ghipsmall

Chipsmall Limited consists of a professional team with an average of over 10 year of expertise in the distribution
of electronic components. Based in Hongkong, we have already established firm and mutual-benefit business
relationships with customers from,Europe,America and south Asia,supplying obsolete and hard-to-find components
to meet their specific needs.

With the principle of “Quality Parts,Customers Priority,Honest Operation,and Considerate Service”,our business
mainly focus on the distribution of electronic components. Line cards we deal with include
Microchip,ALPS,ROHM, Xilinx,Pulse,ON,Everlight and Freescale. Main products comprise
IC,Modules,Potentiometer,IC Socket,Relay,Connector.Our parts cover such applications as commercial,industrial,
and automotives areas.

We are looking forward to setting up business relationship with you and hope to provide you with the best service
and solution. Let us make a better world for our industry!

Contact us

Tel: +86-755-8981 8866 Fax: +86-755-8427 6832
Email & Skype: info@chipsmall.com Web: www.chipsmall.com
Address: A1208, Overseas Decoration Building, #122 Zhenhua RD., Futian, Shenzhen, China

iy [0



EVALUATION KIT AVAILABLE

MAX98091

General Description

The MAX98091 is a fully integrated audio codec whose
high-performance, ultra-low power consumption and
small footprint make it ideal for portable applications.

The device features a highly flexible input scheme with
six input pins that can be configured as analog or digital
microphone inputs, differential or single-ended line inputs,
or as full-scale direct differential inputs. Analog inputs can
be routed to the record path ADC or directly to any analog
output mixer.

The device accepts master clock frequencies of either
256 x fg or from 10MHz to 60MHz. The digital audio inter-
face supports master or slave mode operation, sample
rates from 8kHz to 96kHz, and standard PCM formats
such as 128, left/right-justified, and TDM.

The record/playback paths feature FlexSound® technology
DSP. This includes digital gain and filtering, a biquad filter
(record), dynamic range control (playback), and a seven
band parametric equalizer (playback) that can improve loud-
speaker performance by optimizing the frequency response.

The stereo Class D speaker amplifier provides efficient

Ultra-Low Power Stereo Audio Codec

Features and Benefits

e 102dB DR Stereo DAC to HP

4.1mW Stereo Playback Power Consumption
99dB DR Stereo ADC

4.5mW Stereo Record Power Consumption

3 Stereo Single-Ended/Differential Analog
Microphone/Line Inputs

Two PDM Digital Microphone Inputs
Master Clock Frequencies from 256 x fg to 60MHz
I2S/LJ/RJ/TDM Digital Audio Interface

FlexSound Technology Signal Processing
* Record Path Biquad Filter

Playback Path 7-Band Parametric EQ
* Playback Path Automatic Level Control
« Digital Filtering and Gain/Level Control

e Stereo Low EMI Class D Speaker Amplifiers
* 3.2W/Channel (R_ = 4Q, VspkvDD = 5V)
e 1.8W/Channel (R_ = 8Q, VspkvDD = 5V)

e Stereo DirectDrive Class H Headphone Amplifier
Jack Detection and Identification

e . o e Differential Receiver Amplifier/Stereo Line Output
amplification, features low radiated emissions, supports . . . o
filterless operation, and can drive both 4Q and 8Q loads. e Extensive Click-and-Pop Reduction Circuitry
The DirectDrive® stereo Class H headphone ampli- e RF Immune Analog Inputs and Outputs
fier provides a ground-referenced output eliminating the e Programmable Microphone Bias
r]etladdfor larg-?f DC—tt.JIc|>ck|ng. cap?cnor_s. T)he denf:e ?PI]sci e 12C Control Interface
INCludes a dirrerential receiver (earpiece) amplitier a .

. ; ) e 56-Bump 0.4mm WLP and 48-Pin
can be reconfigured as a stereo single-ended line output.
9 9 P 6mmx6mmx0.75mm TQFN Packages
Simplified Block Diagram
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MAX98091 Ultra-Low Power Stereo Audio Codec

Absolute Maximum Ratings

(Voltages with respect to AGND, unless otherwise noted.) HPSNS ... (VHpPGND - 0.3V) to (VHpanD + 0.3V)
AVDD, DVDD, HPVDD.......ccccoiiiiiiieaieneseene -0.3V to +2.2V HPL, HPR ..., (Vcpvss - 0.3V) to (Vepypp + 0.3V)
SPKVDD, DVDDIO.......ccciiiiiiiieieiee e -0.3V to +6.0V RCVP/LOUTL............. (VspkLaND - 0.3V) to (VspkyvpD * 0.3V)
DGND, HPGND, SPKLGND, SPKRGND............. -0.1V to +0.1V RCVN/LOUTR............(VspkLGND - 0.3V) to (VspkvpD + 0.3V)
CPVDD...ccooivieiieiiee (VHPGND - 0.3V) to (VHpGND * 2.2V) SPKLP, SPKLN .......... (VspkLaND - 0-3V) to (Vspkyvpp + 0.3V)
CPVSS ... (VHPGND - 2.2V) to (VHpanD * 0.3V) SPKRP, SPKRN ........ (VsPKrRGND - 0.3V) to (Vspkvpp + 0.3V)
CIN e (Vepyss - 0.3V) to (VHpanD + 0.3V) JACKSNS ...t -0.3V to +6.0V
CAP e (VHPGND - 0.3V) to (Vcpypp + 0.3V) Continuous Power Dissipation (T = +70°C)

