ASAHI KASEI [AK4365]

AKM AK4365
DAC with built-in PLL & HP-AMP

[ GENERAL DESCRIPTION |
The AK4365 is 20bit DAC with built-in PLL and Headphone Amplifier. The PLL input crystal frequency is
matched to typical mobile phone clock frequencies. The AK4365 features an analog mixing circuit that
allows easy interfacing in mobile phone and portable communication designs. The integrated headphone
amplifier features “click-free” power-on/off, a mute control and delivers 10mW of power at 16W. The
AK4365 is housed in a 28pin QFN package, making it suitable for portable applications.

FEATURE |

O Multi-bit DS DAC
O Sampling Rate
- 8kHz, 11.025kHz,16kHz, 22.05kHz, 24kHz, 32kHz, 44.1kHz and 48kHz
O On chip perfect filtering 8 times FIR interpolator
- Passband: 20kHz
- Passband Ripple: £0.02dB
- Stopband Attenuation: 57dB
O Digital De-emphasis Filter: 32kHz, 44.1kHz and 48kHz
OPLL:
- Input Frequency: 19.8MHz, 19.68MHz, 19.2MHz, 15.36MHz, 14.4MHz,
13MHz, 12MHz and 11.2896MHz
- Input Level: CMOS or 0.4Vpp Analog Input
O Audio I/F Format: MSB First, 2’'s Compliment
- 1?S, 20bit MSB justified, 20bit/16bit LSB justified
- Master/Slave Mode
O Digital ATT
O Analog Mixing Circuit
O Mono Lineout
O pP Interface: 3-wire
O Low Frequency Boost Function
O Headphone Amplifier
- Output Power: 10mW x 2ch @16W (THD+N=0.3%)
- S/N: 88dB
- Click Noise Free at Power-ON/OFF and Mute
O Power Supply: 3V£10%
0O Power Supply Current: 11.5mA (@HP-AMP no-input)
O Ta: -30 ~85°C
O Small Package: 28pin QFN
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W Ordering Guide

AK4365VN
AKD4365

B Pin Layout
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ASAHI KASEI [AK4365]
PIN/FUNCTION
No. | Pin Name 1/O Function
1 |CS [ Control Data Chip Select Pin
2 | CDTI | Control Data Input Pin
3 | CCLK | Control Clock Input Pin
L/R Clock Pin
4 | Lrck o This clock deternjines which audio c_hannel is (_:urrently bei ng i_npgt on SDATA pin.
When SMODE pin =*“L", aclock with fsrateis output. Thispinisfixed to“L” at
power-down. When SMODE pin =“H", aL/R clock isinput.
Serial Bit Clock Pin
5 | BICK o Thisclock isused tol_atcr_l a_udi_odata When SMODE pin="L", aclock Wit_h 32fsor
64fsrateisoutput. Thispinisfixedto“L” at power-down. When SMODE pin="“H", a
bit clock isinput.
6 | SDATA | Audio Data Input Pin
7 | DvDD - Digital Power Supply Pin
8 | DGND - Digital Ground Pin
9 | MCKI | Master Clock Input Pin
Reset Pin
10 | RSTN | When at “L”, the AK4365 is in power-down mode and is held in reset.
The AK4365 should always be reset upon power-up.
Master/Slave Mode Select Pin
11| SMODE ! “L": Master Mode, “H”: Slave Mode
12 | MIN [ Mono Analog Input Pin
13 | LIN [ Lch Analog Input Pin
14 | RIN [ Rch Analog Input Pin
15 | AGND - | Analog Ground Pin
16 | AVDD - | Analog Power Supply Pin
Reference Voltage Output Pin, 2.0V (typ, respect to AGND)
17 | VREF o Normally connected to AGND pin with 0.1 ceramic capacitor in parallel with a 10nF
electrolytic capacitor.
Common Voltage Output Pin, 1.0V (typ, respect to AGND)
18 | vCOM o Normally connected to AGND pin with 0.1nF ceramic capacitor in parallel with a 1In¥
electrolytic capacitor.
Mute Time Constant Control Pin
19 | MUTET o Connected to AGND pin with a capacitor for mute time constant.
20 | HPVCC - | Power Supply Pin for Headphone Amplifier
21 | HPGND - | Ground Pin for Headphone Amplifier
22 | HPR O | Rch Headphone Amplifier Output Pin
23 | HPL O | Lch Headphone Amplifier Output Pin
24 | MOUT O | Monaura Anaog Output Pin
25 | PLLGND - | Ground Pinfor PLL. Connected to AGND.
% | vcoc o Output F_’in for Loop Filter of PLL Circuit _ _ o _
This pin should be connected to AGND with one resistor and one capacitor in series.
27 | PLLVCC - Power Supply Pin for PLL. Normally connected to AVDD.
28 | MCKO Master Clock Output Pin

Note: All digital input pins must not be left floating.
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[AK4365]

I ABSOLUATE MAXIMUM RATING

(AGND, DGND, HPGND, PLLGND=0V; Note 1)

Parameter Symbol min max Units
Power Supplies | Analog AVDD -0.3 4.6 \Vj
Digital DVDD -0.3 4.6 \%
PLL PLLVCC -0.3 4.6 \%
HP-AMP HPVCC -0.3 4.6 \%
[AGND —HPGND| (Note?2) DGND1 - 0.3 \%
|[AGND — DGND| (Note 2) DGND2 - 0.3 \Vi
[AGND — PLLGND| (Note?2) DGND3 - 0.3 \%
Input Current (any pins except for supplies) 1IN - +10 mA
Analog Input Voltage (LIN, RIN, MIN pins) VINA -0.3 AVDD+0.3 or 4.6 \
Digital Input Voltage VIND -0.3 DVDD+0.3 or 4.6 \
Ambient Temperature Ta -30 85 °C
Storage Temperature Tstg -65 150 °C
Note 1. All voltages with respect to ground.
Note 2. AGND, DGND, HPGND and PLLGND must be connected to the same analog ground plane.
WARNING: Operation at or beyond these limits may result in permanent damage to the device.
Normal operation is not guaranteed at these extremes.
| RECOMMEND OPERATING CONDITIONS
(AGND, DGND, HPGND, PLLGND=0V; Note 1
Parameter Symbol min typ max Units
Power Supplies | Analog (Note 3) AVDD 2.7or (HPVCC-0.4) 2.9 3.3 \%
Digital DVDD 2.7 29 3.3 Y,
PLL PLLVCC 2.7 29 3.3 Y,
HP-AMP HPVCC 2.7 29 3.3 \Y

Note 1. All voltages with respect to ground.

Note 3. Minimum value is higher value between 2.7V and (HPVCC - 0.4)V.
Note4. Figure 24 and Figure 25 showsthe sequencein case that only AVDD is powered ON/OFF when DVDD is powered

ON.

