-01 2012/05
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B Speaker-Amp Output

[AK4678]

Example :

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

FS3-0 bits : :
(Addr:03H, D7-4) 0000 >:< : —— o EOTeeyer ~9dB
@ ¢ ) !
) ! | (1) Addr:03H, Data FxH |
(Addr10H, D3-0) : | (2 Addr10H, DataBBH |
1
DACSLIR bits ® )
(Addr:09H, D7-6) : | (3) Addr:09H, Data COH |
_ @ i © v
5EQ bit 0 >< ! 1 0 | (4) Addr:17H, Data 0AH |
(Addr:17H, D3) . 7
PMDAL/R bits :
®) )
PMEQ bit | @ | (5) Addr:01H, Data ODH |
(Addr:01H, D3-2, DO) N
PMSPK bit ®) | (6) Addr:oDH, Data 08H |
(Addr:0DH, D4) 32ms| \1,
<>
SPP/SPN pins Hi-z . | ov| Normal output | | Hi-z

|(7)Addr:0DH,Data00H |

v

| (8) Addr:01H, Data 00H |

v

|(9)Addr:l7H,Data02H |

\

| (10) Addr:09H, Data 00H |

Figure 115. Speaker-Amp Output Sequence
(Headphone Playback: SDTI — Audio I/F — 5-band EQ - DATT-A — DACL/R — SPP/SPN)

<Example>

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

(1) Set up a sampling frequency (FS3-0 bits). DAC and Speaker-Amp should be powered-up in consideration of
VCOM rise time and PLL lock time after a sampling frequency is changed when the AK4678 is PLL mode.

(2) Set up analog volume for SPK-Amp (Addr: 10H, SPKG3-0 bits)

(3) Set up the path of “SDTI - DAC - SPK-Amp”: DACSL = DACSR bits = “0” — “1”

(4) Enable 5-band Equalizer: SEQ bit = “0” - “1” (Frequency Response and gain are selected by Addr =

50H-6EH.)

(5) Power up DAC and EQ: PMDAL = PMDAR = PMEQ bits = “0” — “1”
(6) Power up SP-Amp block: PMSPK bit = “0” — “1”
The power-up time of SPK-Amp block is 32ms. SPP and SPN pins output OV until the power-up time of

SPK-Amp block passes.

(7) Power down SPK-Amp block: PMSPK bit = “1” — “0”

SPN and SPP pins go to 0V.

(8) Power down DAC and EQ: PMDAL = PMDAR = PMEQ bits = “1” — “0”
(9) Disable 5-band Equalizer: S5EQ bit = “1” - “0”
(10) Disable the path of “DAC — Speaker-Amp”: DACSL = DACSR bits = “1” — “0”

MS1403-E-01
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W Stereo Line Output

Example:
. PLL, Master Mod
FS3-0 bits 0000 ; 1111 Audio IFF Fomnat. MSB justified (ADC & DAC)
(Addr:03H, D7-4) | Sampling Frequency: 44.1kHz
! ! OVOLC bit = “1"(default)
(1) 14—’: Digital Volume Level: -8dB
) ! LINEOUT Volume Level: ~3dB
LVL2-0 bits 011 010
(Addr:0EH, D2-0) | (1) Addr:03H, Data:FxH
@ v
PESEL bis (2) Addr:0EH, Data:02H
(Addr:18H, DO) Addr:19H, Data:03H
B Addr:14H, Data:05H
) Addr:09H, Data:03H
PFMXL/R1-0 bits 0000 >< 0101
(Addr:14H, D3-0)

DACL/R bits
(Addr:09H, D1-0)

OVL/R6-0 bits OCH ><
(Addr:1DH&1EH, D6-0)

| (3) Addr:1DH&1EH, Data:1CH |

©) [ (4) Addr.0AH, Data:04H |

(5) Addr:01H, Data:0CH
1CH Addr:00H, Data:03H
Addr:0AH, Data:07H

(©)

i v
IadO.PS bit r—\J | (6) Addr:0AH, Data:03H |
(Addr:0AH, D2) T

PMDAL/R bits i | | Playback |
PMPFIL bit : . v
(Addr:00H, D7-6, D1) 5(5) i ™ i | (7) Addr.0AH, Data:07H |
PML/RO bits ! i : :
o [
LOUT pin E : 1 >300 ms i Addr:01H, Data:00H
ROUT pin ' Normal Output !

| (9) Addr:09H, Data:00H |

| (10) Addr:0AH, Data:00H |

Figure 116. Stereo Lineout Sequence
(Lineout Playback: SDTI — Audio I/F - SVOLA — DATT-A — DACL/R — LOUT/ROUT)

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

(M

2

3)

“)
(6]

(6)

(7
®)

(€]

