AsahiKASEI [AK4679]

AkM AK4679
24bit Stereo CODEC with DSP and MIC/RCV/HP/SPKI/LINE-AMP

| GENERAL DESCRIPTION |
The AK4679 is a 24bit stereo CODEC and a built-in Microphone-Amplifier, Receiver-Amplifier, Mono
Class-D Speaker-Amplifier, Cap-less Class-G Headphone-Amplifier and Line-Amplifier as well as
HF/Audio DSP. The AK4679 features AKM DSP core to deal with hands free function for wide band and
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
AK4679 can automatically adjust the volume to a comfortable level that has no distortion and provides
great flexibility. The AK4679 is available in a 78pin BGA, utilizing less board space than competitive
offerings.

| FEATURES |
4 CODEC&Amp block
1. Recording Function (Stereo CODEC)
¢ 4 Stereo Input Selectors
¢ 4 Stereo Inputs (Single-ended) or 3 Mono Input (Full-differential)
e MIC Ampilifier: +24dB ~ -6dB, 3dB step
e 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)
¢ Stereo Digital MIC Interface
¢ Wind-noise Reduction Filter
¢ Stereo Separation Emphasis
¢ 3-band Programmable Notch Filter
« Audio Interface Format: 24/16bit MSB justified, 24/16bit I°S, 16bit DSP Mode
2. Playback Function (Stereo CODEC)
¢ Digital Volume (+6dB ~ -57.0dB, 0.5dB Step, Mute)
¢ Digital ALC (Automatic Level Control): +36dB ~ -54dB, 0.375dB Step, Mute
¢ Stereo Separation Emphasis
¢ Dynamic Range Control
¢ 5-band Parametric Equalizer
¢ 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 @ 16Q2
- Analog Volume: +6 ~ -62dB & Mute, 2dB Step
- Zero crossing Detection
- Pop Noise Free at Power-ON/OFF
¢ Mono Class-D Speaker-Amp
- BTL Output
- Short Protection Circuit
- Output Power: 1.1W @ 8Q, SVDD=4.2V, THD+N =10%
0.89W @ 80, 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 IS, 16bit DSP Mode
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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

L 4 DSP block
9. Embedded DSP

- Flexible programming with built-in program and data memories

- Hardware accelerator

- Word length: 24bit (Data RAM 24bit floating point)

- Multiplier 20 x 20 > 40bit (double precision available)

- Divider 20 / 20 > 20bit

- ALU: 44bit arithmetic operation (with overflow margin 4bit)
24bit floating point arithmetic and logic operation

- Program RAM: 4096w x 36bit

- Coefficient RAM: 2048w x 20bit

- Data RAM: 2048w x 24bit (24bit floating point)

- Offset Register: 32w x 15bit

- Delay RAM: 16384w x 24bit (24bit floating point)

- 5625 steps at fs16KHz, 1875 steps at fs48KHz

- Internal clock generator
10. DSP Serial Audio Interface Format

- 24bit Left justified, I°S,

- 16/24 bit linear, 8bit A-law, 8bit y-law PCM

- Sampling rate 8 KHz ~ 48 KHz

- Up/Down sampling rate converter for Port#2 (8KHz — 16KHz)
11. Operational, sleep, suspend mode
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2 General

12. uP I/F: I’C Bus (Ver 1.0, 400kHz Fast Mode), SPI (DSP block only)
13. Ta=-30 ~ 85°C
14. Power Supply:

¢ SVDD (SPK/RCV/LINE-Amp): 3.0~ 5.5V
e AVDD (Analog): 1.7 ~2.0V
e DVDD (Digital Core): 1.7 ~2.0V
e PVDD (HP-Amp & Charge Pump): 1.7 ~2.0V
o TVDDA, TVDDE (Digital I/F): 1.6 ~ 3.6V
e VDDE (DSP Core) 11~13V

15. Package : 78pin FBGA(4.5 x 4.5 mm, 0.4mm pitch)
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Figure 1. Analog Block Diagram
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. Offset Reg
Pointer CPO, CP1 DPO, DP1 DLPO, DLP1 39w x 15-Bit
| I
Coefficient RAM Data RAM Delay RAM
2048w x 20-Bit 2048w x 24-Bit 16384w x 24-Bit
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[
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PC
Stack: 5 levels(max)
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40-Bit | 2 X 16/24-Bit DINZ2
A B | 2 x 16/24-Bit DIN1
ALU | 2 x 16/24-Bit DOUT4
44-Bit 2 x 16/24-Bit DOUTS3
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DRO~ 3 |
40-Bit
: Accelerator
Over Flow Data
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Figure 4. DSP Core
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m Ordering Guide
AK4679EG —30 ~ +85°C 78pin BGA (0.4mm pitch) Black type
AKD4679 Evaluation board for AK4679
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AsahiKASEI [AK4679]
| PIN/FUNCTION |
No. | Pin Name | 1/0 | Function
Power Supply
A6 AVDD - | Analog Power Supply Pin, 1.7 ~ 2.0V
A7 VCOM O | Common Voltage Output Pin
A8 VSSI - Ground 1 Pin
El DVDD - Digital Core Power Supply Pin, 1.7 ~ 2.0V
J6 TVDDA - Digital /0O Power Supply Pin, 1.6 ~ 3.6V
J7 VSS2 - Ground 2 Pin
Al1,A3 | SVDD - Analog Amp Power Supply Pin, 3.0 ~ 5.5V
B2,B3 | VSS3 - Ground 3 Pin
F9 PVDD - HP-Amp & Charge Pump Power Supply Pin
H9 VSS5 - Ground 5 Pin
F8,G8 | VEE - Charge Pump Circuit Negative Voltage Output Pin
HS CPA O [ Positive Charge Pump Capacitor Terminal A Pin
G9 CNA 1 Negative Charge Pump Capacitor Terminal A Pin
J8 CPB O | Positive Charge Pump Capacitor Terminal B Pin
J9 CNB I Negative Charge Pump Capacitor Terminal B Pin
AS MPWRI1 O [ MIC Power Supply 1 Pin
B5 MPWR2 O | MIC Power Supply 2 Pin
Audio Interface
I3 MCKI I External Master Clock Input Pin
J5 BICK 1/0 | Audio Serial Data Clock Pin
H5 LRCK 1/0 | Input / Output Channel Clock Pin
J4 SDTI I Audio Serial Data Input Pin
H6 SDTO O | Audio Serial Data Output Pin
PCM Interface
G2 BICKA I Serial Data Clock A Pin
G4 SYNCA 1 Sync Signal A Pin
E2 SDTIA I Serial Data Input A Pin
12 SDTOA O | Serial Data Output A Pin
H2 BICKB I Serial Data Clock B Pin
H3 SYNCB 1 Sync Signal B Pin
J1 SDTIB I Serial Data Input B Pin
H4 SDTOB O | Serial Data Output B Pin
Analog Input
| LINT | T __|Lch Analog Input 1 Pin (MDIF1 bit = “0”: Single-ended Input, DMIC bit ="07) |
€9 |INI+ | I __| Positive Line Input 1 Pin (MDIF1 bit = “1”; Full-differential Input, DMIC bit =07)__|
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) _____|
C8 [INI- | I | Negative Line Input 1 Pin (MDIF1 bit = "1”: Full-differential Input, DMIC bit = "07) _
DMCLK O | Digital Microphone Clock Pin (DMIC bit = “17)
A9 PEINZ ] I fLchAnalog Input2 Pin (MDIF2 bit = *0™: Single-ended Input) |
IN2- I Negative Line Input 2 Pin (MDIF2 bit = “1”: Full-differential Input)
Bo | RIN2 | I | RchAnalogInput2 Pin (MDIF2 bit="0" Single-ended Inpu) |
IN2+ I Positive Line Input 2 Pin (MDIF2 bit = “1”: Full-differential Input)
po LIN3____ ] I |LchAnalogInput3 Pin (MDIF3 bit ="0™: Single-ended Input) |
IN3+ I Positive Line Input 3 Pin (MDIF3 bit = “1”: Full-differential Input)
pg |RIN3____ | I_|RchAnalogInput3 Pin (MDIF3 bit =*0": Single-ended Input)
IN3- I Negative Line Input 3 Pin (MDIF3 bit = “1”: Full-differential Input)
F7 LIN4 I Lch Analog Input 4 Pin
E7 RIN4 1 Rch Analog Input 4 Pin
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AsahiKASEI [AK4679]
PIN/FUNCTION (Cont.) |
No. | PinName | 1/O | Function
Analog Output
Be |ROUT | O __| Reh Stereo Line Output Pin (LODIF bit =07 Stereo Line Output) |
LON O | Negative Line Output Pin (LODIF bit = “1”: Full-differential Mono Output)
g7 [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)
A4 RCP O | Receiver-Amp Positive Output Pin
B4 RCN O | Receiver-Amp Negative Output Pin
E8 HPL O | Lch Headphone-Amp Output Pin
E9 HPR O | Rch Headphone-Amp Output Pin
Bl SPP O | Speaker-Amp Positive Output Pin
A2 SPN O | Speaker-Amp Negative Output Pin
Speaker-Amp Filter Pin
cl SPFIL 0 pConnec‘[ 2?2nF between SPFIL pin and VSSI.
Control Interface for Audio Block
Go6 SCLA 1 Control Data Clock Pin
H7 SDAA I/0 | Control Data Input Pin
Power-Down Mode Pin
G7 PDNA I “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/O pins (LRCK, BICK and SDAA pins) should be processed appropriately.

NO I Pin Name | 1/O0 | Function
DSP 1/0
Gl |VDDE - |[Core Power Supply Pin 1.2V
D1 |TVDDE - |I/O power Supply Pin 1.6~3.6V
F1 |VSS4 - |Ground pin OV
Power-Down Mode Pin
D7 |PDNE I |“H”: Power-up, “L”: Power-down, reset the control register.
The AK4679 DSP must be reset once upon power-up.
a3 STO 0 Status Output Pin (STRDY bit = “0”)
RDY | Data Write Ready output pin for control /F (STRDY bit=*1") |
G5 |SYNCI I |Frame Sync 1 pin
Serial Data Clock 1 Pin
F6  |BCLKI I AK4679 DSP goes into stanby state when BCLK is not present.
F5 |SDIN1 I [Serial Data Input 1 Pin
H1 |SDOUT1 O |Serial Data Output 1 Pin
D6 |SYNC2 O [Frame Sync 1 pin
F2 |BCLK2 O |Serial Data Clock 2 Pin
D3 |SDIN2 I |Serial Data Input 2 Pin
C4 |SDOUT2 O [Serial Data Output 2 Pin
Ds |SYNG3 ] | [FrameSync3pin (SELPTbit="1") |
JX1 Conditional Jump 1 Pin (SELPT bit = “0”)
p3 IBCLK3 | | |SerialDataClock3Pin (SELPT bit="17) |
JX0 Conditional Jump 0 Pin (SELPT bit = “0”)
E3 |SDIN3 I |Serial Data Input 3 Pin
;4 [SDOUT3 | " [Serial Data Qupue3Pin (SELDO3bit="07) |
GP0 DSP Programmable output 0 Pin (SELDO3 bit = “1")
C3 |SDIN4 I |Serial Data Input 4 Pin
MS1402-E-02 2012/08
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py |SDOuUT4 | o [|Serial Data Output4Pin (SELDO4bit="0") |
GP1 DSP Programmable output 1 Pin (SELDO4 bit = “1”)

C2 |12CE I [Control Interface Mode Select Pin for DSP Block  “H”: I2CE, “L”: SPI

c7 ISCLK | p [Serial Clock Inputpin SPI(I2CEpin="L") |
CADO Slave Address 0 Input pin 12C (I2CE pin = “H”)

Bg |SSN_______ p [Chipselectpin ] SPI(I2CEpin="L") |
SCLE Control Interface clock input pin 12C (I2CE pin = “H”)
SO O [Serial data output pin SPI (12CE pin = “L”)

3 SDAE I/O |Control Interface input/output acknowledge pin 12C (I2CE pin = “H”)

ce IS [ [Seraldataimputpin SPI(I2CEpin="L") |
CADI1 Slave Address 1 Input pin 12C(I2CE pin = “H”)

E4 |TEST I [Test pin (pull-down resistor) must be connected to VSS4.

Note 2. All input pins must not be allowed to float.
Note 3. I2CE and CADO/1 pins must be fixed to “L” (VSS4) or “H” (TVDDE).

m 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
MPWR1, MPWR2, 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—, LIN1/IN1+, CPA, CNA, CPB, CNB,
VEE, SPFIL

SDTO, SDTOA, SDTOB These pins should be open

STO/RDY, SDOUT3/GPO, SDOUT4/GP1_ |~~~ "7 "~~~ "7 L
gﬁ%ﬁ%’sgg]’ CSI]BD TIA, SDTIB, BICKA, SYNCA, These pins should be connected to VSS2.

Digital LRCK. BICK These pins should be connected to VSS2
’ and M/S bit should be set to “0”.
SYNCI1, BCLK1, SDIN3, SDIN4, SYNC3/JX1, .
BCLK3/JX0, TEST These pins should be connected to VSS4

m Pin States in DSP Power-down Mode

The table below shows pin states when the PDNE pin= “L”.

NO | PinName | I/O Pin state
L
G [PXO o |V
RDY
H1 |SDOUTI O | SDIN2 data output
D6 |SYNC2 O |SYNCI data output
F2 |BCLK2 O |[BCLKI1 data output
C4 |SDOUT2 O [SDINI data output
SDOUT3 SDIN4 data output
F4 GPo 0]
D2 SbouT4 o SDIN3 data output
GP1
cs 39| O__|Lowlevel (I2CE pin = 7L7: SP1) |
SDAE 1/0 |Hi-z (I2CE pin = “H” :I’C)
MS1402-E-02 2012/08
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| ABSOLUTE MAXIMUM RATINGS |
(VSS1=VSS2=VSS3=VSS4=VSS5=0V; Note 4, Note 5)

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 (Codec) TVDDA -0.3 6.0 v
DSP Core VDDE -0.3 1.6 \Y%
Digital /0O (DSP) TVDDE -0.3 4.1 \
Input Current, Any Pin Except Supplies 1IN - +10 mA
Analog Input Voltage (Note 6) VINA -0.3 AVDD +0.3 \Y
Digital Input Voltage (Note 8) VINDI1 -0.3 TVDD + 0.3 \%
Digital Input Voltage (Note 7) VINDE —0.3 TVDDE + 0.3 \%
Ambient Temperature (powered applied) Ta -30 85 °C
Storage Temperature Tstg —65 150 °C
Maximum Power Dissipation Pd — 1 \%

Note 4. All voltages with respect to ground.
Note 5. VSS1 to VSS5 must be connected to the same analog ground plane.
Note 6. RIN4, LIN4, RIN3/IN3—, LIN3/IN3+, RIN2/IN2+, LIN2/IN2-, RIN1/IN1-, LIN1/IN1+ pins
Note 7. SDTI, LRCK, BICK, MCKI, PDNA, BICKA, SYNCA, SDITA, BICKB, SYNCB, SDTIB, SCLA and SDAA
pins. Pull-up resistors at SDAA and SCLA pins should be connected to (TVDDA+0.3)V or less voltage.
Note 8. SYNC1/2/3, BCLK1/2/3, SDIN1-4, SDOUT1-4, 12CE, STO/RDY, SCLK/CAD, SI/CADO, CSN/SCLE and
SO/SDAE. Pull-up resistors at SDAE and SCLE pins should be connected to (TVDDEA+0.3)V or less voltage.

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

MS1402-E-02 2012/08
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I RECOMMENDED OPERATING CONDITIONS |
(VSS1=VSS2=VSS3=VSS4=VSS5=0V; Note 4)
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 \Y%
(Note 9) | HP-Amp & Charge Pump PVDD 1.7 1.8 2.0 v
Digital Core DVDD 1.7 1.8 2.0 v
Digital I/0 (Codec) TVDDA 1.6 1.8 3.6 A%
DSP Core VDDE 1.1 1.2 1.3 A%
Digital I/O (DSP) TVDDE 1.6 1.8 3.6 \Y
Difference AVDD - PVDD -0.2 - 0.2 A%
AVDD - DVDD -0.2 - 0.2 \Y
PVDD - DVDD —0.2 — 0.2 \Y%

Note 4. All voltages with respect to ground.

Note 9. The power-up sequence between supplies (AVDD, SVDD, PVDD, DVDD or TVDD) is not critical. The PDNA
pin should be held “L” when power supplies are tuning on. The PDNA pin is allowed to be “H” after all power
supplies are applied and settled. The AK4679 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, VDDE, TVDDE and TVDDA can be powered OFF (Power is not applied)
when SVDD is powered ON (Power is applied) with both PDNA and PDNE pin “L”. When
turning on AVDD, PVDD, DVDD, VDDE, TVDDE and TVDDA again in this case, the PDNA pin
must be “L” until all other power supplies are powered ON. Also, when turning off AVDD,
PVDD, DVDD, VDDE, TVDDE and TVDDA both the PDNA and PDNE 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.
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ANALOG CHARACTERISTICS (CODEC)

(Ta=25°C; AVDD=PVDD= DVDD=TVDDA= TVDDE=1.8V, SVDD=4.2V, VDDE=1.2V;
VSS1=VSS2=VSS3=VSS4 =VSS5 =0V; Signal Frequency=1kHz; 24bit Data; fs=44.1kHz, BICK=64{s; 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 10)

GainSetting | o pERNURR R 24 | 4B

Step Width - 3 - dB

MIC Power Supply: MPWRI1, MPWR?2 pin
Output Voltage (Note 11) 2.3 2.5 2.7 \Y
Load Resistance 1.0 - - kQ
Load Capacitance - - 30 pF
Output Noise Level (A-weighted) - -107 - dBV
PSRR (Note 12)

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 13) gjrgi i;‘; -------- 0 1_2_6(_)24""" — 12§7 -------------- 0129580 ----------- X gf)

S/(N+D) (~1dBFS) gjg;g {‘5‘3 --------- O e R
D-Range (~60dBFS, A-weighted) gj&g 1‘5‘; --------- 2 e R R
E— TN . — R — S
Interchannel Isolation (Note 16) gjlgtz 1;‘; --------- 7_5 --------------- ) 9000 ------------------ : i i jg ---
Interchannel Gain Mismatch (Note 16) 8:1122 ig ---------- : ----------------- 8 82 35

Note 10. In case of full-differential input, MGAIN (min)=-3dB

Note 11. 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 12. PSRR is referred to SVDD with 500mVpp sine wave.

Note 13. Input voltage which means ADC full-scale voltage 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).

Note 14. MGNL3-0=MGNR3-0 bits = “BH” (+18dB).
In case of Full-differential, S/(N+D) =75dB, DR=S/N=81dB
Note 15. MGNL3-0=MGNR3-0 bits = “5H” (0dB).
In case of Full-differential, S/(N+D) =79dB, DR=S/N=91dB
Note 16. This is a value between Lch and Rch of each input.

MS1402-E-02

IN+= 1.0 x AVDD(typ), IN- =0V (IN- pin should be connected to VSS1.)
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AsahiKASEI [AK4679]
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 17) 1.62 1.8 1.98 Vpp
S/(N+D) (0dBFS) 70 80 - dB
S/N (A-weighted) 82 92 - dB
Interchannel Isolation 85 95 - dB
Interchannel Gain Mismatch - 0 0.8 dB
Load Resistance 10 - - kQ
Load Capacitance - - 30 pF
PSRR (Note 18)
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”, R; =10k for each pin (Full-differential)
Output Voltage (Note 19) 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 i ) KO
(Note 20)
Load Capacitance (LOP/LON pins, respectively) ) ) 30 PF
(Note 21)
PSRR (Note 18)
217Hz - 70 - dB
1kHz - 70 - dB

Mono Receiver-Amp Output Characteristics:

DAC(Stereo, Note 22) — RCP/RCN pins, ALC=0OFF, IVOL=0dB, OVOL=0dB, RCVG=-6dB, R;=32Q, BTL; unless

otherwise specified.

Output Voltage (Note 23)

odBFS a6 | 19 | 216 | Vpp _

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

odBFS T 0 [ S I T

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 21) - - 30 pF
PSRR (Note 18)

217Hz - 75 - dB

1kHz - 75 - dB
Note 17. Output voltage is proportional to AVDD voltage. Vout = 1.0 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

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

Note 18. PSRR is referred to SVDD with 200mVpp sine wave.

Note 19. Output voltage is proportional to AVDD voltage. Vout = (LOP) — (LON) = 2.0 x AVDD Vpp(typ)

Note 20.
these.

Note 21.
load capacitance for each output pin doubles. Therefore, it is necessary to decide load capacitance in
consideration of these.

Note 22. Input signal of left and right channels is same phase and level.

Note 23. 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.

MS1402-E-02
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Parameter |

min

typ |

max

| Unit

Headphone-Amp Characteristics: DAC(Stereo, Note 22) - HPL/HPR pins, ALC=OFF, IVOL=0dB, OVOL=0dB,
HPG=0dB, R;=32Q

Output Voltage (Note 24)

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 25) - - 300 pF
PSRR (Note 26)

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

DC-offset (HPG < —4dB) -1 0 1 mV

Speaker-Amp Characteristics: DAC(stereo, Note 27) — SPP/SPN pins, ALC=OFF, IVOL=0dB, OVOL=0dB,
SPKG=-—6dB, R; =80 + 10uH

Output Power

SVDD=50V,THDN=10% | S A R W

SVDD=42V, THD*N=10% [ " S N I W

SVDD=42V, THDN=1% [ S 089 | T W

SVDD=3.7V, THD+N = 1% - 0.69 - W
Output Voltage (—3dBFS) (Note 28) 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 29) - -82 =73 dBV
Load Resistance 8 - - Q
Load Capacitance (Note 25) - - 300 pF
PSRR (Note 30)

217Hz - 63 - dB

1kHz - 63 - dB
DC-offset -10 0 10 mV
Current Limit (Note 31) - 40 80 mA
Note 24. 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 25.
Note 26.
Note 27.
Note 28
Note 29.
Note 30.
Note 31

Load Capacitance for VSS1.

890mW.

MS1402-E-02

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

MS1402-E-02 2012/08
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Parameter min | typ | max | Unit
Power Supply Current:
Power Up (PDNE and PDNA pin = “H”, All Circuits Power-up)
AVDD + DVDD + PVDD + | Note32) | - 1. 62 1 - mA
TVDDA +TVDDE (Note 33) - 9.6 14.4 mA
SVDD (No Load) (Note32) | S R A 1 mA__
(Note 33) - 4.2 6.3 mA
VDDE (Note 36) 3.1 mA
Power Down (PDNA pin = PDNE pin = “L”) (Note 34)
AVDD + PVDD + DVDD + TVDDA ) 1 10 HA
+TVDDE+ SVDD
SVDD (Note 35) - 0 10 uA
VDDE 2.4 8 A
Note 32. EXT Slave Mode, fs=44.1kHz, No input, No load, PMADL = PMADR = PMDAL = PMDAR = PMPFIL =

Note 33.

Note 34.

Note 35.

Note 36.

PMEQ =PMDRC =PMLO = PMRO = PMHPL = PMHPR = PMSPK = PMRCV = PMVCM bits = “1”, PMPLL
=PMMPI1 =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 =
PMMP1 = 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
MPWRI1 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 TVDDA, TVDDE or VSS2, VSS4.

AVDD, DVDD, PVDD, TVDDA, VDDE and TVDDE are powered OFF.

fs=8 kHz 16 bit (FSD bits=0h, LAW bits = Oh, DIFD bit = 3h, TESTC bits = 1h, DSP running with programmed
connecting DIN1 with DOUT2 and DIN2 with DOUT1.

B Power Consumption for Each Operation Mode

Condition: Ta=25°C; AVDD=DVDD=PVDD=TVDD =1.8V, SVDD=4.2V; VDEE=1.2V,

VSS1=VSS2=VSS3=VSS4=VSS5=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/RIN1 - ADC (Note 37) 1.93 0.74 0.1 0.003 5.0
DAC - Lineout (Note 38) 1.27 0.46 0.02 0.9 6.9
DAC - HP (Note 39) 0.82 1.21 0.02 0.003 3.7
DAC = RCV (Note 40) 1.22 0.44 0.02 1.3 8.5
DAC - SPK (Note 41) 1.75 0.44 0.02 1.35 9.4
PCMI/FA->PCMIFB&

PCM I/F B > PCM I/F A (Note 42) 0.21 119 0.1 0.003 27

Note 37.
Note 38.
Note 39.
Note 40.
Note 41.
Note 42.

MS1402-E-02

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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SRC CHARACTERISTICS

(Ta=25°C; AVDD=PVDD= DVDD=TVDDA=TVDDE =1.8V, SVDD=4.2V, VDDE=1.2V;

VSS1=VSS2=VSS3=VSS4 =VSS5 =0V; Signal Frequency=1kHz; 16bit Data; Measurement Bandwidth=20Hz ~

FSO/2kHz; 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 43)

FSO/FSI = 44.1kHz/8kHz - —88 - dB
Dynamic Range (Input = 1kHz, —60dBFS, Note 43)

FSO/FSI = 44.1kHz/8kHz - 98 - dB
Ratio between Input and Output Sample Rate FSO/FSI 1/2 6 -
SRC Characteristics (SRCAQ): 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 43)

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

FSO/FSI = 16kHz /8kHz - —88 - dB
Dynamic Range (Input = 1kHz, —60dBFS, Note 43)

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 43)

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

FSO/FSI = 44.1kHz/8kHz - —88 - dB
Dynamic Range (Input = 1kHz, —60dBFS, Note 43)

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 43. Measured by Audio Precision System Two Cascade.

MS1402-E-02 2012/08
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FILTER CHARACTERISTICS (CODEC)

(Ta=25°C; AVDD =PVDD =DVDD=1.7 ~ 2.0V; SVDD=3.0 ~ 5.5V, TVDDA=TVDDE =1.6 ~ 3.6V,

VDDE=1.1~1.3V; fs=44.1kHz; Programmable Filter=OFF)

Parameter | Symbol | min | typ | max Unit
ADC Digital Filter (Decimation LPF):
Passband (Note 44) +0.16dB PB 0 - 17.3 kHz
—-0.66dB - 19.4 - kHz
-1.1dB - 19.9 - kHz
—6.9dB - 22.1 - kHz
Stopband (Note 44) SB 26.1 - - kHz
Passband Ripple PR - - +0.16 dB
Stopband Attenuation SA 73 - - dB
Group Delay (Note 45) 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 44) +0.05dB PB 0 - 20.0 kHz
—6.0dB - 22.05 - kHz
Stopband (Note 44) SB 24.1 - - kHz
Passband Ripple PR - - +0.05 dB
Stopband Attenuation SA 54 - - dB
Group Delay (Note 45) GD - 25 - 1/fs
DAC Digital Filter (LPF) + SCF + SMF:
Frequency Response: 0 ~ 20.0kHz | FR | - | +1.0 | - dB

Note 44. 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 45. 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.