* AKM assumes no responsibility for the usage beyond the conditions in this datasheet.
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ASAHI KASEI [AK4365]

[ ANALOG CHARACTERISTICS |
(Ta=25°C; AVDD=PLLVCC=DVDD=HPVCC=2.9V ,AGND=PLLGND=DGND=HPGND=0V; fs=44.1kHz; EXT=1,
BOOST OFF; Slave Mode; Signa Frequency =1kHz; Measurement band width=10Hz ~ 20kHz; Load impedanceisa
serial connection with R, =16Wand C, =220nt. (Refer to Figure 26); unless otherwise specified)

Parameter min typ max Units
DAC Resolution 20 bit
LINEIN: (LIN/RIN/MIN pins)
Analog Input Characteristics
Input Resistance 14 20 26 kw
Gain (Note 5) +5 +6 +7 dB
Headphone-Amp: (HPL/HPR pins) (Note 6)
Analog Output Characteristics

THD+N (OdBFS Output) -50 -40 dB
D-Range (-60dBFS Output, A-weighted) 82 88 dB
SIN (A-weighted) 82 88 dB
Interchannel |solation 55 80 dB
DC Accuracy

Interchannel Gain Mismatch 0.3 0.5 dB
Gain Drift - 200 - ppm/°C
Load Resistance (Note 7) 16 W

L oad Capacitance 300 pF
Output Voltage 1.00 112 1.24 \Vpp

Mono Output: (MOUT pin) (Note 8)
Analog Output Characteristics:

THD+N (0dBFS Output) -80 -65 dB
SN (A-weighted) 79 85 dB
DC Accuracy
Gain Drift - 200 - ppm/°C
Load Resistance  (Note 7) 10 kW
L oad Capacitance 25 pF
Output Voltage 1.00 112 1.24 \Vpp
Power Supplies
Power Supply Current
Normal Operation (DAC=HPL=HPR=MOUT="1")
AVDD + PLLVCC + DVDD + HPVCC (Note 9) 115 18 mA
Power-Down Mode (DAC=HPL=HPR=MOUT=“0")
AVDD + PLLVCC + DVDD + HPVCC (Note 10) 1 100 mA
Power Supply Rejection (Note 11) - 50 - dB

Note 5. Analog signal inputted from LIN/RIN/MIN pin is gained to +6dB internally.

Note 6. DACL=DACR=“1", MINL=MINR=LIN=RIN="“0"

Note 7. AC Load

Note 8. DACM=“1", LINM=RINM=“0"

Note 9. HP-Amp no output. MCKO =“0"

Note 10. MINL=MINR=LIN=RIN="0". In power-down mode, al digital input pins including clock pins (MCKI, BICK
and LRCK) are held at DVDD or DGND. RSTN pinisheld at DGND.
Incaseof MINL, MINR, LIN, RIN, LINM or RINM =“1", the power supply current of AVDD pinisabout 0.5mA
(typ.).

Note 11. PSR is applied to AVDD, PLLVCC, DVDD and HPVCC with 1kHz, 100mV pp.
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ASAHI KASEI [AK4365]
[ FILTER CHARACTERISTICS |
(Ta=25°C; AVDD, DVDD, PLLVCC, HPVCC=2.7 ~ 3.3V, fs=44.1kHz; De-emphasis = “OFF")
Parameter | Symbol | min | typ max Units
DAC Digital Filter: (Note 12)
Passband -0.05dB (Note 13) PB 0 20.0 kHz
-6.0dB - 22.05 - kHz
Stopband (Note 13) SB 24.1 kHz
Passband Ripple PR +0.02 dB
Stopband Attenuation SA 57 dB
Group Delay (Note 14) GD - 19.1 - Ufs
Group Delay Distortion DGD 0 ns
DAC Digital Filter + Analog Filter: (Note 12)(Note 15)
Frequency Response 0~ 20.0kHz | FR - | +0.5 - dB
Analog Filter: (Note 16)
Frequency Response 0~ 20.0kHz | FR | - | +10 - dB
BOOST Filter: (Note 15) (Note 17)
Frequency Response 20Hz FR - -4.21 - dB
MIN 100Hz - -7.03 - dB
1kHz - -10 - dB
20Hz FR - -4.05 - dB
MID 100Hz - -6.04 - dB
1kHz - -9.9 - dB
20Hz FR - -4.34 - dB
MAX | 100Hz - -5.35 - dB
1kHz - -9.7 - dB

Note 12. BOOST OFF (BST1-0 =

00

Note 13. The passband and stopband frequencies scale with fs.

For example, PB=0.4535*fs(@+0.05dB), SB=0.546*fs(@-57dB).

Note 14. Thisis the calculated delay time caused by digital filtering. Thistimeis measured from the setting of the 20bit

data of both channelsto the input registers to the output of the analog signal.
Note 15. DACL - HPL, DACR > HPR, DACM > MOUT
Note 16. MIN = HPL/HPR, LIN = HPL/MOUT, RIN > HPR/MOUT

Note 17. These frequency responses are characteristics with BOOST ON and -10dBFS digital datainput.

MS0110-E-01
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Figure 2. Boost Frequency (fs=44.1kHz)

I DC CHARACTERISTICS
(Ta=25°C; AVDD, DVDD, PLLVCC = 2.7 ~3.3V)

Parameter Symbol min typ max Units
High-Level Input Voltage VIH 70%DVDD - Y
Low-Level Input Voltage VIL - 30%DVDD \Y
Input Voltage at AC Coupling (Note 18) VAC 04 Vpp
High-Level Output Voltage (lout =-400mA) VOH DvDD-0.4 - - \%
Low-Level Output Voltage (lout = 400rmA) VOL - - 04 \
Input Leakage Current lin - - +10 mA

Note 18. Only MCKI pin. (Figure 26)
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ASAHI KASEI [AK4365]

[ SWITCHING CHARACTERISTICS |
(Ta=25°C; AVDD, DVDD, PLLVCC = 2.7 ~ 3.3V: CL = 20pF)

Parameter Symbol min typ max Units
Master Clock Timing
Frequency (EXT="0") fCLK 11.2896 19.8 MHz
(EXT="1") fCLK 2.048 12.288 MHz
Pulse Width Low (Note 19) tCLKL 0.4/fCLK ns
Pulse Width High (Note 19) tCLKH 0.4/fCLK ns
AC Pulse Width (Note 23) tACW 20 ns
LRCK
Frequency fs 8 4.1 48 kHz
Duty Cycle: Slave Mode Duty 45 55 %
Master Mode Duty 50 %
MCKO Output (PLL mode)
Freguency fCLKO 0.256 12.288 MHz
Duty Cycle (except fs=32kHz, PS1-0="00") dMCK 40 60 %
(fs=32kHz, PS1-0=“00") dMCK 30 70 %

Serial Interface Timing (Note 20)

Slave Mode (SMODE =“H"):

