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1. GENERAL DESCRIPTION

The I1SD61S00 is a feature chip for the security and telephony industry. The device incorporates audio
storage with a powerful macro scripting ability to facilitate audic prompting in a multi-language
environment and simple address-free recording and playback. It utilizes external senal flash memory for
audio data storage. In addition, the device includes circuitry to perform telephony based data
communications Including DTMF detection and generation, FSK modem functions from 75-1200 baud,
CAS and CPT (Call Pregress Tone) detection and ring detection. The audio path of the device is
designed to interface to both the alr side and line side of a PSTN system. The air side includes a flexible
microphone interface incorporating a bias generator and gain control and a differential analog output for
driving a speaker or power amplifier. The line side incorporates a line driver to drive PSTN loads and two
variable gain differential inputs, The audio path includes full and half-duplex acoustic and line echo
cancellation to implement full and haif-duplex speakerphone functions. The digital audio Interface can be
configured to I°S or PCM mode for digital serial audio communication, Conirol, monitering and device
programming is perfomed via a SPI interface. The device package is LOFP-48L.

2. FEATURES

* External Memory:
o The ISD61S00 supports the following flash:

Manufacturer Winbond _ Numonyx N MXIC
Family _ 25X _25Q 25P 25PX 25PE 25L / 25V
JEDEC ID EF301X | EF401X | 20201X | 20711X | 20801X | C2201X

o The addressing ability of ISD61S00 is up to 128Mbit, which is 64-minute record/playback
time based on 8kHz/4bit ADPCM.
« Fast pre-recording: Recording is limited by the write rate of the attached external flash.
« Operaling voltage: 2.7-3.6V.
= Sampling frequency: Recording and playback sampling frequencies of 4, 5.3, 6.4, 8, 106, 12.8
and 16 kHz
« Compression algonthm:
For record and playback:
ADPCM compression at 2, 3, 4 or 5 bits per sample.
p-Law companding at 6, 7 or 8 bits per sample.
Differential p-Law encoding at 6, 7 or B bits per sample.
o PCMencoding at 8, 10 or 12 bits per sampie.
» For pre-recorded audio playback (Voice prompts | additionally:
o Enhanced ADPCM compression at 2, 3, 4 or 5 bits per sample.
o Multi-Bit rate optimized compression, This allows best possible compression given a
metric of SNR and background noise levels.
« Message Management:
o Simple address free real-time recording.
o Flexible Voice Prompt message management and Voice Macro scripting for pre-recorded
messages.
« External serial fiash memory Interface. Support up to 128Mbit for audio and digital data storage,
eguivalent to 64 minutes based on 8khz 4bit ADPCM,
« Digital access to flash memory: Memory can be reserved on a 4Kbyte sector basis for use as

Q

Q0
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conventional digital memory by hest.
+ Telephony/Modem/Data Features at 8KHz CODEC sampling rate:

Q0

o

Q09O D

[m]

DTMF encoder with 20 digit dial string buffer.

DTMF detector.

FSK generation at 75/110/150/300/1200 baud for Bell 103, Bell 202, V.21 or V.23 modem
standards. Transmit FIFO to reduce host interaction.

FSK detector at 75/110/150/300/1200 baud for Bell 103, Bell 202, V.21 or V.23 modem
standards with receive FIFO.

Ring Detector.

Call Progress Tone (CPT) detector for detecting dial tones, busy tones etc.

CAS detector for caller ID type |, type Il implementation.

Arbitrary dual tone generator.

Arbitrary tone detector.

. Acousuc Echo Canceflation (AEC), Line Echo Cancellation (LEC) and Automatic Gain Control
(AGC) for on-chip speakerphone support.

e« Upto 17 GPIO pins accessible through the SPI interface.

e Audio Input:

o
O

TI1 and TI2: Differential Analog inputs for PSTN interface (on-hock and off-hook).
MIC+/-: Analog Interface 1o microphone.

* Audio Qutput

O
o
« |O:

~
o

o

PO: Differential Analog output for PSTN interface.
SPK: Differential output buffer for speaker driver,

SPI interface. MISO, MOSI, SCLK, SS for commands and digital audio data.
INT and R/B signal for signaling and flow control,

+ Package: Green LQFP-48L
e Temperature: -40°C to 85°C
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3. PIN CONFIGURATION

o
g 43
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Figure 3-1 ISDB1S00 48-Lead LOFP Pin Configuration
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4. PIN DESCRIPTION

Pin : g

Number Pin Name o L‘uncton Drive

1 RESET I Raising this pin to VCC will reset the chip. N/A
Active low interrupt request pin, This pin has an|

2 INTE (o} bpen drain output 4/8mA

5 GPIO<14>/RDET Vo %eggra)l Purpose IO Pin or the Ring Detect input] A8mA

4 VSSD G Digital Ground. N/A

5 XTALOUT (9] ICrystal Interface output pin, N/A
Crystal interface input pin. It can also be used to

6 XTALIN ' provide an external clock to the device. N/A
This pin has a nominal 1.8V output to supply th

7 VODL (@] Internal logic. A 2.2nF capacitor should b N/A
connected to this pin,

8 VCCD P Digital power supply pin N/A

9 VSSD G Digital Ground. N/A

10 GPIO<13=/RDET 1o General Purpose 10 Pin, 4/8mA
Flash interface data out. Alternatively General

1 DOIGPIO=0> Vo Purpose 10 Pin. 4/8mA

12 CLK/GPIO<1> Mo el wesitacs. cock. ARNmativaly Saneral Pumost aama

13 CSB 0 Flash interface chip select bar 4/8mA

14 DI | Flash interface data in. 4/8mA

15 GPIO<4>/SDO Vo ;zdear:le Purpose IO Pin. Serial Data Qut for the 125 8/118mA

16 GPIO<5>/WS vor B e ybowe 10 Fin. Word Selact (WS) outpt?  artema

17 GPIO<6>/SCK yos: ounecal Puross 0 On. Benal Codompit e - g

v iGeneral Purpose IO Pin. Serial Data Input (SDI)

18 GPIO=<7=/SDI 1o fnput pin for the 25 Interface. 816mA

19 GPIO<8>/SDO1 vo* e‘t:;allZFSmintmeﬂa £ Pin. Secondary Serial Data Out] 4/18mA

20 GPIO<9>SDI1 o

eneral Purpose 10 Pin. Secondary Serial Dat1 4/8mA

nput (SDI) input pin for the 125 Interface.
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21 GPIO<10=> vo* General Purpose 10 Pin. 4/8mA
22 GPIO<11> Vo* ((l;ReSErTa}I Purpese IO Pin or the Ring Detect inputi 4/8mA
23 GPIO<12> 1o* General Purpose 10 Pin. 4/8mA
24 AUXOUT (o} Auxiliary output from PSTN or SPEAKER DAC. N/A
25 VSSA G Analog Ground Pin N/A
26 SPKN (o] [Negative speaker driver output N/A
27 PO- 0 [Negative line driver output N/A
28 VCCA P Analog Power Pin N/A
29 PO+ 0 Positive line driver output N/A
30 SPKP (0] Positive speaker driver output N/A
31 VSSA G Analog Ground Pin N/A
Analog ground pin for MIC. This pin shoulm
32 MCGND I connected to a quiet VSSA and used as the r N/A
[for microphones connected to MCP,
33 MCO IO  MIC feedback signal N/A
34 MCP | Positive MIC signal input. N/A
\Voltage reference, a 100nF capacitor should bel
% veg o connected to this pin, WA
\Voltage reference, a 4.7uF capacitor should be
36 VMID 1o connected 1o this pin. N/A
37 T™HP | PSTN Line 21 positive input N/A
38 TN | PSTN Line #1 negative input N/A
38 TizP 1 PSTN Line #2 positive input N/A
40 TI2N | IPSTN Line #2 negative input N/A
. General Purpose IO Pin. Can be configured as Ring
a1 GPI0<15>/RDET Vo Detect (RDET) input 4/8mA
. General Purpose IO Pin. Can be configured as Ring!
42 GPIO<16>/RDET o Detect (RDET) input. 4/8mA
ISP slave serial data output from the ISDE1S00 to
2 Migo O Lhe host. This pin is tri-stated when SSB=1. 4/BmA
44 SCLK I ﬁl;lt serial Clock input to the ISD61S00 from the N/A
45 SSB I Slave select input to the ISD61S00 from the host NIA
46 MOSI | Pl slave serial data input to the ISD61S00 from 'heI 4/8mA
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This pin is at VCCD when the chip is ready
47 RDY/BSYB (o] jaccept a new command/data and is at VSSD whe 4/8mA
device is busy.
43 NC

* Default state for digital /'O pins is input with internal pull-up [38Kohms to 83Kohms] to VCCD supply

--35.-
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5. BLOCK DIAGRAM

Figure 5-1 1SD61500 Block Diagram
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6. CONFIGURATION REGISTER MAP

6.1 Configuration Register Groups

ISD61S00 DESIGN GUIDE
E—

Size (Byte)

Data memory address Function
Usage ALL

0x000 ~ Ox0FF 256 Device Control Registers

0x110 ~ Ox13F 32 Gain stage and Mixer Control Registers

0x140 ~ Ox14F 16 Air CODEC Control

0x150 ~ Ox15F 16 Line CODEC Control

0x160 ~ Ox17F 32 FSK Encoder Control

0x180 ~ Ox19F 32 FSK Decoder Confrol

Ox1AD ~ Dx1AF 16 Ringer Tone(PWM) Control Registers

0x1B0 ~ Ox1BF 16 Ring Detection PPM Control

0x1CO ~ Ox1DF 32 DTMF and Tone Generation

Ox1EQ ~ OX1EF 16 DTMF Detection Control

0x1F0 ~ Ox1FF 16 Voice Energy Detection Control

0x200 ~ Ox27F 128 CAS Detection Control

0x280 ~ Ox28F 16 CPT Detector Control

0x290 ~ Dx28F 16 Timer Control

0x300 ~ Ox3FF 256 AEC/LEC Control

6.2 Register Map

Value
Addr. Name Mode | At | Function
Reset

0x000 | AUD RW | 0x64 | Compression & SR ctrl 8.2.1
0x001 | REG1 RW | 0x00 | Compression Control 8.2.2
0x002 | REG2 RW 0x00 Compression Scurce 823
0x003 REG3 RW ox03 Clock Centrol 824
0x004 | TI_GAIN RW | 0x00 | Input Amplifiec Gain 8.8.1
0x008 | TLCTRL RW 0x00 Input Amplifier Control 882
0x006 | MIC_CTRL RW | Ox00 MIC Interface Control 814