MICBIAS ..ot -0.3V to (Vgpkvpp * 0.3V) WLP (derate 256mW/°C above +70°C)........ccccceervereennenne 1.9W
REF, BIAS ..ot -0.3V to (Vaypp + 0.3V) TQFN (derate 37mW/°C above +70°C).........cccccoeerunne 2.96W
MCLK, SDIN, SDA, SCL, TRQ.....cveeeeereieecrn -0.3V to +6.0V Operating Temperature Range............ccccceeuee... -40°C to +85°C
LRCLK, BCLK, SDOUT.......cccceernee. -0.3V to (Vpvppio *+ 0.3V) Storage Temperature Range..........ccccocceevnene -65°C to +150°C

IN1, IN2, IN3, IN4, IN5, ING ......coceiiiiiiiiiiiies -0.3V to +2.2V

Stresses beyond those listed under “Absolute Maximum Ratings” may cause permanent damage to the device. These are stress ratings only, and functional operation of the device at these
or any other conditions beyond those indicated in the operational sections of the specifications is not implied. Exposure to absolute maximum rating conditions for extended periods may affect
device reliability.

Package Thermal Characteristics (Note 1)

WLP TQFN
Junction-to-Ambient Thermal Resistance (8a) ......... 40°C/W Junction-to-Case Thermal Resistance (04c).....ccccoovene 1°C/W
Junction-to-Ambient Thermal Resistance (644) .......... 27°C/IW

Note 1: Package thermal resistances were obtained using the method described in JEDEC specification JESD51-7, using a four-layer
board. For detailed information on package thermal considerations, refer to www.maximintegrated.com/thermal-tutorial.

Electrical Characteristics

(Mavbp = VHPVDD = Vpvppio = 1.8V, Vpypp = 1.2V, Vspkyvpp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLouT = =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cg|as = Cmicaias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL =Av_aDCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_MIXGAIN
= 0dB, AV RCV ~— A\/ LOUT = A\/ HP ~= AV SPK = 0dB. fMCLK =12.288MHz, fLRCLK = 48kHz, MAS = 0, 20-bit source data. TA = TMIN
to Tpax Unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX UNITS
POWER SUPPLY
VspkvDD 2.8 3.7 5.5
G VavbDs VHPVDD 1.65 1.8 2
Supply Voltage Range Pg;rsr}tﬁgtde bg; Vpvop (WLP) 1.08 1.2 1.98 Vv
Vpvpp (TQFN) 1.08 1.2 1.65
VpvDDIO 1.65 1.8 3.6
Full-duplex 8kHz | Analog 1.94
mono, receiver | Speaker 0.73
output Digital 0.97
DAC playback | Analog 1.45 2
. 48kHz stereo,
Quiescent Supply Current (Note 4) VDD headphone Speaker 0 0.005 mA
outputs Digital 1.04 1.5
DAC playback | Analog 0.91
48kHz stereo, Speaker 2.18
speaker outputs Digital 105
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MAX98091

Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)
(Vavpp = VHPvDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vgpkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. RRgv = =, RLoUT =, RHp = =, Zgpk = . CrgF = 2.2uF, Cpjas = Cmicslas = TMF, Ccin-c1p = Ccpvpbp = Ccpyss = 1HF.
Av_MICPRE_ =Av_MICPGA_=Av_LINEPGA_= 0dB, Ay apcLvL =Av_ADCGAIN = 0dB, Ay pacLvL =Av_DACGAIN = 0dB, Ay MIXGAIN
=0dB, Ay rcv =Av LouT =Av Hp =Av spk = 0dB. ficLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tyqax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
REF Voltage 1.25 Vv
BIAS from resistive division (BIAS_MODE 0.90
= 0) .
BIAS Voltage Vv
BIAS from bandgap 078
(BIAS_MODE = 1) ’
Analog 1 10
Shutdown Supply Current (Note 4) Tp =+25°C Speaker 1 uA
Digital 2.1
Shutdown to Full Operation 10 ms
DIFFERENTIAL INPUT (ANALOG MICROPHONE) TO ADC RECORD PATH
fg = 48kHz, MODE = 1 (FIR audio), 97 dB
A-weighting filter applied
Dynamic Range (Note 5) DR
fg = 8kHz, MODE = 0 (lIR voice),
A-weighting filter applied 90 9% dB
Av_MICPRE = 20dB, ViN = 90mVRws, 82 75
f=1kHz,
Total Harmonic Distortion + Noise | THD+N | AV_MICPRE = 0dB, Vin = 900mVRus, -91 dB
Av_micpRE = 30dB, 73
VN = 28.5mVRps, f= 1kHz
Common-Mode Rejection Ratio CMRR f=217Hz, ViN_cm = 100mVp_p 59 dB
Vavpp = 1.65V to 2.0V, 57
input referred
I(Dl\cl)c\)/\tlzr:;?upply Rejection Ratio PSRR f=217Hz 60 dB
VRippLE = 100mVp.p, 27 60
input referred
f=10kHz 59
MODE =0
(voice) 8kHz 22
1kHz, 0dB input, :V'O,DE) TG?(H 11
. ' ; voice z
Path Phase Delay highpass filter disabled ms
measured from analog | MoODE = 1
input to digital output | (mgjc) gkHz 4.5
MODE =1 08
(music) 48kHz ’
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MAX98091

Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)
(Vavop = VHPvDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ =Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_mIxGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
Gain Error DC accuracy 1 %
DIFFERENTIAL (ANALOG MICROPHONE) PREAMP and PGA
Full-Scale Input Av_micpre = 0dB VRMS
PA_EN[1:0] = 01 0
Microphone Preamplifier Gain Av_micpre | (Note 6) PA_EN[1:0] = 10 19 20 21 dB
PA_EN[1:0] = 11 29 30 31.25
Microphone Level Adjust Gain PGAM_[4:0] = 0x00 19 20 21
PGAp ) Av_micpaa |(Note 6) — dB
(PGA) PGAM_[4:0] = 0x14 0
. All gain settings, measured at IN_
MIC Input Resistance RiN_MmiIC (measured single-ended) 28 50 kQ
MICROPHONE BIAS
ILoaDp = TmA, MBVSEL[1:0] = 00 2.1 22 2.29
ILoaD = TmA, MBVSEL[1:0] = 01 2.29 24 2.46
MICBIAS Output Voltage VMICBIAS Vv
ILoaDp = TmA, MBVSEL[1:0] = 10 2.46 2.57 2.69
ILoaD = TmA, MBVSEL[1:0] = 11 2.69 2.8 2.9
. ILoap = TMA to 2mA,
Load Regulation MBVSEL[1:0] = 00 +0.085 mV
Line Regulation ZSOF(’)KLVDD =2.8V10 5.5V, MBVSEL[1:0] +0.01 mV
f=217Hz 95
; - VRIPPLE (SPKLVDD) = _
Ripple Rejection 100mVp.p f=1kHz 97 dB
f=10kHz 85
) A-weighted, f = 20Hz to 20kHz 7.4 MVRMS
Noise Voltage
f=1kHz 52.3 nVAHz
SINGLE-ENDED (LINE) INPUT TO ADC PATH
Dynamic Range (Note 5) DR ZS(E&BEE;‘O;MCLK = 12.288MHz, MODE = 98 dB
Total Harmonic Distortion + Noise THD+N | V|Ny = 0.222VRps, f = 1kHz -85 -80 dB
SINGLE-ENDED (LINE) INPUT PGA
Full-Scale Input % 05 %
ull-Scale Inpu
P "™ [Av exteErRNAL = 6B, EXTBUF = 1 1 RMS
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MAX98091 Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)

(Vavop = VHPvDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ =Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_mIxGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
PGALIN = 0x0 18 20 21.5
PGALIN = 0x1 13 14 15
. ) ) PGALIN = 0x2 2 3 4
Line Input Level Adjust Gain (PGA) | Ay_LINEPGA | (Note 6) CGALIN = 03 1 0 > dB
PGALIN = 0x4 -4 -3 -2
PGALIN = 0x5, 0x6, 0x7 -7 -6 -5
Line Input Amplifier Gain Av_LINEAMP | Single-ended only 6 dB
Input Resistance RIN 14 20 kQ
Feedback Resistance RINFB |TA=125°C 19 20 21 kQ
DIGITAL LOOP-THROUGH: RECORD OUTPUT TO PLAYBACK INPUT PATH
Dynamic Range (Note 5) DR ‘;S(;I‘;f';'j;'o f)'V'CLK = 12.288MHz, MODE = 97 dB
Total Harmonic Distortion + Noise THD+N q‘g;egw;%fstﬁéizi f('\lg%_z:dio) -83 dB
DAC PLAYBACK PATH TO RECEIVER AMPLIFIER PATH
Dynamic Range (Note 5) DR fg = 48kHz, fycLk = 12.288MHz 100 dB
Total Harmonic Distortion + Noise THD+N fR;;(k:H:ZéZSUT = 20mW, -68 -58 dB
DIFFERENTIAL ANALOG INPUT TO RECEIVER AMPLIFIER PATH
Dynamic Range (Note 5) DR 90 96 dB
Total Harmonic Distortion + Noise THD+N -71 dB
VspkvpD = 2.8V to 5.5V 80
Power-Supply Rejection Ratio PSRR f=217Hz 4 dB
(Note 3) VRiPPLE = 100mVp.p  |f=1kHz 77
f = 10kHz 69
RECEIVER AMPLIFIER (Note 7) | |
RRrec = 32Q, f = 1kHz, THD < 1%, BIAS_ 97
MODE =0
Output Power PouTt mwW
RRrec = 32Q, f = 1kHz, THD < 1%, BIAS_ 74
MODE = 1
Full-Scale Output Ay RECPGA = 0dB (Note 8) 1 VRMS
Receiver Volume Control (PGA) Ay RecpPcA | (Notes 6 and 9) RCVLYOL = 0x00 63 l 595 dB
- RCVLVOL = 0x1F +7.2 +8 +8.75
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MAX98091 Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)