BICK Period tBCK 3125 ns
BICK Pulse Width Low tBCKL 100 ns
Pulse Width High tBCKH 100 ns
LRCK EdgetoBICK “-” (Note 21) tLRB 50 ns
BICK “-” to LRCK Edge (Note 21) tBLR 50 ns
SDATA Hold Time tSDH 50 ns
SDATA Setup Time tSDS 50 ns

Master Mode (SMODE =*“L"):
BICK Freguency (BF =“0") fBCK 64fs Hz
(BF="1") fBCK 32fs Hz
BICK Duty dBCK 50 %
BICK “7” to LRCK tMBLR -50 50 ns
SDATA Hold Time tSDH 50 ns
SDATA Setup Time tSDS 50 ns

Control Interface Timing
CCLK Period tCCK 200 ns
CCLK Pulse Width Low tCCKL 80 ns
Pulse Width High tCCKH 80 ns
CDTI Setup Time tCDS 40 ns
CDTI Hold Time tCDH 40 ns
CS“H” Time tCSW 150 ns
CS“L” Time tCSW 150 ns
CS“-”"to CCLK “-” tCSS 150 ns
CCLK“-"toCS"-" tCSH 50 ns
Reset Timing

RSTN Pulse Width (Note 22) tRST 300 ns

Note 19. Except AC coupling.

Note 20. Refer to “Serial Data Interface”.

Note 21. BICK rising edge must not occur at the same time as LRCK edge.

Note 22. The AK4365 can be reset by bringing RSTN="“L" to “H” only upon power up.

Note 23. Pulse width to ground level when MCKI isconnected to a capacitor in seriesand aresistor is connected to ground.
(Refer to Figure 3.)
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ASAHI KASEI [AK4365]

[ OPERATION OVERVIEW |

W System Clock
1) PLL mode (EXT bit =“0")

A fully integrated analog phase locked loop (PLL) generates a clock that is selected by PLL2-0 and FS2-0 bits (refer to
Table1 and Table2). MCKO output frequency can be controlled by PS1-0 bits (addr=8FH, Table 3). MCKO output can be
enabled by controlling MCKO bit. The lock time of PLL is 20ms from the changing of sampling frequency, and it isaso
20ms after astable MCKI clock is attained after power-up. To decrease output noise from DAC, seria input datais zeroed
internally when PLL is not locked. When DAC is powered-up (DAC bit = “1") from power-down state (DAC bit =“0"),
thereis a5ms delay before the internal circuit starts up. When changing the sampling frequency during normal operation
(DAC bit =“1"), the change of sampling frequency should occur after the input is muted, or input to “0” data.

LRCK and BICK are output from the AK4365 in master mode. When the clock input to MCKI pin stops during normal
operation (DAC bit="1"), theinternal PLL oscillates (freewheels) at afew MHz, and LRCK and BICK outputsgoto“L”
(refer to Table 4).

LRCK input should be synchronized with MCKI or MCKO at slave mode. LRCK and BICK should always be present
whenever the AK4365 isin normal operation mode (DAC bit =“1"). If these clocks are not provided, the AK4365 may
draw excess current and will not operate properly because it utilizes these clocks for interna dynamic refresh of registers.
If the external clocks are not present, the AK4365 should be placed in the power-down mode (DAC bit =“0").

Mode PLL2 PLL1 PLLO MCKI

0 0 0 0 11.2896MHz Default
1 0 0 1 14.4MHz

2 0 1 0 12MHz

3 0 1 1 19.2MHz

4 1 0 0 15.36MHz

5 1 0 1 13MHz

6 1 1 0 19.68MHz

7 1 1 1 19.8MHz

Table 1. MCKI Input Frequency (PLL mode)

Mode

@

FS1

2

fs
48kHz
24kHz
32kHz
16kHz
44.1kHz Default
22.05kHz
11.025kHz

8kHz

~Njo|u|s|w|N|F
Rk |k|F|o|lo|lolo
bk |olo|k|k|lolo
lo|r|o|r|o|k|lo

Table 2. Sampling Frequency (PLL mode)

MS0110-E-01 2003/10
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ASAHI KASEI [AK4365]

PS1 PSO MCKO
0 0 256fs Default
0 1 128fs
1 0 64fs
1 1 32fs

Table 3. MCKO frequency (PLL mode, MCKO bit ="1")

Master Mode (SMODE = “L")
Power Up (DAC bit="1") Power Down (DAC bit="0") PLL Unlock
MCKI pin | Refer to Table 1 Don't care Refer to Table 1
MCKO pin | MCKO bit="0": “L” ‘L MCKO bit="0": “L”
MCKO hit = “1": Output MCKO bit =“1": Unsettling
BICK pin | BF bit ="1": 64fs output ‘L “L”
BF bit = “0": 32fs output
LRCK pin | Output ‘L “L”

Table 4. Clock Operation at Master mode

Slave Mode (SMODE ="“H")
Power Up (DAC bit="1") Power Down (DAC bit =“0") PLL Unlock
MCKI pin | Refer to Table 1 Don't care Refer to Table 1
MCKO pin | MCKO bit="0": “L” ‘L MCKO bit="0": “L”
MCKO bit = “1”:Output MCKO bit =“1": Unsettling
BICK pin | Input Fixedto“L” or “H” externadly | Input
LRCK pin | Input Fixedto“L” or “H” externadly | Input

Table 5. Clock Operation at Slave mode
2) EXT mode (EXT bit ="1")

The AK4365 can be set to external clock mode (EXT mode) by setting EXT bit (control register: 8FH) to “1”. In EXT
mode, the master clock can be directly input to DAC viaMCKI pinwithout PLL. In this case, the sampling frequency and
MCKI frequency can be selected by FS2-0 bits (refer to Table 6). In EXT mode, PLL2-0 bits are ignored. Table 6 shows
typical sampling frequencies. The sampling frequency can be adjusted from 8kHz to 48kHz by |leaving FS2-0 bits fixed
and altering the MCKI frequency. For example, when M CKI=256fs, the sampling frequency can be changed from 8kHz to
48kHz. MCKO output is enabled by controlling MCKO bit. MCKO output frequency can be controlled by PS1-0 bits.
When DAC is powered-up (DAC bit =“1") from power-down state (DAC bit =“0"), thereisa5ms delay prior to internal
circuit starting up. When changing the sampling frequency during normal operation (DAC bit = “1"), the change of
sampling frequency should occur after the input is muted, or input to “0” data.

LRCK and BICK are output from the AK4365 in master mode. The clock input to MCKI pin should always be present
whenever the AK4365 isin normal operation (DAC bit =“1"). If these clocks are not provided, the AK4365 may draw
excess current and will not operate properly because it utilizes these clocks for internal dynamic refresh of registers. If the
external clocks are not present, the AK4365 should be placed in the power-down mode (DAC bit = “0").