MS1402-E-02
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FILTER CHARACTERISTICS (SRC)

(Ta=25°C; AVDD =PVDD =DVDD=1.7 ~ 2.0V; SVDD=3.0 ~ 5.5V, TVDDA=TVDDE =1.6 ~ 3.6V,
VDDE=1.1~1.3V; 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/FSI < 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/FSI1 < 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/FSI < 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/FS1<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 46)
PCMI/FA > PCMI/FB | (PMMIX bit="0") GD - 30/fs2+10.5/£s3 - S
et 29.5/fs2+37.5/fs3
(PMMIX bit="1") GD - 19 5/fs - s
PCMI/FB > PCMI/F A | (PMMIX bit="0") GD - 30/fs2+10.5/£s3 - S
et 29.5/fs2+37.5/fs3
(PMMIX bit="1") GD - 19 5/fs - 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 47) 6D - 29.5/152+32.5/fs - s
PCM I/F B = 5-band EQ - DATT-A - DRC
> DAC Digital Outpu? (Note 47) G - 29-5/fs2+33.5/f% - s

Note 46. 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 47. This value includes group delay of DAC digital filter.

MS1402-E-02
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DC CHARACTERISTICS I
(Ta=25°C; AVDD = PVDD =DVDD=1.7 ~ 2.0V, VDDE=1.2V; SVDD=3.0 ~ 5.5V, TVDDA =TVDDE=1.6 ~ 3.6V)
Parameter Symbol min typ max Unit
High-Level Input Voltage | 2.2V<TVDDA<3.6V | VIHL | 70%TVDDA | - ol IR R S V.|
(Note 48) | 1.6VSTVDDA<2.2V VIHI 80%TVDDA - - \Y%
Low-Level Input Voltage | 2.2V<TVDDA<3.6V | VILL |- R 30%TVDDA | V.|
(Note 48) | 1.6V<TVDDA<2.2V VIL1 - - 20%TVDDA \Y
High-Level Output Voltage
(Note 49)(Iout=—200upA) | VOHI TVDDA-0.2 - - \Y
Low-Level Output Voltage - - v
(Note 49)(Tout=200pA) | VOLI - - 0.2 v
(SDAA pin, 2.0VESTVDDA<3.6V: Iout=3mA) | VOL2 - - 0.4 v
(SDAA pin, 1.6VSTVDDA<2.0V: Iout=3mA) | VOL2 - - 20%TVDDA \Y
Input Leakage Current (Note 50) lind - - 12 pA
Digital MIC Interface (DMDAT pin Input; DMIC bit = “1”)
High-Level Input Voltage VIH3 65%AVDD - - v
Low-Level Input Voltage VIL3 - - 35%AVDD \Y
Digital MIC Interface (DMCLK pin Output; DMIC bit = “1”)
High-Level Output Voltage (Iout=—80uA) VOH3 AVDD-0.4 - - A%
Low-Level Output Voltage (Iout= 80uA) VOL3 - - 0.4 \%
Input Leakage Current (Note 50) Iin - - +10 pA

Note 48. BICK, LRCK, SDTI, MCKI, PDNA, BICKA, SYNCA, SDTIA, BICKB, SYNCB, SDTIB, SCLA and SDAA

pins.

Note 49. BICK, LRCK SDTO, SDTOA and SDTOB pins
Note 50. SYNCB, BICKB, SDTIB, SDTI, LRCK, MCKI, BICK, SCLA, SDAA, SDTIA, BICKA and SYNCA pins.
I/O pins (LRCK, BICK and SDAA pins) are at the time of Input state.

Parameter Symbol min typ max Unit
High level input voltage ... | VIH |~ 70%TVDDE | - | U I A
Low level input voltage VIL - - 30%TVDDE \
High level output voltage Tout=-200pA  (Note 51) | VOH | TVDDE02 | - [ N
Low level output voltage Iout=200pA  (Note 51) VOL - - 0.2 v
Low-level Output Voltage
(SDAE pin, TVDDE >2.0V: Iout=3mA) VOL - - 0.4 \4
(SDAE pin, TVDDE < 2.0V: Tout=3mA) VOL - - 20%TVDDE \Y
Input leakage current Iin - - +10 pA
Note 51. Except for the SDAE pin.
MS1402-E-02 2012/08
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| SWITCHING CHARACTERISTICS

(Ta=25°C; AVDD=DVDD=PVDD=1.7 ~ 2.0V, VDDE=1.1~1.3V, TVDDA=TVDDE=1.6 ~3 .6V, SVDD=3.0 ~ 5.5V;
C=20pF or 400pF (SDAA, SDAE 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
MS1402-E-02 2012/08
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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 - %
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Parameter | Symbol | min typ max | Unit
Audio Interface Timing (DSP Mode)
Master Mode
LRCK “T* to BICK “T” (Note 52) tDBF | 0.5xtBCK—40 | 0.5xtBCK | 0.5xtBCK+40 [ ns
LRCK “T to BICK “J” (Note 53) 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 “1” (Note 52) tLRB 0.4 x tBCK - - ns
LRCK “T to BICK “J” (Note 53) tLRB 0.4 x tBCK - - ns
BICK “T to LRCK “T” (Note 52) tBLR 0.4 x tBCK - - ns
BICK “J” to LRCK “T” (Note 53) 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 54) 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 54) tLRB 50 - - ns
BICK “7” to LRCK Edge (Note 54) 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 52. MSBS, BCKP bits = “00” or “11”.
Note 53. MSBS, BCKP bits =“01” or “10”.
Note 54. BICK rising edge must not occur at the same time as LRCK edge.
MS1402-E-02 2012/08

-5




AsahiKASEI [AK4679]
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 55) tSYB2 40 - - ns
SYNCA Edge to BICKA “T” (Note 56) tSYB2 40 - - ns
BICKA “}” to SYNCA Edge (Note 55) tBSY2 40 - - ns
BICKA “T” to SYNCA Edge (Note 56) 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 55. MSBSA, BCKPA bits = “00” or “11”.
Note 56. 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 57) tSYB3 40 - - ns
SYNCB Edge to BICKB “T” (Note 58) tSYB3 40 - - ns
BICKB “!” to SYNCB Edge (Note 57) tBSY3 40 - - ns
BICKB “T” to SYNCB Edge (Note 58) 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 57. MSBSB, BCKPB bits = “00” or “11”.
Note 58. MSBSB, BCKPB bits = “01” or “10”.
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Parameter I Symbol min I typ max I Unit
SYNC1/3, BCLK1/BCLK3 Input Timing
SYNC1/3 Input Timing
SYNC1/3 frequency fs 8 48 kHz
BCLKI1 Input Timing (Note 59, Note 60) fBCLK 64 3072 kHz
Pulse width Low tBCKL1 0.4 x tBCLK ns
Pulse width High tBCKH1 0.4x tBCLK ns

Note 59. SYNC1 and BCLK1 or SYNC3 and BCLK3 should be synchronized and their sampling rates (fs) should be
stable

Note 60. fBCLK >4 x N x fs (N=1, 2, 3....)

Parameter Symbol min typ max Unit
SDIN1, SDIN3, SDIN4, SDOUT1, SDOUT3, SDOUT4
Delay Time from BICLK1 “1” to SYNC1 “1” (Note 61) tBSYD 20 ns
Delay Time from SYNCI1 “|” to BICK1 “1” (Note 61) tSYBD 100 ns
Serial Data Input Latch Setup Time tB1IDS 40 ns
Serial Data Input Latch Hold Time tB1IDH 40 ns
Delay Time from SYNCI to Serial Data Output tSY10D 40 ns
Delay Time from BICK1 “|” to Serial Data Output (Note 62) tB10D 40 ns
SDIN2, SDOUT2
SYNC2 Duty cycle 50 %
Serial Data Input Latch Setup Time tB2IDS 40 ns
Serial Data Input Latch Hold Time tB2IDH 40 ns
Delay Time from SYNC?2 to Serial Data Outputs tSY20D 40 ns
Delay Time from BCLK2 ““|”to Serial Data Output (Note 63) tB20D 40 ns
SDINn — SDOUTn (n=1, 2, 3, 4)
Delay time from SDINn to SDOUTn Output tIOD 60 ns
Note 61. BICK1 edge must not occur at the same time as SYNC1 edge.
Note 62. When the polarity of BICK1 is inverted, delay time is from BICK1 “1”.
Note 63. When the polarity of BICK?2 is inverted, delay time is from BICK2 “1”
MS1402-E-02 2012/08
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Parameter | Symbol | min typ max | Unit
Control Interface Timing (I*C Bus mode): (Note 64, Note 65)
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 - - ps
Clock Low Time tLOW 1.3 - - Hs
Clock High Time tHIGH 0.6 - - us
Setup Time for Repeated Start Condition tSU:STA 0.6 - - ys
SDA Hold Time from SCL Falling (Note 66) tHD:DAT 0 - - ps
SDA Setup Time from SCL Rising tSU:DAT 0.1 - - s
Rise Time of Both SDA and SCL Lines tR - - 0.3 ys
Fall Time of Both SDA and SCL Lines tF - - 0.3 s
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/(641s) - 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
PDNA Accept Pulse Width (Note 67) tAPDA 1.5 - - us
PDNE Accept Pulse Width (Note 67) tAPDE 0.6 us
PDN Reject Pulse Width (Note 67) tRPD - - 50 ns
PMADL or PMADR “1” to SDTO valid (Note 68)
ADRST bit =“0” tPDV - 1059 - 1/fs
ADRST bit =“1” tPDV - 267 - 1/fs
PMDML or PMDMR “1” to SDTO valid (Note 69)
ADRST bit =“0” tPDV - 1059 - 1/fs
ADRST bit =“1” tPDV - 267 - 1/fs
PMSRAO “T” to SDTOA valid (Note 70) tPDV2 - 164 1/fs2
PMSRBO “1” to SDTOB valid (Note 71) tPDV3 - 164 1/£s3

Note 64. SDA means both SDAA and SDAE pins. SCL means both SCLA and SCLE pins.

Note 65. I°C-bus is a registered trademark of NXP B.V.

Note 66. Data must be held long enough to bridge the 300ns-transition time of SCL.

Note 67. The audio block of AK4679 can be reset by bringing PDNA pin = “L” to “H” only upon power up. The PDNA
pin must held “L” for more than 1.5us for a certain reset. The DSP block can be reset by bringing PDNE pin =
“L” to “H” only upon power up. The PDNE pin must held “L” for more than 0.6us for a certain reset. The
AK4679 is not reset by the “L” pulse less than 50ns.

Note 68. This is the count of LRCK “1” from the PMADL or PMADR bit = “1”.
Note 69. This is the count of LRCK “T from the PMDML or PMDMR bit = “1”.

Note 70. This is the count of SYNCA “1” from the PMSRAO bit = “1”.
Note 71. This is the count of SYNCB “T> from the PMSRBO bit = “1”.

MS1402-E-02
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Parameter Symbol min typ max Unit
Control Interface Timing (SPI mode)
SCLK Fall Time tSF 30 ns
SCLK Rise Time tSR 30 ns
SCLK Frequency fSCLK 4.0 MHz
SCLK Low Level Width tSCLKL 120 ns
SCLK High Level Width tSCLKH 120 ns
CSN High Level Width tWRQH 500 ns
From CSN “1” to PDN “1” tRST1 600 ns
From PDN “1” to CSN “|” tIRRQ 100 us
From SCLK “1” to CSN “1” tWSC 500 ns
From SCLK “1” to CSN “1” tSCW 800 ns
SI Latch Setup Time tSIS 100 ns
SI Latch Hold Time tSTH 100 ns
Delay Time from SCLK “|”to SO Output tSOS 100 ns
Hold Time from SCLK “1” to SO Output (Note 72) tSOH 100 ns

Note 72. Except when input the eighth bit of the command code.
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m Timing Diagram

MCKI

BICK -

(BCKP ="0")

BICK
(BCKP ="1")

SDTO ><

1/fCLK

1/fs

tLRCKH tLRCKL

50%TVDDA

A

tBCK

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

tBCKL

50%TVDDA

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

Figure 5. Clock Timing (PLL/EXT Master mode)

tLRCKH
””””””””””””””””””””””””””””””””””””””””” 50%TVDDA
< tDBF )l
50%TVDDA
50%TVDDA

- MSB >< ”””””” 50%TVDDA

tSDH
»

Figure 6. Audio Interface Timing (PLL/EXT Master mode, DSP mode, MSBS bit= “0")
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tLRCKH

50%TVDDA
BICK 50%TVDDA
(BCKP ="1")
BICK 50%TVDDA
(BCKP ="0")
SDTO --oseeoemonmoeesformeem e MSB ---s--ere- o 50%TVDDA
tSDS
—————————————————————————————————————————————————————————————————————————————————————————————— VIH1
SDTI
———————————————————————————————————————————————————————————————————————————————————————————— VIL1

50%TVDDA

Figure 8. Audio Interface Timing (PLL/EXT Master mode, Except DSP mode)
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——————————————————————————————————— fommem VIHT
LRCK
———————— VIL1
tBLR
BICK
(BCKP ="0") 7/
BICK
(BCKP ="1")

——————————————————————————————————— fomme VIHA
LRCK
———————— VIL1
tBLR |
BICK |/
(BCKP ="1") /"
BICK
(BCKP = "0")

Figure 10. Clock Timing (PLL Slave mode; PLL Reference Clock = BICK pin, DSP mode, MSBS bit= “1")
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1/fCLK

tCLKL

_ tLRCKL

LB |

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

LRCK

BICK

(BCKP ="0")

BICK
(BCKP ="1")

SDTI

tBCKH

| tBCKL

» [N

tLRCKH

>

.

>

Figure 11. Clock Timing (PLL Slave mode; Except DSP mode)

VIH1
VIL1

Figure 12. Audio Interface Timing (PLL Slave mode, DSP mode; MSBS bit= “0")
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tLRCKH

———————————————————————————————— AR VIH
———————————————————————————————— AR VLT

LRCK

BICK

(BCKP ="1")

BICK
(BCKP ="0")

Figure 13. 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

Figure 14. Clock Timing (EXT Slave mode)
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LRCK

BICK

SDTO 50%TVDD

tSDS tSDH

SDTI

1/fs2

--------------------------- VIH1

SYNCA Coeereeeesecneenaeaeeaaey VILT
tSYL2 dSYC2 = tSYH2 x fs2 x 100

tSYL2 x fs2 x 100
tBCK2 = 1/fBCK2

tBCKH2 tBCKL2

Y

rl |‘

Figure 16. Clock Timing of PCM I/F A
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BICKA
(BCKPA = “0")

BICKA /
(BCKPA = *1")

VIH1
VILA1

(BCKPA =07)

--------------- >< 50%TVDDA

tSDH2

------------------------------------------------------------- “VIH1
————————————————————————————————————————————————————————————— VIL1

Figure 18. PCM I/F A Timing at short and long frame sync (MSBSA bit=“1")
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SYNCA
BICKA
tSYD2 —p —
SDTOA  =-=============-momoooof oo oo o R
VIH1
SDTIA
VIL1
1/fs3
——————————————————————————— VIH1
SYNCB Y VILT
tSYL3 dSYC3 = tSYH3 x fs3 x 100
tSYL3 x fs3 x 100
< tBCK3 = 1/fBCK3 R
\ ----------------- / --------------------- VIH1
BICKB B \ahiaiaiaiuiutuiieieiely’ ettt Wit ViL1
) tBCKH3 | | tBCKL3 R

Figure 20. Clock Timing of PCM I/F B
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AN

(BCKPB =*“1")
tBSD3

VIH1

VILA1

(BCKPB = “0")

--------------- >< 50%TVDDA

tSDH3

————————————————————————————————————————————————————————————— “VIH1
————————————————————————————————————————————————————————————— “VIL1

Figure 22. PCM I/F B Timing at short and long frame sync (MSBSB bit= “17)
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SYNCB
BICKB
SDTOB
VIH1
SDTIB
VIL1
Figure 23. PCM I/F B Timing at MSB justified and I’S
L tSCK -
__________________________________________________ | ___65%AVDD
B[O N e 7 | e Y, A k==~ 50%AVDD
"""""""""""""""""""""""""" N~ 35%AVDD
[« > e

tSRise

dSCK = 100 x tSCKL / tSCK
Figure 24. DMCLK Clock Timing

tSFall

Figure 25. Audio Interface Timing (DCLKP bit = “1”)

Figure 26. Audio Interface Timing (DCLKP bit = “0”)
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SYNC1/3

BCLK1/3 ----

>

1/fs

< ts=1/fs
1/s

1/fBCLK
1/fBCLK

A

\ 4

tBCLK=1/fBCLK

[\

SYNC1/3________ ...

BCLK1/3__/ -~ - ______

MS1402-E-02

Figure 28. Serial Data Interface (Port#1, 3, 4)
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- VIH1 (VIH)

£ VILT (VIL)

oo o e e VILT (VL)
i i e o

tHD:STA tHD:DAT tSU:DAT  tSU:STA tSU:STO

Figure 30. I°C Bus Mode Timing
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SCLK \\ __________ / floveareanees \\ __________ / VIL

tSCLKL ' tSCLKH
1£SCLK !
) 1SCLK j
PDNE
CSN
tRST1 tIRRQ
Figure 31. pP Interface 1 (SPI)
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CSN

SI

SCLK

SO

MS1402-E-02

Figure 32. pP Interface 2 (SPI)

Figure 33. uP Interface 3 (SPI)
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PMADL bit, PMADR bit,
PMDML or PMDMR bit
P tPDV
S I I Y s 50%TVDDA
PDN
Figure 35. Power Down & Reset Timing 2
PMSRAO bit
P tPDV2 =
SDTOA oo oo oo oo 50%TVDDA
Figure 36. Power Down & Reset Timing 3
PMSRBO bit
tPDV3
ST I B [ 50%TVDDA
Figure 37. Power Down & Reset Timing 4
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| OPERATION OVERVIEW

The figure shown below is one the connection example with aAudio Processor, Base-band processor, BT module and
AK4679. Since the clock control block (CGU) provides DSP master clock, stable clock from Audio Processor or
Base-band must be supplied to the AK4679 during an operation.

AK4679 Audio Processor
Audio I/F 12S
SCLK
LRCK
sbo
»{ ] si
Base Band
DSP PCM I/F 12S
BeLkt L
SYNC1 ;l;
- SDTI :l:‘
SDTOL:I:
Bluetooth
SDOUT
BCLK2 PCM I/F 12S
P > BICK
SYNC2
»{ ] SYNC
SDTO2
> »{ ] SDIN
Figure 38. Connection Diagram Example
MS1402-E-02 2012/08
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B CODEC 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 39
PLL Slave Mode .
(PLL Reference Clock: BICK pin) ! 0 Table 5 Figure 40
EXT Slave Mode 0 0 X Figure 41
EXT Master Mode 0 1 X Figure 42
Table 2. Clock Mode Setting (x: Don’t care)
Mode MCKI pin BICK pin LRCK pin
Selected by PLL3-0 Output Output
PLL M M
aster Mode bits (Selected by BCKO bit) (1fs)
PLL Slave Mode GND Input Input
(PLL Reference Clock: BICK pin) (Selected by PLL3-0 bits) (11s)
. Input Input
EXT Slave Mode Selected by FS1-0 bits (> 32f5) (1fs)
. Output Output
EXT Master Mode Selected by FS1-0 bits (Selected by BCKO bit) (1fs)

Table 3. Clock pins state in Clock Mode

m Master Mode/Slave Mode (Audio I/F)

The M/S bit selects either master or slave mode. M/S bit = “1” selects master mode and “0” selects slave mode. The audio
I/F is in slave mode until the M/S bit is changed to “1” after the PDNA pin changes from “L” to “H”. The AK4679 goes

to master mode by changing M/S bit = “1”".

When the audio I/F 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 audio I/F should be pulled-down or pulled-up by a resistor (about 100kQ) externally to avoid floating

(default)

state.
M/S bit Mode
0 Slave Mode
1 Master Mode
Table 4. Select Master/Slave Mode
MS1402-E-02
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B PLL Mode (PMPLL bit = “1”) (Audio I/F)

[AK4679]

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 audio I/F 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)
MS1402-E-02
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B PLL Unlock State (Audio I/F)
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”)

m PLL Master Mode (PMPLL bit = “1”, M/S bit = “1”) (Audio I/F)

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, 27TMHz

CODEC DSP
MCKI
BICK 325, 64fs BCLKx
LRCK fs SYNCx
SDTO SDINX
SDTI <« SDOUTX

Figure 39. PLL Master Mode (x=1 to 4)

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

Table 8. BICK Output Frequency in Master Mode

MS1402-E-02 2012/08
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W PLL Slave Mode (PMPLL bit = “1”, M/S bit = “0”) (Audio I/F)

A reference clock of PLL is selected among the input clocks to BICK pin. The required clock to the CODEC 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).

CODEC DSP
MCKI
BICK 32fs or 64fs BCLKx
LRCK 1fs SYNCx
SDTO »[ | SDINX
SDTI SDOUTX

Figure 40. PLL Slave Mode (PLL Reference Clock: BICK pin) (x=1 to 4)

MS1402-E-02 2012/08
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B EXT Slave Mode (PMPLL bit = “0”, M/S bit = “0”) (Audio I/F)

[AK4679]

When PMPLL bit is “0”, the audio I/F 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
CODEC 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 | CMO bit | MCKI Input Frequency Sampling Frequency Range
0 0 0 256fs 24kHz ~ 48kHz (default)
1 0 1 512fs 8kHz ~ 24kHz
2 1 0 102415 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.

SIN
MCEKL 1 gkHz, 20kHZLPF + A-weighted)
2560 82dB
5125 82dB
1024f5 92dB

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

CODEC DSP
256fs, 512fs, or
MCK] 1024fs
BICK | ] BCLKx
LRCK [~ ]sYNCx
SDTO SDINx
SDTI SDOUTX

Figure 41. EXT Slave Mode (x=1 to 4)

MS1402-E-02 2012/08
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B EXT Master Mode (PMPLL bit = “0”, M/S bit = “1”) (Audio I/F)

The audio I/F 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

CODEC DSP
256fs, 512fs, or
MCKI 1024fs
BICK 32fs or 64fs BCLKx
1fs

LRCK SYNCx
SDTO SDINx
SDTI SDOUTx

Figure 42. EXT Master Mode (x=1 to 4)

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

Table 15. BICK Output Frequency in Master Mode

MS1402-E-02 2012/08
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m System Reset

[AK4679]

Upon power-up, the PDNA and PDNE pis must be “L” and changed to “H” after all power supplies are supplied. The
period of “L” time more than 1.5pus is needed to reset the whole block of AK4679. All internal registers reset to their

initial values.

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 73. 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 1059/1s 132.4ms 66.2ms 24ms
1 267/fs 33.4ms 16.7ms 6.1ms

Table 16. ADC Digital Initialization Cycle

(default)

Audio block’s reset is released when the dummy command (Actually, the rising edge of 16" SCL) is input after
PDNA pins = “H”. Dummy command is executed by writing all “0” to the register address 00H.

SDAA

f s
A RIW="0" g
R
P
:
Slave * Sub

S| Address Address(00H) Data(00H) H

N N N

A A A

c c c

K K K

(*: Refer to Figure 124)
Figure 43. Dummy Command for Audio Block

The system reset for DSP block are released when both PWSW bit and MRSTN bit are set after PDNE pins = “H”

MS1402-E-02

SDAE

s
T
A RIW="0
: v
A
Slave Command
S| Address1 Code (DOH) Data(01H)

xX0O>»

xX0O>»

S
T
o
P
A
C

K

Figure 44. PWSW bit setting for DSP block

SDAE

s
T
A RIW="0"
: v
A
Slave Command *
S| Address1 Code (D1H) Data(01H)

ENELED

0>

A
C
K

0>

(*: Refer to Figure 125)
Figure 45. MRSTN bit setting for DSP block
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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 audio I/F in master mode, but must be input to the audio I/F 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 > 321s Figure 50
2 ! 0 | 24bit MSB justified | 24Pt MSB >48fs | Figure 51 | (default)
justified
24/16 bit I’S 24/16bit I’S 32fs or .
3 ! ! compatible compatible > 48fs Figure 52

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 SDTTI is latched on the rising edge
(‘4?’5).

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

DIF1 | DIFO | MSBS | BCKP

bit bit bit bit Audio Interface Format Figure

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

MSB of SDTI is latched by the falling edge (“4”") of the
BICK just after the output timing of SDTO’s MSB.
MSB of SDTO is output by the falling edge (“4”") 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
(“T) of LRCK.

MSB of SDTI is latched by the falling edge (“4”") of the
BICK just after the output timing of SDTO’s MSB.
MSB of SDTO is output by next falling edge (“4”") of the
rising edge (“T) 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.