(VavoDp = VHPVDD = Vbvbpio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrcy = e, RLouT = °°, RHp = *, ZgpK = =. CrgF = 2.24F, Cpjas = Cmicslas = 1HF, Ccin-c1p = Cepvpp = Cepvss = TuF.
Av_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay pacLvL =Av_DACGAIN = 0dB, Ay_mixGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
+8dB to +6dB 0.5
+6dB to +0dB 1
Volume Control Step Size 0dB to -14dB 2 dB
-14dB to -38dB 3
-38dB to -62dB 4
Mute Attenuation f=1kHz 85 97 dB
Output Offset Voltage Vos Ay Rec =-62dB, Tp = +25°C +3 mV
Peak voltage,
A-weighted, Into shutdown -67
Click-and-Pop Level Kcp 32 samples dBV
per second, Out of shutdown -68
Ay Rec =0dB
Capacitive Drive Capability glsocﬁll; Zts:;ed Et ; i2Q ?82 pF
DAC PLAYBACK PATH TO LINEOUT AMPLIFIER PATH
Dynamic Range (Note 5) DR fg = 48kHz, fycLk = 12.288MHz 100 dB
Total Harmonic Distortion + Noise THD+N ];()zfj\‘/(:,\jsiLuotpl)JJt |=e\1/2|l§g -86 -70 dB
SINGLE-ENDED ANALOG INPUT TO LINE OUT AMPLIFIER PATH
Dynamic Range (Note 5) DR 98 dB
Total Harmonic Distortion + Noise THD+N :;;\‘;:;Sibct’gl} |=e\1/2|l;g -86 dB
VspkvDD = 2.8V to 5.5V 74
Power-Supply Rejection Ratio PSRR f=217Hz 74 dB
(Note 3) VRIPPLE = 100mVp_p |f=1kHz 74
f = 10kHz 73
LINE OUT AMPLIFIER (Note 7)
Full-Scale Output (Note 8) 0.707 VRMS
Line Output Amplifier Gain Av_LOUTAMP -3 dB
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MAX98091

Electrical Characteristics (continued)
(Vavop = VHPvDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ =Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_mIxGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

Ultra-Low Power Stereo Audio Codec

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
Line Output Volume RCV_VOL = 0x00 -63 -61 -59.5
A Notes 6 and 9 dB
Control (PGA) v_Loutpea( )[RV VoL = oxiF 472 +8  +8.75
8dB to 6dB 0.5
6dB to 0dB 1
Volume Control Step Size 0dB to -14dB 2 dB
-14dB to -38dB 3
-38dB to -62dB 4
Mute Attenuation f=1kHz 85 97 dB
i R =1kQ 500
Capacitive Drive Capability No ﬁlu?talned LOUT pF
oscillations RLOUT = * 100
DAC PLAYBACK PATH TO SPEAKER AMPLIFIER PATH
Dynamic Range (Note 5) DR 91 dB
. . . f = 1kHz, PoyTt = 200mW, Zgpk = 8Q + )
Total Harmonic Distortion + Noise THD+N 68uH, fycL = 12.288MHz 70 dB
SPKL to SPKR and SPKR to SPKL,
Crosstalk PouT = 640mW, = 1kHz -104 dB
Output Noise 27 HVRMS
DIFFERENTIAL ANALOG INPUT TO SPEAKER AMPLIFIER PATH
Dynamic Range (Note 5) DR Output referenced to 2VRrps 91 dB
. . . f=1kHz, PoyT = 200mW, )
Total Harmonic Distortion + Noise THD+N Zspi = 80 + 68uH 70 dB
Output Noise 28 MVRMS
VspkyvDD= 2.8V to 5.5V 80
2 iecti i f=217Hz 68
Power-Supply Rejection Ratio PSRR dB
(NOte 3) VRlPPLE = 100mVp_p f=1kHz 67
f=10kHz 61
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MAX98091 Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)