Theexterna clocksrequired to operate the AK4365 in slave mode are MCK I, LRCK and BICK. The master clock (MCKI)
should be synchronized with sampling clock (LRCK). The phase between these clocks does not matter. All external clocks
(MCKI, BICK and LRCK) should always be present whenever the AK4365 isin normal operation mode (DAC bit =“1").
If these clocks are not provided, the AK4365 may draw excess current and will not operate properly because it utilizes
these clocks for internal dynamic refresh of registers. If the external clocks are not present, the AK4365 should be placed
in the power-down mode (DAC bit =“0").

MS0110-E-01 2003/10
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Mode FS2 FS1 FSO fs MCKI
0 0 0 0 48kHz 256fs
1 0 0 1 24kHz 512fs
2 0 1 0 32kHz 256fs
3 0 1 1 16kHz 512fs
4 1 0 0 44.1kHz 256fs
5 1 0 1 22.05kHz 512fs
6 1 1 0 11.025kHz 1024fs
7 1 1 1 8kHz 1024fs

[AK4365]

Default

Table 6. Relationship between Sampling Frequency and MCKI Frequency (EXT mode)

PS1 PSO MCKO
0 0 256fs Default
0 1 128fs
1 0 64fs
1 1 32fs

Table 7. MCKO frequency (EXT mode, MCKO bit =“1)

Master Mode (SMODE = “L")
Power Up (DAC bit ="1") Power Down (DAC bit =“0")
MCKI pin | Refer to Table 6 Don't care
MCKO pin | MCKO hit="0": “L” “L”
MCKO bit =“1": Output
BICK pin | BF bit ="1": 64fs output “L”
BF bit = “0": 32fs output
LRCK pin | Output ‘L
Table 8. Clock Operation at Master mode (EXT mode)
Slave Mode (SMODE ="H")
Power Up (DAC bit ="1") Power Down (DAC bit =“0")
MCKI pin | Refer to Table 6 Don't care
MCKO pin | MCKO bit="0": “L” “L”
MCKO hit =“1": Output
BICK pin | Input Fixedto“L"” or “H” externaly
LRCK pin | Input Fixedto“L"” or “H” externaly

Table 9. Clock Operation at Slave mode (EXT mode)

When low sampling rate, DR and S/N degrade because of the outband noise. DR and S/N are approved
by using higher frequency for MCKI. Table 10 shows DR and S/N in the case DAC output to HP-amp.

Table 10. Relationship between MCKI frequency and DR (and S/N) of HP-amp

MS0110-E-01

MCK| DR, S/N (A-weight)
fs=8kHz fs=16kHz
256fs 63dB 81dB
512fs 81dB 88dB
1024fs 88dB N/A
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ASAHI KASEI [AK4365]

B Serial Data Interface

The AK4365 interfaceswith external system by using SDATA, BICK and LRCK pins. Four dataformats are available and
are selected by setting DIFO and DIF1 bits. Mode 0 is compatible with existing 16bit DACs and digital filters. Mode lisa
20bit version of Mode 0. Mode 2 is similar to AKM ADCs and many DSP serial ports. Mode 3 is compatible with the 1°S
serial data protocol. In Mode 2 and 3, 16bit data followed by four zeros aso could be input, 18bit data followed by two
zeros also could be input. In al modes, the serial datais MSB first and 2's complement format.

When master mode and BICK=32fs(BF bit =“0"), the AK4365 cannot be set to Mode 1 or Mode 2.

DIF1 bit DIFO bit MODE BICK Figure
0 0 0: 16hit, LSB justified 3 32fs Figure 10
0 1 1: 20bit, LSB justified 3 40fs Figure 10
1 0 2: 20hit, MSB justified 3 40fs Figure 11
1 1 3:1°SCompatible | 32fsor 3 40fs Figure 12

Table 11. Audio Data Format

LRCK J Lch Rch

ece | JUDITUUEUUTUUUUUEULUEUUL
SDATA Don't care 15 0 | Don't care 15 0
Mode:0

SDATA Don't care 19 16 | 15 0 |Don't care 19 16 | 15 0

Mode:1

15:MSB, 0:LSB (@16bit Data)
19:MSB, 0:LSB (@20bit Data)
Mode 1: BICK needs 40fs or more than 40fs

Figure 10. Mode 0,1 Timing

MS0110-E-01 2003/10
-16-



ASAHI KASEI [AK4365]
LRCK J Leh Reh
ec [P UUUUULTUTEUUUUU LU
SDATA 15 |14 Dot | 15 | 14 0 Dont |15 |14
16bit
SDATA 17 | 16 10 Don't |17 |16 2110 Don't | 17 | 16
18bit
SDATA 19 | 18 3210 |[Doat ]9 |18 43 |2]1|o|Bomt |10]18
20bit * BICK needs more than 40fs.
Figure 11. Mode 2 Timing
LRCK —I Leh Rch
s [JUUBUUUUUEUUURUTUUUEUYL
I [} [}
SDATA 15 |14 0 Don’t 15 | 14 0 (I:Da%gt 15
. care
16bit v '
I | i
SDATA 17 |16 210 Dont 117 |16 2l1]o0 ont 17
18bit ;
I I
| | |
SDATA 19 |18 432|120 D290t li9|18 43 |2]1 [0 |Bomt Ftig
20bit ] i
' ! * BICK needs more than 40fs. |
I ] I
I [} [}
BICK I
(32fs) i i
SDATA 0 |15 |14 6 |5|4a|3|2|1|015]|14 6|5|4l3]|2]1]0]15
16bit
Figure 12. Mode 3 Timing
MS0110-E-01 2003/10
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ASAHI KASEI [AK4365]

W Serial Control Interface
Internal registers may be written to viathe 3-wire pP interface pins (CS, CCLK and CDTI). The data on this interface
consists of Control data (MSB first, 8bits) and Register address (M SB first, 8bits). Address and datais clocked in on the

rising edge of CCLK and dataisclocked out on thefalling edge. For WRITE operations, datais latched after alow-to-high
transition of CS. The clock speed of CCLK is5MHz (max). The value of internal registersisinitialized at RSTN =“L".

o L

0 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15

CDTI D7 | D6 | D5 | D4 | D3| D2 | D1| D0 | A7 [A6|AS|Ad|A3|A2|AL|A0

D7-DO: Control Data
A7-AQ: Register Address

Figure 13. Control Interface

MS0110-E-01 2003/10
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B Register Map

[AK4365]