Figure 46 | (default)

Figure 47

Figure 48

Figure 49

Table 18. Audio Interface Format in Mode 0

MS1402-E-02 2012/08
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LRCK
(Master)

LRCK
(Slave)

BICK(32fs)

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

SDTI())

LRCK
(Master)

LRCK
(Slave)

SDTO(0)

SDTI(i)

BICK(64fs)

SDTO(o)

SDTI(i)

MS1402-E-02

Figure 47. Mode 0 Timing (BCKP bit = “1”, MSBS bit = “0”)
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_ [
15 0 1 2% 8 9 10 1" 12 13 14 15 16 17 18% 24 25 26 27 26 29 30 31 0
tlech iRch = i
E 1§|14|%8|7|6|5|4|3|2|1|0 1§|14|§8|7|6|5|4|3|2|1|0
iLech 'Reh | i
E éw%spppppp|1|o|1§|14|%8|7|6|5|4|3|2|1|o
1 1 / 14 1 1 17 1 / 1 2 / 4 47 4 4 / 2 :
5 © 2% 5 16 8/ 30 31 32 33 34/ 6 8 49 50/6 63
iLch % i Rch % i % % i
o 8 . . .
DI BNoEos ool |,
1 Lech % IRCh % % % |
15|14|%/2|1|0|15|14| //|1|0| %/ %/ l—
) 1/fs g
15:MSB, 0:LSB
Figure 46. Mode 0 Timing (BCKP bit = “0”, MSBS bit = “0”)
_ [
= In
H Y w .
15 0 1 2% 8 9 10 11 12 13 14 15 16 17 18% 24 25 26 27 26 29 30 31 0
tLch % iRch |
|o 150|14|§8|7|6|5|4|3|2|1|0 1§|14|%8|7|6|5|4|3|2|1|0
1 Lch % % |
|0 15|14|%8|7|6|5|4|3J—2|1|O|15|14|%8|7|6|5|4|3|2|1|O
15 1 2 / 14 15 16 17 18 / 30 31 32 33 34 / 46 47 48 49 50 / 62 63 :
tleh i Rch % | % % .
. . . /
15|14|%2|1|0 15|14| %2|1|0| % % I_
iLch % i Reh Z | % % i
15|14|%2|1|0|15|14| % 1|o| % % [_
¢ 1/fs >
15:MSB, 0:LSB
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IEI\I/I?egt}ér) —f_| l_
o Ini
BlCK(BZfS) 15 0 1 2 % 8 9 10 1 12 13 14 15 16 17 18% 24 25 26 27 26 29 30 31
ilch 'Rch i
SDTO(0) |015|14|%8|7|6|5|4|3|2|1|015|14|%8|7|6|5|4|3|2|1|0
i Lch Rch i
SDTI(i) |01:|14|%8|7|6|5|4|3J}|1|012|14|%8|7|6|5|4|3|2|1|0
15 1 2 / 14 15 16 17 18 / 30 31 #2 33 34 / 46 47 48 49 50 % 62 63 |
| - . -
BICK(64fs) % % % % |
/ . . %
SDTO(0) 15|14|%2|1|0 15[ 14| %2““ % % I_
iLch / i Rch % [ / / |
SDTI(i) 15|14|/2|1|o|15|14| é 2[1]o] % % [_
< 1/fs >
15:MSB, 0:LSB

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

ey | —
BICK(ssz) 15 0 1 2 % 8 9 10 1" 12 13 14 15 16 17 18% 24 25 26 27 26 29 30 31 0
ilch 'Rch | .
SDTO(o) |01;|14|%8|7|6|5|4|3|2|1|01§|14|%8|7|6|5|4|3|2|1|0
i Leh / i Rch % i
soTi() |0 15|14|%8|7|6|5|4|3f|1|o|15|14|%8|7|6|5|4|3|2|1|0
15 1 2 / 14 15 16 17 18 % 30 31 32 33 34 / 46 47 48 49 50 /// 62 63
BICK(64fs) :0 % % % %
tLch % 1 Reh % | % % o
SDTO(o) 15|14|%2|1|0 15[ 14| %2|1|0| % %
iLch % | Rch % | % % a
SDTI() Bl BEDERN E o] . %
< 1/f >
15:MSB, 0:LSB )

Figure 49. Mode 0 Timing (BCKP bit = “1”, MSBS bit = “1”)
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LRCK

BICK(32fs)

SDTO(o)

SDTI(i)

BICK(64fs)

SDTO(o)

SDTI(i)

LRCK

BICK(64fs) —[_I_I_I_I/

SDTO(o)

SDTI(i)

LRCK

[AK4679]
| % | _ —
0 1 2 3//7 8 9 10 12 13 14 15 0 1 2 3//8 9 10 M 12 13 14 15 0 1
Triririp i
23|22|21|/|15|14|13|12|11|1o| |s 23|22|21|/|15|14|13|12|11|1o| BE
] / ] / ]
15|14|13|/|7|6|5|4|3|2|1|o 15|14|13|/| le|s]a]a]2]1]o0 15|
! 3/ 15 16 17 18/23 24/30 31 0 3//15 16 17 18/23 24//5 30 |31 1

. o / :
THHH% % %ﬂﬂﬂﬂﬂ% % % |
wlala [ o Te] o]l 2¢¢4|qqﬂ%q% B

? % % [ | % %

' . | . ; | | | '
DontCare% |15|14% 8 % 1|0 DontCare% |15|14|%|8 % 1|0
' 24bit: 23: MSB/ 0:LSB ! :
' 16bit: 15: MSB, 0:LSB
54— Lch Data ;54 Rch Data —PE
Figure 50. Mode 1 Timing
i

/18 19 20 21 22 23 24 25 2

18 19 20 21 22 23 24 25 /

x\\\\\\\\\\\\\\\\\\\\\\\

BICK(32fs) /

SDTO(o)

SDTI(i)

BICK(64fs)
SDTO(0)

SDTI(i)

MS1402-E-02

23|22|%|5|4|3|2|1|0| 23|22| |s|4|a]2]1]0]
] % 1 ]
? |Don’tCare 23|22 5 | 4 | 3 | 2 | 1 | 0 |Don‘tCare
' 23:MSB, OLSB ! !
:4— Lch Data >;< Rch Data —P:
Figure 51. Mode 2 Timing
) | - L
10 12 13 14 15 0 1 2 3/8 9 10 N 12 13 14 15 0 1
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|8 23|22|/|16|15|14|13|12|11|10|9|8 23|22| |16|15|14|13|12|11|10| |8
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|8 23|22|/|16|15|14|13|12|11|10|9|8 23|22|/|16|15|14|13|12|11|10| |8
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1 23:MSB, 0:LSB H
‘—

' Lch Data >;<

Figure 52. Mode 3 Timing
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H MIC/LINE Input Selector

The AK4679 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 54). 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)

MS1402-E-02 2012/08
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AK4679
INL1-0 bits
LINY/IN1+ pin - ()
RIN1/IN1- pin § ;—————————4» ]
ADC Lch
]
MDIF1 bit MIC-Amp Lch
MDIF3 bit
INR1-0 bits
LIN2/IN2- pin g
RIN2/IN2+ pin () T ADG Rch
QE:;MIC-Amp Rch
LIN3/IN3+ pin éa
RIN3/IN3-pin ()
LIN4 pin ()
RIN4 pin ()
Figure 53. Mic/Line Input Selector (DMIC bit = “0”)
AK4679
MPWR pin il
| IN1+pin | MIC-Amp
INT_pin L >—>
| O
Figure 54. Connection Example for Full-differential Mic Input (MDIF1/2/3 bits = “1”)
AK4679
\/ | INt+pinl| MIC-Amp
'INT = pin L >—>
: I ‘[
Figure 55. Connection Example for Full-differential Mic Input (MDIF1/2/3 bits = “1")
MS1402-E-02 2012/08
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H MIC Gain Amplifier

[AK4679]

The AK4679 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

MS1402-E-02

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

[AK4679]

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 MPWR1 pin (MPWR2 pin) (Figure 56).

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 33~55V 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 MPWR2 pin
0 Hi-Z (default)
1 Output
Table 23. MIC Power 2 Status
MIC Power 2
MPWR?2 pin
L1 *
MIC Power 1
MPWR1 pin
ri
J
N N N N
Al A\ Al A\
CH { * Microphone
LIN1 pin
CHHt d Microphone
RIN1 pin
CHI ® Q Microphone
LIN2 pin
AK4679 [I]—H .—q Microphone
RINZ2 pin
Figure 56. MIC Block Circuit
MS1402-E-02
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W Digital MIC

1. Connection to Digital MIC

The AK4679 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 57 and Figure 58
show mono/stereo connection examples. The DMCLK signal is output from the AK4679, 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 AK4679 is powered
down (PDNA pin= “L”), the DMCLK and DMDAT pins are pulled-down by internal 2.7kQ(typ.) resistor. However,
when the AK4679 is powered-up (PDNA 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

AK4679

J VDD

MCKI
< DMCLK(64fs) N PLL
A
O_ AMP H Modulator
DMDAT Decimation Programmable SDTO
C , »O—>  Citer HPF1 = Hier ALC —O—
Lch
R
l VDD

A
O— AMP H Modulatori

Rch

Figure 57. Connection Example of Stereo Digital MIC

AVDD
AK4679
5—VDD
MCKI
J>: DMCLK(64fs) L -
A
O_ AMP My iodutator
i i rogrammable SDTO
q PrE—sO—> DecFlir;::lon HPF1 " | ALC —O——
R
Figure 58. Connection Example of Mono Digital MIC
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2. Interface

[AK4679]

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 AK4679 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
1 Lch Rch

Table 24. Data In/Output Timing with Digital MIC

DMCLK(64fs)

DMDAT (Lch)

DMDAT (Rch)

IR

A A

N

(default)

/ Valid \ / Valid \ / Valid \ / Valid \

\ Data / \ Data / \ Data / \ Data /

Valid
Data

Figure 59. Data In/Output Timing with Digital MIC (DCLKP bit = “1”)

DMCLK(64fs)

DMDAT (Lch)

DMDAT (Rch)

1

»
»

/ Valid \ / Valid \ / Valid \ / Valid \

Data Data Data Data
\oe/ \e/ \oe/ \o=2/

Valid
Data

Figure 60. Data In/Output Timing with Digital MIC (DCLKP bit = “0”)
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W Digital Block

Digital block is composed as Figure 61. Each block can be powered-down by power management bits (PMADL,
PMADR, PMDAL, PMDAR, PMPFIL, PMEQ, PMDRC, PMSRAI, PMSRAO, PMSRBI and PMSRBO bhits).

- PR arPor],
H 1
1 T
E<ADC HPF1| i
! 1
S HPFAD, 1 XY é
PFSEL S
: :
HPFY | HPF2 i
1 1
LPF LPF i
: :
FIL3,EQo, ! | Stereo |1
GNI1-0 1 [ Separation | 1
: :
. V| 3-band |}
EQL-3 E Notch H
ALC, IVLIR * ALC H
ADM MIX :
O I
PFSDO
SDOLR1L0 snop
1 1 |
> »O0—0-> SDTO Lch
[ I 1 !
| _ | 1 ]
. PMDAL or PMDAR | - SVAUR20 § 91 i T_Aii »O—0-» SDTO Rch
1
: > ({PMEQ]----------5 [svoLa|
1 ] 1
H ! PMDRC l———I i gl\\/lllL_J/':?E 5EQ H SIE/I\T/I\z(lJ_R_l_-Of/i"' _"i SDIM1-0
1 L 1 | 1 ! PR P —
' { bac 2 «— DRC [*; ™ DATT-A| 5-band [¢ oo 2 N SDTILch
: L le—t < L {SMUTE| EQ [ HE 2 A
| HE < 1 ! T LL | SDTI Rch
i S e tetetele ! et etetaletatete t1-1--' PAVIXURI0
: | <
Y.~ .
DASEL1-0
L I I A S~ O 1
I mxizo i |oscforsre |
i e :
Lt g S — (el
H I
Ll I
1o MIX2A MIX2C [Mmxac1-0 !
g SDOAD !
i 4 SRCAO O—C0—» SDTOA
H 1
i @OLB SVB2-0 i
e e S . TSN
' DATT-B [« SRCAI [ +s— SDTIA
i BVL6-0 i
: 4 :
i SBMX1-0 :
H v :
; CUE0 | pATT-C :
1 1
T L R EYETy
H MIX3 i
T 1 0O—0 SDTOB Lch
i ' [sreeo] O SDTOB Rch
i
SDTIB Lch
SDTIB Rch
Figure 61. Path Select of Digital Block
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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™.)

MS1402-E-02 2012/08
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Mod PMADL bit PMADR bit PMPFIL | PFSEL |[PFSDO| PMDAL/R | PMEQ | PMDRC | DASELI-0 Fi
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 62
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 63
0 | 1 0 1 11 1 | 01
Playback 1 0 0 1 1 1 11 1 | 01 Figure 64
Playback 2 0 0 0 0 1 11 1 1 01 Figure 65
Table 25. Recode/Playback Mode (x: Don’t care)
— 4 Aapc L 1st Order L, 1st Order Ll 1st Order N Stereo N Gain Ll 3 Band N ALC L,
HPF1 HPF2 LPF Separation Compensation Notch (Volume)
Figure 62. Path at Recording Mode 1
— ADC Ll 1st Order 1st Order IR 1st Order N Stereo Gain 3 Band ALC
HPF1 HPF2 LPF Separation ["®|Compensation™ ™ Notch [ (Volume) —
«—f DAC |« DRC |+—SMUTEl—DATT-A}— °E3¢
Figure 63. Path at Recording Mode 1 & Playback Mode 2
1st Order 1st Order
LPF [7] HPF2 [
5 Band Gai S
< DAC <_’ DRC “#SMUTE%’ DATT'AP E(.s1 ] (Vﬁlan(ze) ijgfgﬁ <_Compef:gation‘_ Sept:::t(ijon
Figure 64. Path at Playback Mode 1
«— DAC <« DRC |«sMUTEl—{DATT-A}— °E3°
Figure 65. Path at Playback Mode 2
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m Digital Programmable Filter

(1) High Pass Filter (HPF2)

[AK4679]

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 74)
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-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)

(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 74)
LPF: F2A[13:0] bits =A, F2B[13:0] bits =B
(MSB=F2A13, F1B13; LSB=F2A0, F2B0)

1 1 — 1/ tan (nfc/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 > 0.05 (fc min = 2205Hz at 44.1kHz)

MS1402-E-02
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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 74)
FIL3: F3AS bit =“0”, F3A[13:0] bits =A, F3B[13:0] bits =B
(MSB=F3A13, F3B13; LSB=F3A0, F3B0)

1 / tan (nfc/fs) 1 — 1/ tan (nfc/fs)
A=10%% , B=
1 + 1/ tan (nfc/fs) 1 + 1/ tan (nfc/fs)

Transfer function
1-z7"
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 74)
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+z7!
H(z) =A
1+Bz!
MS1402-E-02 2012/08
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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 74)
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 (wfc,/fs)
A=10%0% , B= ,  C=10""x
1+ 1/ tan (nfc,/fs) 1 + 1/ tan (nfc,/fs) 1+ 1/ tan (nfe,/fs)

Transfer function

A+Cz"
H(z) =
1+Bz™'
Gain[dB] A
K
]
]
]
]
]
]
]
]
]
]
! !
1 ]
: i >
fcy fc, Frequency
Figure 66. 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)
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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 74)
EQI: 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, EIC15, E2A15, E2B15, E2C15, E3A15, E3B15, E3C15; LSB=E1A0, E1B0, E1CO0,
E2A0, E2B0, E2C0, E3A0, E3B0, E3C0)

tan (nfb,/fs) 2 1 — tan (nfb,/fs)
A, =K, x , By = cos(2m fo,/fs) x , Ga
1 + tan (nfb,/fs) 1 + tan (nfb,/f5) 1 + tan (ntb,/fs)

(n=1,2,3)

Il
|

Transfer function

H(z) =1 +hi(z) + ho(z) + hs(z)

1-27

h, (z2) = A,

1-Bz '-Cz?

(n=1,2,3)

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

Note 74. [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.
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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 64 and Figure 65) and operates at recording path for Recording mode (Figure 62 and
Figure 63).

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.

LNII)};HI 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 OQutput > —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
MS1402-E-02 2012/08
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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 period and the next recovery operation is executed. If ZTM1-0 bits is 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 (LMTH1-0)”
during the ALC recovery operation, the waiting timer of ALC recovery operation is reset. When
“ALC recovery waiting counter reset level (LMTH1-0) > Output Signal”,
the waiting timer of ALC recovery operation starts.

The ALC operation corresponds to the impulse noise. When the impulse noise is input, the ALC recovery operation
becomes faster than a normal recovery operation (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
MS1402-E-02 2012/08
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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)
2012/08
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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)
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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

1 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 = “1”) (6) Addr=17H, Data=03H

!

ALC Operation

Note : WR : Write

Figure 67. Registers set-up sequence at ALC operation

MS1402-E-02 2012/08
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H Input Digital Volume (Manual Mode)

[AK4679]

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

1. After exiting reset state, set-up the registers for the ALC operation (ZTM1-0, LMTH]1-0 bits 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

MS1402-E-02

Table 36. Input Digital Volume Setting
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m Digital HPF1

[AK4679]

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 AK4679 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.

MS1402-E-02

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)

-77 -
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H 5-Band Equalizer

The AK4679 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 75)
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+z7!
hlL (Z) = A
1+Bz™!

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

MS1402-E-02 2012/08
-78 -



AsahiKASEI [AK4679]

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 75)
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 (ntb /fs) 2 1 —tan (nib,/f5)
A=k, x ,  B,=cos(2n fo,/fs) x , Gi=—
1 + tan (nfb,/fs) 1 +tan (nfb,/f5) 1 + tan (nfb,/fs)
(n=2,3,4)

Transfer function

1-z72

h, (z) = A,
1-B.z - Cuz -2

(n=2,3,4)

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

MS1402-E-02 2012/08
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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 75)

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-z7!

h5H (Z):A
1+Bz™!

1 — 1 /tan (nfc/fs)

1+ 1/ tan (nfc/fs)

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

[AK4679]

Note 75. [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.

Total Transfer Function:

H(z) = Kq x hy(2) + Kz X hy(2) + K3 x h3(2) + Ky X hy(z) + K5 x hsy(z)

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

K.: SEQ1G5-0 bits (Addr=6AH)
K»: SEQ2GS5-0 bits (Addr=6BH)
Ks: SEQ3GS5-0 bits (Addr=6CH)
K.: 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

MS1402-E-02

Default Center Frequency (Sampling Frequency = 44.1kHz):
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MS1402-E-02

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)

-81-
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m Dynamic Range Control
DRC BlOCk Y
PMDRC v
——{ P |—{ vou }{pvicL
DLLPF1-0  vizveo
DLLA13-0  VL3Xvéo
DLLB13-0 ron
llllllllllllllllllllllllll 7
DATT-A Mono/ Noise .
—> SmUTE 1 stereo ] LPF > HPF —siporession VOL [—»{ DRC |—» Limiter |—» DAC
DMHPF1-0  DMLPF1-0  wizdveo
X DMHA13-0  DMLA13-0  VMIX40 . }
NSLB13-0  NSHB13-0 NSTHH4-0
NSREF30 L
NSATT2-0
NSGAIN2-0 DHHPF1-0 vHxvso DAF1-0
NSIAFS1-0 DHHA13-0 vHaxyao — DVLMAT2-0
NSOAFS1-0 DHHB13-0 HiG0  DVRGAIN2-0
H3G6-0
H4G6-0

Figure 68. 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 (rfc/fs)

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

Transfer function

1+2z7!

H(z)=A
1+Bz!

1+ 1/ tan (nfc/fs)

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

MS1402-E-02
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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, NSHB[13:0] bits =B
(MSB=NSHA13, NSHB13; LSB=NSHAO0, NSHBO)

1 / tan (nfc/fs) 1 — 1/ tan (nfc/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
NSIAFI-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

MS1402-E-02
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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)
MS1402-E-02
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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 o1 14 High Level [dBFS] 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)

MS1402-E-02 2012/08
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2. Dynamic Volume Control Block

The AK4679 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 3] LpF voLL —/pvicL —0p

VL1X/Y5-0
“0” data DLLPF1-0 VL2X/Y5-0

A\ 4

. _ «nnmy DLLA13-0 VL3X/Y4-0

(DLLPF1-0 bits = “00”) DLLB13-0 L 1G6.0
L2G6-0

L3G6-0

L4G6-0

Figure 69. 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: DLLA[13:0] bits =A, DLLB[13:0] bits =B
(MSB=DLLA13, DLLB13; LSB=DLLA0, DLLBO0)

1 1 — 1/ tan (rnfc/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+z7" 1+z

H(z)=A —— x A
1+Bz™" 1+Bz ™"

-1

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

MS1402-E-02 2012/08
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(1-2) Dynamic Volume Control Curve

[AK4679]

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.

MS1402-E-02

A
Full scalef-----==-=-=-=-=-=-="-=----=---=------- |
(X3L! Y3L) (X4L1 Y4L)
"""""""""""""""" v L4G |
BN o 5 /i B
T) ] 1 1
> 1 1 1
4 | | |
RSO
5 . | | |
o | | | |
(@) 1 1 1 1
| ] ] ] ]
= | | | |
D 1 1 1 1
L1 | A
©,0) DVLC Input Level Full scale
Figure 70. DVLC Curve for Low Frequency Range
VL1X/Y5-0 bits | Dynamic Volume Control Point Ste
VL2X/Y5-0 bits [dBFS] p
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 49. DVLC Point Setting for X/Y'1, X/Y2 (N/A: Not available)

.| Dynamic Volume Control Point
VL3X/Y4-0 bits [dBFS] 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
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Slope Setting

Y1 Y2, - Y1
LIG= " x16, 12G= (Y2 -¥l) x 16,
1, (X2, - X1,)
Y3, -Y2 Y4, —Y3
g (- Y2) < 16, LAG= _ (Y4 —Y31)
(X3, - X2)) (X4, — X3,)

x 16,

[AK4679]

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

MS1402-E-02

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

-88-
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(2) Middle Frequency Range

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

HPF | LPF VOLM }—/pvieMf—oc*
DMHPF1-0 DMLPF1-0  yiXi¥e-0
DMHA13-0  DMLA13-0  VM3XY40

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

Figure 71. DVLC Functions and Signal Path for Middle Frequency Range

A 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, DMHBO)

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-z7!
H(z)=A —— x A
1+Bz™ 1+Bz™

1-z7!

The cut-off frequency should be set as below.
fc/fs > 0.0001 (fc min = 4.41Hz at 44.1kHz)
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(2-2) Low Pass Filter (LPF)

[AK4679]

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+z7"
H(z)=A
1+Bz""

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 > 0.05 (fc min = 2205Hz at 44.1kHz)

MS1402-E-02
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(2-3) Dynamic Volume Control Curve

[AK4679]

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,
Y2um), (X3um, 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.

A

Full scalef---------====--===----=-------------- !
(X3, Y3y (X4n, Ydy,
"""""""""""""""" T M4G 5
_____________ (X2w. Y2u)o, N3G | |
T) 1 1 1
> 1 1 1
it | | |
5|t Yt MEE o
5 7 | | |
O | | | |
(@) | | | |
| 1 1 1 1
> | | | |
D 1 1 1 1
MG | 0
(0, 0) Full scale

DVLC Input Level

Figure 72. DVLC Curve for Middle Frequency Range

(default)

VMI1X/Y5-0 b@ts Dynamic Volume Control Point Step
VM2X/Y5-0 bits [dBFS]

00H 0

01H -1.5

02_H "3_ 0 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)

.| Dynamic Volume Control Point
VM3X/Y4-0 bits [dBFS] Step
00H 0
01H -1.5
02H =30 1.5dB
1EH —45.0
1FH —46.5

(default)

MS1402-E-02

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

Y1 Y2, - Y1
MIG = Y x1e, M2G = 2 YW x 16,
Iy (X2y — X1y)
Y3y —Y2 Yy —Y3
M3G = 3= Y2wm) < 16, MaG = Y= Y3w)
(X3y — X24) (Xdy — X3y)

x 16,

[AK4679]

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

M1G6-0 bits, M2G6-0 bits, Slope Data
M3G6-0 bits, M4G6-0 bits
00H 0
01H 1
02H 2
7EH 126
7FH 127

Table 56. DVLC Slope Setting for Middle Frequency Range

MS1402-E-02
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(3) High Frequency Range

— o HPF VOLH —»|DVLCH }——»

VH1X/Y5-0
“0” data DHHPF1-0 VH2X/Y5-0

o _ «nnmy DHHA13-0 VH3X/Y4-0

(DHHPF1-0 bits = “00”) DHHB13-0 H1G6-0
H2G6-0

H3G6-0

H4G6-0

A 4

Figure 73. 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 (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-z7!
H(z)=A —— x A
1+Bz™ 1+Bz™

1-z7!

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

MS1402-E-02 2012/08
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(3-2) Dynamic Volume Control Curve

[AK4679]

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.

MS1402-E-02

A
Full scalef-------==-=--=-----------------------
(X3H! Y3H (X4H1 Y4H)
"""""""""""""""" ¥ HA4G |
_____________ 02 Y200 Ao |
E ] 1 1
> 1 1 1
4 | | |
ERN A N
5 . | | |
o | | | |
O 1 1 1 1
| ] ] ] ]
= | | | |
D 1 1 1 1
HIG | o
0, 0) DVLC Input Level Full scale
Figure 74. DVLC Curve for High Frequency Range
VH1X/Y5-0 bits | Dynamic Volume Control Point Ste
VH2X/Y5-0 bits [dBFS] P
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)

.. | Dynamic Volume Control Point
VH3X/Y4-0 bits [dBFS] 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 2,-Y1
HIG = T x16, H2G = _2u-Ylw) x 16,
1 (X25— X1y)
3,-Y2 4y —Y3
H3G = —on Y20 x 16, H4G = Y= Y3w) e
(X35 —-X2p) (X4 —X3y)

[AK4679]

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

MS1402-E-02

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

[AK4679]

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

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)
DVRGAIN2 | DVRGAIN1 | 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)
MS1402-E-02
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3. Dynamic Range Control Block

[AK4679]

The AK4679 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”.

DRC Output Level (dB)

A

0dB '"------——————————------________\‘__

Kf* High
-6dBf--------------------—- ; E E
-6dB 0dB +3.5dB
DRC Input Level (dB)
Figure 75. 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 | DLMATI1 DLMATO ATT Speed
bit bit bit 8kHz 16kHz 44.1kHz
0 0 0 0.1dB/ms 0.3dB/ms 0.7dB/ms
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)
MS1402-E-02
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2. DRC Recovery Operation

[AK4679]

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).

MS1402-E-02

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

- 98-
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m Digital Output Volume (DATT-A)

[AK4679]

The AK4679 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

MS1402-E-02

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 76).

SMUTE bit

OVTM bit OVTM bit

OVL/R6-0 bits (1)

Attenuation /(3)

=00

—p «— GD —_— «— GD

Analog Output

Figure 76. 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.

MS1402-E-02 2012/08
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m Digital Volume for Recording of Received Voice (DATT-B)

The AK4679 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 AK4679 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

MS1402-E-02

(default)

(PMMIX bit = “0”: fs = SYNCB Frequency, PMMIX bit = “1”: fs = LRCK Frequency)
Table 72. Transition Time Setting of Digital Output Volume C
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m Side Tone Volume for B/T Phone Call (SVOLB)

[AK4679]

The AK4679 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 AK4679 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)

MS1402-E-02
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m Path & Mixing Setting of Digital Block (Figure 61)

[AK4679]

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.

MS1402-E-02

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

-103 -

(default)

2012/08



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

[AK4679]

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.

- 104 -

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)
MS1402-E-02 2012/08
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SRMX

84/ and MIX1L/R output data.

[AK4679]

-0 and SRMXR1-0 bits set the data mixing for each channel of 5-band EQ from the data selected by Table

SRMXL1 bit | SRMXLO bit 5-band EQ Lch Input
0 0 Signal selected by [Table 84| (default)
0 1 MIXIL
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 MIXIR
1 0 (Signal selected by [able 85) + (MIXIR)
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.
DASELI1 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)
MS1402-E-02 2012/08
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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 -

+ (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

MS1402-E-02 2012/08
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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”).

MS1402-E-02

SDOBD bit

SDTOB

0

Enable (Output) (default)

1

Disable (“L” Output)

Table 97. SDTOB Disable

-107 -
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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 78. 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 :
DACR bit x LOM bit | —E%v—b LOUT pin
o o X |

DACL bit x LOM bit

ol

M
DACR bit | %’ ROUT pin
X

— 1 DACRch * o o N .

Figure 77. Stereo Line Output

LOPS bit PMLO bit Mode LOUT pin
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 98. Stereo Line Output Mode Select (LOUT)

LOPS bit PMRO bit Mode ROUT pin
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 99. Stereo Line Output Mode Select (ROUT)
LVL2-0 bits Attenuation
7H N/A
6H N/A
5H +6dB
4H +3dB
3H 0dB (default)
2H -3dB
1H —-6dB
OH —9dB

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

MS1402-E-02 2012/08
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T
N

LOUT
ROUT

20kQ

Figure 78. 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)>

(2)

5)

PMLO bit
PMRO bit

(1)

(3)

LOPS bit |

[AK4679]

LOUT pin
ROUT pin

Normal Output

Figure 79. 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.

MS1402-E-02

- 109 -

2012/08



AsahiKASEI

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

[AK4679]

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 Co k
1 1
—— DAC Lch o0 %» LOP pin
YR
|| !
X ! :
DACR bit ! '
— | DACRch oo :%» LON pin
Figure 80. 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
MS1402-E-02
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<Full-differential Mono Line Output Control Sequence (in case of using Pop Noise Reduction

Circuit)>

PMLO bit
PMRO bit

LOPS bit

LOP,LON pins

(1)

(3)

|

>300ms

Normal Output

>300 ms

Figure 81. 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=1uF and AVDD=1.8V.