(Vavop = VHPvDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ =Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_mIxGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN

to Tmax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER | SYMBOL CONDITIONS MIN TYP MAX | UNITS
SPEAKER AMPLIFIER (Note 7)
VspkvpD = 5.0V 1450
f= 1kHz, THD+N | /SPKvDD =42V 1000
=1%, Zgpk = 8Q |VspkvpD = 3.7V 780
+ 68uH v _
SPKVDD = 3.3V 600
V =3.0V 500
Output Power PouTt SPKVDD mwW
VspkvpD = 5.0V 1800
f= 1kHz, THD+N | YSPKVDD =42V 1250
=10%, Zspk = 8Q| VspkvpD = 3.7V 970
+ 68uH VspKVDD = 3.3V 760
VspkvpD = 3.0V 620
VspkvpD = 5.0V 2600
f= 1kHz, THD+N | /SPKVDD = 4.2V 1800
=1%, Zgpk =4Q |VspkvpD = 3.7V 1400
+ 33uH VspKvDD = 3.3V 1100
V =3.0vV 900
Output Power PouT SPKVDD mwW
VspkvpD = 5.0V 3250
f= 1kHz, THD+N | YSPKVDD =42V 2250
=10%, Zspk = 4Q|VspkvpD = 3.7V 1700
+ 33pH VspKvDD = 3.3V 1350
VspkvpD = 3.0V 1100
Full-Scale Output Av_spk = +6dB (Note 8) 2 VRMS
Speaker Output Amplifier Gain Av_SPKAMP +6 dB
SPVOLL/
Speaker Volume Control (PGA) | A (Notes 6 and 9) SPVOLR = 0x00 Bl o dB
peaker Volume Contro otes 6 an
V_SPKPGA SPVOLL/ 3 i 5
SPVOLR = 0x1F
14dB to 9dB 0.5
+9dB to -6dB 1
Volume Control Step Size -6dB to -14dB 2 dB
-14dB to -32dB 3
-32dB to -48dB 4
Mute Attenuation f=1kHz 76 84 dB
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MAX98091

Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)
(Vavop = VHPvDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ =Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_mIxGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX |UNITS
Output Offset Voltage Vos Ay SpPKpPGA = -62dB, Tp = +25°C +0.5 +4 mV
Peak voltage,
A-weighted, Into shutdown -65
Click-and-Pop Level Kcp 32 samples dBV
per second, Out of shutdown -65
Av_spk = 0dB
DAC PLAYBACK PATH TO HEADPHONE AMPLIFIER PATH
fg = 48kHz, Master or slave 102
Dynamic Range (Note 5) DR fMCLK = mode dB
12.288MHz Slave mode 94
f=1kHz, PoyT = Ryp = 16Q -86 =77
Total Harmonic Distortion + Noise THD+N | 10mW Ryp = 32Q -88 dB
f=1kHz, VoyTt = 1VRMS, RHp = 10kQ -88
f=1kHz, V| = -1dBFS, Ryp = 10kQ -105 dB
Crosstalk HPL to HPR and HPR to HPL, 104 dB
PouTt = 5mW, f = 1kHz, Ryp = 32Q
VavpD = VHPvDD = 1.65V to 2.0V 80
Power-Supply Rejection Ratio f=217Hz 79
s PSRR | VgippLE = 100mVp.p, [(Z g - dB
Ay pp = 0dB
- f=10kHz 74
MODE = 0 (voice)
8kHz 22
1kHz, 0dB input, '1\/'6?(35 = 0 (voice) 11
. . . Z
DAC Path Phase Delay highpass filter dls_apled ms
measured from dlgltal MODE =1 (mUSiC)
input to analog output | g1, 4.5
MODE = 1 (music)
48kHz 0.76
Gain Error 1 5 %
Channel Gain Mismatch 1 %
SINGLE-ENDED ANALOG INPUT TO HEADPHONE AMPLIFIER PATH
Dynamic Range (Note 5) Av_LINE = 0dB Ay Hppga =0dB 101 dB
Total Harmonic Distortion + Noise THD+N | V|N =250mVRps, f =1kHz -80 dB
HPL to HPR and HPR to HPL,
Crosstalk PouT = 5mW, f = 1kHz, Ryp = 320 -94 dB
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MAX98091

Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)
(Vavop = VHPvDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ =Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_mIxGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
VavbpDp = VHpvDD = 1.65V to 2.0V 60
Power-Supply Rejection Ratio f=217Hz 61
(Note 3) PSRR  |VRippLE = 100mVpp, 7 61 9
Av_TOTAL = 0dB
f = 10kHz 60
HEADPHONE AMPLIFIER (Note 7)
Ryp = 16Q 20 40
Output Power PouT f=1kHz, THD = 1% mwW
Rpyp = 32Q 30
Ryp = 16Q, Poyt = 10mW, f = 1kHz -88 =77
Total Harmonic Distortion + Noise THD+N Ryp = 10k, VouT = 1VRMS: 88 dB
f=1kHz
Full-Scale Output Aynp = 0dB (Note 8) 1 VRMS
Headoh Vol Control (PGA) | A HPVOL_ = 0x00 -68 -67 -65 4B
eadphone Volume Contro
P V-HPPGA ThpvoL_ = ox1F 225 3 35
+3dB to +1dB 0.5
+1dB to -5dB 1
Volume Control Step Size -5dB to -19dB 2 dB
-19dB to -43dB 3
-43dB to -67dB 4
Mute Attenuation f=1kHz 110 dB
Tp =+25°C +0.5 +1
Output Offset Voltage Vos AV_HP =-67dB mV
Ta =TwmiN to Tmax +3
i Ryp =320 500
Capacitive Drive Capability No ﬁlui.tamed HP pF
oscillations Ryp = = 100
Peak voltage,
A?vseig\;/ﬁt:c?e Into shutdown -73
Click-and-Pop Level Kep 32 samples dBV
per second, t of shut 7
Ay np = -67dB Out of shutdown 3
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MAX98091

Ultra-Low Power Stereo Audio Codec

Electrical Characteristics (continued)
(Vavop = VHPvDD = Vbvopio = 1.8V, Vpypp = 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ =Av_MIcPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_mIxGAIN
=0dB, Ay rcv =Av LouT =Av HP =Av spk = 0dB. fycLk = 12.288MHz, f roLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Note 2)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
JACK DETECTION
MICBIAS enabled 0.80x  0.95x  0.98x
) VmicBlas VMICBIAS VMICBIAS
JACKSNS High Threshold VTH_HIGH Vv
MICBIAS disabled 080x ~ 0.95x  0.98x
VspkvbD VspkvbD VsPkvDD
MICBIAS enabled 0.06x  0.10x  0.17x
VMicBIAS VMICBIAS VMICBIAS
JACKSNS Low Threshold VTH_Low \%
MICBIAS disabled 0.06x = 0.10x  0.17x
VspkvbD VspkvbD VsPkvDD
JACKSNS Sense Voltage Vsense | MICBIAS disabled VspKkvDD Vv
JACKSNS Strong Pullup Rspu | MICBIAS disabled, JDWK = 0 1.9 2.4 2.7 kQ
Resistance
JACKSNS Weak Pullup Current lwpu MICBIAS disabled, JDWK = 1 5 12 MA
, , JDEB = 00 25
JACKSNS Glitch Debounce Period |  tgLITCH ms
JDEB =11 200
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MAX98091 Ultra-Low Power Stereo Audio Codec

Digital Filter Specifications

(VAVDD = VHPVDD = VDVDDIO =1.8V, VDVDD= 1.2V, VSPKVDD = 3.7V. Receiver load (RRCV) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line Output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT = °°, RHp = =, Zgpk = «. CReF = 2.24F, Cgjas = Cmicsias = 1HF, Ccin-c1p = Ccpvpp = Ccpyss = 1HF.
Av_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_ADCGAIN = 0dB, Ay_pacLvL = Av_DACGAIN = 0dB, Ay_MIXGAIN
=0dB, Ay rcv =Av LouT =Av Hp =Av spk = 0dB. fycLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Tp = TN
to Tyqax unless otherwise noted. Typical values are at Tp = +25°C.) (Notes 2, 10)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
RECORD PATH LEVEL CONTROL
Record Level Adjust Range Av_apcLvL | AVL/AVR = OxF to 0x0 (Note 6) -12 +3 dB
Record Level Adjust Step Size 1 dB
Record Gain Adjust Range Av_ADCGAIN | AVLG/AVRG = 0x0 to 0x3 (Note 6) 0 42 dB
Record Gain Adjust Step Size 6 dB
RECORD PATH VOICE MODE IIR LOWPASS FILTER (MODE = 0)
Ripple limit cutoff o)'ﬁ::‘
Passband Cutoff fPLp Hz
-3dB cutoff O)'(4ég
Passband Ripple f<fpLp -0.1 0.1 dB
Stopband Cutoff fsLp ?(?87 Hz
Stopband Attenuation f>fg p 74 dB
RECORD PATH STEREO MUSIC MODE FIR LOWPASS FILTER (MODE = 1, DHF = 0, f_ rcLK < 48kHz)
Ripple limit cutoff ?(?s
Passband Cutoff fpLp -3dB cutoff ?(Lff Hz
-6.02dB cutoff sz
Passband Ripple f<fpLp -0.1 +0.1 dB
Stopband Cutoff fsLp (3(?88 Hz
Stopband Attenuation f<fgLp 60 dB
RECORD PATH STEREO MUSIC MODE FIR LOWPASS FILTER (MODE = 1, DHF = 1, f rcLk > 48kHz)
Ripple limit cutoff 0).(2f(;8
Passband Cutoff fPLp Hz
-3dB cutoff ?(?s
Passband Ripple f<fpLp -0.1 +0.1 dB
Stopband Cutoff fsLp ?(?55 Hz
Stopband Attenuation f<fgLp 60 dB
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MAX98091