Publication Releaze Date: Maveh 10, 2011
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Value
Addr. Name Mode | At | Function
Reset
0x007 | MIC_BIAS RW | OxD0 MIC Interface Bias 8.7.2
0x008 | ANA_OUT RW | Ox00 Analog Qutput Control 891
0x008 | ANA_CTRL RW | Ox10 Analog Control 882
0x00A | ID_OVR RW | Ox00 Memory Control
0x008 | PORT_CFG RW | Ox00 GPIO INT Ctrl 851
0x00C | PORTA_IE RW | Ox00 Port A INT Enabile 852
0x000 | PORTB_IE RW | Ox00 Port B INT Enable 852
0x00E | PORTC_IE RW | 0x00 Port C INT Enable 852
0x00F | DPLL Contrel RW | 0x00 Digital PLL Centrol 852
0x014 | IED RW | OxFF INT Enable 0 8.5.3
0x015 | IE1 RW | OxFF INT Enable 1 8.54
0x017 | UPDATE_MD RW | 0x01 Update Ctrl 8.25
0x018 | CHK_SUM_CTRL RW | OxD1 Check sum controt
0x018 | PORTA_DO RW | 0x00 Port A Dout 855
0x01A | PORTA_OE RW | 0x00 Port A Qutput Enable 856
0x018 | PORTA_PE RW | OxFF Port A Pull Enable 857
0x01C | PORTA_DI R NA Port A Din 858
0x01D | PORTA_PS RW OxFF Port A pull Select 859
Ox01E | PORTA_DS RW | 0x0D Port A Drive Strength 8.5.10
0x01F | PORTA_AF RW | 0x03 Port A Alternate Function 8.5.11
0x020 | RO_LSB RW | 0x00 Indirect reg RO LS8 8.6
0x021 | RO RW | Ox00 Indirect reg RO 8.6
0x022 | R1_LSB RW | 0x00 Indirect reg R1LSB 8.6
0x023 | R1 RW | Ox00 Indirect reg R1 8.6
0x024 | R2_LSB RW | 0x00 Indirect reg R2 LSB 8.6
ox025 |R2 RW | Ox00 Indirect reg R2 B.6
Ox026 | R3_LSE RW | OxD0 Indirect reg R3 LSB 86
0x027 | R3 RW | Ox00 Indirect reg R3 8.6
0x028 | R4_LSE RW | OxD0 Indirect reg R4 LSB B8
0x029 | R4 RW | Ox00 Indirect reg R4 X
0x02A | R5_LSE RW | 0x00 Indirect reg RS LS8 B8
0x028 | RS RW | Ox00 Indirect reg RS X}
0x02C | R6_LSE RW | 0x00 Indirect reg R6 LS8 B8
0x020 | R6 RW | Ox00 Indwrect reg R6 B8
Publication Releaze Date: Mayeh 10, 2011
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Addr. Name Mode | At | Function
Reset
Ox02€ | R7_LSB RW | OxD0 Indirect reg R7 LSB 8.8
0x02F | RY RW | Ox00 Indirect reg RY 6
0x030 | PORTB_DO RW | Ox00 Port B Dout 8.5
0x031 | PORTB_OE RW | Ox00 Port B Output Enable 8.5
0x032 | PORTB_PE RW | OxFF Port B Pull Enable a5
0x033 | PORTB_DI R NA Port B Din a5
0x034 | PORTB_PS RW | OxFF Port B pull Select a5
0x035 | PORTB_DS RW | 0x00 Port B Drive Strength a5
0x0368 | PORTB_AF RW | Ox00 Port B Alternate Function 8.5.11
0x037 | PORTC_DO RW | 0x00 Port C Dout 8.5
0x038 | PORTC_CE RW | 0x00 Port C Output Enable 8.5
0x038 | PORTC_PE RW | OxFF Port C Pull Enable 8.5
0x03A | PORTC_DI R NA Port C Din 8.5
0x038 | PORTC_PS RW | OxFF Port C pull Select 8.5
0x03C | PORTC_DS RW | 0x00 Port C Drive Strength 8.5
0x03D | PORTC_AF RW | OxFC Port C Alternate Function 85
0x040 | PLL_CLK RW | 0x20 PLL Clock Contrel 8.3.2
0x041 PLL_K2 RW 0x0D PLL Fraction MSB 833
0x042 | PLL_K1 RW | 0x0D PLL Fraction byte 1 8.3.3
0x043 | PLL_KO RW | 0x0D PLL Fraction LS8 833
0x044 | PLL_CTRL RW | Ox88 PLL Control Register 34
0x05¢ | PCM_CFG RW 0x00 PCM Configuration 841
0x051 | PCM_TSLOTL RW | 0x01 Left Channel PCM MSB start 842
0x052 | PCM_TSLOTR RW | Ox11 Right Channel PCM MSE start 843
0x053 | PCM_COMPO RW | Ox00 PCMO Compression 844
0x054 | PCM_TSLOTL1 RW | 0x01 Left Channel PCM1 MSE start 845
0x065 | PCM_TSLOTR! RW | Ox11 Right Channel PCM1 MSE start 846
0x056 | PCM_COMP1 RW | Ox00 PCM1 Compression 847
0x057 | PCM_TX_SEL RW | Ox00 PCM Transmission Select B.48
0x058 | PCM_RX_SEL RW | Ox00 PCM Receive Seiect 8.4.8
0x058 | CHKSUM SUM1 LSB R 0x00 Chksum1[7-0]
0x05A | CHKSUM SUM1 R 0x00 Chksum1[15:8]
0x058 | CHKSUM SUM2 LSB R 0x00 Chksum2[7-0)
0x05C | CHKSUM Sum2 R 0x00 Chksum2[15:8]
Publication Releaze Date: Mayelh 10, 2011
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Value
Addr. Name Mode At | Function
Reset
0x050 | REC_MSG_LEN LSB RW | 0x00 REC Message Sector Length [7.0]
0x05€ | REC_MSG_LEN RW | Ox00 REC Message Sector Length [15:8]
0x110 | GS_CTRL RW | Ox00 GS Control
Oxi11 | GS_ACST RW | Oxd40 Alr CODEC Side tone
0x112 | GS_ACIG RW | Dx00 Air CODEC Input Gain
0x113 | GS_ACOG RW | 0x00 Air CODEC output Gain
Ox114 | GS_AEOG RW | Ox00 AEC Output Gain
0x115 | GS_AEIG RW | 0x00 AEC Input Gain
0x116 | GS_LCIG RW | 0x0D Line CODEC input Gain
0x117 | GS_LCOG RW | 0x00 Line CODEC output Gain
0x118 | GS_LEOG RW | 0x00 LEC Output Gain
0x118 | GS_LEIG RW | 0x00 LEC input Gain
Ox11A | GS_AQAl RW | OxDO AEC out - AEC In Gain
ox118 | GS_LOAI RW | OxDO LEC out- AEC in Gain
ox11C | GS_PLAI RW | 0xD0 PLAY - AEC in Gain
0x110 | GS_ILAI RW | OxD0 I125L - AEC in
Ox11E | GS_IRA! RW | 0x00 I2SR - AEC in
Ox11F | GS_AOLI RW | Ox0D AEC out - LEC in Gain
0x120 | GS_LOLI RW | 0x0D LEC out « LEC In Gain
0x121 | GS_PLLI RW | 0x0D PLAY « LEC in Gain
0x122 | GS_ILLI RW | 0x00 I2SL-LECin
0x123 | GS_IRU RW | 0x00 I2SR-LEC In
0x124 | GS_AORI RW | 0x00 AEC out- REC In Gain
0x125 | GS_LORI RW | 0x00 LEC out - REC in Gain
0x126 | GS_PLRI RW 0x00 PLAY - REC in Gain
0x127 | GS_ILRI RW | Ox00 I2SL-REC in
O0x128 | GS_IRRI RW | Ox00 12SR-REC in
0x129 | GS_AQiL RW | Ox0D0 AEC out - 125L in Gain
Ox12A | GS_LOiL RW | OxD0 LEC out - I2SL in Gain
0x128 | GS_PLIL RW Ox00 PLAY - 1250 in Gain
0x12C | GS_ILIL RW | Ox00 I123L-12SL in
0x120 | GS_IRIL RW | 0x00 I2SR-12SL In
0x12E | GS_AQIR RW | Ox00 AEC out - 125R In Gain
0x12F | GS_LOIR RW | 0x00 LEC out- 12SR in Gain
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Reset
0x130 | GS_PUR RW | OxD0 PLAY - 12SR In Gain
0x131 | GS_ILIR RW | 0x00 I25L - 12SR In
0x132 | GS_IRIR RW |0x00 |I28R-125RIn
0x138 | MX_AEC RW |0x00 | AEC Mix Ctr
0x13C | MX_LEC RW 0x00 LEC Mix Ctri
0x130 | MX_REC RW 0x00 REC Mix Ctr
Ox13E | MX_ISL RW | Ox00 125_L Mix Ctrf
0x13F | MX_ISR RW | 0x0D 12S_R Mix Ctrl
0x140 | AC_EN RW | O0x20 Air CODEC Enable
0x141 | AC_CTRL RW | 0x07 Air CODEC Control
0x142 | AC_ADCG_MSB RW 0x04 Alr ADC Gain MSB
0x143 | AC_ADCG_LSB RW |0x00 | AirADC Gain LS8
0x144 | AC_DACG_MSB RW | Ox04 Air DAC Gain MSB
0x145 | AC_DACG_LSB RW 0x00 Air DAC Gain LSB
0x148 | AC_ADOUT_MSB R NA Air ADC Output MSB
0x147 | AC_ADOUT_LSB - NA Air ADC Output LS8
0x148 | AC_DAOUT_MSB R NA Ait DAC Output MSB
0x143 | AC_DAQUT_LSB R NA Air DAC Output MSB
0x150 | LC_EN RW | Ox20 Line CODEC Enable
0x151 | LC_CTRL RW | 0x07 Line CODEC Control
0x152 | LC_ADCG_MSB RW ox04 Line ADC Gain MSB
0x153 | LC_ADCG_LSBE RW | 0x00 Line ADC Gain LSB
0x154 | LC_DACG_MSB RW Ox04 Line DAC Gain MSB
0x155 | LC_DACG_LSB RW 0x00 Line DAC Galn LSB
0x156 | LC_ADOUT_MSB R 0x00 Line ADC Dout
0x157 | LC_ADOUT_LSB = 0x00 | Line ADC Dout LS8
0x158 | LC_DAOUT_MSB R 0x00 Line DAC Dout MSB
0x159 | LC_DAOUT_LSB R 0x00 Line DAC Dout LSB
0x160 | FSKE_CTRL1 RW | 0x00 FSK Encoder Control 8.12.1
0x161 FSKE_CTRL2 RW 0x23 FSK Encoder Coatrol 8.12.2
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0x162 | FSKE_FIFO_W v NA FSK Enceder FIFO input 8123
0x163 | FSKE_STATUS R 0x20 FSK Encoder Status 8.124
Oxi64 | FSKE_GAIN RW | 0x35 FSK Encoder Signal Gain 8.125
0x165 | FSKE_PROG RW | 0x00 FSK Encoder Programmable mode 8.126
Oxi66 | FSKE_BAUD_2 RW | Ox00 FSK Encoder Baud Rate 8.12.7
0x167 | FSKE_BAUD_1 RW | Ox00 FSK Encoder Baud Rate 8.127
Ox168 | FSKE_BAUD_O RW | Ox00 FSK Encoder Baud Rate 3.12.7
0x169 | FSKE_MARK_1 RW | 0x0D FSK Encoder Mark Freq 81238
0x16A | FSKE_MARK_0O RW | 0x0D FSK Encoder Mark Freq 8128
0x168 | FSKE_SPACE_1 RW 0x00 FSK Encoder Space Freq 8129
0x16C | FSKE_SPACE_D RW | 0x00 FSK Encoder Space Freq 8.129
0x180 | FSKD_CTRL RW | 0x00 FSK Decoder Control 8.13.1
0x181 | FSKD_MODE RW | OxO4 FSK Decoder Mode 8132
0x182 | FSKD_ADJUST RW 0xCO FSK Decoder Spec Adjustrent 8.133
0x183 | FSKD_STATUS R 0x02 FSK Decoder Status 8134
Ox124 FSKD_THRES_MSB RW 0x0D FSK Decoder Hysteresis MSB 8135
0x185 | FSKD_THRES_LSB RW | 0x80 FSK Decoder Hysteresis LSB 8,135
Ox186 | FSKD_JUDGE RW | Ox04 FSK Decoder judge threshold 8,136
0x187 | FSKD_SYNC RW | Ox02 FSK Decoder Sync 8137
0x188 | FSKD_CDET RW | 0x03 FSK Decoder Carrier Detect 81338
0x18% | FSKD_FIFO_CTRL RW | 0x00 FS¥ Decoder FIFO control 8.138
0x18A | FSKD_FIFO_DOUT v NA FSK Decoder FIFO Data 8.13.10
0x188 | FSKD_FIFO_STATUS R 0x01 FSK Decoder FIFO Status 31311
0x18C | FSKD_ENERGY_HI_TH RW | 0xOC FSK Decoder Carrler Energy Threshold 8.13.12
0x18D | FSKD_ENERGY_LO_TH RW | 0x05 FSK Decoder Carrier Energy Threshold 8.13.13
0x18E | FSKD_ENERGY_TC RW | Ox40 FSK Decoder Energy fime constant 8.13.14
0x120 | FSKD_CDB_FREQ_LOW_CNT RW | Ox2F FSK Carrier Detect Frequency Adjust 8.13.16
0x191 | FSKD_CDB_FREQ_LOW_CNT_LSB RW | 0x14 FSK Carrier Detect Frequency Adjust 8.13.16
0x192 | FSKD_CDB_FREQ_HIGH_CNT RW | 0x23 FSK Carrier Detact Frequency Adjust 8.13.17