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

MS1402-E-02
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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 P i
— DACLch oo . —> RCP pin
1
1 1
M| :
I ! :
X | i :
DACRR bit ! H
H 1
—— DACRch oo %» RCN pin
Figure 82. 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
. Common Voltage
1 1 Power-save Hi-Z (typ. 0.8 x AVDD)
0 Normal Operation | Normal Operation | Normal Operation
Table 104. Receiver-Amp Mode Setting (x: Don’t care)
MS1402-E-02
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PMRCYV bit
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\

| Common '
EV'tg :
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Figure 83. Power-up/Power-down Timing for Receiver-Amp
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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 bits
— | DACLch : !
M 1 !
LOMH bit I % HPL pin
oo X .
LOMH bit i !
oo M| ! !
I %E—» HPR pin
X : '
— DACRch @ R d
Figure 84. Stereo Headphone Output
HPGS5-0 bits GAIN (dB) HPGS5-0 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
1DH —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)

MS1402-E-02 2012/08
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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)
MS1402-E-02 2012/08
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<HP-Amp External Circuit>

It is necessary to put an oscillation prevention circuit (0.22uF+20% capacitor and 150Q+20% resistor) because it has the
possibility that Headphone-Amp oscillates.

iP-Amp " Headphons.
|

1

AK4679 0.22uF | 160

150 L]
Figure 85. 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.

PMVCM | PMHPL/R .
bit bits Mode HPL/R pins
X 0 Power-down & Mute Pull-down by 1209 (typ) (default)
1 1 Normal Operation Normal Operation

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

MS1402-E-02 2012/08
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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 k
1
— | DACLch o0 '%» SPP pin
wl| i
L] E
X ! :
DACSR bit ; !
—— DACReh oo :% SPN pin

Figure 86. 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.

MS1402-E-02 2012/08
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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.

MS1402-E-02 2012/08
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m System Clock (PCM I/F)

The AK4679 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 AK4679 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.

CODEC

DSP Baseband
1fs2
SYNCA < SYNC2 SYNCH1
> 16fs2
BICKA < BCLK2 BCLK1
SDTOA »| | SDIN2 SDOUT1
SDTIA < SDOUT2 SDOUT2
1fs3
SYNCB [ le °
16fs3 or > 32fs3
BICKB <
SDTOB
SDTIB <

Figure 87. PCM I/F A and B

B SRC (Sample Rate Converter)

The AK4679 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.

s After PMSRx bit = “0” — “1” PMSRXx bit = “1”
Mode PMSRXDIt="0""| ¢ Before SYNCA/SYNCB Input During initial time
16bit Linear L L 0000H
8bit A-Law L H 11010101b
8bit u-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
| SRCAO LRCK SYNCA
SRCBI SYNCB LRCK
SRCBO LRCK SYNCB

Table 113. PCM I/F Input Output rate

MS1402-E-02 2012/08
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H PCMI/F A & B Format

[AK4679]

AK4679 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).

LAWAI1 LAWAO
Mode bit 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

AK4679.

Mode | FMTAI bit | FMTAOQ bit Format BICKA Figure
0 0 0 Short Frame Sync | > 161s2 Table 118 (default)
1 0 1 Long Frame Sync | > 16fs2 Table 120
2 1 0 MSB justified > 32152 Figure 104
3 1 1 IS > 32fs2 Figure 106
Table 116. PCM I/F A Format
Mode | FMTBI bit | FMTBO bit Format BICKB Figure
0 0 0 Short Frame Sync 16153 or > 321s3 Table 119 (default)
1 0 1 Long Frame Sync 16fs3 or > 32153 Table 121
2 1 0 MSB justified > 32153 Figure 105
3 1 1 I°S > 32fs3 Figure 107

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 (“1”") 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 (“4”") of BICKA and the
SDTIA is latched on the rising edge (“T).

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 (1) 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 (“4””) 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.

MS1402-E-02 2012/08
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MSBSA bit

BCKPA bit

Data Interface Format

Figure

MSB of SDTOA is output by next rising edge (“1”) of the falling edge (“3”") of
BICKA after the rising edge (“T””) of SYNCA. MSB of SDTIA is latched by the
falling edge (“4”) of the BICKA just after the output timing of SDTOA’s MSB.

Figure 88

MSB of SDTOA is output by next falling edge (“4”") of the rising edge (“T”) of
BICKA after the rising edge (“T””) of SYNCA. MSB of SDTIA is latched by the
rising edge (“T”) of the BICKA just after the output timing of SDTOA’s MSB.

Figure 89

MSB of SDTOA is output by the 2nd rising edge (“T”) of BICKA after the rising
edge (“1”) of SYNCA. MSB of SDTIA is latched by the falling edge (“3"") of the
BICKA just after the output timing of SDTOA’s MSB.

Figure 90

MSB of SDTOA is output by the 2nd falling edge (“4””) of BICKA after the rising
edge (“1”) of SYNCA. MSB of SDTIA is latched by the rising edge (“T) of the
BICKA just after the output timing of SDTOA’s MSB.

Figure 91

Table 118. PCM I/F A Format in Mode 0

MSBSB
bit

BCKPB
bit

Data Interface Format

Figure

MSB of SDTOB is output by next rising edge (“1”) of the falling edge (“4”") of BICKB
after the rising edge (“7”) of SYNCB. MSB of SDTIB is latched by the falling edge (“4”)
of the BICKB just after the output timing of SDTOB’s MSB.

Figure 96

MSB of SDTOB is output by next falling edge (“4”) of the rising edge (“T”) of BICKB
after the rising edge (“7”) of SYNCB. MSB of SDTIB is latched by the rising edge (“1*)
of the BICKB just after the output timing of SDTOB’s MSB.

Figure 97

MSB of SDTOB is output by the 2nd rising edge (“T”) of BICKB after the rising edge
(“M) of SYNCB. MSB of SDTIB is latched by the falling edge (“4”") of the BICKB just
after the output timing of SDTOB’s MSB.

Figure 98

MSB of SDTOB is output by the 2nd falling edge (“4”") of BICKB after the rising edge
(“T) of SYNCB. MSB of SDTIB is latched by the rising edge (“T”") of the BICKB just
after the output timing of SDTOB’s MSB.

Figure 99

Table 119. PCM I/F B Format in Mode 0

MSBSA
bit

BCKPA
bit

Data Interface Format

Figure

MSB of SDTOA is output by the rising edge (“T) of SYNCA. MSB of SDTIA is latched by
the falling edge (“J”) of the BICKA just after the output timing of SDTOA’s MSB.

Figure 92

MSB of SDTOA is output by the rising edge (“T") of SYNCA. MSB of SDTIA is latched by
the rising edge (“1”) of the BICKA just after the output timing of SDTOA’s MSB.

Figure 93

MSB of SDTOA is output by the rising edge (“T) of the first BICKA after the rising edge
(“T7) of SYNCA. MSB of SDTIA is latched by the falling edge (“4”) of the BICKA just
after the output timing of SDTOA’s MSB.

Figure 94

MSB of SDTOA is output by the falling edge (“4”’) of the first BICKA after the rising edge
(“T7) of SYNCA. MSB of SDTIA is latched by the rising edge (“1”) of the BICKA just
after the output timing of SDTOA’s MSB.

Figure 95

MS1402-E-02
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MSBSB BCKPB Data Interface Format Figure
bit bit
0 0 MSB of SDTOB is output by the rising edge (“7”") of SYNCB. MSB of SDTIB is latched Fieure 100
by the falling edge (“”) of the BICKB just after the output timing of SDTOB’s MSB. £
0 | MSB of SDTOB is output by the rising edge (“7”") of SYNCB. MSB of SDTIB is latched Fieure 101
by the rising edge (“T”) of the BICKB just after the output timing of SDTOB’s MSB. £
MSB of SDTOB is output by the rising edge (“T) of the first BICKB after the rising edge
1 0 (“T”) of SYNCB. MSB of SDTIB is latched by the falling edge (“4”) of the BICKB just | Figure 102
after the output timing of SDTOB’s MSB.
MSB of SDTOB is output by the falling edge (“J”) of the first BICKB after the rising
1 1 edge (“17) of SYNCB. MSB of SDTIB is latched by the rising edge (“7”) of the BICKB | Figure 103
just after the output timing of SDTOB’s MSB.
Table 121. PCM I/F B Format in Mode 1
MS1402-E-02 2012/08

-122 -




AsahiKASEI [AK4679]

i 1/fs2 >

: 1
SYNCA 3 4
BICKA | I f | | f

(16bit Linear)

SDTOA ! D15|D14|D13|D12|D11|D10|D9 |ps [p7 [p6 D5 D4 [D3 D2 |D1 [DO | : [D15[ D14
1 1 1

soTiaA | Don‘tCai-re D15 D14 |D13|D12|D11|D10[ DY |D8 [D7 D6 |D5 [D4 [D3 [D2 D1 [DO | © | ! |D15|D14]

(8bit A-Law/u-Law) E : bon't Care E :

SDTOA \  {p7 [pe [ps [p4 |p3 [p2 [p1 DO | ! |D7 D6

somia | Dot Care | D7 [o6 [ps [p4 [p3 [p2 o1 [oo | Don't Care Don't Care | D7 |6 |

Figure 88. Timing of Short Frame Sync (PCM I/F A: MSBSA bit = “0”, BCKPA bit = “0”)

1/fs2 >

SYNCA . 1
1

1
(16bit Linear) v b

R O

SDTOA \  |{p15|p14|D13|D12|D11|D10[D9 |D8 D7 |D6 |D5 D4 [D3 [D2 D1 |DO | i |p1s[pu4]
: :

soTiA | Don’tCe;re iD15|D14|D13|D12|D11|D10|D9 |ps b7 |6 D5 [pa [D3 [D2 [D1 D0 | P i iD15|D14|

“oron ' :D7 |p6 [ps [p4 [p3 [p2 [D1 [Do | Don't Care ' ‘:W

SDTIA Don't Care iD7 |ps b5 |p4 D3 [D2 |1 [DO | Don't Care ' 07 |ps |

Figure 89. Timing of Short Frame Sync (PCM I/F A: MSBSA bit = “0”, BCKPA bit = “1")

e 1/fs2 >
) 1

SYNCA ‘Ik_l II
aci wmmm J_Lﬂ_ﬂ_l_L

(16bit Linear)

SDTOA : D15|D14|D13|D12|D11|D10|D9 |ps [p7 [p6 D5 b4 [D3 b2 |D1 [DO | ' W
4 | | 1

soTIA | Don‘t:Care |D15|D14|D13|D12|D11|D10|D9 |ps o7 |6 D5 [p4 [D3 [D2 [D1 [DO |, : iD15|D14|
Ve -

(Sgtl;ﬁofwm - ' lD7 |D6 |D5 |D4 |D3 |D2 |D1 |Do | Don't Care I ’W
| ]

SDTIA Don’tiCare iD7 |ps b5 |p4 [p3 [p2 |1 [DO | Don't Care : iD7 o6 |

Figure 90. Timing of Short Frame Sync (PCM I/F A: MSBSA bit = “1”, BCKPA bit = “0”)
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it 1/fs2 >:
) 1

1 1
SYNCA A f

(16bit Linear) ;

SDTOA : ID15|D14|D13|D12|D11|D10|D9 |ps [p7 [p6 D5 D4 [D3 D2 |D1 [DO | : ,W
: :

sDTIA | Don‘tiCare D15|D14|D13|D12|D11|D10|D9 [D8 [D7 |D6 [D5 [D4 D3 [D2 [D1 [DO |'_ / D15| D14

Cooron o ' :D7 |p6 [ps [p4 [p3 [p2 [D1 [Do | Don't Care : ;W

somia | Don’t:Care ID7 [o6 [ps [p4 [p3 [p2 b1 [oo | Don't Care Do:n'tCare ID7 o6 |

Figure 91. Timing of Short Frame Sync (PCM I/F A: MSBSA bit = “1”, BCKPA bit = “1”)

1/fs2

<

1
SYNCA T |

1

1

[}

ST

(16bit Linear) [

SDTOA iD15|D14|D13|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |D1 |D0 | |D15 D14|D13
1
!

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

iD15|D14| D13|
(8bit A-Law/u-Law) '

: Don’tCare/
SDTOA |D7 |D6 |D5 |D4 |D3 |D2 |D1 |DO | |D7 D6 |D5
1

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

Figure 92. Timing of Long Frame Sync (PCM I/F A: MSBSA bit = “0”, BCKPA bit = “0”)

X 1/fs2 >

1 1
SYNCA 4 | | | |

(16bit Linear) l '
SDTOA D15|D14|D13|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |D1 |D0 | D15|D14|D13

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) : Dont Care / '
SDTOA D7 |D6 |D5 |D4 |D3 |D2 |D1 |DO | p7 |D6 |D5
[ [
SDTIA |Don’tCare|D7 |D6 |D5 |D4 |D3 |D2 |D1 |Do | Don't Care |D7 |D6 |D5 ‘
Figure 93. Timing of Long Frame Sync (PCM I/F A: MSBSA bit = “0”, BCKPA bit = “1”)
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1/fs2

T

(16bit Linear)
SDTOA : D15|D14|D13|D12|D11|D10|D9 |D8 |D7 |D6 |D5 |D4 |D3 |D2 |D1 |D0 | : [D15[D14[ D13
1 1

SYNCA

oy

1 1
SDTIA |Don'tCalre|D15|D14|D13|D12|D11|D10|D9 |ps D7 [p6 [Ds [p4 [D3 D2 [D1 [Do | /: iD15|D14|D13|

] 1 ] 1
(8bit ALaw/uLaw) ! ! Don't Care ot

SDTOA i |o7 |D6 |D5 |D4 |D3 |D2 |D1 |Do | . {D7 [pe [D5
1 1
1 1 1 1

SDTIA |Don'tCalrel|D7 |D6 |D5 |D4 |D3 |D2 |D1 |Do | Don't Care Dot oare D7 |D6 |D5 ‘

Figure 94. Timing of Long Frame Sync (PCM I/F A: MSBSA bit = “1”, BCKPA bit = “0”)

;: 1/fs2 :;
) )
ey | | | |

1
(16bit Linear) i L

SDTOA : {D15|D14[D13|D12|D11 [D10[D9 [D8 [D7 D6 [D5 [D4 [D3 [D2 [D1 |DO | i {D15|D14|D13
T 1

SDTIA |DontCareID15|D14|D13|D12|D11|D10|D9 |os [p7 [p6 [ps [p4 [p3 [p2 D1 [po | 4, | |p15[D14]D13|
[

(8bit A-Law/p-Law) 1

: DontCare/ H
SDTOA : |D7 |D6 |D5 |D4 |D3 |D2 |D1 |Do | . |D7 D6 |D5
T
1
]

SDTIA |Don‘tCare D7 |D6 |D5 |D4 |D3 |D2 |D1 |DO | Don't Care Don't Care| D7 |D6 |D5 ‘

Figure 95. Timing of Long Frame Sync (PCM I/F A: MSBSA bit = “1”, BCKPA bit = “1”)
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< 1/fs3 >

SYNCB K
BICKB I—I
(16fs3) | l | |_| |_| |_| |—| |—| |—| |—| U u |—

1 1 1

(16bit Linear) ! '
SDTOB L2| L1 L0|L15|L14|L13|L12|L11 ||_10| L9|L8 | L7| L6| |_5| |_4| L3| L2| L1] Lo L15|L14|
SDTIB ! v

]
(8bit A-Law/p-Law)
SDTOB| R2| R1| RO
SDTIB .

L7| L6| |_5| L4| L3| L2| L1| Lo| R7| R6| R5| R4| R3| R2| R1i RO L7| L6|
]

bRl LRl Rl

]
(16bit Linear) o

1
H 1
SDTOB : iL15 |L14 | L8| L7 | L1| Lo |R15 | R1| R0| ' |L15 L14
P L
sDTIB Dontcdre {115 |L14 | L8| L7 | L1 | Lo |R15| | R1| R0| Don't Care L15|L14|
@btALawidlaw) | b v
SDTOB ] L7| L6 | Lo| R7 | R1| RO| ' L7] e
I '
SDTIB Don't Care '| |_7| L6 | L0| R7 | R1| Ro| Don't Care ' | L7| L6|

<16bit Linear>
Lch Data: L15-0, MSB(L15), LSB(L0)
Rch Data: R15-0, MSB(R15), LSB(RO)
<8bit A-Law/p-Law>
Lch Data: L7-0, MSB(L7), LSB(LO)
Rch Data: R7-0, MSB(R7), LSB(RO0)

Figure 96. Timing of Short Frame Sync (PCM I/F B: MSBSB bit = “0”, BCKPB bit = “0”)

L]
< 1s3 >
1
SYNCB K
1
1
BICKB
(16s3) _|
1 1

(16bit Linear) ! \
SDTOB |_|_2| L1 L0|L15|L14|L13|L12|L11 ||_10| L9|L8 | L7| L6| |_5| |_4| |_3| |_2| L1] Lo L15||_14|
SDTIB }

(@bitAlawlaw) |

)
SDTOB| R2| R1| RO L7| L6| L5| |_4| |_3| |_2| L1| L0| R7| R6| R5| R4| R3| R2| R1i RO L7| L6|
1 [l

SDTIB

BICKB i '
wes UL LU U UL
(16bit Linear)

1
1

SDTOB i iL15 |L14| | L8| L7 | L1| Lo |R15 | R1| RO| ' L15 [L14
T 1 H 1

H ' H 1
SDTIB Dontcdre  |L15 |L14 8| 7 | 11| o |ris] | R1| Ro] Don't Care L15 [L14 |
(8bit A-Law/u-Law) : g Do
SDTOB | |_7| L6 | Lo| R7 | R1| RO| ; L7 | e
- !
SDTIB Don't C;re | L7] 6 [ L[ R7 | R1] RO] Dont Care ' ] 17| Lo |

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

Figure 97. Timing of Short Frame Sync (PCM I/F B: MSBSB bit = “0”, BCKPB bit = “1")
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< 1/s3 >
SYNCB 3
BICKB
(16fs3)

1 1 1

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

SDTIB
(8bit A-Law/p-Law)

SDTOB |R2| R1| RO L7| L6| L5| L4| L3| L2| L1| |_0| R7| R6| R5| R4| R3| R2| é1| ROi L7| L6|
SDTIB : !

)
BICKB
g LIV LU U UL
(16bit Linear) i i ' I
1

]
] 1
SDTOB | L15|L1 |3| L8| L1| L1| Lo |R 13| R1| R0| i L15 |L14

SDTIB Don’tc;re L15 |L1 |3| L8 | L1 | L1 | Lo |R 6 | R1 | R0| Don't Care iL15 |L14|

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

SDTOB L7| L5 | L0| R1| R1| R0| | L7 ] Le
H H

SDTIB Don'tCI,are [ |_7| d | L0| 2 | R1| RO| Don't Care ' | |_7| L6|

<16bit Linear>
Lch Data: L15-0, MSB(L15), LSB(L0)
Rch Data: R15-0, MSB(R15), LSB(RO)
<8bit A-Law/p-Law>
Lch Data: L7-0, MSB(L7), LSB(LO)
Rch Data: R7-0, MSB(R7), LSB(RO0)

Figure 98. Timing of Short Frame Sync (PCM I/F B: MSBSB bit = “1”, BCKPB bit = “0”)

]
< 1fs3 ::
1
SYNCB
1
1
BICKB
(16fs3)
1 1
1

(16bit Linear) ! : !

SDTOB | |_2| L1 | L0|L15|L14|L13|L12|L11 |L10| L9|L8 | |_7| L6| L5| L4| L3| L2| L1 | Lo L15|L14|

SDTIB i { ;

(8bit ALaw/u-Law) | ' l i

SDTOB |R2|R1|R0 L7|L6|L5|L4|L3|L2|L1|LO|R7|R6|R5|R4|R3|R2|R1|RO L7|L6|
1 1

SDTIB

?éfé%_ll_lll_lﬂ:ﬂ L T TU UL

1
!
; iL15|L1 13] L8 | L] ][R 43[R Ro| ' W

(16bit Linear)

SDTOB
: i ! !
sDTIB Don't Cre L5t 13 L8| L] w[rR 6 | R1| Ro] Don't Chre L15 | L14 |
(8bit A-Law/p-Law) : i :
SDTOB |L7|L 5 |L0| R1|R1|R0| ' L7 | e
T T
T T
SDTIB pontcare | L7] L 5] L] 2 | R1] Ro| Don't Care ' [ 7] 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(RO0)

Figure 99. Timing of Short Frame Sync (PCM I/F B: MSBSB bit = “1”, BCKPB bit = “1")
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P 1ffs3 >

i
svnee [ | | [
BICKB f ;
(16fs3) | l |_| |_| |_| |_| |—| |—| |—| U l—| |—| |—
(16bit Linear) i H
SDTOB | L1 | Lo L15|L14|L13|L12|L11 | L10| |_9| L8| L7| L6| L5| L4| L3| L2| L1 | Lo L15|L14| L13|
SDTIB

(8bit A-Law/p-Law)

SDTOB| R1| R0I| L7| L6| L5| L4| L3| |_2| L1| Lo| R7| R6| R5| R4| R3| R2| R1| RO| L7| L6| L5|
SDTIB

BICKBI—Il—Iﬂl—l H|—||—||—||—||—IH|—||—|
(64fs3)
(16bit Linear)

SDTOB L15|L14| ‘ L8| L7 | L1| Lo |R15| ‘ R1| R0| .L15 L14 [L13

SDTIB |Don’t CareiL15|L14| ‘ L8| L7 | L1 | Lo |R15| ‘ R1| R0| Don't Care iL15 |L14|L13|
(8bit A-Law/u-Law) . l

SDTOB 7| | Lo|rr | R1| Ro| 7] | Ls
SDTIB |Don’tCarei |_7| L6 ‘ L0| R7 | R1| RO| Don't Care i L7| L6| L5|

<16bit Linear>
Lch Data: L15-0, MSB(L15), LSB(L0)
Rch Data: R15-0, MSB(R15), LSB(RO)
<8bit A-Law/p-Law>
Lch Data: L7-0, MSB(L7), LSB(LO)
Rch Data: R7-0, MSB(R7), LSB(RO0)

Figure 100. Timing of Long Frame Sync (PCM I/F B: MSBSB bit = “0”, BCKPB bit = “0”)

> 153 >

s || | | L

coauninkaigipinigigiginigipipipinipnpagiai}
(161s3)

(16bit Linear) :
SDTOB |_|_1 | Lo L15|L14|L13|L12|L11 | L10| |_9| L8| |_7| L6| L5| L4| L3| L2| L1 | Lo L15|L14| L13|
SDTIB

(8bit A-Law/p-Law) 1

SDTOB| R1| Ro| L7| L6| L5| L4| L3| L2| L1 | |_0| R7| R6| R5| R4| R3| R2| R1| RO| L7| L6| L5|
SDTIB

e U U UBUUUT LI_I_I_LI_LI_LI_I_I_I_T_IILI_
(16bit Linear) :

'
SDTOB L15|L14| ‘ L8| L7 | L1| Lo |R15| ‘ R1| R0| .L15 L14|L13
. ¢

SDTIB |Don'tCarei|_15||_14| \ L8| L7 | L1 | Lo |R15| \ R1| RO| Don't Care iL15 ||_14||_13|
(8bit A-Law/p-Law) i l

SDTOB L7| L6| \ Lo| R7 | R1| RO| 7] | s
soTie [pont Carel| 7] [ w]rr [ rR1] 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(RO)
<8bit A-Law/p-Law>
Lch Data: L7-0, MSB(L7), LSB(LO)
Rch Data: R7-0, MSB(R7), LSB(R0)

Figure 101. Timing of Long Frame Sync (PCM I/F B: MSBSB bit = “0”, BCKPB bit = “1”)
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< 1/s3 >
owee [l |
(16fs3) I_I_
1 II

(16bit Linear) ' !
SDTOB |_|_1 | Lo L15|L14|L13|L12|L11 ||_10| |_9| L8| L7| L6| L5| L4| L3| L2| L1 | Lo L15|L14| L13|
I

(SSbi-:?_aw/p Law) ! \
SDTOB| R1| RO L7| L6| L5| L4| L3| |_2| L1 | Lo| R7| R6| R5| R4| R3| R2| R1| RO L7| L6| L5|
SDTIB

BICKB
e FLFI_ﬂﬂJ R (RERERN FLFLFLFLFLI‘LTJIFL
(16bit Linear)

SDTOB |L15|L14 ‘ L8| L7 | L1| Lo |R15| ‘ R1| R0| ; |L15 L14 [L13
T 1

! !

SDTIB |Dontc;re L15 |L14 ‘ L8| L7 | L1 | Lo |R15| ‘ R1| R0| Don't Care . L15 |L14|L13|

(8bit A-Law/p- Law) E |

SDTOB v fulw | r| [ R Ro| bl 7| e s
HE HE

SDTIB |Don’tCa:re|l L7| L6 ‘ |_o| R7 | R1| RO| Don't Care I | L7| L6| L5|

<16bit Linear>
Lch Data: L15-0, MSB(L15), LSB(L0)
Rch Data: R15-0, MSB(R15), LSB(RO)
<8bit A-Law/pu-Law>
Lch Data: L7-0, MSB(L7), LSB(LO)
Rch Data: R7-0, MSB(R7), LSB(R0)

Figure 102. Timing of Long Frame Sync (PCM I/F B MSBSB bit = “1”, BCKPB bit = “0”)

< 1fs3 >

owee [ | e
BICKB
(16fs3)

II 'I

(16bit Linear) !
SDTOB |_|_1 | L0|L15|L14|L13|L12|L11 |L10| L9 |L8 | |_7| L6| L5| L4| L3| L2| L1 | |_0 L15|L14| L13|
SDTIB "

(8bit A-Law/p-Law) 1 !
SDTOB| R1| Lo L7| L6| L5| L4| L3| L2| L1 | |_0| R7| R6| R5| R4| R3| R2| R1| Ro| L7| L6| L5|
SDTIB

(49 J_Lﬂ_ﬂﬂ UL LI_I_I_IJ_IJ_I_I_I_I_U_LH_I_
(16bit Linear)

'
SDTOB . iL15|L14 ‘ L8| L7 | L1| Lo |R15| ‘ R1| R0| L15|L14 [L13
) =

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

(8bit ALaw/u-Law) oo 1

sDTOB : l 7|6 w|RrR| | Ri|Ro] bl 7| e s
' )

SDTIB |DontCare| L7| 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(R15), LSB(RO)
<8bit A-Law/p-Law>
Lch Data: L7-0, MSB(L7), LSB(LO)
Rch Data: R7-0, MSB(R7), LSB(R0)

Figure 103. Timing of Long Frame Sync (PCM I/F B: MSBSB bit = “1”, BCKPB bit = “1”)
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SYNCA | | |
0123// 91011121314150123// 9 101112131415 0 1
SDTOA() [ /| FEEEECR] 8 8
| ! .
SDTIA() 15|14|13| | | | | | | | |0 DontCare/ Don't Care 15|
BICKA 0123/ 15161718/ 310 1 2 3 15161718 3101
.
(64fs2) % / /
SDTOA(0) !15I14I13I ;I [0] % % % W
SDTIA() 15|14|13| | | | DontCare'E % Don't Care 15|
115:MSB, OLSB : ”
Figure 104. Timing of MSB justified (PCM I/F A)
SYNCB
- / 9 101112131415 6 1
c 0123% 9 101112131415 0 1 2 /
oA % z
SDTOB(o) 15|14|13| | [6]5]4]3]2] |°15|14|13| /I [6]5[4]3]2]1 |°15|
SDTIB(i) |15|14|13| | 6]5]4]3 | HE |15|14|13| | 6]5]4]3 | KE |15|
/ /
.
BICKB 0 1 23% 15161718/ 31012 3 15161718/ 310 1
(64fs3) % % ?
soTo8(o) [ /| ol | [ / o] %/ 2N
SDTIB(i) 15|14|13| | | | Don't Care 15|14|13| %| | | Don't Care 15|
§15:MSB OLSB
i‘ Lch Data »E‘ Rch Data »E

Figure 105. Timing of MSB justified (PCM I/F B)
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SYNCA |

. . 9101112131415 0 1
BICKA 0123% 91011121314150123/
(32fs2) % % |
soToa©) [ ?| [EEEERE] i
soTiAG) T % EEEOEEE % oo |
%z}:g 0123% 15161718% 310123% 15161718% 310 1
|1514 / % % % B
SDTOA(0) | I/ [2[1]o] = % _
SDTIA(i) 15[14] /| [1]0] Don' Care; % Don't Care
115:MSB, 0:LSB !