Ultra-Low Power Stereo Audio Codec

Digital Filter Specifications (continued)
(Vavop = VHPVDD = Vbvbpio = 1.8V, Vpypp= 1.2V, Vgpkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line Output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ =Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_aADcGAIN = 0dB, Ay _pacLvL =Av_DACGAIN = 0dB, Ay_mixGAIN
=0dB, Ay rcv =Av LouT =Av HP = Ay spk = 0dB. fycLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN

to Tmax unless otherwise noted. Typical values are at Tp = +25°C.) (Notes 2, 10)

Size

PARAMETER | symBoL | CONDITIONS | MIN  TYP MAX | UNITS
RECORD PATH DC-BLOCKING HIGHPASS FILTER
DC Attenuation | Ay apcHprF | AHPF =1 90 dB
RECORD PATH PROGRAMMALE BIQUAD FILTER
Preattenuator Gain Range -15 0 dB
Preattenuator Step Size 1 dB
Highpass filter 0.0008
X fS
High-frequency shelving filter 0.02
X fS
Cutoff Frequency Lowpass filter 0)'(();;2 Hz
Low-frequency shelving filter 0.0008
x fg
Peak filter 0.0008
x fg
Quality Factor Q Peak filter 10
DIGITAL SIDETONE: RECORD PATH TO PLAYBACK PATH (MODE = 0)
Sidetone Level Adjust Range Ay sTvL | DVST = 0x1F to 0x01 -60.5 -0.5 dB
Sidetone Level Adjust Step Side 2 dB
= R i fs = 8kHz 1.8
Sidetone Path Phase Delay fIN 1kHZ.’ ful s.cale amplitude, | ms
highpass filter disabled fg = 16kHz 0.9
PLAYBACK PATH LEVEL CONTROL
Playback Path Attenuation Av DACLVL | DV = OXF to 0x0 (Note 6) 15 0 dB
Range -
Playback Path Attenuation Step
. 1 dB
Size
Playback Path Gain Adjust Ay DACGAIN | DVG = 00 to 11 (Note 6) 0 18 dB
Range -
Playback Path Gain Adjust Step 6 dB
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MAX98091 Ultra-Low Power Stereo Audio Codec

Digital Filter Specifications (continued)

(Mavpbp = VHPvDD = Vpvbpio = 1.8V, Vpypp= 1.2V, Vspkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line Output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = =, RLouT = =2, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ = Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL =Av_aDcGAIN = 0dB, Ay_pacLvL =Av_DACGAIN = 0dB, Ay_MIXGAIN
= 0dB, AV RCV ~ A\/ LOUT = A\/ HP ~= AV SPK = 0dB. fMCLK =12.288MHz, fLRCLK = 48kHz, MAS = 0, 20-bit source data. TA = TMIN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Notes 2, 10)

PARAMETER SYMBOL | CONDITIONS MIN TYP MAX | UNITS
PLAYBACK PATH VOICE MODE IIR LOWPASS FILTER (MODE = 0)
Ripple limit cutoff 0).:‘}48
Passband Cutoff fpLp o 4:1 Hz
-3dB cutoff :
X fS
Passband Ripple f<fpLp -0.1 +0.1 dB
0.476
Stopband Cutoff faLp X s Hz
Stopband Attenuation (Note 11) f>fg p 75 dB
PLAYBACK PATH STEREO MUSIC MODE FIR LOWPASS FILTER (MODE = 1, DHF = 0, f_ rcLk < 48kHz)
Ripple limit cutoff 0.43
x fg
0.47
Passband Cutoff fPLP -3dB cutoff X fs Hz
-6.02dB cutoff 0-5
x fg
Passband Ripple f<fpLp -0.1 +0.1 dB
0.58
Stopband Cutoff fsLp X fs Hz
Stopband Attenuation (Note 11) f>fgLp 60 dB
PLAYBACK PATH STEREO MUSIC MODE FIR LOWPASS FILTER (MODE1 = 1, DHF =1 for f rcLk > 48kHz)
fpLp Ripple limit cutoff 3?4
Passband Cutoff 0 381 Hz
-3dB cutoff '
x fg
Passband Ripple f<fpLp -0.1 +0.1 dB
0.477
Stopband Cutoff fsLp X fs Hz
Stopband Attenuation (Note 11) f<fgLp 60 dB
PLAYBACK PATH DC-BLOCKING HIGHPASS FILTER
DC Attenuation | DHPF = 1 89 dB
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MAX98091 Ultra-Low Power Stereo Audio Codec