Set up the sampling frequency (FS3-0 bits). DAC and Stereo Line-Amp should be powered-up in consideration
of VCOM rise time and PLL lock time after the sampling frequency is changed when the AK4678 is PLL
mode.
Set up the path of “SDTI > DAC - Stereo Line-Amp”: PFSEL = “0” - “1”, PFMXL1-0 = PFMXR1-0 bits =
“0000” - “0101”, DACL = DACR bits = “0” - “1”
Set up analog volume for Stereo Line-Amp (Addr: 0EH, LVL2-0 bits)
Set up the output digital volume (Addr: 1DH and 1EH)
When OVOLC bit is “1” (default), OVL6-0 bits (1IDH) 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, Programmable Filter and Stereo Line-Amp: PMDAL = PMDAR = PMPFIL = PMLO =
PMRO bits = “0” — “1”
LOUT and ROUT pins rise up to VCOM voltage after PMLO and PMRO bits are changed to “1”. Rise time is
300ms (max.) at C=1pF and AVDD=1.8V.
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, Programmable Filter and Stereo Line-Amp: PMDAL = PMDAR = PMPFIL = PMLO =
PMRO bits = “1” — “0”
LOUT and ROUT pins fall down to VSS1. Fall time is 300ms(max.) at C=1pF and AVDD=1.8V.
Disable the path of “DAC > Stereo Line-Amp”: DACL = DACR bits = “1” > “0”

(10) 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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H Stop of Clock
1. PLL Master Mode

Example:

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

(Addr:04H, DO)

Sampling Frequency: 44.1kHz

External MCKI Input
emn nbd [ WAddroaH, DamozH |
@) \l/
| (2) Stop an external MCKI |
Figure 117. Clock Stopping Sequence (1)
<Example>

(1) Power down PLL: PMPLL bit = “1” — “0”
(2) Stop an external MCKI clock.

2. PLL Slave Mode (BICK pin)

Example
1) Audio I/F Format: MSB justified (ADC & DAC)
PMPLL bit PLL Reference clock: BICK

i BICK frequency: 64fs
(Addr:04H, DO) Sampling Frequency: 44.1kHz

@

External BICK nput | (1) Addro4H, Data:00H |
G \1,
External LRCK Input !
: | (2) Stop the external clocks |
Figure 118. Clock Stopping Sequence (2)
<Example>

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

MS1403-E-01
164 -
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Input Master Clock Select at PLL Mode: 11.2896MHz
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3. EXT Slave Mode
(1)

External MCKI Input E
i Example
i (1) Audio I/F Format:MSB justified(ADC & DAC)
' Input MCKI frequency:256fs

External BICK InpUt ! Sampling Frequency:44.1kHz
L)
1

External LRCK Input | | (1) Stop the external clocks

Figure 119. Clock Stopping Sequence (3)
<Example>

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

4. EXT Master Mode
(1)

External MCKI Input !

i Example
E Audio I/F Format:MSB justified(ADC & DAC)
| npgn o Input MCKI frequency:256fs

BICK OUtpUt ! H"or"L Sampling Frequency:44.1kHz
1
1
1 npn upn

LRCK Output A H"or "L | (1) Stop the external MCKI

Figure 120. Clock Stopping Sequence (4)
<Example>

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

B Power down

Power supply current can be shut down (typ. SOpuA) 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. 1pA) by stopping clocks and
setting the PDN pin = “L”. When the PDN pin = “L”, the registers are initialized.

MS1403-E-01 2012/05
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| CONTROL SEQUENCE (PCM)

m PCM I/F A(Baseband) to PCM I/F B(Bluetooth)

Example:
PCM I/F A/B Format: Linear, Long Frame
MSBSA=BCKPA= ‘0", MSBSB=BCKPB="0"
PCM I/F A Sampling Frequency: 16kHz

Power Supply

o) PCM I/F B Sampling Frequency: 44.1kHz
PDN pin ﬂ—ﬂ BIVOL: -6dB, DATT-C: -6dB
S (6)
i @ @ L ap
PMVCM bit 1 i (1) Power Supply & PDN pin =“L" > “H
(Addr:00H, DO) ‘ @ — \l’
. i (5)
PMOSC bit ‘ T (2)Addr:00H, Data:00H
PMPCMA/B bit i ‘ ! Addr:18H, Data:0BH
PMSRXx bits ! : : Addr:20H, Data:01H
(Addr:1FH, D6-0) i ! Addr:21H, Data:01H
. ! X Addr:24H, Data:18H
SYNCA,?/B pins ! i Input i Addr:26H: Data:02H
BICKA/B pins ~ | ! i : :
= PN 1 Addi 281, Data 0oH
SDTOA pin "0" data ‘ | Normal State "0" data v
g — | (3)Addr:00H, Data:01H |
| 164/fs3, | v
| > ' | @ AddriFH, Data7FH |
SDTOB pin "0" data Normal State "0" data ‘1/