Figure 106. Timing of I’S (PCM I/F A)

SYNCB |_

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

SDTOB(0) °|15|14| | [7]6]5]4]3]2]1 |°15|14| | [7[6]5]4]3]2]1 |0
soTiB() [o[191 ||||||||||15|14| ||||||||||
BICKB 0 1 23/ 5161718/ 310123 15161718 3101
g (i i
SDTOB(0) :15|14| /| [1[e] 2= 15|14| ?| [*]o] %
SDTIB() 15]14] | |1]o] Dontcare 15|14| | |1]0o] Dontcare
i15:MSB OLSB
E‘ Lch Data >E< Rch Data >E

Figure 107. Timing of I’S (PCM I/F B)
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B DSP Block Sampling Frequency Setting

[AK4679]

Select sampling frequency (FSD[3:0] bits) on the sleep mode. In FSD mode 6, the Up-Down sampling converter is
powered-up and the AK4679 enters double sampling mode (fs1 =8kHz, fs2 =16kHz). In the other modes (using unity
sampling rate), fs2 is output at the same timing of fs1 input.

Table 122. Setting of Sampling Frequency (N/A: Not available)

Hm Selection of Input Port

FSD . . . . Sampling Frequenc
Mode | FSD3 bit | ESD2 bit | FSDI bit | FSDO bit ———— P fszg Por?2 Y o
0 0 0 0 0 8kHz 8kHz 8kHz (default)
6 0 1 1 0 8kHz 16kHz &kHz Double FS mode
1 0 0 0 1 12kHz 12kHz 12kHz
2 0 0 1 0 16kHz 16kHz 16kHz
3 0 0 1 1 24kHz 24kHz 24kHz
5 0 1 0 1 11.025kHz 11.025kHz 11.025kHz
7 0 1 1 1 22.05kHz 22.05kHz 22.05kHz
10 1 0 1 0 32kHz 32kHz 32kHz
11 1 0 1 1 48kHz 48kHz 48kHz
15 1 1 1 1 44 1kHz 44 1kHz 44.1kHz
Others N/A N/A

The selection of the signal path of the input clock for Port#1 and #3 is set by the SELPT bit. SYNC2 clock is selected by
FSD bits and processed on the clock generator (CGU) block. The frequency of SYNC?2 is double as that of SYNC1 on the
FSD mode 6 while the BCLK?2 bit clock rate is same as BCLK1. When PT2N bit = “1”, BCLK2 and SYNC?2 pin outputs
are low level. When BCLK1 and SYNCI pins are selected as input pins, BCLK3/JX0 and SYNC3/JX1 pins could act as
JXO0 and JX1 pins function respectively.

BCLK1 pin

BCLK3/JX0 pin

SYNC1 pin

SYNC3/JX1 pin

MS1402-E-02

Port#1,#3

\

I
s

N

Oo—=oO0 A
SEL:’T bit  ESp3:0] bit
! G\G— CGU

Oo—>0

Port#2
O—0O—+O | BCLK2 pin

t L

PT2N bit !

\ L
—O—O—-O ! SYNC2pin

CGU: Clock Generator Unit

Figure 108. Port#1/2/3 Signal Setting (PT2N bit = “0”)
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B Output Selector of Port#1, Port#2 and Port#3

The AK4679 has output selectors. After releasing hardware suspend, LPDO1/2 bits control signal path of SDOUT1/2
respectively. On both hardware reset and suspend states, Port#1 input/output are bypassed to Port#2 output/input
respectively. The output pin selection of the Por#3 is done by LPDO3 and 4 bits. Each output pin has an output enable
switch. (OUTxN bitx =1, 2, 3, 4)

FS[3:0] bits ———
PCM I/F Port%/ A

Up-down
LPDO? bit Sample
/I converter
SDOUT2 < 1[= 8k«——16k| DOUT2
@¢ C y
e
T2N bit SELPT bit AKM
BCLK1 DSP
BCLK2 BOLK3 J Core
SYNCA1 PCM I/F Port #1
BCLK1
SDIN1 > DIN1
LPDO1 bit
Ot
SDOUT1 - 1| DOUT1

/

C/ PCM I/F Port #3
SDIN3 () > DIN3

LPDO3 bit
sbouT3 (= QI DOUT3
0 <—|
Sl\Z @ + » DIN4
LPDO4 bit
0 |
SDOUT4 1 DOUT4
-/
SYNC3
BCLK3

Figure 109. Output Selector of Port#1, Port#2 and Port#3 (Red: hardware reset)
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H PCM Audio Interface Format

[AK4679]

LAW [1:0] and DIFD [1:0] bits select interface format of Port#1, Port#2 and Port#3. The interface format is in common
for all ports. BCLK1/2 frequency ranges from 16fsl to 256fsl. In all modes, the data format is MSB first, 2’s complement
*

and supporting 2channel data only. The data length supports 16/24bit Linear, 8bit p-Law, and 8bit A-Law

Table 124).,

On the PCM short/long frame, the AK4679 only accepts 1channel data when BICK1/2 is 16fs and in/output data length is
16bit Linear. The AK4679 can support 16bit PCM (short frame, long frame), Left justified and I*S mode (Table 123)).

When the data format of Port#1 and Port#2 is 8bit A-Law or 8bitu-Law, the data format of Port#3 will be 16bit Linear.

BCLK1 and BCLK3 input frequency to the Port#1, 3 are dependent on DIFD mode as shown below.

fBCLK1, fBCLK3 frequency range Remark
4 x DatalLength(8,16,24) x fs ~256 x fs FSD mode 6
Others
2 x Datalength (8,16,24) x fs ~ 256 x fs (Except FSD mode 6)
Table 123. BCLK Setting
gy Digital I/F Format
Mode | LAW [L:0bits 5~ rp 0 o Port3
0 00 16-bit Linear 16-bit Linear (default)
1 01 24-bit Linear 24-bit Linear
2 10 8-bit A-Law 16-bit Linear
3 11 8-bit p-Law 16-bit Linear
Table 124. PCM Data Format Setting
DIFD Mode DIFD[1:0]bits Digital I/F Format BCLK1
0 00 PCM Short Frame > 16fs1 (default)
1 01 PCM Long Frame > 16fs1
2 10 Left justified > 32151
3 11 I’S > 32fs1

Table 125. PCM Interface Format Setting

In format mode 1/2, PCM data format is selected by BCKPD bit (Table 126). SDOUT output data and SDIN input data
are latched and output on the falling or rising edge of BCLK. Refer to: Figure 110-Figure 113 for selectable format of
BCLK against SYNC1/2 edge.

. BCLK edge referenced
BCKPD bit to SYNC edge
. Figure 110 | (default)
0 falling (FE) Figure 112
.. Figure 111
! rising (RE) Figure 113

Table 126. PCM Interface format in (DIFD[1:0] = “00”, “01”)

MS1402-E-02 2012/08
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SYNC1, 2,3 f

5
@D
~
N\

Q

=

pm}

@

‘soour{ o0 [ons[on]on] %:[D}p{ B |D15|D14|D13|% o Jor | o % 78] o]
<|>||)/%jj T % SO % S
o] oo % o0 o7 ] % p:dmme % o7 oo |
iD::) [ooricas]o7 | % o0 [o7 | % o0 | bon Gare % 67 o5 |

Figure 110. PCM Short Frame Falling-edge (LAW bits = “00”, DIFD bits = “00”, BCKPD bit = “0”)

SYNC1, 2,3 f_|

BCLK1, 2,3

%F

(16bit Linear) Istchamnel g 2nd channel o

SDOUTx DO D15 | D14 D13% D3| D2 |D1 DO |D15|D14 D13// D2 | D1 DO
| IIII%IIIIII%III

SDINx [ Don't Care |D158|;1z]r§13|% p3 [ p2[p1 [po |D15|D14|D13|%|D3 [p2 [p1 [po | /D n't Care| D15 [ D14]

|D15|D14|

(BsbggL_JL::v/“-Law) 1stchannel %
| oo [o7 |D6 / Dz% | DO |D7 |D6 ‘

1st channel / 2nd channel /
sDINx [ Dontcare [D7 [D6 %bo |o7 |m% |po | Don't Care o7 [os |

(x =1~4)

Figure 111. PCM Short Frame Rising-edge (LAW bit = “00”, DIFD bits = “00”, BCKPD bit = “1”)
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SYNC1, 2,3

[AK4679]

ts

tSYNCH(tBICK < tSYNCH < ts-tBICK)

1]
)
BCK1, 2, 3 /

(16bit Linear)

)
12nd channel

SDOUTx | DO

SDINX | Don't Car

:;:tscr;::elon % p2 |[p1 D0 [D15[D14[D13 7 D2 D1 DO D15|D14[ D13
| |o14]013] % |02 [o1 o [p1s]or4]o13] % |02 [o1 | | |D14[o13]
D15|D14|D13| %// | D2 |D1 |po [p15[D14[D13] % [p2 [p1 [po | Don’tCare!D15|D14|D13|

(8bit A-Law/p-Law)

v 1st chani

2nd channel

SDOUTx | DO

.D7 fy/joo |D |7/—|DO | DO

I|D7 |D6 |D5 |
j

SDINx | Don’t Car

D7|

|DO |D7|

| DO | Don’t Care

]
D7 |D6 |D5 |

(x =1~4)

Figure 112. PCM Long Frame Falling-edge (LAW bit = “00”, DIFD bits = “01”, BCKPD bit = “0”)

1
@
<

ts

i———— tSYNCH(tBICK < tSYNCH < ts-tBICK)

SYNC1, 2, 3 3 |
BCLK1, 2,3 : ?
(16bit Linear) 1st channel 2nd channel 7
;LG)ZLLTX D15|D14|D13 |D2 |D1 |D0 |D15|D14|D13| % |D2 |D1 |D0 / D15|D14|D13|
| ] |
SDINx [ Dor't Car D15|D14|D13 |D2 |D1 |Do |D15|D14|D13| % |D2 |D1 |D0 | /Don'tCare|D15|D14|D13|
c . H

(8bit A-Law/u-Law)

SDOUTX

o7 |

1
SDINX | Don'tCare | D7 |

|Do / D7 |D6 |D5 |
/% |Do | Don't Care é D7 |D6 |D5 |

(x =1~4)

Figure 113. PCM Long Frame Rising-edge (LAW bit = “00”, DIFD bits = “01”, BCKPD bit = “1”)
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SYNC1, 2,3 | I [

0o 1 2
BCLK1, 2,3 /

10 11 12 13 14 15

=y

8 19 20 21 22 23 n-1 n

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

e
e

n-1 n 0 1 2
1

%

o
o

.
15|14é|5|4|3|2|1|

alae
SDOUTXx 0.15|14|%|5|4|3|2|1| -

o

SDINXx 15|14 é 5 | 4 | 3 | 2 | 1 | 0 |Don’tCare 15|14|/| 5 | 4 | 3 | 2 | 1 | 0 |Don‘tCare
~ ' 15MSB, 0: LSB ! '
(x=1~4) :4— Lch Data #:1 Rch Data —P:
Figure 114. Left Justified format (LAW bits = “00”, DIFD bits = “10”)
SYNC1, 2,3 | I [
1 2%18 19 20 21 22 23 % n-1 n 0 1 2%18 19 20 21 22 23 % n-1 n 0
L . / .
BCLK1, 2, 3 | % % | % %
SDOUTx 023|22|%|5|4|3|2|1| 0 23|22|§|5|4|3|2|1| 0
1 / 1 / 1
SDINx 23|22% 5|4|3|2|1|0|Don’tCare 23|22|%|5|4|3|2|1|0|Don’tCare

_ 123:MSB, 0:LSB H '
(x=1~4) :4— Lch Data P Rch Data —_—>

Figure 115. Left Justified format (LAW bits = “01”, DIFD bits = “10”)

SYNC1.23 | I L

1

1
7 1 v
n 0 "2 3 6

7 P

0 1 2 3

BCLKXx |||||||//

iy

1 12 13 14 15 16

iy
jury
N
N
-
w
N
S
-
o
-

1

1
n 0 "

1

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

N

e

- - =

.
SDOUTx 0 15|14|%|5|4|3|2|1| 0 15|14| 5|4|3|2|1|0

1 / 1 1
SDIN ] [e]e o]z Lo Jomtcas|w[w] 5 [+ ]2 ]2 Lo Jomtcar

' 15:MSB, 0:LSB ! ' :
(x=1~4) -— Lch Data >t Rch Data EE—

Figure 116. I*S Format (LAW bits = “00”, DIFD bits = “11”")

SYNC1,23 |__ [ L -
0 'i 2 3 719 20 21 22 23 24 W/ n 0 E’] 2 3 719 20 21 22 23 24 % n 0 i']
- . - -
BCLKx | % % | % % |
SDOUTXx 0 23|22|%|5|4|3|2|1| 0 23|22|%|5|4|3|2|1|0
1 / 1 / 1
SDINxX 23| 22 % 5|4|3]2]1]0]|Dontcare|2s|22 %/ s|4|3]2]1]0|pontcare
' 23:MSB, 0:LSB U | :
(x=1~4) :4_ Lch Data >t Rch Data _P:

Figure 117. I’S Format (LAW bits = “01”, DIFD bits = “11”)
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B DSP STATE TRANSITION

The DSP blcok has follwing operating modes which are controlled by power supply, registors setting, program setting
and external clocks.

¢ Power Down (PDNE pin= “L”)
When the PDNE pin = “L” the DSP block is in powered-down state. Power supplies must be applied when the
PDNE pin = “L”. Set the PDNE pin to “H” to release the power-down after all power supplies are fed. More than
tPDNE cycle of “L” period is needed before releasing the power-down. The state moves the Hardware Reset
state by bringing the PDNE pin = “H”.

¢ Hardware Reset
The DSP is also in reset state in this mode. The clcocks and digital signals are bypassed to the output pins as
shown in Figure 109. The frame sync SYNCI goes through SYNC2, and BCLK1 through BCLK2. The dital
signal path is shown in Figure 109. Do not apply a clock over 3.072MHz to the BCLK pin. In hardware reset
state, control registers (CONTO0~8) cannot be accessed. The DSP block enters hardware suspended state when
the internal digital block is powered-up by setting the system power supply register (PCONTO0: PWSW bit) to
“17.

¢ Hardware Suspended
The power supply control block is initialized when the system power supply register (PCONT1: MRSTN bit) is
set to “1”. Control registers are reset and the DSP block goes into sleep state.

¢ Sleep (Standby)
In this state, all internal registers are in their default values. Register settings and DSP program downloading to
the RAM are available. TESTA, B, C bit, Digital I/F format and DSP related register settings should be made in
DSP reset state (DSPRSTN bit = “0”). After these settings, set DLRDY bit for the access pamission of internal
memories to download DSP programs. The DLRDY bit must be cleared after downloading DSP programs.
Then, release the DSP reset (DSPRSTN bit = “17).

¢ Wait Sync
After releasing DSP reset, DRAM and DLRAM data are cleared by “0” and the DSP block enters wait sync state.
In this state, the clock generator (CGU) is powered-up if an external clock is input to Port#1 or Port#3. Then the
DSP block enters normal operation mode after the output clock of CGU is stabilized.

¢ DSP Operational (Run state)
The CGU block is powered-up when BCLK and SYNC clocks are detected in Wait Sync mode. The DSP block
becomes RUN state and CGU block starts to control clocks and DSP core.
The CGU block is unlocked when no input clocks are present during an operation and the DSP block enters
either Wait Sync state or Hardware Reset.

1. Wait Sync State
When the input clock at Port#1 or Port#3 is stopped for a certaion period (Figure 120), the DSP block
enters wait sync state. Registers, PRAM, CRAM and OFREG data are maintained. The CGU block is
in powere-down state until the clock is input again.

2. Hardware Reset State
When MRSTN bit = “0” and PWSW bit=“0", the CGU block is powered-down and the internal
registers are initialized. The system power supply switch is turned off and PRAM, CRAM and
DLRAM are cleared. Regster values are also cleared to the default values. This mode is suitable for
standby in low power consumption. To resume the device operation, register settings and program
downloadings are necessary.

MS1402-E-02 2012/08
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[AK4679]
Setting State

Mode PDNE | PWSW | MRSTN DLRDY DSPRSTN BCLKXx, CGU DSP

pin bit bit bit bit SYNCx RAM
Power Down L 0 0 0 0 None PD PD
Hardware Reset H 0 0 0 0 Don’t Care PD PD
Hardware Suspended H 1 0 0 0 Don’t Care PD PD
Sleep/Standby H 1 1 0 0 Don’t Care PD PD
Wait Sync H 1 1 0 1 Don’t Care PD PU
CG Ctrl H 1 1 0 1 Input PU PU
Peviee Operating H | 1 0 1 Input PU PU

tate

MS1402-E-02

Table 127. Modes Definitions
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DSP Operational Transition Diagram

Apply Power
Power
off
A
Remove Power
PDNE pin
Hardware
Reset
PWSW bit
Hardware
Suspended
MRSTN bit
DLRDY bit
: Slee 0 1 Download
Register P
Setting —_,\ (Standby) Program
MRSTN bit ="0"

DSPRSTN bit = “1”

CGLK bit
(Read only)

Y

DSP
Operational
"Run state"

Figure 118. DSP Block State Diagram
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m Power-up Sequence and Device Setting
e Power-up, register setting, program download and RUN state sequence

The DSP must be in sleep state when downloading the program. Set DLRDY bit to “1” to power-up the internal
oscillation circuit, and after 100us downloading becomes available. DLRDY bit must always be cleared when complete a
download. Then DSPTRSTN bit is cleared, the DSP block enters wait sync mode. In this state, CGU block is locked when
serial data clock input is detected and the DSP block becomes operating state.

Power supply /

<_,L_O.Gus (min)

PDNE(pin) 3

) 'e— 1ps (min)
1

PWSW bit
MRSTN bit

1
WP I/F : | Setting Register | J Download DSP program |
—>! l«— 100 ps(min) K
DLRDY bit | ) |
—» %—100 ps(min)
1

Glock Gen(int.)

|
1
:
|
1
:
DSPRSTN bit !
|
)
1
)
|
]

>

BCLKx,SYNCx pin | Dorv't care 7 Inout
(x=1o0r3)
Device state| Power OFF | Sleep State | Wait Sync | Device Operational State

| Power Down | Hardware Reset—Suspend

Figure 119. DSP Block Status
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B DSP State Transition (operational state <> wait sync)

Standby Sequence by SYNC1 and SYNC3

When SYNC input is stopped, fixed to “L” or “H” for more than 0.8ms during RUN state, CGU block is powered-down
and the DSP block enters the wait sync mode.

>0.8ms
|

SYNC1 or SYNC3 ! “H” or “L”
|
CGU CTRL !
i
Device state | Device Operational | CGU unlocked Wait Sync

Figure 120. Standby Sequence Example by SYNC1/3
Resume Sequence by SYNC1 and SYNC3

In wait sync mode, CGU block will be powered up in Sms after SYNC1/3 input. The DSP block resumes operation when
DSP reset is released internally and the RAM data is cleared.

SYNC1 or SYNC3 “H” or “L” I

AUUUU U
[}

'L

CLKGEN & Ctrl

Device state Wait Sync CGU locked Device Operational

Figure 121. Resume Sequence by SYNC1/3

Refer to Figure 118 for the sequence when resuming the operation from hardware default state.
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H RAM Clear

The DSP block has a RAM clear function. After the DSP reset release (during RUN), data RAM, delay RAM, coefficient
RAM and accelerator are cleared by “0” (RAM clear). The required time to clear RAM is about 400us.

In the RAM clear sequence, it is possible to order command to DSP. (DSP is stopped during RAM clear sequence. The
ordered command is accepted automatically after this sequence is completed.)

BCLK1/3 pin Input

Device state Wait Sync | CGU unlocked | CGU locked | Device Operational

RAM clear RAM clear

v

DSP start /)

DSP Operational
Start working

Figure 122. RAM Clear Sequence

W Status Output Pin

STRDY bit selects the output of the STO/RDY pin. When STRDY bit = “0”, the STO/RDY pin outputs STO. The
STO/RDY pin outputs “L” after the DSP block is powered-up during the PDN pin = “L”. When the DSP block exits
power-down mode, WDT (watch dog timer) error, CRC error and lock error of CGU block can be output by control
register settings. Each error OR’ed status is output by active-low output when these errors occur. WDT error detection
result output is enabled by DSP instruction setting.

PWSW | MRSTN | CRCE | WDTN | LOCKE STO pin Note
bit bit bit bit bit
0 - - -- -- L
0 L
0 0 0 WDTERRN Needs DSP Instruction Setting
1 0 H
1 0 0 CRCERRN
WDTERRN Needs DSP Instruction Setting
1 1 0 CRCERRN
1 | 0 0 1 WDTERRN Needs DSP Instruction Setting
LOCKERRN
0 1 1 LOCKERRN
1 0 1 CRCERRN
_____ WDTERRN | Needs DSP Instruction Setting |
LOCKERRN
1 1 1 CRCERRN
LOCKERRN

Table 128. STO pin Configuration

MS1402-E-02 2012/08
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m DSP Programmable Output

[AK4679]

The DSP block has two General Purpose Output (GP0 and GP1) pins for external device controlling. The outputs can be
controlled by DSP programs. SELDO3 and SELDO4 bits control SDOUT3/GP0 and SDOUT4/GP1 pins respectively.
OUT3N and OUT4N bits switch output enable/disable of these. When controlling the GPCby the GP0 and GP1 pins, the

initial state of the GP0O and GP1 pins are “L”.

OUT3N bit SELDO3 bit Output Data Select
0 0 DSP DOUT3
1 DSP GP output 0
1 (1) Low
Table 129. SDOUT3/GPO pin Select
OUT4N bit SELDO4 bit Output Data Select
0 0 DSP DOUT4
1 DSP GP output 1
1 (1) Low
Table 130. SDOUT4/GP1 pin Select
MS1402-E-02
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| Serial Control Interface (SPI, I’C-bus)

H General

Audio Block is controlled by I’C bus only while DSP Block is controlled by the SPI or I°C bus which is set by I2CE pin
state.

m Serial Control Interface (I*C-bus)

The AK4679 supports the fast-mode I°C-bus (max: 400 kHz). Pull-up resistors at SDAA and SCLA pins must be
connected to (TVDDA+0.3)V or less voltage. Pull-up resistors at SDAE and SCLE pins must be connected to
(TVDDE+0.3)V or less voltage.

SCLA and SCLE are denoted by SCL. SDAA and SDAE are denoted by SDA in this document.

(2)-1. WRITE Operations

Figure 123 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 131). 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 shown in Figure 124 and Figure 125. If the slave address
matches that of the AK4679, the AK4679 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 133). 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 AK4679. When accesing the PRAM, CRAM and OFFREG
the second byte consists command code at this time. This address is 8bits and the format is MSB first (Figure 126). The
data after the second byte contains control data. The format is MSB first, 8bits (Figure 127). The AK4679 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 131).

The AK4679 can perform more than one byte write operation per sequence. After receipt of the third byte the AK4679
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 for CODEC registers
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 134) except for the START and STOP
conditions.

MS1402-E-02 2012/08
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S
T S
A R/vi:"O" g
R 7
T % P
SDAA Slave Sub * %
(SDAE) S Address Address(n) Data(n) Data(n+1) % Data(n+x) P
A A A A A A
K K K K K K
(*: Command code)
Figure 123. Data Transfer Sequence at the I?C-Bus Mode
0 0 1 0 0 1 0 R/W
Figure 124. The First Byte for Audio Block
0 0 1 1 0 CAD1 | CADO | R/W
Figure 125. The First Byte for DSP Block
CADI1, CADO bits defined by the related pins.
A7 A6 A5 A4 A3 A2 Al A0
Figure 126. The Second Byte
D7 D6 D5 D4 D3 D2 D1 DO
Figure 127. Byte Structure after the second byte
MS1402-E-02 2012/08
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(2)-2. READ Operations

Set the R/W bit = “1” for the READ operation of the AK4679. 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 AK4679 supports two basic read operations:
CURRENT ADDRESS READ and RANDOM ADDRESS READ.

(2)-2-1. CURRENT ADDRESS READ

The AK4679 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 AK4679 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 AK4679
ceases transmission.

SDAA Slave
SDAE Address

()] >0
E
i

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

X0 >
IM—Hn>=Z
0>
IMm—An>=Z
0>
am—n>»Z
0>
aAm—n>»Z
X0 >
am—nr»Z
xX0O>»z
T |TOH®

Figure 128. 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 AK4679 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 AK4679 ceases transmission.

s s
T T s
A RIW="0" A RNi="1" _ (T)
R R |
T T / P
Slave Sub * Slave %
SDAA |8 | address Address(n) S | address Data(n) Data(n+1) % Data(n+x) P
A A A M A MA % MA MN
c c c é c é c” é c é A
K K K 7K IK  TK jc
R R R £"
(*: Command code)
Figure 129. RANDOM ADDRESS READ (Audio Block)
R
S E
: : s
Q R/W="0" u A R/W="1" // (T)
T / 7 / P
Slave Command % 5 Slave %
SDAE|S | xddress code Data(n) % S| address Data(n) Data(n+1) % Data(n+x) P
: W A N FL (A
K K K K Sk Sk 3K Sc
E E E EK
R R R R
Figure 130. RANDOM ADDRESS READ (DSP Block)
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SDAA 1\
SDAE ; |

! 1

! 1

! 1

i :

SCLA | |

SCLE ! :

1

start condition stop condition

Figure 131. START and STOP Conditions

When Start condition is received again instead of Stop condition, the bus changes to Repeated Start condition. Repeated
Start condition is functionally the same as Start condition.

SCLE L |
SDAA |\ X X N\
SDAE | L

START CONDITION Repeated Start CONDITION

Figure 132. Repeated Start Conditions

DATA : ==
OUTPUTBY |
TRANSMITTER

b not acknowledge \

DATA T T

OUTPUTBY | :

RECEIVER b
E E acknowledge

SCL FROM b )

MASTER ! ' 1 8 9
- r
______ clock pulse for
START acknowledgement

CONDITION
Figure 133. Acknowledge on the I’C-Bus
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data line change
stable; of data
data valid allowed

Figure 134. Bit Transfer on the I*C-Bus
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m SPI Serial Control Interface (DSP block)

DSP block can be controlled by SPI.
1. Configuration

The access format is: Command code (8bit) + Address + Data (MSB First)

Bit Length
Rgister address | 8 MSB bit is R/W flag. The following 7bits indicate access area such as PRAM/
or CRAM/Registers.
Command code
Address to be 16 or 0 Valid only for those cases where accessed areas have addresses such as PRAM
accessed /CRAM/OFREG. When no address is assigned, there is no data.
Data later section | Write or Read data

Note 76. The address field is fixed to 0000h when writing to PRAM.

o) -

! i
sCLK | :
! !