0x183 | FSKD_CDB_FREQ_HIGH_CNT_LSB RW | 0xFS FSK Carrier Detect Frequency Adjust 8.13.17
0x194 | FSKD_LIMIT_TH RW | OxFF FSK Signal Clamp Threshold 8.13.18
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0x1AQ | PWM Clock RW | Ox00 PWM Cperation Clock Enable 8211
0x1A2 | PWM Tonet Controt RW 0x00 PWM Tone1 Control 8212
0x1A3 | PWM Tonet Frequency RW | Ox00 PWM Tone1 Freguency 8.21.3
Ox1A4 | PWM Tone2 Control RW 0x00 PWM Tone2 Controt 8214
Ox1AS | PWM Tone2 Frequency RW 0x00 PWM Tone2 Fraguency 8.21.5
0x180 | RNG_CTRL RW | Ox00 Ring Det. Control 31741
0x181 | RNG_STATE R 0x00 Ring Det. State 3172
0x1B2 | RNG_CNTR_MSB R 0x00 Ring Det. Counter 8173
0x1B3 | RNG_CNTR_LSB R 0x00 Ring Det, Counter 8173
0x1B4 | RNG_LATCH RW 0x00 Ring Det. Counter |atch control 8174
0x1C0 | TONE_CTRL RW | 0x0D0 Tone Generator Control 8.11.1
0x1C1 | TONE_FREQ_A_MS8 RW 0x00 Tone Frequency A 8.11.2
0x1C2 | TONE_FREQ_A_LSB RW | 0x00 Tone Frequency A 8112
0x1C3 | TONE_FREQ_B_MS8 RW | 0x00 Tone Frequency B 8.113
0x1C4 | TONE_FREQ_B_LSB RW | 0x00 Tone Frequency B 8.113
0x1C5 | TONE_LEVEL_A RW | 0x00 Tone Level A 8114
0x1C6 | TONE_LEVEL_B RW |0x00 | Tone Level B 8115
0x1C7 | TONE_ON_TIME RW 0x00 Present (on) lime of each tone, 8116
0x1C8 | TONE_OFF_TIME RW | Ox0D Absent (off) time of each fone, 8117
0x1C9 | TONE_BUF_LEN RW 0x00 gT?.\:“r;t:.nw of DTMF digits or tones to | 8.11.8
0x1DD- 811.10
0x1DB | TONE_BUFFER RW 0x00 Tone Buffer 0x100-0x108
Ox1E0. | DTMF_CTRL RW | Ox00 DTMF Det. Control 8.10.1
Ox1E1 | DTMF_FIFO_CTRL RW | 0x40 DTMF Det. FIFO Control 8.10.2
Ox1E2 | DTMF_FIFO R 0x00 DTMF Det. FIFO Information 8.103
0x1E3 | DTMF_FIFO_STATUS RW | Ox01 DTMF Det. FIFO Status 8104
Ox1E4 | DYMF_THRES_MSB RW | Ox01 DTMF Det. Threshold MSB 8.105
Ox1ES | DYMF_THRES_LSB RW | OxDD DTMF Det. Threshold LSE 8.105
Ox1ES | DTMF_PDT RW | 0xDO DTMF Det. Present Detect Time 8.106
Ox1E7 | DTMF_ADT RW | 0xDD DTMF Det. Absent Detect Time 8.10.7
Ox1E3 | DTMF_ACCT RW | 0xDD DTMF Det. Accept Time 8.10.8
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Ox1EA | DTMF_RX_DATA R 0x00 DTMF Det. Received Data 8.10.10
Ox1EB | DTMF_RFREQ_MSB R 0x00 DTMF Det Row Frequency MSE 8.10.11
Ox1EC | DTMF_RFREQ_LSB R 0x00 DTMF Det. Row Frequency LS8 g.10.11
Ox1ED | DTMF_CFREQ_MSEB R 0x00 DTMF Det. Column Frequency MSB 8.10.12
Ox{EE | DYTMF_CFREQ_LSB R 0x00 DTMF Det. Column Frequency LSB
OxiF0O | VD_CTRL RW | Ox00 Voice Det. Control
OxiF1 | VD_STATUS R 0x00 \Voice Det. Status
0x1F2 | VD_THRES_MSB RW | 0x01 Voice Det. Threshold MSB
0x1F3 | VD_THRES_LSB RW | 0x00 Voice Det, Threshold LSB
Ox1F4 | VD_ENERGY_MSB R 0x00 Voice Det. Energy MSB
0x1F5 | VD_ENERGY_LSE R 0x00 Voice Det, Energy LSB
0x200 | CAS_CTRL RW | 0x40 CAS Control
0x201 | CAS_THRES_LOW RW | 0x00 CAS Low Threshoid
0x202 | CAS_THRES_LOW_LSB RW | 0x00 CAS Low Threshoid
0x203 | CAS_MULT RW | Ox11 CAS High Threshoid Muttiplier
0x204 | CAS_PRESENT RW | 0x40 CAS Present Time
0x205 | CAS_ABSENT RW | 0x20 CAS Absent Time
0x206 | CAS_STATUS R 0x0D CAS Status
0x207 | CAS_MODE RW | 0x10 CAS or Arbitrary Tone Detection Mode
0x208 | ATD_MAX_HFC RW | Ox01 ATD Max High Frequency Cnt
0x208 | ATD_MAX_HFC_LSB RW | 0x10 ATD Max High Frequency Cnt
0x20A | ATD_MIN_HFC RW | Ox01 ATD Min High Frequency Cnt
0x208 | ATD_MIN_HFC_LSB RW | 0x20 ATD Min High Frequency Cnt
0x20C | ATD_MAX_LFC RW | Ox01 ATD Max Low Frequency Cnt
0x200 | ATD_MAX_LFC_LSB RW 0x61 ATD Max Low Frequency Cnt
0x20E | ATD_MIN_LFC RW | 0x01 ATD Min Low Freguency Cnt
0x20F | ATD_MIN_LFC_LSB RW | OxSF ATD Min Low Freguency Cnt
gg :?- ATD_HF_COEFF aw | ox00 S;rzt: &:):2921 Frequency IR  coefficient
gxé;g- ATD_LF_COEFF RW 0x00 3:'232 ~<.)-x°2; 3 Frequency [IR coefficient
0x274 | FSK_COEFF RW | OxDD FSX lIR Coefficient
0x275 | FSK_COEFF_ADDR RW | Ox00 FSX IR Coefficient Address
0x276 | CAS_MAX_HFC RW | OxD1 CAS Max High Freguency Cnt
0x277 | CAS_MAX_HFC_LSB RW | OxDE CAS Max High Frequency Cnt
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0x278 | CAS_MIN_HFC RW | OxD1 CAS Min High Frequency Cnt
0x279 | CAS_MIN_HFC_LS8 RW | Ox21 CAS Min High Frequency Cnt
0x27A | CAS_MAX_LFC RW | Ox01 CAS Max Low Frequency Cnt
0x278 | CAS_MAX_LFC_LSB RW | Ox5D CAS Max Low Frequency Cnt
0x27C | CAS_MIN_LFC RW | OxO1 CAS Min Low Frequency Cnt
0x27D0 | CAS_MIN_LFC_LSB RW 0x75 CAS Min Low Frequency Cnt
0x280 | CPT_CTRL RW | Ox07 CPT Contrel
0x281 | CPT_STATUS R 0x00 CPT Status
0x282 | CPT_THRES_H_MSB RW | Ox24 CPT High Threshold MSB
0x233 | CPT_THRES_H_LSB RW | 0x00 CPT High Threshold LSB
0x284 | CPT_THRES_L_MSB RW | Ox1A CPT Low Threshold MSB
0x285 | CPT_THRES_L_LS8 RW | OxD0 CPT Low Threshold LSB
0x288 | CPT_ENERGY_MS8 R 0x00 CPT Energy MSB
0x287 | CPT_ENERGY_LSB R 0x00 CPT Energy LS8
0x230 | TIME_CTRL RW | 0x0D Timer Control
0x292 | TIME_TARG_MSB RW | 0x0D | Timer Target Counter MSB
0x293 | TIME_TARG_LSB RW | Ox00 Timer Target Counter LS8
0x294 | TIME_CNT_MS8 R 0x0D Timer Current Counter MSB
0x295 | TIME_CNT_LSB R 0x00 Timer Current Counter LS8
0x300 | AEC_CONFIG RW | Ox96 AEC Configuration
0x301 | AEC_RESET RW | OxE8 AEC Reset
0x302 | AEC_EC_BELTA RW | 0x03 AEC EC BELTA
0x303 | AEC_AS_COEFF RW | Ox14 AEC AS Coefficlent
0x305 | AEC_DT_LONG_TC RW 0x03 AEC Double Talk long term time constant
0x306 | AEC_DT_SHORT_TC RW | 0xBB | AEC Double Talk short term time constant
0x307 | AEC_DT_MANGOVER_TIME_MSB RW | Ox00 AEC Double Talk Detector Paramaters
0x308 | AEC_DT_HANGOVER_TIME_LS8 RW | 0x20 AEC Double Talk Detector Paramaeters
0x308 | AEC_DT_DV_THRESH_MSE RW | Ox19 AEC Double Talk Detector Paramaters
0x30A | AEC_DT_DV_THRESH_LSB RW | 0x88 AEC Double Talk Detector Parameters
0x308 | AEC_DT_LONG_THRESH_MS8 RW | 0x00 AEC Double Talk Detector Parameters
0x30C | AEC_DT_LONG_THRESH_LSB RW 0x00 AEC Double Talk Detector Parameters
0x300 | AEC_DT_SHORT_THRESH_MS8 RW | 0x10 AEC Double Talk Detector Parameters
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0x30E | AEC_DT_SHORT_THRESH_LSB RW | Ox10 AEC Double Talk Detector Paramaters
0x30F | AEC_DIVERGENCE RW | OxOF AEC DIVERGENCE THRESHOLD
0x310 | AEC_VD_LONG_TC RW | Ox0% AEC Voice Detect Long Time Constant
0x311 | AEC_VD_SHORT_TC RW | OxBB AEC Voice Detect Short Time Constant
0x312 | AEC_VD_HANGOVER_TIME_MS8 RW | 0x00 AEC Voice Detect Parameters
0x313 | AEC_VD_HANGOVER_TIME_LSB RW | Ox0% AEC Voice Detect Parameters
0x314 | AEC_VD_DEV_THRESHOLD_MS8 RW | Ox1S AEC Voice Detact Parameters
0x315 | AEC_VD_DEV_THRESHOLD_LSB RW | Dx58 AEC Voice Detect Paramelers
0x316 | AEC_VD_LONG_THRESH_MSB RW | Ox19 AEC Voice Detect Parameters
0x317 | AEC_VD_LONG_THRESH_LSB RW | OxS8 AEC Voice Detect Paramelers
0x318 | AEC_VD_SHORT_THRESH_MSBE RW | 0x0B AEC Voice Detect Parameters
0x318 | AEC_VD_SHORT_THRESH_LSB RW | 0x38 AEC Voice Detect Parameters
0x31A | AEC_CUT_OFF_POWER_MSB RW Ox19 AEC Voice Detect Parameters
0x318 | AEC_CUT_OFF_POWER_LSB RW | 0x58 AEC Voice Detect Parameters
0x31D | AEC_VD_AVE_TC RW | 0x0B AEC VD Average Time Constant
0x31E | AEC_VD_AVE_THRESH_MS8 RW | 0x00 AEC VD Average Threshoid
0x31F | AEC_VD_AVE_THRESH_LSB RW 0x00 AEC VD Average Threshoid
0x320 | AEC_AST_BUILD_UP_TME RW | 077 AEC AS1 Built Up Time
0x321 | AEC_AST_MAX_ATTEN_MSB RW | Ox1C AEC AS1 Max Attenuation value(MSB)
0x322 | AEC_AST_MAX_ATTEN_LSB RW | 0xA8 | AEC AS1 Max Attenuation value(LSB)
0x323 | AEC_ASZ_BUILD_UP_TIME RW | 0x77 AEC AS2 Built Up Time
0x324 | AEC_ASZ_MAX_ATTEN_MSB RW | OxiC AEC AS2 Max Attenuation value(MS8)
0x325 | AEC_AS2 MAX_ATTEN_LSB RW | OxAB | AEC AS2 Max Attenuation value(LSB)
AEC Notse Suppressor power attack time
0x328 | AEC_NS_POWER_ATTACK_TC RW | OxBB constant
0x329 | AEC_NS_ATTEN_TC RW | OxB8 AEC NS Attenuation Time Constant
0x32A | AEC_NS_ACTIVE_THRESHOLD_MSB RW | 0x03 AEC NS Active threshold (MS8)
0x328 | AEC_NS_ACTIVE_THRESHOLD LSB RW | OxE8 AEC NS Active threshold (LSB)
0x32C | AEC_NO_VOICE_THRESH_MS8 RW | Oxi4 AEC NO Voice Threshold MS8
0x320 | AEC_NO_VOICE_THRESH_LSB RW | Ox08 AEC NO Voice Threshold LS8
0x330 | AGC_THRES_MSE RW | Ox20 AGC THRESHOLD MSB
0x331 | AGC_THRES_LSB RW | Ox00 AGC THRESHOLD LSB
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0x332 | AGC_NOISE_THRES_MSB RW |0x03 | AGC NOISE THRESHOLD MSB
0x333 | AGC_NOISE_THRES_LSB RW 0x20 AGC NOISE THRESHOLD LSB
0x334 | AGC_MAX_SG RW 0x02 AGC MAX SG
0x335 | AGC_LATK_TC RW |[O0xbb | AGC LATK TC Constant
0x336 | AGC_SATK_TC RW |0x0% | AGC SATK Time Constant
0x338 | AEC_VD_SC_CTRL RW |0x00 | AEC VD SC Control
0x338 | AEC_VD_SC_NORMAL_INDEX RW | 0x00 | AEC VD SC NORMAL INDEX
0x33A | AEC_VD_SC_LOW_INDEX RW |0x00 | AEC VD SCLOW INDEX