Phone Call

| (5)Addr1FH, Data:00H |

v

| (6)Addro0H, Data:00H |

Note: PMSRx bit means PMSRAI, PMSRAO, PMSRBI and PMSRBO bits

Figure 121. Sequence of PCM I/F A to PCM I/F B
(Baseband RX to Bluetooth TX: SDTIA->PCM I/F A>SRCAI>DATT-C>MIX3->PCM I/F B->SDTOB &
Bluetooth RX to Baseband TX: SDTIB->PCM I/F B>BIVOL->MIX2A>MIX2C->SRCAO>PCM I/F A>SDTOA)

<Example>

(1) After Power Up, PDN pin = “L” = “H”. “L” time of 1.5us or more is needed to reset the AK4678.

(2) Dummy command (Addr:00H, Data:00H) must be executed before control register is set.
OVTMB, BIV2-0, SDOA/BD, FMTA/B1-0, LAWA/B1-0, BCKPA/B, MSBSA/B, CVL6-0, MX2A1-0,
MX2C1-0, MXSB2-0, SBMX1-0 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) Power Up Internal Oscillator, SRCAI, SRCAO, SRCBI, SRCBO, PCM I/F A port and PCM I/F B port.
PMSRBO=PMSRBI=PMPCMB=PMOSC=PMSRAO=PMSRAI=PMPCMA bits: “0” = “1”
SDTOA(SDTOB) outputs data after power-down state is released by inputting SYNCA(SYNCB). This initial
of SRCAO(SRCBO) is 164/fs2(164/fs3) for SDTOA(SDTOB) output enable after power-down state is
released by inputting SYNCA(SYNCB).

(5) Power down Internal Oscillator, SRCAI, SRCAO, SRCBI, SRCBO, PCM I/F A port and PCM I/F B port.
PMSRBO=PMSRBI=PMPCMB=PMOSC=PMSRAO=PMSRAI=PMPCMA bits: “1” = “0”

(6) Power Down VCOM: PMVCM bit = “1” = “0”

MS1403-E-01 2012/05
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B Receiver-Amp Output

PCM I/F A

Example:
PCM I/F AFommat : Linear, Long

Fomate  xox X 00 B0, st
Path Setting o mCy ke oet e
) (1) Addr:09H, Data:20H
PMMIX bit Addr:14H, Data:40H
PMOSC bit @ 12 Addr:20H, Data:01H
PMPCMA bit Addr:25H, Data:00H
PMSRAI bit v

[ 2 Addr:1FH, Data:lBH |

Addr:0DH, Data:03H

156/fs2

1
1
1
(Addr:1FH, D7,3, 1-0) i @ ;
RCVG3-0 bits ! [ (3 Addr10H, Data:9oH |
(Addr:10H, D7-4) 1011 : 1001 v
—_— ) [@ Addr:l7H,\1I/3ata:0AH ]
1
5EQ bit | (5) Addr:1EH, Data:1CH
(Addr:17H, D3) 0 i >< L >< 0 | v |
i ®) [(6)AddrODH, Data:02H |
1
QVRe. 0 bits oOCH ! >< 1CH 7) Addr:01H, Data:09H
(Addr:1EH, D6-0) H (7) Addr:01H, Data: ‘
!
1
1,
1

RCVPS bit

<_>'7I [ (8) Addr:0DH, Data:01H ]
(Addr:0DH, D1) L

@

1
1
1
(0) i [(9) Addr0DH, Data:03H |
!
v

1
1
1
PMDAR bit | |
PMEQ bit i
(Addr01H, D3, 0) @ ! ! ! (10) Addr:0DH, Data:02H ‘
T i ! Addr:01H, Data:00H
PMRCV bit | | 5
(Addr:0DH, DO) , >lms ! L [ (1) Addr17H, Data:02H |
i ' ' '
. I ]
RCP pin ' Normal Outout i [ (12) Addr:1FH, Data:00H |
RCN pin L P i

[ (13) Addr:0DH, Data:00H |
Figure 122. Receiver-Amp Output Sequence

(Baseband Rx: SDTIA—PCM I'F A—>SRCAI->DATT-B—>MIX1R—5-Band EQ—>DATT-A—DACR—RCP/RCN)

<Example>
At first, audio clocks should be supplied according to “Clock Set Up” sequence. DAC and Receiver-Amp should be
powered-up in consideration of VCOM rise time

(M

)

3)
)

)

(6)
()
®)

)