S| i",’;,’)”ia” RegAddr,ComCode(8bit)| Address (16bit or Obit) | Data (write) X(L/H)|
! '
Hi-Z Hi-Z
SO
LOTll | Data (read) oy

The output level of SO pin is set by SOCFG bit on CSN pin = “H”.
o Echo back
The input data of the SI pin is echoed back to the SO pin by shifting 8bit to the right.

1-1. Write Sequence 1

CSN | |
S| | COMMAND | ADDRESS1 | ADDRESS2 | DATA1 | DATA2 do(rl‘_,/tﬁ?re COMMAND | ADDRESS1 |
SO [Hiz Hi-Z or Low
Low COMMAND | ADDRESS1 | ADDRESS2 | DATA1 DATA2 COMMAND
Figure 135. Echo-Back Writing 1
1-2 Write Sequence 2
e,
CSN 71 s
/ .
) / don’t care
S| 0xB4 0x00 0x00 DATA1 DATAN Extra 8bit data % (L/H)
7
_ 7 ¢
SO Sﬁ, COMMAND | ADDRESS1 | ADDRESS2 DATA1 DATAn é Hi-Z or Low
144 "

It is possible to verify the written data by inputting extra 8bit clock. If the dummy data is more than the data length, this
dummy data is written on the next address. (24bit for CRAM writing and 16bit for OFREG writing)

Figure 136. Echo-Back Writing 2
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2. Read Sequence

CSN—I »Z
— ,
don’t
Sl COMMAND | ADDRESST | ADDRESS2 do?l_t“g?re % e dOPLt/ﬁ‘;"re COMMAND | ADDRESS1
SO [Hiz % Hi-Z or Low
Low COMMAND | ADDRESST | READ DATA é READ DATA Data COMMAND

Data of the address2 field is not echoed back in read operation. The read data on the SO pin is output after writing to the
address?2 field.

Figure 137. Echo-Back Mode Reading
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H Register Map (Audio block)

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 | MICL1 | PMMPI
03H | PLL Mode Select 0 FS3 | FS2 ' FSI | FSO ! PLL3 | PLL2 : PLLI | PLLO
04H | PLL Mode Select 1 CMI | CMO ! BCKO { 0 ! 0 ! 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 i LOMH :{ 0 i PMHPR | PMHPL
0CH | Charge Pump Control 0 | VDDTM2 | VDDTMI | VDDIMO . O | 0  |CPMODEI | CPMODEO
0DH | SPK&RCV Power Management | THDET ! 0 | TEST ! PMSPK ! O ! 0 ' RCVPS ' PMRCV
0EH | LINEOUT Volume Control 0 ¢+ 0 ¢ 0 I 0 i\ 0 i LVL2 ! LVLI ! LVLO
OFH | HP Volume Control 0 i 0 ' HPG5 | HPG4 ' HPG3 | HPG2 | HPGI | 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 ! SRMXLI ! SRMXLO ' PFMXRI ' PFMXRO ! PFMXL1 ! PFMXLO
15H | ALC Timer Select FR | RFST1 | RFSTO ! WTM2 | WTMI ! WTMO ! ZTMI ! ZTMO
16H | ALC Mode Control LFST | ZELMN ! LMATI | LMATO | RGAINI | RGAINO | LMTH1 | 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 | FMTAI | FMTAOQ
21H | PCM I/F Control 1 SDOBD | 0 | MSBSB | BCKPB | LAWBI | LAWBO | 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 | MXIR0O | 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 I 0 | FIAI3 ! FIAI2 | FIAlIl | FIAI0O | FIA9 | FIA8
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 | F2AI12 | F2All ! F2A10 ! F2A9 | F2A8
2FH | FIL2 Co-efficient 2 F2B7 | F2B6 | F2B5 | F2B4 | F2B3 | F2B2 | F2Bl | F2BO
30H | FIL2 Co-efficient 3 0 | 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 ! F3BS8
35H | EQ Co-efficient 0 EOA7 ' EO0A6 ! EOA5 ! EOA4 ' EOA3 ' E0A2 ! EOAl | EOA0
36H | EQ Co-efficient 1 EOAI5 | E0Al4 | EOAI3 | EOAI2 | E0AIl ! E0A10 | EO0A9 ! EO0AS
37H | EQ Co-efficient 2 EOB7 ' EOB6 : EOBS : EOB4 i EOB3 : EOB2 ! EOBI | EOBO
38H | EQ Co-efficient 3 0 i 0 | EOBI3 ! EOBI2 | EOBIl | EOBIO | EOB9 ! EOBS
39H | EQ Co-efficient 4 EOC7 | E0C6 | EOC5 | EO0C4 ' EOC3 | EO0C2 | EOCI | EO0CO
3AH | EQ Co-efficient 5 EOCI5 | E0CI4 | EOCI3 | EOCI2 | EOCIl1 | EOCI0O | E0C9 | EOCS
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Addr | Register Name D7 ! D6 ! D5 ! D4 1 D3 ! D2 ! DI ! DO

3BH | El Co-efficient 0 EIA7 | EIA6 | EIA5 | EIA4 ! EIA3 | EIA2 | EIAl | EIA0
3CH | El Co-efficient 1 E1Al15 | ElAl4 ! ElAI3 | EIAI2 | ElAlIl ! ElAl0 | EIA9 ! EIAS
3DH | E1 Co-efficient 2 EIB7 | EIB6 | EIB5 | EIB4 | EIB3 ! EIB2 ! EIBl ! EIBO
3EH | E1 Co-efficient 3 EIBI5 ! EIB14 | EIBI3 | EIB12 | EIBIl | EIBI0 | EIB9 | EIBS
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 | EBE2C2 | 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 | B3A2 | E3Al | E3A0
48H | E3 Co-efficient 1 E3A15 ! E3Al4 @ E3AlI3 @ E3AI2 : E3All : E3AI0 : E3A9 @ E3A8
49H | E3 Co-efficient 2 E3B7 ' E3B6 ' E3B5 | E3B4 ' E3B3 | E3B2 ! E3Bl ! E3B0
4AH | E3 Co-efficient 3 E3B15 | E3Bl14 : E3BI3 | E3B12 | 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 ©F 0 ¢ 0 ! 0 i 0 0 I 0

50H | 5band E1 Co-efficient 0 SEIA7 | 5EIA6 ! SEIAS @ 5EIA4 @ 5E1A3 @ 5E1A2 | 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 | SEIB3 | S5EIB2 | 5EIB1 | 5EIBO
53H | 5band E1 Co-efficient 3 0 : 0 . SEIBI3 | SEIBI2 . SEIBII : SEIBIO . SEIB9 . SEIBS
54H | 5band E2 Co-efficient 0 SE2A7 | S5E2A6 | SE2AS5 | SE2A4 | SE2A3 | SE2A2 | SE2A1 | SE2A0
55H | 5band E2 Co-efficient 1 5E2A15 | 5E2Al14 | SE2A13 | 5E2A12 | 5B2All | SE2A10 | 5B2A9 | S5E2A8
56H | 5band E2 Co-efficient 2 SE2B7 | S5E2B6 | SE2B5 | SE2B4 | SE2B3 | SE2B2 | 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 5E2C15 | 5E2C14 ' 5E2C13 | 5E2C12 | 5E2C11 | 5E2C10 | 5E2C9 ! 5E2C8
5AH | 5band E3 Co-efficient 0 S5E3A7 | 5E3A6 | SE3A5 | S5E3A4 | 5E3A3 | S5E3A2 | SE3Al | 5E3A0
5BH | 5band E3 Co-efficient | SE3A15 | 5E3Al4 | 5E3A13 | SE3A12 | 5E3AIl ! 5SE3AI0 | S5E3A9 | 5E3A8
5CH | 5band E3 Co-efficient 2 5E3B7 . 5E3B6 | S5E3B5 | SE3B4 | SE3B3 | SE3B2 | 5E3B1 | 5E3BO
5DH | 5band E3 Co-efficient 3 SE3B15 | 5E3B14 | SE3B13 | SE3BI2 | 5E3BI1 | SE3B10 | SE3B9 | S5E3BS
SEH | 5band E3 Co-efficient 4 SE3C7 | 5B3C6 | 5E3C5 | SE3C4 | 5B3C3 | 5E3C2 | SE3CI | 5E3C0
5FH | 5band E3 Co-efficient 5 5E3C15 ! 5E3C14 ! 5E3C13 | 5E3CI12 ! 5E3Cl11 ' 5E3C10 | 5E3C9 | S5E3CS8
60H | 5band E4 Co-efficient 0 SE4A7 | 5BE4A6 ! S5E4A5 ! S5E4A4 @ SE4A3 @ S5E4A2 | 5B4A1 | S5E4A0
61H | 5band E4 Co-efficient 1 SE4A15 | 5E4Al14 | 5E4A13 | 5SE4A12 | 5E4A11 | 5E4A10 @ 5E4A9 @ 5E4AS8
62H | 5band E4 Co-efficient 2 S5E4B7 | 5E4B6 | S5SE4B5 | 5E4B4 | S5E4B3 | 5E4B2 | S5E4B1 | 5E4B0
63H | 5band E4 Co-efficient 3 SE4B15 | 5E4B14 | 5E4B13 | SE4BI2 | SE4BI11 | 5SE4B10 | S5E4B9 | 5E4BS
64H | 5band E4 Co-efficient 4 SE4C7 | 5E4C6 | 5E4C5 | SE4C4 | 5E4C3 | 5E4C2 @ SE4C1 | 5E4C0
65H | 5band E4 Co-efficient 5 SE4C15 | 5E4C14 | SE4C13 | SE4CI12 | 5E4C11 | SE4C10 | SE4C9 | S5E4C8
66H | 5band E5 Co-efficient 0 SE5A7 | 5BE5A6 | 5ESA5 | S5E5A4 | S5SE5A3 | S5E5A2 | 5B5A1 | 5ESA0
67H | Sband E5 Co-efficient 1 0 | 0 | 5B5A13 | SES5AI12 | 5E5A11 | 5E5A10 | 5E5A9 | 5E5AS
68H | 5band E5 Co-efficient 2 5B5B7 @ 5BE5B6 | 5ES5B5 | S5SES5B4 @ SE5B3 ¢ SE5B2 @ 5E5B1 @ 5ESBO
69H | 5band E5 Co-efficient 3 0 ! 0 ' 5E5B13 ! 5E5BI2 @ 5E5BI1 @ 5E5BI0 i 5E5B9 | SESBS
6AH | 5band 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 | EQ4Gl | EQ4GO
6EH | 5band EQ5 Gain 0 | 0 ! EQ5G5 | EQ5G4 | EQ5G3 | EQ5G2 ! EQ5Gl | EQ5GO
6FH | Reserved O | 0 1 0 I 0 I 0 I 0 0 i 0
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Addr | Register Name D7 ! D6 ! D5 ! D4 1 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 : NSOAF0 : 0 NSEHH * NSTHH3 : ngHH : NSTIHH : NSEHH
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 ! NSLAI1l ! NSLAI0 | NSLA9 | NSLAS
78H | NS LPF Co-efficient 2 NSLB7 ! NSLB6 ' NSLB5 ' NSLB4 ! NSLB3 ! NSLB2 ! NSLBI @ NSLBO
79H | NS LPF Co-efficient 3 0 i 0 ' NSLBI13 ! NSLBI2 ' NSLBI1 ' NSLBIO : NSLB9 : NSLBS
7AH | NS HPF Co-efficient 0 NSHA7 : NSHA6 : NSHAS5 : NSHA4 : NSHA3 : NSHA2 : NSHAI : NSHA0
7BH | NS HPF Co-efficient 1 0 ; 0 ' NSHA13 | NSHAI2 | NSHAI1 | 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 ! DHHPF0
81H | DVLC Mode Control DVRGAIN2! DVRGAINI! DVRGAING, DVLMAT?2 | DVLMATI : DVLMAT0: DAF1 : DAF0
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 ! L12G3 | L2G2 ! L2Gl ! L2GO
8AH | DVLCL Slope 3 0 ¢ L3G6  L3G5  L13G4 : 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 1 VM2Y5 | VM2Y4 ! VM2Y3 | VM2Y2 | VM2YI1 | VM2YO
90H | DVLCM Curve X3 0 i 0 i 0 © VM3X4 ' VM3X3 | VM3X2 | VM3X1 | VM3X0
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 | M2G6 : M2G5 : M2G4 | M2G3 | M2G2 | M2Gl | M2GO
94H | DVLCM Slope 3 0 | M3G6 ' M3G5 | M3G4 : M3G3 : M3G2 . M3Gl ' M3GO
95H | DVLCM Slope 4 0 | M4G6 | M4G5 | M4G4 | M4G3 | M4G2 | M4Gl | M4GO
96H | DVLCH Curve X1 0 : 0 ! VHIX5 ! VHIX4 ! VHIX3 ! VHIX2 ! VHIX1 | VHIXO
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 @ VH2YIl ! VH2YO0
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 | H2G1 | H2GO
9EH | DVLCH Slope 3 0 ! H3G6 | H3G5 | H3G4 | H3G3 | H3G2 ! H3Gl | H3GO0
9FH | DVLCH Slope 4 0 | H4G6 | H4G5 | H4G4 | HAG3 | H4G2 | H4Gl | 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 : DLLB5S : DLLB4 : DLLB3 @ DLLB2 @ DLLB1 ' DLLBO
A3H |DVLCL LPF Co-efficient 3 0 ' 0 ! DLLBI3 : DLLBI2 ! DLLB11 : DLLB10 : DLLB9 | DLLBS
A4H |DVLCM HPF Co-efficient 0] DMHA7 : DMHA6 : DMHAS : DMHA4 : DMHA3 ' DMHA2 ' DMHAI : DMHAO
A5H | DVLCM HPF Co-efficient 1 0 ' 0 | DMHAI3 | DMHA12 | DMHAIl | 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 : DMLBI0 : DMLB9 : DMLBS8
ACH | DVLCH HPF Co-efficient 0 | DHHA7 : DHHA6 : DHHAS5 : DHHA4 : DHHA3 : DHHA2 : DHHAI : DHHAO
ADH | DVLCH HPF Co-efficient 1 0 ! 0 | DHHAI3 ! DHHAI2 | DHHAII | DHHA10 | 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 | DHHBI! | DHHB10 | DHHB9 | DHHBS
Note 77. PDNA pin = “L” resets the registers to their default values.

Note 78. The bits defined as 0 must contain a “0” value.

Note 79. For Addresses BOH to FFH, data must not be written.
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Register Definition

Addr

Register Name D6 . D5 . D4 | D3 D1 . DO

00H

Power Management 0

. PMADR | PMADL .

R/W RW | R/W

o';uog

. D2 |
0 0 ' 0 | PMPFIL | PMVCM
R | RW | RW | R | R |

0 L0 0

Default 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 PDNA pin is “L”,
Audio blocks are powered-down regardless of setting of this address. In this case, CODEC register is initialized to the
default value.

When all power management bits are “0”, Audio blocks are powered-down. The register values remain unchanged.
Power supply current is S0pA(typ) in this case. For fully shut down (typ. 1nA), PDNA pin should be “L”.
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Addr | Register Name D7 . D6 ! D5 1 D4 | D3 i D2 DI ! DO

01H | Power Management 1 0 ' 0 ' 0 ' 0 . PMDAR | PMDAL | PMDRC | PMEQ
R/W R : R : R : R . RR'W | RW | RW | RW
Default 0 | 0 | 0 | 0 | 0 | 0 | 0 | 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 PDNA pin is “L”,
all blocks are powered-down regardless of setting of this address. In this case, register is initialized to the default value.

Addr | Register Name D7 : D6 D4 + D3 D2 . DI DO

02H | Power Management 1 ADRST MICL2 : PMMP2 . MICL1 : PMMPI

0
R | RW ! RW | RW | RW
T

0
R/W RW | R
L0 0 ' 0 + 0 0

Default 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: 267/1s
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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 1+ 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,

MS1402-E-02
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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 RW | RW | RW | RW R/W RW | RW
Default 0 0 ¢ 0 ' 0 I 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 0O + 1 + 0 + 1+ 0 &+ 1 i 0 i 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 i 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 1 D4 D3 ! D2 ! DI ! DO
0AH | LINEOUT Power Management 0 ' 0 ' 0  LODIF i\ LOM | LOPS | PMRO | PMLO
R/W R | R | R i R'W + RW + RW | RW . R/W
Default 0 ) 0 ) 0 ) 0 ) 0 ) 0 ) 0 ) 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=lel=

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
ODH | 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 LVLI1 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)
MS1402-E-02 2012/08




AsahiKASEI

[AK4679]
Addr | Register Name D7 | D6 ! D5 | D4 D3 D2 ! DI | DO
0OFH |HP Volume Control 0 i 0 HPGS HPG4 HPG3 HPG2 HPG1 HPGO

R/W R | R . R/W R/W R/W R/W RW | R/W
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 RW | RW | RW 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 | D4 D3 D2 ! DI | DO
11H | Lch Input Volume Control IVL7 | IVL6 | 1IVLS5 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 ! REFI 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 0 ' 0 : 0 i\ 0 0 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 i D2 { DI ! DO

15H | ALC Timer Select FR | RFSTI | RFSTO | WTM2 | WTMI | WTMO | ZTMI | ZTMO
R/W RW | RW | RW | RW | RW | RW | RW | RW
Default 0 : 0 i 0 i 0 i 0 { 0 0 i 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
Addr |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 | R'W | R'W | RW | RW ! RW ' RW | RW
Default 0 + 0 I 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 | RRW | RW | RW | RW | RW | R/W
Default 0 o . 0 1 0 { 0 . 0 i 1 I 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 | BIV0O ! SMUTE ! OVIM ! OVOLC
R/W R | RRW | RR'W | RW | RW | RW | RW | R/W
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.

MS1402-E-02 2012/08
- 165 -




AsahiKASEI [AK4679]

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 i 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 ' 0 ‘ 0 ' EQ3 ! EQ ! EQI
R/W R ! R ' R ' R ' R ! RW ! RW ! RW
Default 0O 0 ' 0 T 0 T 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 . DI ! DO
1CH | Side Tone A Control 0 SVAR2 | SVARI | SVARO | 0 | SVAL1 | SVALO
R/W R . RW | RW | RW ! R RW | RW

Default 0 : 0 i 0 { 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 DI ! DO

1DH | Lch Output Volume Control 0 OVL6 | OVL5S | OVL4 | OVL3 OVL1 | OVLO
1EH | Rch Output Volume Control 0 OVR6 | OVRS | OVR4 | OVR3 OVR1 | OVRO
R/W R RW | RW | RW . RW RW | RW
Default 0 0 : 0 : 0 : 1 0 : 0
OVL6-0, OVR6-0: Output Digital Volume (Table 67)
Default: “0CH” (0dB)
Addr | Register Name D7 ¢ D6 D5 i D4 : D3 DI i DO

IFH | PCM I/F Power Management | PMMIX | PMSRBO ! PMSRBI ! PMPCMB ;| PMOSC |

! PMSRAI ' PMPCMA

R/W RW | RW | RW ! RW ! RW

R'W | R/W

Default o : 0 ' 0 < 0 i 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 | FMTBO
R/W R'W R . R'W | RW | RW ' RW | RW ! RW
Default 0 ! 0 ! 0 ! 0 ! 0 i 0 0 10

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 | BVL5 . BVL4 | BVL3 ! BVL2 ! BVLI | BVL0
R/W R RW | RW | RW | RW | RW | RW | RW
Default 0 0 0 ¢ 0 ¢ 1 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 1 DI ! DO
24H | Digital Volume C Control 0 | CVL6 | CVL5 | CVL4 . CVL3 ! CVL2 | CVLI | CVL0
R/W R | RW | RW | RW | RW | RW | RW | RW
Default 0 ! 0 L0 ¢ 0 i 1 i 1 i 0 i 0
CVL6-0: Digital Volume C (Table 71)
Default: “0CH” (0dB)
Addr | Register Name D7 ' D6 D5 ! D4 | D3 ' D2 1 DI ! DO
25H | Digital Mixing Control 0 0 ! 0 . MXIR2 : MXIRI ! MXIR0 ! MXIL2 ! MXIL1 ! MXIL0O
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 i DI ! DO
26H | Digital Mixing Control 1 0 ! 0 L 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  MXSB1 | MXSBO0
R/W R ; R ; R ; R ; R . R'W .+ RW | RW
Default 0 i 0 i 0 i 0 i 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 | SBMXO0

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 DI | DO
29H |FIL1 Co-efficient 0 FIA7 | F1A6 | 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 | EO0A4 | EOA3 | E0A2 | EOAl | EOA0
36H |EQ Co-efficient 1 EOA15 | EOA14 | EOAI3 : EOA12 | EOAIl | EOA10 | EOA9 . FEOAS
37H |EQ Co-efficient 2 EOB7 . EOB6 | EOB5 . EOB4 | EOB3 : EOB2 | EOBl | EOBO
38H |EQ Co-efficient 3 0 . 0 | EOBI3 . EOBI2 : EOBIl | EOBIO | EOB9 | FEOBS
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 & EOCS8
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”
MS1402-E-02 2012/08

-172 -




-173 -

AsahiKASEI [AK4679]
Addr |Register Name D7 : D6 ! D5 ! D4 ! D3 ! D2 1 DI ! DO
3BH |E1 Co-efficient 0 E1A7 | EIA6 | EIA5 | El1A4 | EIA3 | EIA2 | ElAl ! EIA0
3CH |E1 Co-efficient 1 E1A15 ! E1Al14 | EIA13 | ElAl12 | ElAIl ! EIAI0 | EIA9 '@ EIAS
3DH | El Co-efficient 2 EIB7 @ EIB6 @ EIB5 '@ EIB4 '@ EIB3 @ EIB2 | EIBl : EIBO
3EH |EIl Co-efficient 3 EIB15 ' EIBl14 ! EIBI13 ! EIBI2 ! EIBIl1 ' EIBI0 ! EIB9 ' EIBS8
3FH | EI Co-efficient 4 EIC7 : EIC6 : EIC5 : EIC4 : EIC3 ' EIC2 : EICI : EICO
40H |E1 Co-efficient 5 EICI15 | 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
44H | E2 Co-efficient 3 E2B15 | E2Bl14 ! E2BI13 | E2BI12 . 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 : E3Al : 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 | R'W | 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 | 5E1A5 | SEIA4 | 5E1A3 | 5E1A2 | 5EIAl | SEIAO
51H |5band E1 Co-efficient 1 0 | 0 I 5ElAI3 ! 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 ! 5EIBI2 ! 5EIBIl | 5EIBIO | 5EIB9 ! S5EIBS
54H [5band E2 Co-efficient 0 SE2A7 | 5E2A6 | S5SE2A5 | 5E2A4 | 5E2A3 | 5E2A2 | 5E2Al | 5E2A0
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 SE2B1S | SE2B14 | SE2BI13 | SE2B12 | SE2BI1 | SE2BI0 | SE2B9 | SE2BS
58H [5band E2 Co-efficient 4 5E2C7 | 5E2C6 | 5E2C5 | SE2C4 | 5E2C3 | 5E2C2 | 5E2C1 | SE2C0
59H | 5band E2 Co-efficient 5 SE2C15 | 5E2C14 | 5B2C13 | 5E2C12 | SE2C11 | 5E2C10 | 5E2C9 | S5E2C8
5AH [5band E3 Co-efficient 0 5E3A7 | 5E3A6 | 5E3A5 | SE3A4 | 5BE3A3 | 5B3A2 | 5E3Al | SE3A0
5BH |5band E3 Co-efficient 1 S5E3A15 | 5E3A14 | 5E3A13 | 5E3AI2 | SE3AIl ! 5E3A10 | SE3A9 ' 5E3AS8
5CH | 5band E3 Co-efficient 2 SE3B7 | S5E3B6 : SE3B5 | 5E3B4  SE3B3  SE3B2 : 5E3B1 | S5E3B0
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 | 5E3C12 | 5E3CI1 | 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 | 5E4A13 | SE4A12 | SE4All | SE4A10 | SE4A9 | SE4A8
62H |5band E4 Co-efficient 2 5E4B7 | 5E4B6 | S5E4B5 | 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 | 5SE4C5 | 5E4C4 | 5E4C3 | 5E4C2 | SE4C1 | 5E4C0
65H [ 5band E4 Co-efficient 5 SE4C15 | 5E4C14 | 5E4C13 | 5E4C12 | 5E4CI11 | 5E4C10 | 5E4C9 | 5E4C8
66H [ 5band E5 Co-efficient 0 5E5A7 | 5E5A6 | 5E5A5 | SE5A4 | 5B5A3 | 5B5A2 | 5B5A1 | SESA0
67H [ 5band E5 Co-efficient 1 0 | 0 | 5BE5AI3 | SE5AI12 | 5B5All | 5BE5A10 | 5ESA9 | 5ES5AS8
68H [5band E5 Co-efficient 2 5E5B7 | 5E5B6 | SE5B5S | SESB4 | 5E5B3 | 5E5B2 | SE5B1 | SESBO
69H |5band E5 Co-efficient 3 0 | 0 ! 5E5BI3 ! 5E5BI2 | 5E5B11 ! 5E5BI0 | 5E5B9 | S5E5BS
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 i 0 i5EQIG5: SEQIG4 | SEQIG3 | SEQIG2 | SEQIGI | 5EQIGO
6BH |5band EQ2 Gain 0 | 0 ! 5EQ2GS5 ! 5EQ2G4 | 5EQ2G3 ! 5EQ2G2 ! 5EQ2G1 | 5EQ2GO
6CH |5band EQ3 Gain 0 ' 0 ! 5EQ3G5! SEQ3G4 | 5EQ3G3 | 5EQ3G2 ! SEQ3Gl ! SEQ3GO
6DH | 5band EQ4 Gain 0 ' 0 ! 5EQ4G5 ! SEQ4G4 ! 5SEQ4G3 | SEQ4G2 | SEQ4Gl | S5EQ4GO
6EH | 5band EQ5 Gain 0 | 0 5EQ5GS5 ! 5EQ5G4 | 5EQ5G3 | SEQ5G2 | SEQ5GI | 5EQ5GO
R/W R | R | RRW | RW | RW | RW | RW | RW
Default o { O i+ 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
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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

ol=m|=|

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 . D1 i+ DO
72H |NS Gain & ATT Control 0 i NSGAIN2 | NSGAINI | NSGAINO | 0 i NSATT2 | NSATTI | NSATTO
R/W R i R/W i R/W . RW R . R/W i+ 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”
2012/08
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Addr | Register Name D7 D6 D5 ' D4 . D3 | D2 | 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 0 i 0 i 0 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 v D2 1 DI ' DO
74H NS Off Level NSOAF1 | NSOAFO0 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 v D2 1 DI ' DO
75H |NS Reference Select 0 0 0 0 i NSREF3 | NSREF2 | NSREF1 | NSREF0
R/W R R R R . RW | 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 NSLAI12 NSLAI1 NSLA10 | NSLA9 | NSLAS
78H |NS LPF Co-efficient 2 NSLB7 NSLB6 NSLB5 | NSLB4 ! NSLB3 ! NSLB2 ! NSLBI ! NSLBO
79H | NS LPF Co-efficient 3 0 0 NSLBI3 | NSLBI2 ! NSLBII | NSLBI0 | NSLB9 : NSLBS
7AH |NS HPF Co-efficient 0 NSHA7 NSHA6 @ NSHA5 ! NSHA4 : NSHA3 ! NSHA2 : NSHAI : NSHAOQ
7BH _[NS HPF Co-efficient 1 0 0 | NSHAI3 ' NSHAI2 | NSHAIl | NSHA10 | 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 | NSHBI2 : NSHB11 : NSHB10 : NSHB9 : NSHBS
R/W R/W R/W ' R/W . R/W  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 : DVRGAINI : DVRGAINO : DVLMAT2 : DVLMATI : DVLMATO : DAF1 : DAF0
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 | VLIYl ! 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 ' 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 | L12G4 | 12G3 : L2G2 | L2Gl | L2GO
8AH |DVLCL Slope 3 0 . L3G6 : L13G5 . L3G4 : L3G3 ! L3G2 : L3Gl ! L3G0
8BH |DVLCL Slope 4 0 . L4G6 | 14G5 | 14G4 | L4G3 | L4G2 | L4Gl | L4GO
8CH |DVLCM Curve X1 0 ! 0 | VMIX5 ! VMIX4 ' VMIX3 ! VMIX2 ! VMIXI ' VMIXO0
8DH |DVLCM Curve Y1 0 i 0 I VMIY5 | VMIY4 | VMIY3 | VMIY2 ! VMIYI1 | VMIY0
8EH |DVLCM Curve X2 0 : 0 L VM2X5 ¢ VM2X4 @ VM2X3  VM2X2 : VM2X1 : VM2X0
8FH |DVLCM Curve Y2 0 | 0 L 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 | VM3Yl | 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 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 ! VHIY1 | 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 | VH3X1 ! VH3X0
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 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 : DLLB5S : DLLB4 : DLLB3 @ DLLB2 @ DLLB1 ' DLLBO
A3H |DVLCL LPF Co-efficient 3 0 ' 0 ¢ DLLBI3 | DLLBI2 | DLLBI1 | DLLBI0 | DLLBY | DLLBS
A4H |DVLCM HPF Co-efficient 0] DMHA7 : DMHA6 : DMHAS : DMHA4 : DMHA3 ' DMHA2 ' DMHAI : DMHAO
A5H | DVLCM HPF Co-efficient 1 0 ' 0 | DMHAI3 | DMHA12 | DMHAIl | 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 | 0 ! 0 ! DMLAI3 ! DMLAI2 : DMLAII : DMLAIO : DMLA9Y : DMLAS
AAH |DVLCM LPF Co-efficient2 | DMLB7 | DMLB6 | DMLB5 ' DMLB4 : DMLB3 ' DMLB2 ! DMLBI ' DMLBO
ABH | DVLCM LPF Co-efficient 3 0 ' 0 ! DMLBI3 : DMLBI2 ! DMLBI11 : DMLBI10 : DMLB9 : DMLBS
ACH | DVLCH HPF Co-efficient 0 | DHHA7 : DHHA6 : DHHAS5 : DHHA4 : DHHA3 : DHHA2 : DHHAI : DHHAO
ADH | DVLCH HPF Co-efficient 1 0 ! 0 | DHHAI3 ! DHHAI2 | DHHAII | DHHA10 | 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 | DHHBI! | 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”
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H Register Map (DSP block)

The DSP block control register settings are executed through a microcontroller interface. All registers below are
initialized by the power down (PDNE pin = “L”). To ensure control register settings, this power-down (PDNE pin= “L”)

must always be made when power up the AK4679.
Control register settings should be made during DSP reset (DSPRSTN bit = “0”).