0x338 | AEC_VD_SC_THRESH_MSB RW |0x10 | AEC VD SC Threshoid MSB
0x33C | AEC_VD_SC_THRESH_LS8 RW |0x00 | AEC VD SC Threshold LSB
0x330 | AEC_VD_SC_POWER_ATTACK_TC RW |0x07 | AEC VD SC Power Attack Time Constant
0x33E | AEC_VD_SC_GAIN_TC RW | 0x07 AEC VD SC GAIN Time Constant
0x340 | AEC_DT_SHORT_TERM_POWER_MSE (R NA AEC DT Short Term Power MSB
0x341 | AEC_DT_SHORT_TERM_POWER_LSE (R NA AEC DT Short Term Power LSB
0x342 | AEC_DT_LONG_TERM_POWER MSE |R NA AEC DT Long Term Power MSB
0x343 | AEC_DT_LONG_TERM_POWER_LS8 R NA AEC DT Long Term Power LSB
0x344 | AEC_DT_POWER_DEVIATION_MSB R NA AEC DT POWER Deviation MSB
0x345 | AEC_DT_POWER_DEVIATION_LSB R NA AEC DT POWER Deviation LSB
0x348 | AEC_DT_ACTIVE R NA AEC DT Active
0x348 | AEC_VD_SHORT_TERM_POWER_MSB | R NA AEC VD Short Term Power MS8
0x34% | AEC_VD_SHORT_TERM_POWER_LSB |R NA AEC VD Short Term Power LSB
0x34A | AEC_VD_LONG_TERM_POWER MSE (R NA AEC VD Long Term Power MSB
0x348 | AEC_VD_LONG_TERM_POWER LSB |R NA AEC VD Long Term Power LS8
0x34C | AEC_VD_POWER_DEVIATION_MSB R NA AEC VD Power Deviation MSB
0x34D | AEC_VD_POWER_DEVIATION_LS8 R NA AEC VD Power Deviation LS8
Ox34E | AEC_VD_ACTIVE R NA AEC VD Active
0x350 | AEC_LRIN[15:8] R NA AEC LRIN MSB
0x351 | AEC_LRIN[7.0] R NA AEC LRIN LSB
0x352 | AEC_EOUT[15:8] R NA AEC EOUT MSB
0x353 | AEC_EQUT[7.0] R NA AEC EOUT LSB
0x354 | AEC_ASOUT15:8] R NA AEC ASOUT MSB
0x355 | AEC_ASOUTIT:0) R NA AEC ASOUTLSB
0x356 | AEC_ASIN[15:8) R NA AEC ASIN MSB
0x357 | AEC_ASIN{7:0] R NA AEC ASIN LS8
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0x358 | AEC_LSOUT]156:8] NA AEC LSOUT MSB
0x358 | AEC_LSOUT[T:0] NA AEC LSOUT LSB
0x35C | AEC_MACRO_ADDR{15:8) RW | 0x00 | AEC Macro Address MSB
0x350 | AEC_MACRO_ADDR{7:0] RW 0x00 AEC Macro Address LSB
Ox35E | AEC_MACRO_DATA[15:8) RW | NA AEC Macro Data MSB
0x35F | AEC_MACRO_DATA[7:0] RW | NA AEC Macro Data LSB
0x360 | AGC_CTRL RW | 000 AGC Control
0x361 AGC_INIT_GAIN RW OxB8 AGC Initiat Gain
0x362 | AGC_GAIN_HOLD RW |o0x00 | AGC Gsin Hold
0x363 | AGC_INC_DEC RW | 0x00 AGC INC and DEC
0x364 | AGC_ATK_DCY RW 0x00 AGC ATK DCY
0x365 | AGC_GAIN_READ R NA AGC Gain Read
0x366 | AGC_STATE R NA AGC State
0x367 | AGC_PWR_TC RW 0x5S5 AGC Power Time Constant
0x368 | AGC_PK_TC RW | 0x00 AGC PK Time Constant
0x389 | AGC_PX_MSB R 0x00 AGC PK MSBE
0x36A | AGC_PK_LSB R O0x00 AGC PKLSB
0x370 | AGC_TARG_CLIP RW |0x73 | AGC Target Clip MSB
0x371 | AGC_TARG_CLIP_LSB RW |0x33 | AGC Target Clip LS8
0x372 | AGC_TARG_HI RW |0x68 | AGC Target High MS8
0x373 | AGC_TARG_HI_LS8 RW | 0x00 AGC Target High LS8
0x374 | AGC_TARG_LO RW | Ox66 AGC Target Low MS8
0x375 | AGC_TARG_LO_LS8 RW |0x66 | AGC TargetLowLSB
0x376 | AGC_TARG_RB R 0x00 AGC Target RB LSB
0x377 | AGC_TARG_RB_LSB R 0x00 AGC Target RBLSB
0x378 | AGC_NOISE_BIAS RW 0x00 AGC Noise Bias
0x379 | AGC_NOISE_HI RW |0x00 | AGC Noise High MSE
0x37A | AGC_NOISE_HI_LSB RW |0x00 | AGC Noise HighLS8
0x378 | AGC_NOISE_LO RW | 0x00 | AGC Noise Low MSE
0x37C | AGC_NOISE_LO_LSB RW | 0x00 AGC Noise Low LSB
0x370 | AGC_NOISE_RB R 0x00 | AGC Noise [23:16)
0x37E | AGC_NOISE_RB_2S8B R 0x00 | AGC Noise [15:8)
0x37F | AGC_NOISE_RB_LSB R 0x00 AGC Noise [7:0]
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0x380 | LEC_CONFIG RW | 0x96 LEC Configuraticn
0x381 | LEC_RESET RW | Oxa8 LEC Resst
0x332 | LEC_EC_BELTA RW | Ox03 LEC EC BELTA
0x383 | LEC_AS_COEFF RW | OxO4 LEC AS Cosfficient
0x385 | LEC_DT_LONG_TC RW | Ox0% LEC Double Talk long term time constant
0x386 | LEC_DT_SHORT_TC RW | OxBB LEC Double Talk short term time constant
0x387 | LEC_DT_HANGOVER_TIME_MSB RW | 0x00 LEC Doubie Talk Detactor Parameters
0x388 | LEC_DT_HANGOVER_TIME_LSB RW | Ox20 LEC Double Talk Detector Parameters
0x389 | LEC_DT_DV_THRESH_MSB RW | Ox19 LEC Double Talk Detector Parameters
0x38A | LEC_DT_DV_THRESH_LSB RW | OxS8 LEC Double Talk Detector Parameters
0x388 | LEC_DT_LONG_THRESH_MS8 RW | Ox00 LEC Double Talk Detector Parameters
0x38C | LEC_DT_LONG_THRESH_LSB RW | 0x00 LEC Double Talk Detactor Parameters
0x380 | LEC_DT_SHORT_THRESH_MS8 RW | Ox10 LEC Double Talk Detactor Parameters
0x38€ | LEC_DT_SHORT_THRESH_LSB RW | Ox10 LEC Double Talk Detector Parameters
0x38F | LEC_DIVERGENCE RW | 0xOF LEC DIVERGENCE THRESHOLD
0x38¢ | LEC_VD_LONG_TC RW | Ox08 LEC Voice Detect Long Time Constant
0x391 LEC_VD_SHORT_TC RW OxB8 LEC Voice Detect Short Time Constant
0x392 | LEC_VD_MHANGOVER_TIME_MSB RW | Ox00 LEC Voice Detect Parameters
0x393 | LEC_VD_HANGOVER_TIME_LSB RW | Ox09 LEC Voice Detect Parameters
0x384 | LEC_VD_DEV_THRESHOLD_MSB8 RW | Ox18 LEC Voice Detect Parameters
0x3%5 | LEC_VD_DEV_THRESHOLD_LSB RW | OxS8 LEC Voice Detect Paramsters
0x386 | LEC_VD_LONG_THRESH_MSB RW | Ox19 LEC Voice Detect Paramsters
0x357 | LEC_VD_LONG_THRESH_LSB RW | OxS8 LEC Voice Detect Paramsters
0x358 | LEC_VD_SHORT_THRESH_MSB RW | Ox10 LEC Voice Detect Paramsters
0x3%8 | LEC_VD_SHORT_THRESH_LSB RW | Ox38 LEC Voice Detect Parameters
0x38A | LEC_CUT_OFF_POWER_MSB RW | Ox19 LEC Voice Detect Parameters
0x3%8 | LEC_CUT_OFF_POWER_LSB RW | Ox38 LEC Voice Detect Parameters
0x3%0 | LEC_VD_AVE_TC RW | Ox0B LEC VD Average Time Constant
0x3%€ | LEC_VD_AVE_THRESH_MSE RW | Ox00 LEC VD Average Threshold MSE
0x39F | LEC_VD_AVE_THRESH_LSB RW | Ox00 LEC VD Average Threshoid LSB
0x3A0 | LEC_AS1_BUILD_UP_TIME RW | 0x77 LEC AS1 Built Up Time
0x3A1 | LEC_AS1_MAX_ATTEN_MSB RW | Ox1C LEC AS1 Max Attenuation value(MS8)
0x3A2 | LEC_AS1_MAX_ATTEN_LS8 RW | OxA8 LEC AS1 Max Attenuation value(LSB)
0x3A3 | LEC_AS2_BUILD_UP_TIME RW | 0x77 LEC ASZ2 Built Up Time
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0x3A4 | LEC_ASZ2_MAX_ATTEN_MSB RW OxicC LEC AS2 Max Attenuation value(MSB)
0x3A5 | LEC_AS2_MAX_ATTEN_LSS RW | Oxas LEC AS2 Max Attenuation value(LSB)}
LEC Noise Suppressor power attack time
0x3A8 | LEC_NS_POWER_ATTACK_TC RW |O0xBE | constant
0x3A2 | LEC_NS_ATTEN_TC RW | OxBB LEC NS Aftenusticn Time Constant
0x3AA | LEC_NS_ACTIVE_THRESHOLD_MSS RW 0x03 LEC NS Active threshold (MSB)
0x3A8 | LEC_NS_ACTIVE_THRESHOLD_LSB RW | 0xEE | LEC NS Active threshold (LSB)
0x380 | LEC_DT SC_CTRL RW |0x00 | LEC DT SC Control
0x381 | LEC_DT_SC_NORMAL_INDEX RW | 0x00 LEC DT SC NORMAL INDEX
0x382 | LEC_DT_SC_LOW_INDEX RW | 0x00 LEC DT SC Low INDEX
0x3B3 | LEC_DT_SC_THRESH_MSB RW 0x10 LEC DT SC Thweshold MSB
0x384 | LEC_DT_SC_THRESH_LSB RW | 0x00 LEC DT SC Thweshold LSE
0x385 | LEC_DT_SC_POWER_ATTACK_TC RW |07 | LEC DT SC Power Attack Time Constant
0x386 | LEC_DT_SC_GAIN_TC RW |07 |LECDTSC GAIN Time Constant
0x388 | LEC VD_SC_CTRL RW | 0x00 LEC VD SC Control
0x38% | LEC_VD_SC_NORMAL_INDEX RW 0x00 LEC VD SC NORMAL INDEX
0x38A | LEC_VD_SC_LOW_INDEX RW |0x00 | LEC VD SC LOW INDEX
0x388 | LEC_VD_SC_THRESH_MSB RW | Ox10 LEC VD SC Threshoid MS8
0x38C | LEC_VD_SC_THRESH_LSB RW |0x00 | LEC VD SC Threshokd LSB
0x38D | LEC_VD_SC_POWER_ATTACK_TC RW | 0x07 LEC VD SC Power Attack Time Constant
0x3BE | LEC_VD_SC_GAIN_TC RW |0x07 | LEC VD SC GAIN Time Constant
0x3C0 | LEC_DT_SHORT_TERM_POWER_MSB | R NA LEC DT Short Term Power MSB
0x3C1 | LEC_DT_SHORT_TERM_POWER_LS8 |R NA LEC DT Short Term Power LSB
0x3C2 | LEC_DT_LONG_TERM_POWER_MSE |R NA LEC DT Leng Term Power MSB
Ox3C3 | LEC_DT_LONG_TERM_POWER LS8 (R NA LEC DT Long Term Power LSB
0x3C4 | LEC_DT_POWER_DEVIATION_MSB R NA LEC DT POWER Deviation MSB
0x3C5 | LEC_DT_POWER_DEVIATION_LSB R NA LEC DT POWER Deviation LSE
0x3C6 | LEC_DT_ACTIVE R NA LEC DT Active
0x3C8 | LEC_VD_SHORT_TERM_POWER_MS8 |R NA LEC VD Short Term Power MSEB
0¥3C9 | LEC_VD_SHORT_TERM_POWER_LSB |R NA LEC VD Short Term Power LSB
0x3CA | LEC_VD_LONG_TERM_POWER_MSB R NA LEC VD Long Term Power MSB
0x3CB LEC_VD_LONG:TERM_POWER_LSB R NA LEC VD Long Term Power LSB
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0x3CC | LEC_VD_POWER_DEVIATION_MSB R NA LEC VD Power Deviation MSB
0x3CD | LEC_VD_POWER_DEVIATION_LS8 R NA LEC VD Power Dewiation LS8
Ox3CE | LEC_VD_ACTIVE R NA LEC VD Active
0x3D0 | LEC_LRIN[15:8) R NA LEC LRIN MSB
0x3D01 | LEC_LRIN[T:0) R NA LEC LRIN LSB
0x3D02 | LEC_EOUT|15:8] R NA LEC EOUT mMs8
0x3D3 | LEC_EOUT{7:0] R NA LEC EOUT LSB
0x3D4 | LEC_ASOUT15:8] R NA LEC ASOUT MSB
0x3D5 | LEC_ASOUT[7:0] R NA LEC ASOUT LSB
0x3D6 | LEC_ASIN[158] R NA LEC ASIN MSB
0x3D7 | LEC_ASIN[7.0] R NA LEC ASIN LS8
0x3D8 | LEC_LSOUT[15:8] R NA LEC LSOUT MSB
0x3D8 | LEC_LSOUT[T:0] R NA LEC LSOUTLSB
0x3DC | LEC_MACRO_ADDR{15:8] RW | 0x00 LEC Macro Address MSB
0x3DD | LEC_MACRO_ADDR{7:0) RW 0x00 LEC Macro Address LSB
0x3DE | LEC_MACRO_DATA[15:8] RW | NA LEC Macro Data MSB
Dx3DF | LEC_MACRO_DATA[7:0] RW | NA LEC Macro Data LSB