Addr Register Name D7 D6 D5 D4 D3 D2 D1 DO
80H | PLL Mode & Timer T™M1 TMO PLL2 PLL1 PLLO FS2 FS1 FSO
81H | Mode Control DIF1 DIFO MCKO | DEM LRMUTE | MMUTE | BST1 BSTO
85H | Power Management MINR | MINL BF MONO | MOUT HPR HPL DAC
88H | Output Select 1 0 RINM LINM RIN LIN DACM | DACR | DACL
89H | HP-Amp Rch ATT ATTR7 | ATTR6 | ATTR5 | ATTR4 | ATTR3 | ATTR2 | ATTR1 | ATTRO
8BH | HP-Amp Lch ATT ATTL7 | ATTL6 | ATTL5 | ATTL4 | ATTL3 | ATTL2 | ATTL1 | ATTLO
8DH | MOUT ATT ATTM7 | ATTM6 | ATTM5 | ATTM4 | ATTM3 | ATTM2 | ATTM1 | ATTMO
8FH | Mode Control 2 0 0 PSO PS1 CKP LRP 0 EXT
B Register Definitions
All registers inhibit writing at RSTN pin =“L".
Addr | Register Name D7 D6 D5 D4 D3 D2 D1 DO
80H | PLL Mode & Timer T™M1 TMO PLL2 PLL1 PLLO FS2 FS1 FSO
Default 0 0 0 0 0 1 0 0
FS2-0: Select Sampling Frequency
PLL mode: Table 2
EXT mode: Table 6
PLL2-0: Select MCKI Frequency
PLL mode: Table 1
EXT mode: Disable
TM1-0: Soft Mute Time Setting. LRMUTE and MMUTE settings are linked together.
TM1 TMO Cycle
0 0 1024/fs Default
0 512/fs
1 256/fs
1 128/fs
Table 12. Soft Mute Time Setting
MS0110-E-01 2003/10
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Addr | Register Name D7 D6 D5 D4 D3 D2 D1 DO
81H | Mode Control DIF1 DIFO MCKO DEM LRMUTE | MMUTE | BST1 BSTO

Default 0 0 0 0 0 0 0

BST1-0: Select Low Frequency Boost Function

BST1 BSTO Mode
0 0 OFF Default
0 1 MIN
1 0 MID
1 1 MAX

Table 13. Select Low Freguency Boost

MMUTE: The output data from DACM is soft-muted.
0: Disable (Default)

1: Enable

LRMUTE: The output data from DACL and DACR are soft-muted.
0: Disable (Default)

1: Enable

DEM: De-emphasis Filter Frequency Select
Sampling frequency of De-emphasis is selected by FS2-0 bits. Sampling frequency is enabled at 32kHz,

44 kHz and 48kHz only.
DEM FS2 FS1 FSO Sampling Frequency De-emphasis
0 - - - - OFF Default
0 0 0 48kHz ON: 48kHz
0 0 1 24kHz OFF
0 1 0 32kHz ON: 32kHz
1 0 1 1 16kHz OFF
1 0 0 44.1kHz ON: 44.1kHz
1 0 1 22.05kHz OFF
1 1 0 11.025kHz OFF
1 1 1 8kHz OFF
Table 14. De-emphasis Filter Frequency Select
MCKO: Control of MCKO signal
0: Disable (Default)
1: Enable
DIF1-0: Audio Data Interface Format
DIF1 DIFO MODE BICK Figure
0 0 0: 16bit, LSB justified 3 32fs Figure10 | Default
0 1 1: 20bit, LSB justified 3 40fs Figure 10
1 0 2: 20bit, MSB justified 3 4A0fs Figure 11
1 1 3: I°S Compatible | 32fsor3 40fs | Figure 12
Table 15. Audio Data Interface Format
MS0110-E-01 2003/10
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Addr | Register Name D7 D6 D5 D4 D3 D2 D1 DO
85H | Power Management MINR | MINL BF MONO | MOUT HPR HPL DAC

Default 0 0 0 0 0 0 0 0

DAC: Power management for DACL, DACR, DACM and PLL. When this bit changes from “0” to “1”, DAC is
powered-up to the current register values (ATT value, sampling rate, etc).
0: Power OFF (Default)
1: Power ON

HPL: Power management for Lch headphone amplifier.
0: Power OFF (Default). Output voltage becomes HPGND (0V).
1: Power ON

HPR: Power management for Rch headphone amplifier
0: Power OFF (Default). Output voltage becomes HPGND (0V).
1: Power ON

MOUT: Power management for monaural lineout
0: Power OFF (Default). Output voltage becomes Hi-z.
1: Power ON

MONO: Control of the signal output from DACL and DACR
0: Normal Output (Default)
1: (L+R)/2
In case of DAC hit =“0", MONO bit is not ignored.

When changing between Mono and Stereo modes, the headphone amplifiers should be
powered-down. (HPL=HPR= “0").

When HPL/HPR bits are OFF (“0”), DAC and MOUT bits should also be OFF(*0"). If HPL/HPR bits
are changed to ON (“1”) when DAC and MOUT are powered-up, the HP-AMP will remain off.

Table 16. HPL/HPR pin Output Signal

BF: BICK Period setting at Master Mode. In slave mode, this bit isignored.

0: 32fs (Default)
1: 64fs

MINL: Theinput signa from MIN pin is added to Lch of headphone amplifier.

0: OFF (Default)
1: ON

MINR: Theinput signal from MIN pin is added to Rch of headphone amplifier.

0: OFF (Default)
1: ON

HPL hit HPR bit MONO bit HPL pin HPR pin
0 0 0 HPGND HPGND Default
0 0 1 HPGND HPGND
0 1 0 HPGND Normal output
0 1 1 HPGND (L+R)/2
1 0 0 Normal output HPGND
1 0 1 (L+R)/2 HPGND
1 1 0 Normal output | Normal output
1 1 1 (L+R)/2 (L+R)/2

* When the paths of MINL and MINR are changed, outputs of HP-Amp and MOUT should be muted.

MS0110-E-01
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Addr | Register Name D7 D6 D5 D4 D3 D2 D1 DO
88H | Output Select 1 0 RINM LINM RIN LIN DACM | DACR | DACL
Default 0 0 0 0 0 0 0 0

DACL: Select an output path of DACL
0: OFF (Default)
1: ON

DACR: Select an output path of DACR
0: OFF (Default)
1: ON

DACM: Select an output path of DACM
0: OFF (Default)
1: ON

LIN: Theinput signal from LIN pin is added to L ch of headphone amplifier.
0: OFF (Default)
1: ON

RIN: The input signal from RIN pin is added to Rch of headphone amplifier.
0: OFF (Default)
1: ON

LINM: Theinput signal from LIN pinisadded to MOUT amplifier.
0: OFF (Default)
1: ON

RINM: Theinput signal from RIN pin isadded to MOUT amplifier.
0: OFF (Default)
1: ON

* When these paths (DACL, DACR, DACM, LIN, RIN, LINM and RINM) are changed, outputs of HP-Amp
and MOUT should be muted.

MS0110-E-01 2003/10
-22.