Name D7 | D6 D5 D4 D3 D2 DI DO
PCONTO 0 SOCFG PWSW
PCONTI 0 0 MRSTN

Name D7 D6 D5 D4 D3 D2 DI DO

CONTO | FSD[3] | FSD[2] | FSD[1] | FSD[O] 0 0 0 0

CONTI | LAW[1] | LAW[0] | DIFD[I] | DIFD[0] | BCKPD 0 TESTB | TESTA

CONT2 | BANK[3] | BANK[2] | BANK[I] BAI\]IK[O LOCKE | CRCE WDTN EFEN

conts | POMOP | pRMS[1] | DRMS0] ?RAD“ DRADI[0] 0 WAVPI[1] WA‘]/P”O

CONT4 | LPDO4 | LPDO3 | LPDO2 | LPDOI | SELDO4 | SELDO3 | PT2N SELPT

CONTS | OUT4N | OUT3N | OUT2N | OUTIN 0 0 0 STRDY

CONT6 0 0 DLRDY 0 0 SRSt 0 0

CONT7 | SYDET | CGLK 0 0 0 0 0 0

CONTS TESTC 0 0 0 0 0 0 0

Note 80. The bits defined as 0 must set a “0” value.
Note 81. Default value is the value after power-down release.
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Power Control: Internal Power Supply Control
PCONTO: Internal power supply control
Register Register Name D7 D6 D5 D4 D3 D2 D1 DO
Address PCONTO 0 0 0 SOCFG 0 0 0 PWSW
\ R R/W R R R R/W R R R R/W
DOh 50h Default 0 0 0 0 0 0 0 0
PWSW bit: Internal power supply switch control
0: power control SW off (default)
1: power control SW on
SOCFG: SO pin configuration (this bit is valid for [2C pin = “L”)
0: CMOSL (default)
1: Wired ‘OR’ (Hi-impedance)
Register Register Name D7 D6 D5 D4 D3 D2 D1 , D0
Address PCONTI 0 0 0 0 0 0 0 i MRSTN
w R R/W R R R R R R R L RW
D1h S51h Default 0 0 0 0 0 0 0 0
MRSTN: Internal power supply reset control
0: Reset state (Default)
1: Reset Released
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Device Control Register
CONTO: Initial Setting1
Register Register Name D7 , D6 , D5 , D4 D3 D2 D1 D0
Address CONTO FSD[3:0] 0 0 0 0
W R R/W RW | RW | RW | RW R R R R
COh 40h Default 0 ; 0 | 0 ; 0 0 0 0 0
FSD3-0: Sampling Frequency Select (Table 6)
00: fs1=fs2=8kHz (default)
Write “0” into the “0” registers.
CONT1: Initial Setting 2
Register Register Name D7 D6 D5 D4 D3 D2 DI DO
Address CONT! LAW[1:0] DIED[1:0] BCKPD 0 TESTB TESTA
W R R/W RW | RW ! RW | RW R/W R R R
Clh | 41h Default 0 : 0 0 0 0 0 0 0
LAWT[1:0]: PCM I/F Port#1 Data Format (Table 124)
00:16 bit Linear (default)
DIFD[1:0]: PCM I/F Port#1 SYNC Format Setting (Table 125)
00: PCM Short Frame (default)
BCKPD: PCM Format BCLK Edge Select (Table 123)
0: Falling Edge (default)
1: Rising Edge
TESTB, TESTA: Must write “0” into these bits.
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CONT2: Initial Setting 3
Register Register Name D7 , D6 , D5 , D4 , D3 , D2 D1 , DO
Address CONT2 BANK]J3:0] . LOCKE CRCE WDTN EFEN
W R R/W R/W | R/W | R/W | R/W | R/W . R/W RW | R/W
C2h 42h Default 0 , 0 0 , 0 0 , 0 0 , 0
BANK][3:0]: DSP DLRAM Mode Setting
DSP Delay RAM
DLRAM Bank0 Bank1 Bank?2
Partition BANK [3:0] . . Linear 8bit
Mode Bit Ring 20.4f Linear 20.4f w-law codec
0 0000b 16384 words 0 0 (default)
1 0001b 14336 words 2048 words 0
2 0010b 12288 words 4096 words 0
3 0011b 10240 words 6144 words 0
4 0100b 8192 words 8192 words 0
5 0101b 6144 words 10240 words 0
6 0110b 4096 words 12288 words 0
7 0111b 2048 words 14336 words 0
8 1000b 0 16384 words 0
9 1001b 10240 words 0 18432words
10 1010b 8192 words 2048 words 18432words
11 1011b 6144 words 4096 words 18432words
12 1100b 4096 words 6144 words 18432words
13 1101b 2048 words 8192 words 18432words
14 1110b 0 10240 words 18432words
15 1111b N/A
(N/A: Not available)
LOCKE: Clock Generator Unit Lock Error status selects (Table 128)
0: lock status monitor invalid (default)
1: lock status monitor Enable
CRCE: DSP CRC status selects (Table 128)
0: CRC status monitor invalid (default)
1: CRC status monitor enable
WDTN: WDT Disable Switch of DSP (Table 128)
0: WDT Enable (default)
1: WDT Disable
EFEN: Extended Instruction Enable of DSP
0: Valid (default)
1: Invalid
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CONT3: DSP Setting 1
Register Register Name D7 D6 | D5 D4 , D3 D2 D1 ' DO
Address CONT3 POMODE DRMS[1:0] DRAD[1:0] 0 WAVP[1:0]
\ R R/W R/W R'W . R/W R'W « RW R R'W  RW
C3h 43h Default 0 0 : 0 0 : 0 0 0 : 0
POMODE!1: DLYRAM Pointer 0 Select
0: OFREG (default)
1: DBUS Immediate Data
DRAM: DATA RAM Size Setting
DSP Data RAM
Bank1 Bank0
DRAM DRMSJ1:0] Memory size Memory size
Mode Bit [words] [words]
0 00 512 1536 (default)
1 01 1024 1024
2 10 1536 512
others others N/A
(N/A: Not available)
Addressing Mode Setting bit [1:0]
DSP Data RAM
Addressing DRAD Bank1 Bank0
mode Pointer DP1 DPO
0 00 Ring Ring (default)
1 01 Ring Linear
2 10 Linear Ring
3 11 Linear Linear
WAVP[1:0]: CRAM Memory Assignment of DSP
WAVP Mode | WAVP[1] | WAVP[0] FFT point
0 0 0 33word 128 (default)
1 0 1 65word 256
2 1 0 129word 512
3 1 1 257word 1024
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CONT4: DSP Setting 2
Register Register Name D7 D6 D5 , D3 , D2 D1 DO
Address CONT4 LPDO4 : LPDO3 LPDO2 i SELDO4 : SELDO3 : PT2N SELPT
A R R/W R'W | R/W R/W . RW + RW . RW R/W
C4h 44h Default 0 : 0 0 0 0 0 0
LPDO4: SDOUT4 Signal Select (Figure 109) Valid when OUT4N bit = “0”
0: SDIN3 to SDOUT4 (default)
1: DSP DOUT4 to SDOUT4 pin
LPDO3: SDOUTS3 Signal Select (Figure 109) Valid when OUT3N bit = “0”
0: SDIN4 to SDOUT3 (default)
1: DSP DOUT3 to SDOUTS3 pin
LPDO2: SDOUT?2 Signal Select (Figure 109) Valid when OUT2N bit = “0”
0: SDIN1 to SDOUT?2 (default)
1: DSP DOUT2 to SDOUT?2 pin
LPDO1: SDOUTT1 Signal Select (Figure 109) Valid when OUTIN bit = “0”
0: SDIN2 pin to SDOUT]1 pin (default)
1: DSP DOUT!1 to SDOUT]1 pin
SELDO4: SDOUT4/GP1 pin Signal Select (Table 130)
0: DSP DOUT4 Output (default)
1: DSP GP Output 1
SELDO3: SDOUT3/GPO0 Signal Select (Table 129)
0: DSP DOUT?3 Output (default)
1: DSP GP Output 1
PT2N: Port#2 Output Enable (Figure 108)
0: Enable (default)
1: Disable (BCLK2 and SYNC?2 pin output Low level)
SELPT: Port Select of Port #2 Output (Figure 108)
0: Port#1 (SYNCI1, BCLK1) (default)
SYNC3/JX1 and BCLK3/JX0 pins can be used as JX1 and JXO0 pins respectively.
1: Port#3 (SYNC3, BCLK3)
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CONT5: Signal Setting 1
Register Register Name D7 | D6 | D5 | D4 | D3 D2 DI DO
Address CONTS OUT4N : QUT3N : OUT2N : OUTIN : 0 0 0 STRDY
w | R R/W RW ' RW ' RW | RW ! R R R R/W
C5h 45h Default 0 0 0 0 0 0 0 0
OUT4N: SDOUT4 pin output enable (active low)
0: SDOUT4 Output Enable (default)
1: SDOUT4 pin = “L”
OUT3N: SDOUTS3 pin output enable (active low)
0: SDOUTS3 Output Enable (default)
1: SDOUTS3 pin = “L”
OUT2N: SDOUT?2 pin output enable (active low)
0: SDOUT?2 Output Enable (default)
1: SDOUT?2 pin = “L”
OUTIN: SDOUTT1 pin output enable (active low)
0: SDOUT1 Output Enable (default)
1: SDOUT1 pin = “L”
STRDY: STO/RDY pin select
0: STO Output (default)
1: RDY Output
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CONT®6: Signal Setting 2
DSPRSTN

[AK4679]

Register Name

Register
Address CONT6

0 _
R | RW
R

0
\ R R/W R
0

C6h 46h Default

DLRDY: DSP Download Preparation
0: download inhibit (default)

1: download ready
This bit is used when start to download the DSP programs. The bit must be cleared after downloading

programs are completed.

DSPRSTN: DSP Reset
0: DSP Reset (default)

1: DSP Reset Release

CONTY7: State Signal (Read only)

D7 : D6 : D5

Register Register Name
Address CONT7 SYDET CGLK

o|m|o

o|m|o
o|m|o

=31 I=
=31 I=

0
W R R/W R R ! R
C0

C7h | 47h Default 0 i 0

DSP status output from the wait sync state to operational state (Run State)

SYDET: SYNC Signal Detection flag
0: No SYNCI pin Signal (Low or High fixed) (default)

1: SYNCI pin Signal Detect
This bit outputs DSP status in Wait Sync State until DSP Operational state (RUN).

CGLK: Clock Generator Unit Lock Status
0: Clock Generator Unlocked State (default)

1: Clock Generator Locked State

CONTS: Initial Setting 4

Register Name

Sl B 1

Register

=31 I=

Address CONTS8 TESTC

o|=|<|Z
ol=|=|¥
SEI B

=1 I=

0
N R R/W R/W | R
: 0

C8h 48h Default 0

TESTC bit must be set “1”. (i.e. set the 80h value in this register)
The TESTC bit is set after writing the power control register with the power suplly on.
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B Command Code map for the DSP
1. Command Code
BIT7 BIT6 | BITS BIT4 BIT3 BIT2 BIT1 BITO
R/W flag Area to be accessed Accompanying data to the access area
R/W Flag

Write at “1”, Read at “0”.

Access data and accompanying data

BIT6 | BITS | BIT4 | BIT3~0

0 0 0 Number of Write Write preparation to CRAM during RUN

0 0 1 Number of Write Write preparation to OFREG during RUN

0 1 0 0100 Write operation to CRAM during RUN
0010 Write operation to OFREG during RUN
1000 Write operation to PRAM during DSP reset

0 1 1 0100 Write operation to CRAM during DSP reset
0010 Write operation to OFREG during DSP reset

1 0 0 Register Address Internal control registers 00h~08h

1 0 1 Register Address System power registers 00h~01h

1 1 0 0000 Device Identification (Read only)

1 1 1 0000 Error Status Read
0010 CRC Write/Read
0100 Write operation of JX code
0110 Read operation from MIR1
1000 Read operation from MIR2
1010 Read operation from MIR3
1100 Read operation from MIR4

2. Address

Address description is always LSB justified. Accessing command code BIT[6:4]=“000” to “011” requires 16bit address.
Accessing command code BIT[6:4]= “100” to “111” requires no address.

3. Data

Length of write data is depending on the writing area size. When accessing RAM, data may be written to sequential
address locations by writing data continuously.
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[AK4679]
m Write
Command Address Data Length | Description
Code
0x80~0x8F 16bit 24bitxn Write preparation to CRAM during RUN.
Command code BIT3~BITO bits determines the amount of write operation.
(0x80 # of write: 1, 0x81 # of write: 2, ----, 0x8F # of write: 16) If the actual
amount of write operations exceeds the defined amount, that data will be
ignored.
0x90~0x9F 16bit 24bitxn Write preparation to OFREG during RUN
Command code BIT3~BITO bits determines the amount of write operation.
(0x90 # of write: 1, 0x91 # of write: 2, ----, 0x9F # of write: 16) If the actual
amount of write operations exceeds the defined amount, that data will be
ignored.
0xA2 16bit None Write operation to OFREG during RUN. 0 address should be written.
0xA4 16bit None Write operation to CRAM during RUN. 0 address should be written.
0xB2 16bit 24bitxn Write operation to OFREG during DSP reset
0xB4 16bit 24bitxn Write operation to CRAM during DSP reset
0xB8§ 16bit 40bitxn Write operation to PRAM during DSP reset
(0000h fix)
0xC0~0xC8 None 8bit Write operation to Register Oh~8h (except 7h)
0xD0~0xD None 8bit System Power Supply Registers Oh~1h Write
1
0xF2 None 16bit CRC Write
0xF4 None 8bit Write operation of DSP JX code

Data length is defined by the command code which specifies the area to be accessed. When accessing RAM, data may be
read from sequential address locations by reading data continuously. Writing other than the above-mentioned command
code is prohibited.

Table 131. List of Usable Command Codes in Write Sequence

m Read
Command Address Data Description
Code Length
0x24 16bit 24bitxn | CRAM/OFREG Write preparation data Read during RUN
0x32 16bit 24bitxn | Read operation form OFREG during DSP reset
0x34 16bit 24bitxn | Read operation from CRAM during DSP reset
0x38 16bit 40bitxn | Read operation from PRAM during DSP reset
(0000h fix)
0x40~0x48 None 8bit Read operation from Register 0h~8h
0x50~0x 51 None 8bit Read operation from System Power Supply Register Oh~1h
0x60 None 8bit Device Identification
0x70 None 8bit DSP Error Status Read
0x72 None 16bit CRC result Read
0x76 None 32bit Read operation from MIR1
28-bit is upper-bit justified. Lower 4-bits are for validity flags.
0x78 None 32bit Read operation from MIR2
28-bit is upper-bit justified. Lower 4-bits are for validity flags.
0x7A None 32bit Read operation from MIR3
28-bit is upper-bit justified. Lower 4-bits are for validity flags.
0x7C None 32bit Read operation from MIR4
28-bit is upper-bit justified. Lower 4-bits are for validity flags.

Reading other than the above-mentioned command code is prohibited.
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B Command Format
DLRDY bit must be set “1” when the PRAM, CRAM, OFFREG will access on the sleep state.
1. Write Operation during DSP Reset
1-1. Program RAM (PRAM) Write (during DSP Reset)
Field Write data
(1) COMMAND Code | 0xBS8
(2) ADDRESS1 00000000
(3) ADDRESS2 00000000
(4) DATAL 0000D35D34 D33 D32
(5) DATA2 D31~D24
(6) DATA3 D23~D16
(7) DATA4 D15~D8
(8) DATAS D7~D0
Five bytes of data may be written continuously for each address.
Note 76. The address field is fixed to 0000h when writing to PRAM.
1-2. Coefficient RAM (CRAM) Write (during DSP Reset)
Field Write data
(1) COMMAND Code | 0xB4
(2) ADDRESSI1 0 0000A10A9 A8
(3) ADDRESS2 A7 A6 A5 A4 A3 A2 A1 A0
(4) DATAL1 D19~D12
(5) DATA2 D11~D4
(6) DATA3 D3~D00000
Two bytes of data may be written continuously for each address.
1-3. Offset REG (OFREG) Write (during DSP Rest)
Field Write data
(1) COMMAND Code | 0xB2
(2) ADDRESS1 00000000
(3) ADDRESS2 000A4 A3 A2A1A0
(4) DATAL 00000000
(5 DATA2 0D14 D13 D12 D11 D10 D9 D8
(6) DATA3 D7~D0
Three bytes of data may be written continuously for each address.
2. Write Operation during DSP Reset (DLRDY bit = “1”) and RUN
2-1. Control Register Write (during DSP reset and RUN)
Field Write data
(1) COMMAND Code | 0xC0~0xC8
(2) DATA D7~D0
Note 82. Write operation may be limited depending on register settings. (C7: read only register)
2-2. System Power Supply Register Write (during DSP Reset and RUN)
Field Write data
(1) COMMAND Code | 0xD0~0xD1
(2) DATA D7~D0
Note 83. Write operation may be limited depending on register settings.
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2-3. External Conditional Jump Code Write (during DSP Reset and RUN)

Field Write data

(1) COMMAND Code | 0xF4

(2) DATA D7~D0

2-4. CRC Code Write (during DSP Reset and RUN)
Field Write data

(1) COMMAND Code | 0xF2

(2) DATA D15~D8

(3) DATA D7~D0

3. Write Operation during RUN

3-1. Coefficient RAM (CRAM) Write Preparation (during Run)

Preparation Write data
(1) COMMAND Code | 0x80~0x8F (one data at 80h, sixteen data at 8Fh)
(2) ADDRESSI1 00000A10A9 A8
(3) ADDRESS2 A7~ A0
(4) DATALI D19~D12
(5 DATA2 D11~D4
(6) DATA3 D3~D00000

Three bytes of data may be written continuously for each address.

3-2. Coefficient RAM (CRAM) Write Operation (during RUN)

Execute Write data

(1) COMMAND Code | 0xA4

(2) ADDRESSI1 00000000
(3) ADDRESS?2 00000000

Note 84. The COMMAND determines the length of the data. If the written data exceeds the allotted amount, the
excess data is ignored.

3-3. Offset REG (OFREG) Write Preparation (during RUN)

Preparation Write data

(1) COMMAND Code | 0x90~0x9F (one data at 0x90, sixteen data at 0x9F)
(2) ADDRESSI 00000000

(3) ADDRESS2 000A4 A3 A2 A1 A0

(4) DATAL 00000000

(5 DATA2 0D14 D13 D12 D11 D10 D9 D8

(6) DATA3 D7~D0

Three bytes of data may be written continuously for each address.

3-4. Offset REG (OFREG) Write Operation (during RUN)

Execute Write data

(1) COMMAND Code | 0xA2

(2) ADDRESS1 00000000
(3) ADDRESS?2 00000000

Note 85. The COMMAND determines the length of the data. If the written data exceeds the allotted amount, the
excess data is ignored.
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4. Read Operation (DLRDY bit = “17)

4-1. Program RAM (PRAM) Read (during DSP Reset)

[AK4679]

Field Write data Readout data
(1) COMMAND Code | 0x38
(2) ADDRESSI1 00000000
(3) ADDRESS?2 00000000
(4) DATAL 0000 D35 D34 D33 D32
(5) DATA2 D31~D24
(6) DATA3 D23~D16
(7) DATA4 D15~D8
(8) DATAS5 D7~D0

Five bytes of data may be written continuously

for each address.

4-2. Coefficient RAM (CRAM) Read (during DSP Reset)

Field

Write data

Readout data

(1) COMMAND Code

0x34

(2) ADDRESSI

00000A10A9 A8

(3) ADDRESS2

A7 ~A0

(4) DATAL

D19~D12

(5) DATA2

D11~D4

(6) DATA3

D3~-D00000

Three bytes of data may be written continuously for each address.

4-3. Offset REG (OFREG) Read (DSP Reset)

Field

Write data

Readout data

(1) COMMAND Code

0x32

(2) ADDRESSI

00000000

(3) ADDRESS2

000A4 A3 A2 A1 A0

(4) DATAL

00000000

(5) DATA2

0D14 D13 D12 D11 D10 D9 D8

(6) DATA3

D7~D0

Three bytes of data may be written continuously for each address.

5. Read Operation (DLRDY bit = “1” and RUN state)

5-1. Control Register Read (during DSP Reset and RUN)

Field Write data Readout data
(1) COMMAND Code | 0x40~0x47h
(2) DATA D7~D0
5-2. System Power Supply Register Read (during DSP Reset and RUN)
Field Write data Readout data
(1) COMMAND Code | 0x50~0x51
(2) DATA D7~D0
5-3. Device Identification (during DSP Reset and RUN)
Field Write data Readout data
(1) COMMAND Code | 0x60
(2) DATA D7 | D6 | D5 | D4 | D3 | D2 | DI | DO
0 0 0 1 1 0 0 1
1 9
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5-4. CRC Code Reading (during DSP Reset and RUN)
Field Write data Readout data
(1) COMMAND Code | 0x72
(2) DATA1 D15~D8
(3) DATA2 D7~D0
5-5. Error and GPO statuses Reading (DSP Reset and RUN)
Field Write data Output
(1) COMMAND Code | 0x70
(2) DATA Active low output
D7: CRCERRN
0: CRC error
D6: WDTERRN
0: Watch Dog Timer error
D5: CGERRN
0: Clock Generator unit lock error
D4: GPO
0:clear 1:set
D3: GP1
0: clear 1: set
6. Read Operation during RUN
6-1. CRAM Write Preparation Read (during RUN)
Field Write data Readout data
(1) COMMAND Code | 0x24
(2) ADDRESSI1 A15~A8
(3) ADDRESS2 A8~A0Q
(4) DATA1 D19~D12
(5) DATA2 D11~D4
(6) DATA3 D3~D00000
6-2. OFREG Write Preparation Read (during RUN)
Field Write data Readout data
(1) COMMAND Code | 0x24
(2) ADDRESSI1 Al15~A8
(3) ADDRESS2 A8~AQ
(4) DATALI 00000000
(5) DATA2 000DI12~D8
(6) DATA3 D7~D0
6-3. MIR1/2/3/4 Read (during RUN)
Field Write data Readout data
(1) COMMAND Code | 0x76(MIR1)
0x78(MIR2)
0x7A(MIR3)
0x7C(MIR4)
(2) DATAI D27~D20
(3) DATA2 D19~D12
(4) DATA3 D11~D4
(5) DATA4 D3 D2 D1 DO (flag3) (flag2) (flagl) (flag0)
Note 86. Data is valid only when all flags are zero.
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7. Timing (DLRDY bit = “17)

7-1. RAM Writing Timing during DSP Reset

Write to Program RAM (PRAM), Coefficient RAM (CRAM) and Offset REG (OFREG) during DSP reset in the order
of command code, address and data. The PRAM start address is fixed to Oh. When writing the data to consecutive
address locations, continue to input data only. PRAM address is incremented by 1 automatically.

CSN | ,7
DLRDY bit | |

o | WS |command | Address | DATA | DATA | DATA | DATA | DATA [i90)°
AN = /-\ > /\- )
' h Y
Address[n] Address[n+1]

Figure 138. Writing to RAM at Consecutive Address Locations

When writing data at specified address locations, set the CSN pin to “L” from “H” and then input command code, address

and data in this order.

CSN | [ 1] [
DLRDY bit | | | |

SCLK U ULty U Uiy

on’tcare

sl [ Command | Address | DATA  [i50*® | Command | Address [ DATA |5
Figure 139. Writing to RAM at specified Address Locations
MS1402-E-02 2012/08

- 195 -



AsahiKASEI [AK4679]

7-2. RAM Writing Timing during RUN

These operations are to rewrite Coefficient RAM (CRAM) and Offset REG (OFREG) during RUN. Data writing is
executed in 2step; write preparation and write execution. The writing data can be confirmed by reading write preparation
data.