Y £
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7. DEVICE STATUS

7.1 Device Status Register

Whenever the 1ISD61S00 receives an SPI command it also returns its current status via MISO. The details
of the status byte are shown below. For commands that are not reading digital data from the device this
status byte is sent via MISO for every byte of data sent to the ISD61S00.

Table 7-1 Status Reagister Description

Bit 7 Bit 6 Bit 5 Bit 4 Bit 3 Bit 2 Bit 1 Bit 0
PD | DBUF.RDY | INT | RM_FUL . VM_BSY | CBUF_FUL | cMD_BSY

The individual bits of the status register refer to the following conditions:

* PD -~ If this bit is high then the device is powered down. The DBUF_RDY bit will be low, but all
device output pins will be high impedance. When PD is high only the READ_STATUS,
READ_INT and PWR_UP commands are accepted. If any other command is sent, it is ignored
and no interrupt for an error is generated.

« DBUF_RDY — in PD this bit is low indicating the device can only accept a PWR_UP (power up)
command. When PD is low this bit reflects the state of the RDY/BSY pin.

¢ INT = an interrupt has been generated. The interrupt is cleared by the READ_INT command.
Interrupt type can be determined by the bits of the Interrupt Status Byte.

« RM_FUL - Recording Memory is full. This bit will be set if a record command fills the memory
This bit is reset by an ERASE_MSG@, ERASE_MEM, or CHIP_ERASE operation.

e VM_BSY - indicates the device is processing a voice macro. The device will not respond to a
new audio command until this bit returns low.

» CBUF_FUL = indicates that the command buffer is full. No more commands can be queued for
execution until this bit retumns low,

« CMD_BSY -~ indicates the device is processing a command. Device will not respond to a new
command until this bit returns low. If CMD_BSY=1 and CBUF_FUL=0 and VYM_BSY=0, a new
command will go inte the command buffer and execute when the current command finishes. If
CMD_BSY=1 and CBUF_FUL=1 or VM_BSY=1 any new audio command will be lgnored and
generate a command error. For device erase commands such as ERASE_MSG@, ERASE_MEM
and CHIP_ERASE, the user can to poll this bit determine If the erasure is compiete.

Whenever the 1ISD61S00 generates an interrupt the Interrupt Status regesters hold flags that indicate what
type of interrupt was generated. These flags will remain set until 2 READ_INT command clears them and
the hardware interrupt pin (INTB). The interrupt enable registers |ED, [E1 (see section B.5.3 8.5.4) mask
whether interna! functions generate interrupt events or not. Some interrupts require further servicing to
remove the condition generating the interrupt, for instance a FIFO full or empty interrupt. If the condition is
not serviced before a READ_INT, the device will immediately generate a new interrupt. The procedure to
respond to an interrupt is the following:
1. READ_STATUS to determine what interrupt flags are set.

2. Service the interrupt appropriately,
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3. READ_INT and check whether any new interrupts have occurred during the service routines, If
new interrupt detected go to step 2. The READ_INT will clear the interrupt status.

Toble 7-2  Interrupt Status Regestar Dascrption

Bit 7 Bit 6 Bit 5 Bit 4 Bit 3 Bit 2 Bit 1 Bit 0
GPio_INT | MPT_ERR | WR_FIN | cMD_ERR | OVF_ERR | CMD_FIN | ADDR_ERR | FULL_ERR

The individual bits of the status register refer to the following conditions:

GPIO_INT GPIQ interrupt has occurred. A GPIO pin configured to produce an interrupt has toggled
state.
MPT_ERR Indicates a memory protection error. Digital access attempted for protected memory.
WR_FIN Indicates a digital write command has finished writing to the flash memory.
CMD ERR An invalid command was sent to the device. Command was ignored because the
= command buffer was full, a voice macro was active or the device was not ready to
respond to an erase command.
OVF ERR This error is generated if host illegally tnes to read or write data while RDY/BSYB is low.
- It is also generated if a digital read or write attempts to read or write past the end of
memory.
CMD FIN This bit indicates an interrupt \was generated because a command finished executing. A
NS CMD_FIN interrupt will be generated each time an audic play, record or voice macro
finishes.
ADDR ERR Indicates an address error. This bit will be set to one if a PLAY_MSG@ command is
- sent at a non-valid header, a REC_MSG@ is sent at a non-blank memory location or
an ERASE_MSG command is sent fo a sector that is not the beginning of message,
FULL ERR  Record Block is full. This bit will be set and an interrupt generated if a record command
=> fills the memory
Tabke 73 Inmerrupt Status Register Dascrphion
Interrupt Status Byte 2
Bit7? Bit6 BitS Bit4 Bit3 Bit2 Bit1 Bit0
RNG=lNT CA.S=INT FSK=D FSK=E TON£=INT DTMF_INT CPT=lNT V&__ INT
VD_INT Voice Detection interrupt
CPT_INT Call Progress Tone detector interrupt
DTMF_INT The DTMF detector has generated an interrupt. This corresponds to a FIFO

condition configured by the user.
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TONE_INT The tone or DTMF generator has generated an interrupt.

FSK_E The FSK Encoder has generated an Interrupt for either half empty or empty
condition of FIFO.

FSK_D The FSK Decoder has generated an interrupt for a FIFO condition or parity error.
CAS_INT The CAS!Arbitrary Tone detector has detected a valid tone.
RNG_INT  The Ring Detect block has generated an interrupt.

Table 74 Timer mtesrupt and operation status

Bit7 Bit6 Bit5 Bit4 Bit3 Bit2 Bit1 Bito
TIMER_INT DPLL_LOCK PLL_LOCK DECODE COMP

TIMER_INT  Timer biock has generated an interrupt.

DPLL_LOCK Indicates lock of digital PLL for PCM slave mode synchronization,
PLL_LOCK  Status bit indicating that PLL is locked and valid clock is available.
DECCDE Status bit Indicating that compressor s 1: decoding, 0. encoding
comeP Status bit indicating that compressor is active.

8. FUNCTIONAL DESCRIPTION

ISDB1S00 is a device targeted at applications requiring voice storage while interfacing to a PSTN
telephony network, it provides high quality audio storage for record and playback and offers features of
pre-recorded voice prompting and voice macros.

The acoustic side interface provides analog buffers 1o @ microphone and audie output and incorporates
on-chip acoustic echo cancellation to allow speakerphone functionality. Network side provides nterface to
the PSTN and includes a line echo cancellation network.

PCM data enters a mixer matrix whereby signals can be digitally gain controlled, mixed and passed
between inputs and outputs. Additionally paths can be selected to monitor input for DTMF or FSK data.

All control and configuration is mapped into SP| accessible configuration registers. In addition these
registers can be set from within Voice Macros allowing device to self configure from flash memory.

8.1 SPIl Interface

Control of the ISD61S00 ts via a four-wire SPI interface. This consists of an active low slave-select (SSB)
signal to select the device, a serial clock (SCLK) a data input (Master Out Slave In - MOSI), and a data
output {(Master In Slave Out - MISO). In addition to the standard four wire interface a RDY/BSYB (ready,
busy-bar) signal is supplied for data fiow control needed in some transactions.

A SPI transaction begins on the falling edge of SSB and takes the form of the example below:
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SR VAVAVAVAVAVAVAVAVAVAVAVAVAVAVAY,

[ol sfz]s]alslefro|s]2]s|sfs]e]"]
L Be 0 00000000090900D
D 000000900000 0.9D08

Figure 8-1 SPI Data Transacion

A command transaction begins with sending a command byte (C7-C0). The mest significant bit (MSB —
CT7) Is sent in first. During the shift in of the command byte, device status (S7-S0) is sent out MISO. After
the command byte, depending upon the command sent, one or more bytes of data may follow, See
Section 7.26 for details of SPI commands and data expected.