ASAHI KASEI [AK4365]
Addr | Register Name D7 D6 D5 D4 D3 D2 D1 DO
89H | HP-Amp Rch ATT ATTR7 | ATTR6 | ATTRS | ATTR4 | ATTR3 | ATTR2 | ATTR1 | ATTRO
8BH | HP-Amp Lch ATT ATTL7 | ATTL6 | ATTLS | ATTL4 | ATTL3 | ATTL2 | ATTL1 | ATTLO
8DH | MOUT ATT ATTM7 | ATTM6 | ATTM5 | ATTM4 | ATTM3 | ATTM2 | ATTM1 | ATTMO

Default 0 0 0 0 0 0 0 0

ATTR7-0: Setting of the attenuation value of output signal from DACR
ATTL7-0: Setting of the attenuation value of output signal from DACL

ATTM7-0: Setting of the attenuation value of output signal from DACM.

The internal calculation is attenuated by 10bit linear value, but the available ATT value is 8bit. Table 17 shows
typical ATT values. The transition between ATT values uses the same mechanism as the soft mute operation. For
example, if the current value is ATT1 and anew value is set as ATT2, ATT1 transitionsto ATT2. The time that it
takesfor thistransition to occur is set viathe TM1-0 bits. If the new value (ATT3) isset before ATT1 reachesATT2,
the ATT value will transition directly to the ATT3 setting.

Equation of attenuation level:

FFH:
FEH ~ 20H:
1FH ~ 01H:
O0H:

MS0110-E-01

0dB

ATT =20 x logyo ((Register Value x 4) —60H) / 1023) [dB]
ATT =20 x logyo ((Register Value) / 1023) [dB]

MUTE
DATA | ATT[dB] | DATA | ATT [dB]
FFH 0.0 25H -25.877
FCH -0.998 23H -27.328
E3H -2.006 22H -28.156
CDH -3.003 21H -29.017
BOH -4.020 20H -30.095
ASH -4.989 1DH -30.950
98H -6.012 1AH -31.898
8AH -7.018 16H -32.963
7EH -7.984 14H -34.177
73H -8.975 12H -35.002
69H -9.987 10H -36.115
60H -11.010 OEH -37.275
58H -12.033 ODH -37.919
51H -13.039 OBH -39.370
4BH -14.005 0AH -40.198
45H -15.092 09H -41.113
41H -15.901 08H -42.136
3CH -17.030 07H -43.29
38H -18.053 06H -44.634
35H -18.908 05H -46.218
31H -20.198 04H -48.156
2FH -20.922 03H -50.655
2CH -22.136 02H -54.177
2AH -23.051 01H -60.198
28H -24.074 00H MUTE

26H -25.234

Table 17. Typical ATT values
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[AK4365]

Addr | Register Name D7 D6

D5

D4

D3

D2

D1

DO

8FH | Mode Control 2 0 0

EXT

Default 0 0

PSO

PS1

CKP

LRP

EXT: Master Clock Mode Select
0: PLL mode
1: EXT mode (External clock mode)

LRP: LRCK Polarity (enable at slave mode)
0: Normal
1: Invert

CKP: BICK Polarity (enable at slave mode)
0: Normal
1: Invert

PS1-0: MCKO Frequency

PLL mode: Table 3
EXT mode: Table 7

MS0110-E-01
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H Soft Mute

Soft mute operation is performed in the digital domain. When LRMUTE or MMUTE bit goto “1”, the output signd is
attenuated by -¥ (“0") viathe cycle set by TM1-0 bit (Table 12). When LRMUTE or MMUTE bit isreturned to “0”, the
mute is cancelled and the output attenuation gradually changes to 0dB viathe cycle set of TM1-0 bits. LRMUTE and
MMUTE bits operate independently. If the soft muteis cancelled within the cycle set by TM1-0 bits after starting the
operation, the attenuation is discontinued and returned to OdB. The soft mute is effective for changing the signal source
without stopping the signal transmission.

LRMUTE bit
or
MMUTE bit TML-0 bit TM1-0 bit
<+—p
0dB ) /
Attenuation (3)
-¥
> «— GD —p 4— GD
: &)
Analog Output \/~
Figure 14. Soft Mute Function
NOTE:

(1) The output signal is attenuated until -¥ (“0") by the cycle set by TM1-0 bit

(2) Analog output corresponding to digital input have the group delay (GD).

(3) If the soft mute is cancelled within the cycle of setting TM1-0 hit, the attenuation is discontinued and returned to
0dB(the setting value).

W De-emphasis Filter

The AK4365 includes adigital de-emphasisfilter (tc = 50/15mrs) by IR filter corresponding to three sampling frequencies
(32kHz, 44.1kHz and 48kHz). The de-emphasisfilter is enabled by setting FS2-0 and DEM hits.

MS0110-E-01 2003/10
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W Low Frequency Boost Function

[AK4365]

By controlling BST1-0 bits, the low frequency boost signal can be output from DACL, DACR and DACM. The setting
valueiscommon in DACL, DACR and DACM.

Table 18 shows the relationship of externa resistor, capacitor, fc(cut-off frequency) and output power, where load
resistance of headphone is 16W.

MS0110-E-01

AK4365 C -
HPLR [ H

1
1
1
1
1
1
16
1
1
1
1
1

Headphone
Figure 15. Headphone external circuit example

R[W C[nF] Fc Po Figure
ow 220nF 45Hz 9.8mW F!gure 16
100+ 100Hz Figure 17
6.8W 100+ 70Hz 4.8mMW F! gure 18
A7k 149Hz Figure 19
16W 100+ 50Hz 2 A5MW F! gure 20
47t 106Hz Figure 21

Table 18. Relationship of external circuit, output power and frequency response
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10
5
e S I e ]
° - — OFF
g — MIN
o 5 MID
> 7 — MAX
.|
-10
/
/
-15
-20
0.01 0.10 1.00 10.00
Frequency [kHz
Figure 16. C=220nF, R = OW, fs=44.1kHz
5
0 = ]
7
5 — OFF
% — MIN
g MID
— MAX
4 10
| /
-15
//
-20
0.01 0.10 1.00 10.00
Frequency [kHz
Figure 17. C=100nF, R = OW, fs=44.1kHz
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ASAHI KASEI
5
| —
0 | s e
p 4
/
s YA — OFF
% // / — MIN
Il MID
o y ya — MAX
- -10 7 7
/
-15 |
Ve
-20
0.01 0.10 1.00 10.00
Frequency [kHz
Figure 18. C=100nF, R = 6.8W, fs=44.1kHz
5
0 — =
//
/ — OFF
T Vs —MIN
4 ya MID
2 / — MAX
4 10 A
4
/ /
/
-15 +— —
L/ /
/
-20 VA
0.01 0.10 1.00 10.00
Frequency[kHz
Figure 19. C=47nf, R = 6.8W, fs=44.1kHz
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5
\
0 y ==
7 A
J
il 7 _ &FNF
= S —_MID
> ’ — MAX
510 4
/
/
7
-15
-20
0.01 0.10 1.00 10.00
Frequency[kHz
Figure 20. C=100nF, R = 16W, fs=44.1kHz
5
0 — . ——
Z
/]
- 5 // ] — OFF
) — MIN
% // 4 MID
o — MAX
y4
7 /
WA /
7
-15 7
/
/
/
-20
0.01 0.10 1.00 10.00
Frequency[kHz
Figure 21. C=47nF, R = 16W, fs=44.1kHz
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W Polarity and gain of Line Input/Output