1. Write Preparation
After inputting the assigned command code (8-bit) to select the number of data from 1 to 16, input the starting
address of write (16-bit all 0) and the number of data assigned by command code in this order.

2. Write Preparation Data Confirmation
After write preparation, prepared data for writing can be confirmed. Address and Data are read in this order by write
preparation data confirmation command “24h”. The data will be “0x000001” when reading more than write
preparation data. Execute write preparation again when the address and data are garbled by external noise.

3. Write Execution
Upon completion of this operation, execute RAM write during RUN by inputting the corresponding command code

and address (16-bit all “0”) in this order.

Note 87. Execute Write preparation before a write execution. When writing to RAM without write preparation
sequence, a malfunction occurs. Access operation by microcontroller is prohibited until RDY changes to
6‘H5"

Write modification of RAM contents is executed whenever the RAM address for modification is assigned. For
example, when 5 Data are written, from RAM address “107, it is executed as shown below.

RAM execution address 7 8 9 10 11 13 16 11 12 13 14 15
Lo Lol
Write execution position o o 1 o o o

Note: Address “13” is not executed until rewriting address “12”.

DSPRSTN bit= “1"

CSN |(Ex.)When# of DATA is 4
SCLK J_|_| CRAM Command Code0x83
OFREG Command Code 0x93

S| don’tca Command)Address D ATAO ] DATA1 ‘DATAn-1 DATAN don’tcare

(LH) Code L/H)

CRAM  0x80(# of DATA: 1)~0x8F (# of DATA: 16)
OFREG 0x90(# of DATA: 1)~0x9F (# DATA: 16)

Figure 140. CRAM/OFREG Write Preparation
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DSPRSTN bit= “1”
CSN li
SCLK
WUy ULy
don’t care don’t care
s o 0x24 o
Hi-Z or Low
SO  --=----- | Address DATA | DATA DATA DATA DATA
Figure 141. CRAM/OFREG Write Preparation Confirm
DSPRSTN bit= “1”
CSN I |
SCLK
don’t care| Command Code 00000000 00000000
S kumy
CRAMOxA4, OFREGO0xA2
Figure 142. CRAM/OFREG Write
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7-3. External Conditional Jump

External Conditional Jump Code Writing (during DSP Reset and RUN)
(1) COMMAND 0xF4
(2) DATA D7~D0

External Conditional Jump code can be input during both DSP Reset and RUN. Input data is set to the designated
register on the rising edge of SYNC. The RDY pin changes to “L” when the command code is transferred, and it
changes to “H” when write operations are completed. When any single bit of “1” data in 8-bit External Jump code
matches an “1” bit data in the IFCON field, a Jump instruction is executed. Then, the RDY pin changes to “H” when
the rise of SYNC is captured. Access operation by microcontroller is prohibited until the RDY pin changes to “H”.
IFCON field is the area where the external conditions are written. This Jump code is reset to 00h by setting the IRSTN
pin to “L”, but it is not reset by DSP Reset.

7 6 5 4
External Conditional JumpCode m m =m L | L | ]
T

Check if “1” of IFCON field corresponds with External Condition Jump Code including Jump pins by at least
one at the same location.
7 ! 0
IFCON Field LR R I R R R

DSPRSTN |

sowe LU JUULL UL

Fah | D7...D0

don’t care
(L/H)

don’t care
(L/H)

Sl

CSN |
SYNC P [ S S S

RDY

Next command write is available

Figure 143. External Conditional Timing (in DSP Reset)

DSPRSTN bit= “1”

SeLC 1Y MU

Fah D7 ...D0 [donteare
(L/H)

S| [don’t care
(L/H)

CSN™ ] |
SYNC I__I—I_J—I_IJ_‘_I_J__‘_I_‘J_J_I_‘_

max 2 x tSYNC

< »
< >

RDY

»—
PR

Max 0.25 x tSYNC tSYNC= 1/fs

Figure 144. External Conditional Jump Timing (during RUN)
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7-4. RAM Reading Timing during DSP Reset
Read Program RAM (PRAM), Coefficient RAM (CRAM) and Offset REG (OFREG) during DSP Reset in the order
of input Command code and Address. PRAM address is fixed to Oh. After writing the Command, the data comes out

from the SO pin synchronous with falling edge of SCLK. (The SI pin input data is “Don’t care”’) When reading Data
at consecutive address locations, continue to input SCLK as is.

DSPRSTN bit= “1" —| I_
CSN

DLRDY bit | [
T e N T

don’t care Command Address don’t care
Sl |wn) (L/H)
Hi-Z or Low
SO  —----- 1 Echo back Output | DATA | DATA DATA DATA DATA

Figure 145. RAM Reading at Consecutive Address
7-5. RAM Reading Timing during DSP Reset and RUN
Input control register, device identification code, CRC result and error status during both RUN time and DSP Reset
state. These codes are input in the order of Command and Address.

After completing Command code write, the data comes out from the SO pin synchronous with falling edge of
SCLK. (The SI pin input data is “Don’t care”)

DSPRSTN bit |
CSN |

DLRDY bit |

SCLK—WMWM

15

S d,_';:)mm Command | Address ff,:)tcare
Hi-Z or Low
SO ------- 1 Echo Back Output DATA
Figure 146. RAM Reading during DSP Reset and RUN
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SYSTEM DESIGN

Figure 147 and Figure 148 show the system connection diagram for the AK4679. An evaluation board [AKD4679]
demonstrates the optimum layout, power supply arrangements and measurement results.

. Top View
Digital ; Analog
Ground_ g Ground % % 220
- E Toau 22u ’—i }—‘
! 1.8V
; - } + |
5 @) O @) @) O Oi: 0o 0O O---—_|_22
; LIN2 RIN2 LIN1 LIN3 HPR PVDD! ! CNA 1VSS5 CNB -2u
E P :
| Q—IT ----- O O O O o oito o o
1 VSSL CSN_SCLE  RINL RIN3 HPL VEE VEE CPA cPB
1 1u
E 0.1T Tl O @) O O O O O Oﬂ
' VCOM LOUT  SCLK_CADO PDNE RIN4 LIN4 PDNA SDAA vss2
:
' 0.1u
Analog ——9 * ---O O O O O O O O
1.7~20v ' _T_ 100 AVDD ROUT  SLCAD1  SYNC2 BCLK1 SCLA SDTO TVDDA
,
< O O O OAKIIY o o o o
: MPWR1  MPWR2 SO_SDAE JX1_SYNC3 SDIN1 SYNC1 LRCK BICK
5 @) O @) O O O O O
; RCP RCN SDOUT2 TEST !SDOUT3_GPO SYNCA  SDTOB STl
: :
: -0 O O O o O O O O
! SVDD VSS3 ! SDIN4 SDIN2 SDIN3 ! JX0_BCLK3 STO_RDY  SYNCB MCK
: E 5
| o O+ O O o+ O O @) O
' SPN ! VSS3 | ICE SDOUT4 GPL SDTIA | BCLK2 BICKA BICKB SDTOA
: 1 !
Jnalog | o —--O0 O i O O O i O3 O ©)
e _T_mu SVDD | SPP | SPFIL !TVDDE ! DVDD i vsss ! VDDE ! SDOUTL  SDTIB
T A '
:
: QﬂI
i 0—_‘ [ I
: % 0.1u L o o DSP Core
1 % ;; . ~ 11~1.3V
Digital /O Digital Core
DSP 1.7 ~ 2.0V
1.6 ~3.6V
Note:

Digital /0
CODEC
1.6 ~3.6V

- VSS1, VSS2, VSS3, VSS4 and VSS5 of the AK4679 should be distributed separately from the ground of

external controllers.

- 0.1puF 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 VSS5 pins should be low ESR ceramic capacitors. These
capacitors must be connected as close as possible to the pins.

Figure 147. Typical Connection Diagram (Power Supply Block)
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Digital : Analog
Ground H Ground
=5 ' 1k 1k

Top View

o O iio

O o0iito

:
LINZIN2- RIN2/IN2+ 1LINIINI+ 0 ngNgt  HPR
! ! DMDAT | '

BE

H '
1 VSS1  CSN_SCLE! RINLINL/ iRiNg/N3- HPL
| DMCLK !

Line C;ut H |_ ----- 6 ------- b é O

I R L S :

O O O

'

'

AVDD ROUT/LONE SI_CAD1
'

O- O O

D]:LO O O
RCP RCN : SDOUT2
|

o O O

SVDD VSS3 SDIN4

j] o -SCP?\I Vggii IZCC>E

O O O

'
'

'

' H '

H MPWRl: MPWR2  SO_SDAE |JX1_SYNC3
'

'

'

VCOM LOUT/LOP! SCLK_CADO ; PDNE RIN4
'

PVDD
o4 of o
VEE
O O O
LIN4 !
e O
gSYNCZ BCLK1
| O AK4679
SDIN1

O

TEST
o O
SDIN2 SDIN3

o O

SDOUT4_GP1 SDTIA

o O

TVDDE DVDD

O

SYNC1

O

SDOUT3_GPO SYNCA

JX0_BCLK3 STO_RDY

O

BCLK2

O

VSS4

O

BICKA

O

VDDE

BICKB

O

SDOUT1

[AK4679]

L <

Line In

VSS2 _| (

!
!

!

! SVDD SPP ! SPFIL
: B ;

!

!

Figure 148. Typical Connection Diagram (Analog Input/Output Block)
(In case of Internal Full-differential Mic and External pseudo differential Mic)

Typical signal connections are shown in Figure 38.
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1. Grounding and Power Supply Decoupling

The AK4679 requires careful attention to power supply and grounding arrangements. AVDD, PVDD and SVDD are
usually supplied from the system’s analog supply, and DVDD, TVDDA, TVDDE and VDDE are supplied from the
system’s digital power supply. The power-up sequence between supplies (AVDD, PVDD, SVDD, DVDD, TVDDA,
TVDDE or VDDE) is not critical. PDNA and PDNE pins should be held “L” when power supplies are tuning on. PDNA
and PDNE pins are 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 AK4679 should be
operated along the following recommended power-up/down sequence.

1) Power-up
- PDNA and PDNE pins should be held “L” when power supplies are turning on. The AK4679 can be reset by keeping
the PDNA 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 PDNA and PDNE pins are set to “L”.
- In the case that the power supplies are separated in two or more groups, SVDD should be powered OFF last.

VSS1~5 of the AK4679 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 AK4679 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 AK4679.

3. Charge Pump

2.2uF+50% capacitors between the CPA to CNA pins, the CPB to CNB pins and the VEE to VSS5 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.
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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:
] Audio I/F Format: MSB justified (ADC & DAC)
Power Supply / BICK frequency at Master Mode: 64fs
' Input Master Clock Select at PLL Mode: 11.2896MHz
¢

PDNA pin V() Sampling Frequency: 44.1kHz

@ e (1) Power Supply & PDNA and PDNE pins = “L" > ‘H"
PMVCM bit ;:}
(Addr:00H, D0) ! ‘1’
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

s 1) i | (3)AddrOOH, Data:01H |

| . 10msec(max) '
; 1(5) ‘l’
BICK pin Output ‘ (4)Addr:04H, Data:23H ‘
LRCK pin ‘l’
‘ BICK and LRCK output ‘
Figure 149. Clock Set Up Sequence (1)
<Example>

(1) After Power Up, PDNA pins = “L” - “H”.
“L” time of 1.5us or more is needed to reset the AK4679.
(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. Power-up time of VCOM is maximum
1.5ms when the exterenal capacitor connected to the VCOM pin 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 AK4679 starts to output the LRCK and BICK clocks after the PLL becomes stable. Then normal operation
starts.
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2. PLL Slave Mode (BICK pin)

[AK4679]

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

] PLL Reference clock: BICK
Power Supply ! BICK frequency: 64fs
! " Sampling Frequency: 44.1kHz
PDNA pin ‘H
% o o (1) Power Supply & PDNA and PDNE pins =“L" &> “H”
PMVCMbit | iq_p J
(Addr:00H, DO) : '
_ 3 (2)Addr:00H, Data:00H
PMPLL bit ] \ ! Addr:03H, Data:F3H
(Addr04H, DO) ; Addr:05H, Data:02H
LRCK pin ; v
BICK pin i
P>

Internal Clock

| (3)Addr00H, Data:0tH |

\

| (4) Addr04H, Data:01H |

Figure 150. Clock Set Up Sequence (2)

<Example>
(1) After Power Up, PDNA pin=“L” > “H”.
“L” time of 1.5us or more is needed to reset the AK4679.

(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. Power-up time of VCOM is maximum

1.5ms when the exterenal capacitor connected to the VCOM pin 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.
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3. EXT Slave Mode

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

Power Supply

L)

Input MCKI frequency: 256fs
Sampling Frequency: 44.1kHz

[AK4679]

PDNA pin P

(1) Power Supply & PDN pin =“L” > *H”

v

PMVCM bit —p]
(Addr:00H, DO) !

(2)Addr:00H, Data:00H
Addr:03H, Data:FOH

_ @ Addr:04H, Data:00H

MCKI pin Input Addr:05H, Data:02H
. @ v
LRCK pin . .
Bk o Input | (3)Addr.00|-:l,/ Data01H |
| MCKI, BICK and LRCK input |
Figure 151. Clock Set Up Sequence (3)

<Example>

(1) After Power Up, PDNA pin=“L” > “H”.
“L” time of 1.5us or more is needed to reset the AK4679.

(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.
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4. EXT Master Mode

Power Supply

Example:

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

Input MCKI frequency: 256fs

Sampling Frequency: 44.1kHz

[AK4679]

O

PDNA pin P
@)

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

PMVCM bit
(Addr:00H, DO)

@)

v

| @McKiinput |

v

(3)Addr:00H, Data:00H
Addr:03H, Data:FOH
Addr:04H, Data:02H
Addr:05H, Data02H

v

| BICK and LRCK output |

| (4)Addr00H, Data:01H |

MCKI pin ! Input
13)
M/S bit

(Addr:04H, D1) 41

LRCK pin 1

BICK pin ‘ Output

Figure 152. Clock Set Up Sequence (4)

<Example>

(1) After Power Up, PDNA pin=“L” - “H”.

“L” time of 1.5us or more is needed to reset the AK4679.
(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. Power-up time of VCOM is maximum

1.5ms when the exterenal capacitor connected to the VCOM pin is 1pF.
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H MIC Input Recording (Stereo)

Example:
PLL Master Mode
: 1 Audio I/F Format: MSB justified (ADC & DAC)
FS3-0 bits 0000 X 1111 Sampling Frequency: 44.1kHz
(Addr:03H, D7-4) ! Pre MIC AMP: +150B
! MIC Power 1: 2.5V Output
(1)'4—> ALC setting: Refer to Table 34
ALC: Enable
MIC Control 55H >< AAH
(AddrO7H, D7-0) | (1)Addr.04H, DataFxH |

@)

| (2)Addro7H, Data: AAH |

MIC Signal Select goH i xxH
(Addr:06H) @ :
ALC Setting : | (3)Addr-06H, Data: xxH |
(Addr13H, 15H, 16H)_ H A | xH )
' (4) Addr:13H, 15H, 16H, DataxxH
MoEme (T mn e eempemes
® (10) | (6)Addr17H, Datar03H |
ALC State ALCDisable ||  ALCEnable  |ALC Disable v
© | e ] (6)Addr:02H\l,’Data:0‘IH ‘
PMMP1 bit ! i
(Addr:02H, DO) | i | | (7) Addr.00H, Data:33H |
PMADL/R bits @) 1 (8) ¥
PMPFILbit ] Recording \
(Addr:00H, D5-4, D1) N —_ i
| S :
e ! ] (8) Addr:00H, Data:01H ‘
ADC Output "L" Qutput Initialize | Normal State |  "L" Output J
Data ’ (9) Addr:02H, Data:00H ‘
¥
| (10)Addr17H, Data:02H |
Figure 153. Stereo MIC Input Sequence
ecording: X X — - - — Audio -
MIC R ding: LINx/RIN 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 ride time and PLL lock time after a sampling frequency is changed when the AK4679 is
in 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 AK4679 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”
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H Headphone-Amp Output

Example :
PLL Master Mode
Audio I/F Format: MSB justified (ADC & DAC)
Sampling Frequency: 44.1kHz
HP Volume Level: -6dB

FS3-0bits "~ gopp 1111 Hoand 20 Enpic
(Addr:03H, D7-4) ! .
") —p | (1) Addr:03H, Data FxH |
@, U
HPG5-0 bits '
(Addr:0FH, D5-0) 23H >< : 20H | (2) Addr:0FH, Data 20H |
@ | ®)
5EQ bit ! (3) Addr:17H, Data 0AH
(Addr:17H, D3) 0 >< : ! >< 0 | 1 |
PMDAL/R bits @ | (4) Addr01H, Data 0DH |
PMEQ bit @ “01H,
(Addr:01H, D3-2, DO) I— v
PMHPLIR bits ®) [ (5) Addr:0BH, Data 03H |
(Addr:0BH, D1-0) 28ms|

_ v
il
HPL/R pins ov Normal Output oV

|(6)Addr:0BH,DataOOH |

v

| (7) Addr:01H, Data 00H |

v

|(8)Addr:17H,Data02H |

Figure 154. 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.
(1) 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 AK4679 is in PLL
mode.
(2) Set up analog volume for HP-Amp (Addr: OFH, HPG5-0 bits)
(3) Enable 5-band Equalizer: 5EQ bit = “0” - “1” (Frequency Response and gain are selected by Addr =
50H-6EH.)
(4) Power up DAC and EQ : PMDAL = PMDAR = PMEQ bits = “0” — “1”
(5) 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.

(6) Power down Headphone-Amp and charge pump circuit: PMHPL = PMHPR bits = “1” — “0”
HPL and HPR pins go to OV.

(7) Power down DAC and EQ: PMDAL = PMDAR = PMEQ bits = “1” — “0”

(8) Disable 5-band Equalizer: 5EQ bit = “1" > “0”
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B Speaker-Amp Output

(Addr:03H, D7-4) !
(1) ' >
, @
SPKG3-0 bits 1911 >< 1000

(Addr:10H, D3-0)

DACSL/R bits @
(Addr:09H, D7-6)

Iﬂ

5EQ bit 0
(Addr:17H, D3)

PMDAL/R bits
PMEQ bit

(Addr:01H, D3-2, DO)

PMSPK bit
(Addr:0DH, D4)

32ms

L.

@)

@
>< 0
(®)

SPP/SPN pins Hi-Z

Normal Output

| Hiz

<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 AK4679 is in PLL mode.

Figure 155. Speaker-Amp Output Sequence
(Headphone Playback: SDTI — Audio I/F — 5-band EQ - DATT-A — DACL/R — SPP/SPN)

(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: 5EQ bit = “1” - “0”
(10) Disable the path of “DAC — Speaker-Amp”: DACSL = DACSR bits = “1” — “0”
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Example :
PLL Master Mode
Audio I/F Format: MSB justified (ADC & DAC)
Sampling Frequency: 44.1kHz
SPK Volume Level: -9dB
5band EQ: Enable

| (1) Addr:03H, Data FxH

| (2) Addr:10H, Data B8H

| (3) Addr:09H, Data COH

v

| (4) Addr:17H, Data OAH

v

| (5) Addr:01H, Data ODH

v

| (6) Addr:0DH, Data 08H

v

Playback

| (7) Addr:0DH, Data 00H

v

| (8) Addr:01H, Data 00H

v

| (9) Addr:17H, Data 02H

v

| (10) Addr:09H, Data 00H |




AsahiKASEI [AK4679]

W Stereo Line Output

Example:
. [l PLL, Master Mode
FS3-0 bits 0000 1111 Audio I/F Format: MSB justified (ADC & DAC)
(Addr:03H, D7-4) Sampling Frequency: 44.1kHz
OVOLC bit = *1”(default)

LVL2-0 bits
(Addr:0EH, D2-0) on ><

PFSEL bis
(Addr:19H, DO)

i
:
i
i
PFMXL/R1-0 bits ~qog0 >< : 0101
(Addr:14H, D3-0) ;
i
1
i
i
1
i

DACL/R bits
(Addr:09H, D1-0)

OVL/R6-0 bits ~ ocH 4
(Addr:1DH&1EH, D6-0)

1 T
1,
) t—p Digital Volume Level: ~8dB

LINEOUT Volume Level: -3dB

010

| (1) Addr:03H, Data:FxH

v
(2) Addr:0EH, Data:02H
Addr:19H, Data:03H
Addr:14H, Data:05H
Addr:09H, Data:03H

| (3)Addr:1DH&1EH, Data:1CH |

©) [ (4)AddrOAH, Data:04H |

(5) Addr:01H, Data:0CH
1CH Addr:00H, Data:03H
Addr:0AH, Data:07H

®)

_ v
LOPS bit U [ (6)Addr0AH, Data:03H |
(Addr:0AH, D2) \

PMDAL/R bits i | E | Playback |
PMPFIL bit ! . i Vv
(Addr:00H, D7-6, D1) s) i ') E | (7)Addr.0AH, Data:07TH |
PML/RO bits ] "
(Addr:0AH, D1-0) | >300 ms i ; ® A’“gg;g@ﬁg;:gﬁ:’
LOUT pin i : Zs00ms | Addr:01H, Data:00H
ROUT pin ! Normal Output : N

| (9)Addr:09H, Data:00H |

| (10)Addr:0AH, Data:00H |

Figure 156. 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.

(1

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 AK4679 is in 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: OEH, 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=1uF 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=1puF and AVDD=1.8V.
Disable the path of “DAC - Stereo Line-Amp”: DACL = DACR bits = “1” 2 “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 Ef‘t(nf/lrzgtl:;nc%:; ’\sA:fetS{x%dLeL fﬂﬁe 11.2896MH
) u T11. z
(Addr:04H, DO) Sampling Frequency: 44.1kHz

External MCKI Input
| (1)Addr:04H, Data:02H |
)
| (2) Stop an external MCKI |
Figure 157. 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

. BICK frequency: 64fs
(Addr:04H, DO) Sampling Frequency: 44.1kHz

@)

External BICK Input | | (1) Addr04H, Data:00H |
i @) \l/
External LRCK Input !
P L | (2) Stop the external clocks |
Figure 158. Clock Stopping Sequence (2)
<Example>

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

External MCKI Input E
1 Example
i (1) Audio I/F Format:MSB justified(ADC & DAC)

Input MCKI f 256f;

External BICK Input : S;Fnupling Fre;zqel:]ecrﬁ4.1k:z
L(1)

External LRCK Input : | (1) Stop the external clocks

Figure 159. Clock Stopping Sequence (3)
<Example>

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

4. EXT Master Mode

External MCKI Input i

i Example
: Audio I/F Format:MSB justified(ADC & DAC)
i N o B Input MCKI f 256

BICK OUtPUt ! H"or"L ngnupling Fre;iqe%i:r;?z4.1k:z

LRCK Output i "Hor "L | (1) Stop the external MCKI

Figure 160. 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 PDNA pin = “L”. When the PDNA pin = “L”, the registers are initialized.
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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"
Power Supply /; PCM I/F A Sampling Frequency: 16kHz
' ) PCM I/F B Sampling Frequency: 44.1kHz
PDNA pin H—ﬂ BIVOL: -6dB, DATT-C: -6dB
— @ o ® -
PMVCM bit ; ; (1) Power Supply & PDN pin =“L" 2> “H
(Addr:00H, DO) ‘ <« @ I \1,
. i (5)
PMOSC bit ) ' T (2)Addr:00H, Data:00H
PMPCMA/I_B bit i ‘ ' Addr:18H, Data:0BH
PMSRXx bits ! i ‘ i Addr:20H, Data:01H
(Addr:1FH, D6-0) ' ! ; Addr:21H, Data:01H
] 1 X Addr:24H, Data:18H
SYNCA/B pins ! i Input Addr:26H: Data:02H
BICKA/B pins : | 164ffs2 ! Addr:27H, Data:07H
' i ! ' Addr:28H, Data:00H
SDTOA pin "0" data ! | Normal State "0" data v
; — | (3)Addr:00H, Data:01H |
1 164/fs3, | v
| ' | @)Addr1FH, Data:7FH |
SDTOB pin "0" data Normal State "0" data ‘1/

Phone Call

| (5)Addr1FH, Data:00H |

v

| (6)Addr00H, Data:00H |

Note: PMSRx bit means PMSRAI, PMSRAO, PMSRBI and PMSRBO bits

Figure 161. 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, PDNA pin = “L” - “H”. “L” time of 1.5us or more is needed to reset the AK4679.

(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”
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B Receiver-Amp Output

PCMI/F A

Example:

PCM I/F AFormat : Linear, Long
MSBSA=BCKPA= “0"
Format & XXXX >< XXX DATT: -8dB, DATT-B: 0dB(default)
1 RCV Vol Level: —-6dB
Path Setting "
) (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:1BH |

(Addr:1FH, D7,3, 1-0) i @ X
I(RACd);{?OIi;OD?i:)s 1011 i 1001 [ (3)Addr:10H,\l/Data:90H ]
i @ 1) [ (4)Addr:17H,\1I/Data:0AH |
" iIESHbiIt:) ) 0 i >< 1 >< 0 [ 6 Addr:1EI-‘|l,’ Data:iCH |
i [ (6)AddrODH, Data:02H ]
| (5) v
OVR6-0 bits OCH | 1CH
. ! (7)Addr:01H, Data:09H
(Addr-1EH, D6-0) : >< ’ Addr:0DH, Data:03H ‘
I 156/fs2 v

RCVPS bit

Phone Call

Hﬁj [ (8) AddrODH, Data:01H ]

(10) i [(9) Addr:0DH, Data:03H__ |
. v

PMDAR bit | :
PMEQ bit )
(Addr:01H, D3, 0) 0 ' ' ' “O’ﬁ\iﬂ”%ﬁﬂ' Ba:a:gg: ‘
! ! Ir: , Data:
PMRCV bit ; |
(Addr:0DH, DO) ] >1ms ! L [ (11)Addr:17H, Data:02H |
RCP pin i/ Normal Output i [ (12)Addr:1FH, Data:00H |

RCN pin

[ (13) Addr:0DH, Data:00H |

Figure 162. 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
78pin BGA
Top View Bottom View
4.5+0.1 ‘ 3’"2
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FO00000000
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;L
5 |
|l OO UUUTTT |
[=[o08] 5] é
B Material & Lead finish
Package molding compound: Epoxy, Halogen (bromine and chlorine) free
Solder ball material: SnAgCu
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MARKING

4679
XXXX

A

XXXX: Date code (4 digit)

Pin #A

1 indication

REVISION HISTORY

Date (Y/M/D) | Revision | Reason Page Contents
12/04/23 00 First Edition
12/05/15 01 Error 4,8-12, | Pin names were corrected.
Correction 58, 59, LIN2/IN2+ — LIN2/IN2-
159, 201 RIN2/IN2- — RIN2/IN2+
4 m Block Diagram
Figure 1 was changed.
59 m MIC/LINE Input Selector
Figure 53 was changed.
12/08/30 02 Error 201 SYSTEM DESIGN
Correction Figure 148: A connection to the microphone was changed.
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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 componentsyote1 in any safety, life support, or
other hazard related device or systemyote2), 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:
Note1) 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.
Note2) 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.
® [t 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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