For a data writing commands RDY/BSYE is used to handshake data into the device, RDY/BSYB will
change state after the rising edge of SCLK of the LSB of a byte transmission. When this occurs SCLK
should be held high and data transmission paused until RDY/BSYB retums high indicating that device is
ready to receive further data, The timing of this is shown in Figure 8-2 R/B Timing for SP! Writing
Transactions

@ T\ s S

i AVAVAVAVAY VAVAVAVAVAVAVAY
IR ek bl B S SR R KR 24 B2

XX QQ @D C) 000000 0R

Figure 82 R/B Timing for SP1 Wiitng Transactions

If host violates the request from RDY/BSYB, then the RDY bit of the status register for the next byte will
reflect the state of RDY/BSYB. If host detects that the RDY bit of status is zero then the current byte of
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data was not accepted by the ISDE1S500. Ne further data will be accepted and the host must terminate the
SPI transaction. For commands that read data from the part (for instance DIG_READ and SPI_READ) it
is not possible to monitor the RDY bit of status so the RDY/BSYE signal must be monitored to know
status. If RDY/BSYB is violated an interrupt Is also generated to inform user that data was not accepted.
The INT pin will go low shortly after the first violating edge of SCLK. In a data read operation, monitoring
this interrupt is the only way of knowing that a RDY/BSYB violation has occurred apart from monitoning
RDY/BSYB itself. Using this technique it is possible for a hest that is 10 limited to operate without
monitoring RDY/BSYB.

SSB \ —ollailus /

SCLK —-\_/—\_/—\ _/’\u'ﬂur\_/n\_z'r\_, n\_/’\_/q\_/—\/\.[\./ /|

[l efz]sfelsle]qfelelz]s]e]s]e]7]
RDY/BSYB 2 '\ -
mogt  xYcrXosXesXetXeaXczX et Koo Xor K eX ms) ey os X 2ot X oo )x

K

9

nr \

Figure 8-3 SPI Transacton Ignonng RDYBSYB

8.2 Record and Playback Control

The ISD61S00 contains a compression and decompression engine that record and playback audio from
internal flash memery. During recording, audio is re-sampled from the sample rate of the active audio
path to the sample rate desired for storage. During playback audio data from the de-compression engine
is re-sampled to that of the audio path.

8.21 COMP_CFG - Compression Configuration

The COMP_CFG register confrols the sample rate and compression algorithm during message record
operations. It can also override sample rate setting for playback by sefting bit 0 of CFG1 high.
SR[2:0]=COMP_CFG[7:5] controls the sample rate and CMP[4:0]=COMP_CFG[4:0] controls the
compression. An explanation of these follows below.

000 RW Ox64
Bit7 Bit 6 Bit 5 Bit 4 Bit 3 Bit 2 Bit 1 Bit 0
SR[2:0] CMP[4:0]
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CMP[4.0] Controls the compression algorithm used for recording. Details in Table 8-1.
SR[2:0] Controls the sample rate used for recording. Can also override the playback sample
rate, Details in Table 8-2

Tabla 8-1 COMP_CFG Register Compression Type.

S FE AN (Dec)  (Hex)
2 2 ox02
ADPCM 3 3 0x03
ADPCM 4 4 0x04
ADPCM 5 5 0x05
p-Law 6 16 0x10
p-Law 7 17 ox11
pLaw 8 18 ox12
Dy-Law 6 20 ox14
Dy-Law 7 27 ox15
Dy-Law 8 2 0x16
PCM 8 24 ox18
PCM 10 25 0x19
PCM 12 27 0x1B

0

1

2

3
106 4 128 ox80
128 5 160 0xAD
16 & 192 0xCo

The current operational mode of the ISD61S00 can also be queried by setting CFG1[4] and reading
COMP_CFG. Under this condition, rather than reading back the configuration register, the result will be
current audio path sample rate and compression scheme.
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8.2.2 COMP_CTRL — Compression Control

Address Access Mode Value Al Reset
Cx001 RW 0x00
Bit7 Bit& BitS Bit4 Bit3 Bit 2 Bit 1 Bit0
FIFO Over- [FIFO Under-
run run LRMP [CFGO_READ| PAUSE NRMP SRSIL SRCFG

Configuration register CFG1 controls how compressed audio is treated by the compression block:

SRCFG

SRSIL

NRMP

PAUSE
CFGO_READ

LRMP

FIFO Under-
man

FIFQ Overrun

Forces the sample rate to be set by the COMP_CFG register, By setting this bit to one
sample rate contained in the recorded audio header Is overridden.

Under normal circumstances, whenever a change in sample rate is detected between two
consecutive messages a period of silence is automatically inserted. This is to prevent any
transients In the signal path occurring as filter coefficients are changed. To turn off this
sllence insertion set this bit to one.

Under normal conditions, if an audio playback finishes at a non-zero level the input to the
signal path will be ramped to zero. This prevents a DC offset appeanng on the output, To
turn this feature off, for instance if a small audio sample is being lcoped, set this bit to
one. Please note that NRMP and LRMP should not be set at the same time,

When this bit is set, Record or Playback operation will be paused, Clear this bit to
resume the operation

When this bit is set, a read of COMP_CFG will result in the current operation
mode of compression and sample rate rather than the setting of the COMP_CFG
register. A write to COMP_CFG will still result in setting the register, but the
contents of the register cannot be read back until CFGO_READ is set to zero,

Set this bit to 1, the input to the signal path will not be ramped during the loop-play, but
will be ramped to zero when the playback finishes or being stopped by a STOP or
STOP_LP command. Please note that NRMP and LRMP should not be set at the same
time.

This Is a read only register, that when high indicates that the audio FIFO has
under-run, that is audio data was not present when required by the signal path.
This Is a normal condition at the end of a play command when compression is
active. It can be used during a SPI_DAC operation to check whether data sent to
ISD61S00 was corrupted. This signal is latched and is reset by writing a 1
followed by a 0 to CFG1[7], the FIFO Over-run bit,

When read, a high indicates that the audio FIFO has over-run, that is audio data from the
signal path could not be processed fast enough to keep audio integrity and data was lost,
This Is a normal condition at the end of a record command when compression has
finished. It can be used during a SPI_ADC cperation to check whether data received from
the ISD161500 was corrupted. This signal is latched and is reset by writing a 1 followed
by a 0 to the register.
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8.2.3 COMP_SRC —~ Compression Source

Address Access Mode Value Al Reset
0002 RV 0x00
Bit7 Bit6 BitS Bit4 Bit 3 Bit 2 Bit 1 Bit0

Reserved | DECODE | SPIIN | Reserved | Reserved | Reserved | ENCODE | SPI_OUT

sP1 ouT Output signal data to SPI. SPI_OUT and ENCODE cannot be both on at the same time. if

= DECODE is selected, the signal path is bypassed and ISD161500 is ready for SPI playback
operation, if DECODE is not set then the signal source is the audio path and a SPI ADC
operation is selected. Use the SPI_RCV_AUD command to read the audio data out the SPI
interface

SPLIN Input data from SPI. SPI_IN and DECOOE cannot be both on at the same time. If ENCODE Is
set, then an SPI record operation s selected. If no audio data is sent to the signal path for a
SPI DAC operation. Use the SPI_SND_AUD command to send audio data to the ISD61S00
from the SPI interface.

ENCODE Used in conjunction with a record operation. When selected, signal data is routed to the Audio
compressor for compression. If SPI_IN is also selected, the signal path Is bypassed and
becomes ready for an SPI record operation using the SPI_SND_AUDIO command,

DECODE Used in conjunction with a play operation. When selecied the signal path picks up data from

the compressor and plays it to the corresponding outputs selected

8.24 CLK_CTRL - Clock Control

Address Access Mode Value At Raset
On03 W ()3
Bit7 Bit6 Bit5 Bit4 Bit3 Bit 2 Bit 1 Bit0
DPLL_RANGE DPLL_EN |CODEC_FS BCLK_RATE
BCLK RATE  Determines the bit clock rate of the 125 interface in master mode.
- 0: 8.192MHz
1. 4.096MHz
2: 2.048MHz
3: 1.024MH2z
4; 512kHz
5: 256kHz
6: 128kHz
7. 6akHz
CODEC_FS Determines the master sample rate of the audio CODEC. 0. 8kHz 1: 16kHz
DPLL_EN 1. Enable Digital PLL. Used when PCM Interface in siave mode o synchronize master
clock rate to an external frame sync sample rate on WS pin. To use this mode PLL must
also be active.
DPLL_RANGE Lock-in range of digtal PLL Use smallest value that achieves locking. Range Is

approximately 0: 10ps, 1. 20ps, 3: 40ps, 7:120ps.
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8.25 CFG17 —Update Mode

Address | AccessMode | Value A Reset
o017 RAW 001
Bit7 Bité BitS Bit4 Bit 3 Bit 2 Bit 1 Bit0
PLL_LOCK| RB_SPI | Reserved | Reserved | DEC  |COMPRESS| UPDATE |  IMM
IMM Immediate update mode. Registers 0x000-0x016 are double buffered. If IMM bit is set
register values are active as soon as written.
UPDATE If IMM bt is not set then registers 0x000-0x016 do not take effect untd a 1 is written to this
register
COMPRESS  Read only bit ndicating that compression engine is active
DEC Read only bit indicating that compression engine is 1: deceding 0: enceding
RB_SPI This bit s set f users wish to monitor the RDY/BSYB handshake through SPI status
rather than the hardware pin. When set it ensures that when conducting DIG_WRITE,
SPI_SND_AUD and SPI_SND_DEC commands that the RDY bit of the status register is
latched on SPI byte boundaries for comrect read back,
PLL_LOCK Read only status indicating that PLL s locked.

8.3 Clock Generation and PLL

The PLL may be used to muiltiply an extemal input clock reference frequency by a high resolution
fractional number. To enable the use of the widest possible range of external reference clocks. the PLL
block includes an optional divide-by-two prescaler for the input clock, a fixed divide-by-four scaler on the
PLL output, and an additional programmable integer divider that is the Master Clock Prescaler.
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Figure 84 Clock Generation Block Deagram

The high resolution fraction for the PLL is the ratio of the desired PLL oscillator frequency and the
reference frequency at the PLL input. This can be represented as R = {3, with R in the form of a
decimal number: xy.abcdefgh. To program the ISD61S00, this value is separated into an integer
portion (“xy"). and a fractional portion, The fractional portion of the multiplier ("abcdefgh’) is a value that
when represented as a 24-bit binary number, most closely matches the exact desired multiplier factor,

To keep the PLL within its proper operating range, the integer portion of the decimal number ("xy”), must
be any of the following decimal values: 6,7, 8,9, 10, 11, or 12, The input and output dividers outside
of the PLL are used to scale frequencies as needed to keep the “xy" value within the required range,
Thus, for any given design, choose

R = f.f, = xy.abcdefgh decimal value

N = xy truncated to only the integer portion of the R value and N limited to decimal value 6, 7, 8, 9, 10,
11, 0r 12

K = (2*)(0.abedefgh), rounded to the nearest whole integer value, then converted to hexadecimal 24-bit
value

REGA44{3:0] Is set with the whole number integer portion {N) of the multiplier

REG41-REG43 is set collectively with the 24-bit fractional portion (K) of the multiplier

REGA44[4] PLL Prescaler set as necessary

REG40{4.:2) Master Clock Prescaler and BCLK Output Scaler set as necessary

8.3.1 Phase Locked Loop (PLL) Design Example

The target IMCLK rate is atways 24 57T6MHz, which implies a PLL frequency f; of 98.304MHz,
In this example system design, there is already an available 12.000MHz clock from the USB subsystem.
To reduce system cost, this clock will also be used for audio. Therefore, to use the 12MHz clock for
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audio, the desired fractional multiplier ratio would be R = 88.304/12.000 = 8.192. This value meets the
requirement that the “xy" whole number portion of the multiplier be in the range between 6 and 12.

To complete this portion of the deségn example, lhe integer portion of the multipier is truncated to the
value, 8, The fractional pomon is multiplied by 2% as to create the needed 24-bit binary fractional value,
The calculation for this Is: (2*)(0.182) = 3221225 AT2. It is best to round this value to the nearest
whole value of 3221225, or hexadecimal 0x3126E9. Thus, the values to be programmed to set the PLL
multiplier whole number integer and fraction are:

R44  Oxnmé@ , integer portion of fraction, (nm represents other settings in R44)
R41  Ox31 ; highest order 8-bits of 24-bit fraction

R42  Ox26 ; middle 8-bits of 24-bit fraction

R43  OxEQ : lowest order 8-bits of 24-bit fraction

Below are additional exampies of results for this calculation applied to commonly available clock
frequencies.