Theinput signal from LIN, RIN and MIN pinsare gained to +6dB by headphone amplifier. Theinput signal from LIN, RIN
and MIN pins are inverted by headphone amplifier. The output signal from DAC is a non-inverted signal.

typ.20kW
LIN/RIN pin ————W—=0

typ.20kW
MIN pin ————AW—O
typ.40kwW

DACL/DACR typ.40KW
HPL/HPR pin
SMF

HP-Amp

Figure 22. Internal equivalent circuit between DACL/DACR and HPL/HPR

typ.20kW

UNpn ————W—O 0O

typ.20kW

RIN pin —W——20
typ.40kwW

DACM | typ.40kW

MOUT pin
SMF

Figure 23. Internal equivalent circuit between DACM and MOUT

B System Reset

The AK4365 should be reset once by bringing RSTN “L” upon power-up. After exiting reset, DAC, HPL, HPR and
MOUT switch to the power-down state. The contents of the control register are maintained until the reset is done.

MS0110-E-01 2003/10
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m Power ON/OFF Sequence

1) In case of DAC output (Full-scale output) to HPL, HPR and MOUT pins (LIN, RIN and MIN: No input)

DVDD

AVDD, PLLVCC,

HPVCC @
RSTN pin J (5)

DAC,HPL —
HPR,MOUT bit

Clock IN / —I

<Case 1> |

ATT7-0 bit O00OH FFH O00H

a4y @ @6, @ «» )

HPL,HPR pin —’\/\/\/\/\ ’\/\/\/V'\,((s/
MOUT pin ---(-4-)--—'\/\/\/\/\ /\/\,‘F-@ --------- — WF ------- 3 . —

<Case 2>

ATT7-0 bit 00H | FFH ; i 00H [FFH
‘ @<> © @ 6)]

O g 0
MOUT pin @ . @ X\; LAAW v \]\N\/\
I Sy TALYLY SR, 7Y B B Hy)

Figure 24. Power ON/OFF Sequence (1)

HPL, HPR pin

(1) Risetime of HP-Amp can be set by a capacitor connected to the MUTET pin. Rise time to 80% is 150ms(min),
300ms(typ) and 600ms(max) when the capacitor is 1n¥, and 70ms(min), 140ms(typ) and 290ms(max) when 0.47nF. In
case of 0.47nF, pop noise may be bigger.

(2) ATT7-0 bits are set to 00H on reset. When TM 1-0 bits are “00”, the attenuated signal is released by the cycle set by
TM1-0 bits after ATT7-0 bits are set to FFH. (Same as soft mute)

(3) When HPL and HPR go to HPGND, the power suppliesto DAC and HP-Amp are powered-down.

(4) When DAC and MOUT bits changeto “1” or “0”, click noise occurs from MOUT pin.

When MOUT hit is“0", output of MOUT becomes Hi-Z.

(5) After DAC, HPL, HPR and MOUT are powered-down once, it is necessary to wait this amount of time before they are
powered-up again. (Time required prior to writing to DAC, HPL, HPR and MOUT bhits)) If HPL and HPR bits are
changed to “1” within this time, HP-Amp may not be powered-up. Thetimein which HP-Amp is not
powered-up (this partial timeisincluded in the time above) depends on a capacitor connected to the VCOM pin (Cy,),
0.8k x C; (max).

(6) Fall time of HP-Amp can be set by a capacitor connected to the MUTET pin. Fall timeto OV is 200ms(min),
400ms(typ) and 860ms(max) when the capacitor is 1nf, and 90ms(min), 190ms(typ) and 410ms(max) when 0.47nt. In
case of 0.47n, pop noise may be bigger.

(7) If only AVDD, PLLVCC and HPV CC are powered ON/OFF when DVDD is powered ON, the RSTN pin should be
changed from “L” to “H” after AVDD, PLLVCC and HPVCC are powered ON.

The time required prior to writing to DAC, HPL, HPR and MOUT bits(5) = Time(1) + Soft Mute
Time(2)
For example,
MUTET pin = 1nf, VCOM pin = 1nF, fs = 44.1kHz, Soft mute time setting = 1024/fs (TM1-0 =“00")
Time (1): max. 860ms
Time (2): max. 23.2ms = 1024/fs + Ufs @ fs=44.1kHz
Time (5): 883.2ms = 860ms + 23.2ms
For the example above, wait about 883.2ms before writing to DAC, HPL, HPR or MOUT bit.

MS0110-E-01 2003/10
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* If it is necessary to shorten the MUTE sequence time, an external mute circuit should be
implemented. An example of an external mute circuit is shown in the AK4365 evaluation board
manual. The external mute circuit should be released after the HP-Amp is powered up. If the external
mute is released on the way of HP-Amp power-up, large pop noise will occur.

* Power supply AVDD is powered-up at the same time or earlier than power supply HPVCC. Power
supply AVDD is powered-down at the same time or later than power supply HPVCC.

MS0110-E-01 2003/10
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2) In case of output from LIN, RIN and MIN pins (Full-scale output) to HPL, HPR and MOUT pins (DAC
Power OFF)

DvDD

AVDD, PLLVCC,
HPVCC — ©)
RSTN pin J @
HPL,HPR )
MOUT bit )
€ <>(5) «»i(5)

HPL,HPR pin _/\/\/\/\ /\/\/\/\»i(fj)\/\/\/\ /\f /\f\/\/\
MOUT pin ---(-31)-(\/\/\/\ /\/\/L_(-?’-) ..... {\/\/\/\ Af\pr-mmmmmemeeeeo {\/\M

Figure 25. Power ON/OFF Sequence (2)

(1) Risetime of HP-Amp can be set by a capacitor connected to the MUTET pin. Rise time to 80% is 150ms(min),
300ms(typ) and 600ms(max) when the capacitor is 1nt, and 70ms(min), 140ms(typ) and 290ms(max) when 0.47nF. In
case of 0.47nt, pop noise may be bigger. To rise common voltage, lower side of output signal is clipped.

(2) When HPL and HPR go to HPGND, the power supply of HP-Amp is powered-down.

(3) MOUT bhit changesto “1” or “0", click noise occurs from MOUT pin.

When MOUT bitis“0”, output of MOUT becomes Hi-Z.