Set up the format of PCM I/F A(FMTA1-0, LAWA1-0, BCKPA, MSBSA bits) and the path of “SDTIA >
DAC - Receiver-Amp”’(MX1R2-0 bits = “000” - “000”, SRMXR1-0 bits = “00” - “01”, DACRR bit = “0”
2> “17)
Power-up Internal Oscillator, MIX1 block and SRCAIL: PMMIX = PMOSC=PMSRAI = PMPCMA bits = “0”
— “1”. The initial time of SRCAI is 164/fs2 after SYNCA clock is supplied.
Set up analog volume for Receiver-Amp (Addr: 10H, RCVG3-0 bits)
Enable 5-band Equalizer: SEQ bit = “0” - “1” (Frequency Response and gain are selected by Addr =
50H-6EH.)
Set up the output digital volume (Addr: 1EH)
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 Receiver-Amp: RCVPS bit = “0” 2 “1”
After passing the initial time of SRCAI, the Receiver-Amp should enter power-save mode.
Power-up DAC, EQ and Receiver-Amp: PMDAR = PMEQ = PMRCV bits = “0” — “1”
The RCN pin rises up to VCOM voltage after PMRCV bit is changed to “1”.
Exit power-save mode of Receiver-Amp: RCVPS bit = “1” > “0”
RCVPS bit should be set to “0” after the RCN pin rises up. Receiver-Amp goes to normal operation by setting
RCVPS bit to “0”.
Enter power-save mode of Receiver-Amp: RCVPS bit: “0” > “1”

(10) Power-down DAC, EQ and Receiver-Amp: PMDAR = PMEQ = PMRCYV bit = “1” — “0”

Receiver-Amp becomes to power-down mode.

(11)Disable 5-band Equalizer: 5EQ bit = “1” > “0”
(12) Power-down Internal Oscillator, MIX1 block and SRCAIL: PMOSC = PMMIX = PMSRAI and PMPCMA bits

— “1’7 N “0”

(13) Exit power-save mode of Receiver-Amp: RCVPS bit = “1” > “0”

RCVPS bit should be set to “0” after Receiver-Amp power-down.
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PACKAGE

49pin CSP

2.96 £ 0.03

2.96 +£0.03

0.385 +0.016

<
<%

0.134 + 0.02
(0.025)

0.519 + 0.029

Bottom View

B Material & Lead finish

Package molding compound:

Solder ball material:

MS1403-E-01

Epoxy, Halogen (bromine and chlorine) free

SnAgCuNi

- 168 -

]
\49 - ¢ 0.237 + 0.035/ - 0.027 I$'| $0.015 ®|C|A|B|
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MARKING

MS1403-E-01

4678
XXXX

A

XXXX: Date code (4 digit)

Pin #A

1 indication
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REVISION HISTORY

Date (YY/MM/DD) | Revision | Reason Page/Line | Contents
12/04/20 00 First Edition
12/05/14 01 Error 3, 5~8, 47, | Pin names were corrected.
Correction 48, 130, LIN2/IN2+ — LIN2/IN2-
152~154 RIN2/IN2- — RIN2/IN2+
IMPORTANT NOTICE

These products and their specifications are subject to change without notice.
When you consider any use or application of these products, please make inquiries the sales office of Asahi Kasei
Microdevices Corporation (AKM) or authorized distributors as to current status of the products.
Descriptions of external circuits, application circuits, software and other related information contained in this
document are provided only to illustrate the operation and application examples of the semiconductor products. You
are fully responsible for the incorporation of these external circuits, application circuits, software and other related
information in the design of your equipments. AKM assumes no responsibility for any losses incurred by you or third
parties arising from the use of these information herein. AKM assumes no liability for infringement of any patent,
intellectual property, or other rights in the application or use of such information contained herein.
Any export of these products, or devices or systems containing them, may require an export license or other official
approval under the law and regulations of the country of export pertaining to customs and tariffs, currency exchange,
or strategic materials.
AKM products are neither intended nor authorized for use as critical componentsyoter) in any safety, life support, or
other hazard related device or systemygie2), and AKM assumes no responsibility for such use, except for the use
approved with the express written consent by Representative Director of AKM. As used here:
Notel) A critical component is one whose failure to function or perform may reasonably be expected to result,
whether directly or indirectly, in the loss of the safety or effectiveness of the device or system containing it, and
which must therefore meet very high standards of performance and reliability.
Note?2) A hazard related device or system is one designed or intended for life support or maintenance of safety
or for applications in medicine, aerospace, nuclear energy, or other fields, in which its failure to function or
perform may reasonably be expected to result in loss of life or in significant injury or damage to person or
property.
It is the responsibility of the buyer or distributor of AKM products, who distributes, disposes of, or otherwise places
the product with a third party, to notify such third party in advance of the above content and conditions, and the buyer
or distributor agrees to assume any and all responsibility and liability for and hold AKM harmless from any and all
claims arising from the use of said product in the absence of such notification.
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