12.0 98,3040 1 1 8.192000 8 312659
144 88,3040 1 1 6.826667 6 D3ADED
19.2 88.3040 2 1 10.240000 A 3D070A3
19.8 98.3040 2 1 9.929697 9 EEQ0SE
240 98 3040 2 1 8,192000 8 3126E9
260 98.3040 2 1 7.561846 7 8FD526
Table 8-3  PLL Fraquency Examples
8.3.2 PLL_CLK
Ox040 RW 20
Bit7 Bit6& Bit5 Bit4 Bit 3 Bit 2 Bit1 Bit0
Reserved | MIC_CLK QSR MCLK_DIV OPCLK_DIV

OPCLK_DiV Divisor of MCLK for optional GPIO clock output, foacek = fay { (OPCLK_DIV+1),
Master clock scaler. Used to adjust clock to 24 576MHz for correct operation. Divisors

MCLK_DIV are: 000=1, 001=1.5, 010=2. 011=3, 100=4, 101=8, 110=8, and 111=12.
OSR Oversampling rate of DAC. 1: OSR = high (lower out of band noise), 0: OSR = low,
MIC_CLK Microphone sampling clock frequency. 1: 84kHz, 0: 32kHz.
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8.3.3 PLL_FRAC

Address Access Mode Value At Reset Noamminal Valee
0x041-0x043 RW Ox000000
Bit? Batt Bats Bird Ba3 B2 Barl Bad
PLL_FRAC [23:16]
PLL FRAC [158)
PLL_FRAC [70]

PLL FRAC The PLL fractional divider, This 24 bit number represents the fractional part of the PLL
- divider ratio R. Value of fractional part is PLL_FRAC + 2™

834 PLL_CTRL

Address A Access Mode Value At Reset
Ondla4 RW (88
Bit7 Bite Bit5 Bit4 Bit3 Bit2 Bit 1 Bito
LL_PRESC
PLL_EN |PLL_BYPASS| Reserved ALER PLL_DIV_N
PLL_EN Enable PLL
PLL_BYPASS Bypass PLL and apply XTALIN clock directly to CLKM
PLL_PRESCALER PLL Prescaler. 0:f; = XTALIN. 1: f, = XTALIN/2
PLL_DIV_N Integer portion of PLL divisor ratio R, Must be in the range 6-12,

*To disable PLL_EN, first set (REGOx03) DPLL_EN = 0 and (REGOx44) PLL_BYPASS = 1. DPLL_EN
cannot be enabled while PLL is disabled.

8.4 Digital Audio Interface Control

The ISDG1S00 has a flexible digital audio interface to enable communication of digital serial audio.
Communication is controlled by a bit clock and frame synchronization signal, The ISD81S00 has two
physical transmit'recelve channels, each capable of carrying two audio channels, to allow connection to
multiple digital audio sources. Both these channels share common clock and synchronization. The clock
and frame sync can be configured as outputs (ISDB1S00 is master and generates clock and frame sync)
or inputs (ISD61S00 is slave and accepts clock and frame sync), In slave mode the master dock input
must either be synchronous to the frame sync signal or the internal digital PLL must be enabled to allow
data synchronization.
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The audio path of the ISD81S00 can generate/accept twe channels of audio data. These can be routed to
either PCM Interface. In addition data can be lcoped from one PCM interface to the other.

The interface has a variety of modes. In 125 mode, PCM interface conforms to the 12S digital audio
interface convention where left channel data is active when frame sync is low (WS=0) and right channel
when frame sync is high (WS=1). In PCM mode data transfer is synchronized to the rising edge of the
frame synch (WS) signal. Where data is placed for each channel is configurable through time siot conirol

Addkess Access Mode Value Al Reset
o150 RW 0x00
Bit7 Bit& Bit5 Bit4 Bit 3 Bit 2 Bit 1 Bit0
SCK_INV | TRLEN PCM_I2S |PCM_MODE| PCMIL PCMIR PCML PCMR
PCMR Enable PCM/12S data out on right channel.
PCML Enable PCM/I2S data out on left channel.
PCMIR Enable PCM/I2S data out on right channel of PCM1 interface
PCM1L Enable PCM/I2S data out on left channel of PCM1 interface
PCM MODE 0: Master Mode, 1ISD61S00 generates SCK and WS. 1: Stave Mode, ISD61S00 accepts
> WS and SCK from host
PCM_I2S 0: 12S mode, 1;: PCM mode.
TRI_EN Tristates the PCM bus after second half of LSB,
SCK_INV 0: Data clocks on rising edge of SCK. 1: data clocks on falling edge of SCK

The PCM/I2S bus uses GPIO pins 4-8 as listed below and s enabled by setting the PORTA_AF and
PORTB_AF registers to enable the alternate functions of these pins. SCK frequency in master mode is
controlied by CLK_CTRL (0x003) register (Section 8.2.4).

PORTA<4> GPIO<4> SDO Serial Data Out ™ (o) (o)
PORTA<5> GPIO<5> WS WS/Frame Sync FS o) I
PORTA<6> GPIO<6> SCK Serial Bit Clock BCLK © I
PORTA<7> GPIO<7> SDI Serial Data In RX I |
PORTB<0> GPIO<8> SDO1  Serial Data Outl ™1 0] o
PORTB<1> GPIO<9>  SDI1 Serial Data In1 RX1 | |

In addition to 12S mode the interface can be configured into a generic PCM interface with control of where
and how data is transmittad/received.
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8.4.2 PCM_TSLOTL

Address . Access Mode Value Al Reset
D051 RW Oox01
Bit 7 Bit 6 Bit 5 Bit 4 Bit 3 Bit 2 Bit 1 Bit 0
TSLOTL[7:0]

Left channel PCM data starts TSLOTL clocks after WS rising edge. Bits 9:8 are in

TSLOTLE0]  pem” coMPO register

843 PCM_TSLOTR

Address Access Mode Value At Reset
0152 RW ox11
Bit7 B 6 Bit5 Bit4 Bit3 Bl 2 Bit1 Bito
TSLOTR(7:0]

: Right channel PCM data starts TSLOTR clocks after WS rising edge. Bits 9:8 are in
TSLOTRISO]  pCM_MODE register.

8.4.4 PCM_COMPO

Addkess ‘ Access Mode Value AL Resat
0053 RW 00
Bit7 | Bit6 Bit5 Bit 4 Bit 3 Bit 2 Bit 1 Bit0
TSLOTR[E:8] TSLOTL{9:8] RX_COMP | RX_ULAW | TX_COMP | TX_ULAW

RX_COMP 1: Enable receive companding. 0: disable
RX_ULAW 1: Rx al.aw companding. 0: Rx uLaw companding.
TX_COMP 1. Enable transmit companding. 0: disable
TX_ULAW 1: Tx aLaw companding. 0: Tx uLaw companding.

845 PCM_TSLOTL1

Address Access Mode Value At Reset
Ox54 RW 0x01
Bit 7 Bit6 BitS Bit4 Bit 3 Bit 2 Bit 1 Bit0
TSLOTLI[7:0]
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Left channel PCM1 data starts TSLOTL clocks after WS rising edge. Bits 9.8 are in

TSLOTLIO0]  pent” COMPO register.

846 PCM_TSLOTR1

Address | AccessMode Value At Reset
0x055 RW 0x11
Bit7 Bit6 BitS Bit 4 Bit 3 Bit 2 Bit 1 Bit0
TSLOTR1[7:0]

Right channel PCM1 data starts TSLOTR clocks after WS rising edge. Bits 9.8 are in

TSLOTR1[9:0] PCM_MODE register.

8.4.7 PCM_COMP1

Address | Afcess Modc | Vollp At Rosel
()56 RW a0
Bit? Bit6 Bit5 Bit4 Bit 3 Bit 2 Bit1 Bit0
TSLOTR1{9:8] TSLOTL1[2:8] RX_COMP1 | RX_ULAW1 | TX_COMP1 | TX_ULAW1

RX_COMP1  1: Enable receive companding. 0: disable (PCM1)
RX_ULAW1  1: Rx aLaw companding. 0: Rx uLaw companding. (PCM1)
TX_COMP1 1: Enable transmit companding. 0: disable (PCM1)
TX_ULAW1 1: Tx aLaw companding. 0: Tx uLaw companding. (PCM1)
The following diagram lustrates the various signais that can be routed to the PCM/IZS interfaces.

Pubiication Release Date: Mareh 10, 2011
- 46 - Rewvision 2.7



ISD61S00 DESIGN GUIDE

NnNuUvoTOoON
TX_LT_SEta)
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TXR—< | TXU
RX_L0—=»
NIUTED} - o —- o Loug 150 Brice ‘
TX_R1_SEL[10] el
TX R —tol 4wt Ront| 150
= PCMY
TX L —w
RX_R0—<e! | TX 87 SOt
NUTED) -
RX_L1 wAHLn]16:0]
RX_R1 =R
TX_L0_SEL[10)
| WS WS
BCLK BOLK
TX_RO_SEL[1.0] 500
™. ' ot Rout] 150
TXL e P
RX_R1 TX_Rf)
MUTEL) S0
RX_LO < Un[15:0] e 3
RX_RO ‘+M‘5ﬁ
125_PCM_INFO
RX L SEL RX_R_SEL
— RX_LO — RX_RO
— RX_RO — RX_LO
ML= —epy R — RX_R1
— MUTE F— MUTE
Figura 8-5 PMCA2S signal rouhing
848 PCM_TX_SEL
Addess  Access Mode Value At Reset
0057 RW 0x00
Bit7 Bit6 Bit5 Bit4 Bit3 Bit 2 Bit 1 Bito
TX_R1_SEL TX_L1_SEL TX_RO_SEL TX_LO_SEL
TX_LO_SEL  Select what audio to send on left channel of PCM bus

-47 -
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TX_RO_SEL  Select what audio to send on right channel of PCM bus
TX_L1_SEL  Select what audio to send on left channel of PCM1 bus
TX_R1_SEL  Select what audio to send on right channel of PCM1 bus

8.49 PCM_RX_SEL
' AdEs | Access Mode

Address \?a_iué Al Reset
Dx058 RW 0x00
Bit7 Bit6 Bit5 Bit4 Bit3 Bit 2 Bit 1 Bit0
Reserved Reserved RX_R_SEL RX_L_SEL
RX_L_SEL Select what audio to send to left channel signal path.
RX_R_SEL Select what audio to send to right channel of signal path
TX_LO_SEL TX_RO_SEL TX_L1_ SEL |TX_R1_SEL |RX_R_SEL |RX_L_SEL
0 TXL TX_R TX_L TX_R RX_RO RX_LD
1 TX_R TX_L TX_R TX_L RX_LO RX_RO
2 RX_L1 RX_R1 RX_LO RX_RO RX_R1 RX_L1
3 MUTE MUTE MUTE MUTE MUTE MUTE

8.5 GPIO and Interrupt Configuration

The ISD61S00 contains up to 17 GPIO pins. These pins can be configured as inputs or outputs, have
configurable drive strength and puli-up pull-down capabdity. Some GPIO pins have an alternate optional
function, such as [2S interface or ring detector input. The GPIO are divided into three ports: A, B and C
PORTA consists of GPIO<7.0>, PORTB consists of GPIO<15:8> and PORTC consists of GPIO<16>. The
port functionality is controlled by the following configuration registers, Transitions on the GPIO pins can
generate a GPIO_INT interrupt and also be configured to wake the chip up from a power-down state. The
user must be aware that some GPIO pins have default altemate functions that must be enabled for
correct operation (for internal memory devices these include PORTC[7:1] and for external memory
devices PORTA[1:0] are used for memory access).