(4) After DAC, HPL, HPR and MOUT are powered-down once, it is necessary to wait this amount of time before they are
powered-up once again. (Time required prior to writing to DAC, HPL, HPR and MOUT bits.) If HPL and HPR bits
are changed to “1” within this time, HP-Amp may not be powered-up. Thetimein which HP-Amp is not
powered-up (this partial time isincluded in the time above) depends on a capacitor connected to the VCOM pin (Cy),
0.8k x C, (max).

(5) Fall time of HP-Amp can be set by a capacitor connected to the MUTET pin. Fall timeto OV is 200ms(min),
400ms(typ) and 860ms(max) when the capacitor is 1nf, and 90ms(min), 190ms(typ) and 410ms(max) when 0.47nF. In
case of 0.47nt, pop noise may be bigger. To fall common voltage, lower side of output signal is clipped.

(6) If only AVDD, PLLVCC and HPVCC are powered ON/OFF when DVDD is powered ON, the RSTN pin should be
changed from “L” to “H” after AVDD, PLLVCC and HPVCC are powered ON.

The time required prior to writing to DAC, HPL, HPR and MOUT bits (4) = Time (1)

For example,
MUTET pin = 1nf, VCOM pin = 10nF

Time (1): max. 860ms
Time (4) = Time (1) = 860ms

For the example above, wait about 860ms writing to DAC, HPL, HPR or MOUT bit.

* If it is necessary to shorten the MUTE sequence time, an external mute circuit should be
implemented. An example of an external mute circuit is shown in the AK4365 evaluation board
manual. The external mute circuit should be released after the HP-Amp is powered up. If the external
mute is released on the way of HP-Amp power-up, large pop noise will occur.

* Power supply of AVDD is powered-up at the same time or earlier than power supply of HPVCC.
Power supply of AVDD is powered-down at the same time or later than power supply of HPVCC.

MS0110-E-01 2003/10
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[ SYSTEM DESIGN |

Figure 26 shows the system connection diagram. An evaluation board [AKD4365] is available which demonstrates the
optimum layout, power supply arrangements and measurement results.

Capacitance values of VCOC pin
PLL Frequency: 19.8MHz, 19.68MHz, 19.2MHz, 15.36MHz, 14.4MHz, 12MHz, 11.2896MHz - C = 4.7nF
PLL Frequency: 13MHz >C = 470nF

10u
1
0.1p
< ||
C 1
220
256fs X H— >
— +7] Py
220pur4----------1
% NEERER Hﬂ élewilewi
O O 0 o £ o ! i
S5 o
S % S &ao Ik | i
Mode L'I = 2> 32 i Headphone !
) cs o o HPGNDz_le (o ttpa
Setting
T \—HE cDTI HPVCC 20— ?0+ Analog Supply
0.1y 10 1y ~
< —{3]ccLk MUTET [19] o1 . 1 2.7-3.3V
1 TR
< »l 1| .
audio € »{4]LRCcK Top View vcom{igl—e——,
) C— 0.lp— 10p =
Controller [* > 5 [BICK VREFE—__‘,:——_J:. 100
»[ 6 |SDATA AvDD/16] -« . Analog Supply
—7|pvop W AGND[15] + + 2.7-3.3V
2 ¢ Z g o
[ = =
(@] = Z
8823535 ¢%
o AP EEHHEE
4 ® A 4 A
10y ¢—|
|1
""1000p A4
10
WA
Figure 26. Typical Connection Diagram (In case of AC coupling to MCKI)
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Note: The headphone amplifier output for the AK4365 may oscillate. Thisoscillation is caused by the load of aheadphone
cable. The following externa circuit 1) or 2) should be used to avoid this oscillation.

1) Resistor (3 6.8W) in series. In this case, the voltage at the headphone will be attenuated by resistor divider.

AK4365 220u 6.8 ,_______.
HPLR |1

1
1
1
:
1
16
i
1
1
1

Headphone
Figure 27. Headphone amp external circuit example 1

2) Capacitor (0.1uF+20%) and resistor (10W+20%) in series to ground.

AK4365 220U joeeeeeo
HPL/R :I—I—i
0.1u

10
Headphone

Figure 28. Headphone amp external circuit example 2
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1. Grounding and Power Supply Coupling

The AK4365 requires careful attention to power supply and grounding arrangements. AV DD is usually supplied from the
analog power supply in the system and DV DD is supplied from AVDD viaa 10Wresistor. Alternatively if AVDD and
DVDD are supplied separately, the power up sequenceis not critical. When AVDD and HPV CC are supplied separately,
AVDD is powered-up at the same time or earlier than HPV CC. When the AK4365 is powered-down, HPVCC is
powered-down at the same time or later than AVDD. The power up sequence of PLLVCC isnot critical. AGND, DGND,
PLLGND and HPGND must be connected to the analog ground plane. System analog ground and digital ground should be
connected together near to where the supplies are brought onto the printed circuit board. Decoupling capacitors should be
as close to the AK4365 as possible, with the small value ceramic capacitors being the nearest.

2. Internal Voltage Reference

Internal voltage reference is output on the VREF pin (typ. 2.0V). An electrolytic capacitor 10nF in parallel with a0.1n
ceramic capacitor is attached between VREF and AGND to eliminate the effects of high frequency noise. VCOM is
1.0V(typ) andisasignal ground of thischip. A 1nf electrolytic capacitor in parallel with a 0.1 ceramic capacitor should
be connected between VCOM and AGND to eliminate the effects of high frequency noise. A ceramic capacitor should be
connected to VCOM pin and located as close as possible to the AK4365. No load current may be drawn from VREF and
VCOM pins. All signals, especialy clocks, should be kept away from the VCOM and VREF pinsin order to avoid
unwanted coupling into the AK4365.

3. Analog Outputs

The analog outputs are single-ended outputs and 1.12V pp(typ) centered around the VCOM voltage. The input data format
is2's compliment. The output voltage is a positive full scale for 7FFFF(@20bit) and negative full scale for
80000H(@20bit). The ideal output is VCOM voltage for 00000H(@20bit). If the noise generated by the delta-sigma
modulator beyond the audio band causes problems, attenuation by an external filter is required.

DC offsets on the analog outputsiis eliminated by AC coupling since analog outputs have DC offsets of VCOM + afew
mvV.
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Note: The black parts of back package should be open.

W Package & Lead frame material

Package molding compound: Epoxy
Lead frame material: Cu
Lead frame surface treatment: Solder (Pb free) plate
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IMPORTANT NOTICE

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

- AKM assumes no liability for infringement of any patent, intellectual property, or other right in the application
or use of any 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 componentsin any safety, life support, or
other hazard related device or system, and AKM assumes no responsibility relating to any such use, except with
the express written consent of the Representative Director of AKM. As used here:

a. 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.

b. 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.

- It isthe responsibility of the buyer or distributor of an AKM product who distributes, disposes of, or otherwise
places the product with athird party to notify that 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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