Digital Filter Specifications (continued)

(Vavop = VHPVDD = Vbvbpio = 1.8V, Vpypp= 1.2V, Vgpkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line Output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgv = =, RLouT =, RHp = =, Zgpk = «. CRgF = 2.2uF, Cpjas = Cmicslas = 1MF, Ccin-c1p = Ccpvpp = Ccpyss = 1HF.
Av_MICPRE_ =Av_MICPGA_ =Av_LINEPGA_= 0dB, Ay_apcLvL = Av_aADCGAIN = 0dB, Ay _pacLvL =Av_DACGAIN = 0dB, Ay_mixGAIN
=0dB, Ay rcv =Av LouT =Av Hp = Ay spk = 0dB. fycLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Notes 2, 10)

PARAMETER SYMBOL CONDITIONS MIN TYP MAX | UNITS
PLAYBACK PATH DYNAMIC RANGE CONTROL
Gain Range 0 12 dB
Compression Threshold -31 0 dBFS
Expansion Threshold -66 -35 dBFS
Attack Time 0.0005 0.2 S
Release Time 0.0625 8 S
PLAYBACK PATH PARAMETRIC EQUALIZER
Number of Bands 7 Bands
Per Band Gain Range -12 +12 dB
Preattenuator Gain Range -15 0 dB
Preattenuator Step Size 1 dB
Highpass filter 0.0008
X fS
High-frequency shelving filter 0.02
X fs
Cutoff Frequency Lowpass filter 0).(0f(;2 Hz
Low-frequency shelving filter 0.0008
X fS
Peak filter 0.0008
x fg
Quality Factor Q Peak filter 10
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MAX98091

Ultra-Low Power Stereo Audio Codec

Digital Input/Output Characteristics
(Vavop = VHPVDD = Vbvbpio = 1.8V, Vpypp= 1.2V, Vgpkypp = 3.7V. Receiver load (Rrcy) connected between RCVP/LOUTL
and RCVN/LOUTR (LINMOD = 0). Line Output loads (R_oyT) connected between from RCVP/LOUTL and RCVN/LOUTR to GND
(LINMOD = 1). Headphone loads (Ryp) connected from HPL or HPR to GND. Speaker loads (Zgpk) connected between SPK_P and
SPK_N. Rrgy = e, RLoUT =, Ryp = =, Zgpk = «. CReF = 2.2uF, Cgjas = Cmicsias = 1uF, Ccin-c1p = Ccpvpp = Cepyss = 1HF.
Av_MICPRE_ =Av_MICPGA_ = Av_LINEPGA_= 0dB, Ay_apcLvL = Av_aADcGAIN = 0dB, Ay _pacLvL =Av_DACGAIN = 0dB, Ay_mixGAIN
=0dB, Ay rcv =Av LouT =Av HP = Ay spk = 0dB. fycLk = 12.288MHz, f rcLk = 48kHz, MAS = 0, 20-bit source data. Ta = TN
to Tpax unless otherwise noted. Typical values are at Tp = +25°C.) (Notes 2, 10)

PARAMETER SYMBOL CONDITIONS | MIN TYP MAX | UNITS

MCLK

Input High Voltage ViH 1.26 \%

Input Low Voltage VL 0.6 \%

Input Leakage Current ligs VpvppIo = 2.0V, Ta = +25°C -1 +1 MA

Input Capacitance 10 pF

SDIN, BCLK, LRCLK (Input)

Input High Voltage ViH 0.7x V

VbvDDIO

Input Low Voltage VL 0.3x \Y
VbvDDIO

Input Hysteresis 100 mV

Input Leakage Current ligs Vpvppio = 3.6V, Ta = +25°C -1 +1 MA

Input Capacitance 10 pF

BCLK, LRCLK, SDOUT (Output)

Output High Voltage VoH lon = 3mA VD_VODE'O Vv

Output Low Voltage VoL loL =3mA 0.4 \

VpvpDIo = 2.0V, Ta = +25°C, _

Input Leakage Current ligs high-impedance state 1 +1 MA

SDA, SCL (Input)

Input High Voltage Vi 0.7x \%

VbvDDIO

Input Low Voltage VL 0.3x \Y
VbvDDIO

Input Hysteresis 100 mV

Input Leakage Current ligs Vpvppio = 2.0V, Ta = +25°C -1 +1 MA

Input Capacitance 10 pF

SDA, IRQ (Output)

Output Low Voltage V V| =1.65V, lpq = 3mA 0.2x \%

oL DVDDIO . » IOH VDVDDIO
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