8.51 PORT_CFG

Address Access Mode Value At Rm Nomunal Valkse
Ox00B W 0x00
Ba? Baf BaS Bt Bud B2 Bul B
RDET_IN PORTC_H_INT | PORTC_L_INT | PORTB_H_INT | PORTE_L_INT | PORTA_H_INT | PORTA_L_INT
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PORTA_L_
PORTA_H_INT
PORTB_L_INT
PORTB_H_INT

PORTC_L_INT
PORTC_H_INT

RDET_IN[1

INT

0]
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If this bit is set and the corresponding PORTA_IE bit. then transitions on
PORTA[3:0] will generate a GPIO wakeup interrupt

if this bit is set, and the corresponding PORTA_IE bit
PORTAI7:4] will generate a GPIO wakeup interrupt.

If this bit is set, and the comresponding PORTB_IE bit
PORTBI{3:0] will generate a GPIO wakeup interrupt.

If this bit is set and the corresponding PORTE_IE bit
PORTB{7:4] will generate a GPIO wakeup interrupt.

If this bit is sel. and the corresponding PORTC_IE bit
PORTCI[3:0] will generate a GPIO wakeup interrupt,

Not used = set to zero.

These bits determine which GPIO
GPI0<13>, 1: GPIO<14>, 2: GPIO<15>, 3: GPIO<16>

, then transitions on
. then ftransitions on
. then transitions on

. then transitions on

port is used as the ring detector input, 0:

When the ISD61S00 goes into a power-down state the status of the GPIO ports are latched. If a GPIO
pin, that has its interrupt enabled and wake-up enabled, toggles the chip will execute a wake-up event,
The device will automatically execute Voice Macro 2 if prasent or, if this voice macro is blank, it will enter

the power-up idle state and generate an interrupt fo the host,

8.5.2 PORTx_IE

AKH! Mode

Address Value At Reset Nosminal Valoe
0x00C-0x00E RW 0x00
Bat? But BasS Bt But} B2 Bal B
PORTA_IE
PORTB _[E
PORTC_IE
PORTA_IE This register s the interrupt enable mask for PORTA. If the bit is set then that GPIO
can generate a GPIO_INT event. Similarly for PORTB_IE and PORTC_IE
8.53 IEOD
Address Access Mode Value At Reset Nomninal Valkse
0x014 W OxFF
Ba? Bub BusS Bust Bud Bu2 Bt Bud
GPIO_INT |MPT_ERR| WR_FIN |CMD_ERR|OVF_ERR | CMD_FIN |ADDR_ERR|FULL_ERR

The |ED register enables the interrupt associated with the bit mask and corresponds to the interrupt status

bits in STATUS_REG[1).

-40.
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Address Aceess Mode Value At Reses Neosunal Vakos
OxD15 nw OxEF
Bat? B But5 Bt Bud Bu2 Butl Bud

VD_INT
RNG_INT | CAS_INT | FSK_D FSK_E | TONE_INT | DTMF_INT | CPT_INT |MIMER_INT

The IE1 register enables the interrupt associated with the bit mask and corresponds to the interrupt status
bits In STATUS_REG|2].

8.5.5 PORTA_DO

Addiress Access Mode Value At Rm Nommnal Vakee
0x019 RW %00 '
Ba? Bat BaS But Bud Bu2 Bl Bud
PORTA_DO

PORTA DO This register contains the data to be written out the GPIO pins of PORTA. Data will
- propagate to the pin if the corresponding PORTA_OE bit is enabled.

8.5.6 PORTA_OE

Address Access Mode Value At Reset Noatunal Valkee
OxOTA W 0x00
Ba? Bus Bas Bust Bad B2 Bul B
PORTA_OE

This register contains output enable mask for the GPIO pins of PORTA. If a
PORTA_OE PORTA_OE bit is high data in the PORTA_DO register will propagate to the pin. If low
the driver of the pin is in a tri-state condition.

8.5.7 PORTA_PE

Addsess Access Mode Value At Reses Noaunal Vadoes
Ox0IB W OxFF
Bat? Bué But5 Bt Butd B2 Butl Bid
PORTA _PE

PORTA pPg  1his register contains the pull enable mask for the GPIO pins of PORTA If a
= PORTA_PE bit Is high then a pull-up or pull-down is connected to the pin depending
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on the state of PORTA_PS

8.5.8 PORTA_DI

Address Access Mode Value At Reset Nommnal Vakee
! Ox0IC R OxFF
I Ba? Bud BuS But Bul Bu2 Bal Bud
l PORTA_DI

PORTA_DI This read only register reflects the state of the GPIO pins of PORTA,

859 PORTA_PS

Address Access Mode Value At Reset Nosmnal Valoe
Ox0LD W OxFF
Bat? Buss Bas Bat But Bi2 Bl B0
PORTA_PS
PORTA_PS This register contains the pull select mask for the GPIO pins of PORTA. If a

PORTA_PS bit is high then a pull-up is selected or if low a pull-down.

8.5.10 PORTA_DS

Address Access Mode Value At Reset Nomunal Valkse
0x01E nw 0x00
Ba? Bud BaS Bet B} B2 Bul Bud
PORTA_DS

This register selects the drive strength of PORTA pins. A high selects high drive a

PORTALDS |5 configures a normal drive capability. Refer to Section 3 for drive value.

8.5.11 PORTA_AF

Address Access Mode Value At Reset Nowmnal Vakse
0x01F W 0x03
Bat? B But5 Bisd B3 B2 Bul B
PORTA_AF

Pubiication Release Date: Mareh 10, 2011
- 51 - Rewistan 2.7



NnuUvoToN

PORTA_AF

The ports B and C have similar control registers with the following addresses:
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This register selects the alternate function of the GPIO pin.

PORTB_PS 034
PORTB_DS 035
PORTB_AF 036
PORTC_DO 037
PORTC_OE 038
PORTC_PE 039
PORTC_DI 03A
PORTC_PS 038
PORTC_DS 03C
PORTC_AF 03D

PORTA_DO 019
PORTA_OE 1A
PORTA_PE 018
PORTA_DI 01C
PORTA_PS 010
PORTA_DS 01E
PORTA_AF 01F
PORTB_DO 030
PORTB_OE 031
PORTB_PE 032
PORTB_DI 033
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Port GPIO Pin Alternate Function Description

PORTA<0> GPIO<0> DO DO pin for external memory access
PORTA<1> GPIO<1> CLK CLK pin for external memory access
PORTA<4> GPIO<4> SDO 12S Serial Data Out

PORTA<5> GPIO<5> WS 12S WS

PORTA<6> GPI0<6> SCK 12S Serial Clock

PORTA<T> GPIO<T> SDI 12S Serial Data In

PORTB<0> GPIO<8> SDO1 PCM1 Tx Data

PORTB<1> GPIO=9> son PCM1 Rx Data

8.6 16 bit Indirect Index register R0O-R7

« 1B bit RO ~ R7 register store the VP/VM indexes for the indirect playback commands. Indirect
Playback commands include:
o PLAY VP@Rn
o BLAY VP LP@Rn
o | Rn

For example.  If RO=0x0020, then a PLAY_VP@RO0 command will actually play VP @ Index 0x0020; a -

EXE_VM@RO0 command will actually execute VM @ index 0x0020

Bit4 Bit3

Bit7 Bit6 Bit5 Bit 2 Bit1 Bit0

CFG20 RO[7:0]

CFG21 RO{15:8)

CFG22 R1[7:0]

CFG23 R1[15:8]

CFG24 R2[7:0]

CFG25 R2{15:8)

CFG26 R3(7.0)

CFG27 R3{15:8]

CFG28 R4[7:0]

CFG29 R4[15:8]

CFG2A R5[7:0]

CFG2B R5[15.8)

By
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CFG2C R6[7.0]
CFG2D Ré(15.8]
CFG2E R7(7:0]
CFG2F R7[15:8]

8.7 Microphone interface and Auxiliary Interface

The 1SD61S00 contains a fully integrated programmable microphone interface. No external components
other than the microphone are required to operate the circuit. The microphone interface can operate in
three modes: 1) Microphone Voltage gain mode; 2) Microphone Current gain mode; 3) Auxiliary input
mode. For the Current gain mode an intemnal or external resistor can be selected to determine the gain.
For the Auxiliary input mode it is recommended external resistors are used, though optionally the internal
gain resistor can be selected,

The interface modes above can be selected with register MIC_MODE[2:0] of register MIC_CTRL. The
microphone block is powered down until MIC_EN bit of MIC_CTRL is set to one.

In order to minimize the audible pops and clicks, It is not advised to change the MIC_GAIN[7:4] in real
time but preferably mute the digital signal path prior to any gain changes.

871 MIC_CTRL

Addrass Accass Mode Value At Resat
(06 RW Ox00
Bit7 Bitg Bit5 Bit4 Bit3 Bit 2 Bit1 Bit0
MIC_GAIN MIC_EN MIC_MODE

MIC_MODE[2:0] Sets AC input amplifier mode of operation (voitage mode, current mode,
external resistor, internal resistor)

Table 8-4 Microphone and Auxiary mode settngs

MIC_MODE[2:0] | Operation mode
00 Microphone Voltage-gain mode with intemal gain resistor
001 Not allowed
010 Microphone Current-gain mode with internal gain resistor
011 Microphone Current-gain mode with extemnal gain resistor
100 Auxiliary input mode with intermal gain resistor
101 Auxiliary input mode with external gain resistor
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MIC_GAIN[7:4] Set microphone gain in voltage-gain mode. Adjustable voltage gain range.
14dB~37 .6dB, 16 steps linear in dB with step size of approximately 1.5dB.

Table 8-5 Micraphone Gam settings
MIC_GAIN[7:4] Gain(dB) Boosted MIC_GAIN[7:4) Gain(dB) Boosted
0000 37.65 431 1000 24 .80 305
0001 35.98 415 1001 2317 287
0010 34.33 40 1010 2153 27.05
0011 32,70 382 1011 19.95 255
0100 31.086 366 1100 18.54 242
0101 2947 35.05 1101 16.86 224
0110 27.89 335 1110 15.52 212
0111 26.38 31.88 111 13.95 19.5
8.7.2 MIC_BIAS
Address Accass Moda Valua At Resed
007 RW 000
Bit 7 B 6 Bit5 Bitd Bit 3 Bit 2 Bit 1 Bit0
MIC_RES BOOST MIC_BIAS
BOOST Boost microphone voltage gain.
MIC_BIAS[2:0] Set microphone bias voltage reference
Tabie 8-6 Microphone Bias settings
MIC_BIAS[2:0) Vref (V)

000 1.992

001 219

010 2434

011 2.738

100 1.218

101 1.253

110 1.512

11 1.754
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MIC_RES[7:4] Set microphone bias resistor

Table 8-7 Microphone Ression seftings

MIC_RES[7:4] RL (kQ) Code RL (kQ)
0100 Open 1100 1.25
0101 10 1101 1.11
0110 s 110 1
0111 333 111 0.91
0000 25 1000 0.83
0001 2 1001 0.77
0010 1.67 1010 0.71
0011 142 1011 0.87

The basic operation of the voltage gain moede is shown in Figure 8-6 Microphone Voltage Gain Mode

. The microphone is connected to the pins MCP and MCGND. The pin MCO s connected to the output of
the microphene amplifier and can be used for monitoring the AC level, The voitage gain is set by register
MIC_GAIN[7:4). This register provides a gain range from 14dB to 38dB. In addition the BOOST bit of
MIC_BIAS[3] can be enabled to add an additional 6dB voltage gain. The gain is set by a ratio of intemal
resistors, providing accurate gain control. The pin MCP also supplies the bias reference for the
microphone, The bias consists of a programmable resistor and a programmable low noise voltage
reference. The programmable resistor is set by register MIC_RES[7.4] and can be set to cpen and 670
Ohm to 10kChm, The programmable voitage reference is set by register MIC_BIAS[2:0] and can be set

from 1.22Volt to 2.74Volt.
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VoRage Gain Mode
MIC_MODE = 000

Figure 8.6 Microphone Vollage Gain Mode

For higher gain configurations, the current gain mode can be used. Figure 8-7 Microphone Current Gain
Mecde

shows how the current gain mode is used. The current gain mode uses the same programmable
microphone bias voitage and resistor as the voltage gain mode. The gain is set by either the intemal gain
resistor or an external resistor, depending on the MIC_MODE setting. Since the current gain mode is
using a single resistor, the gain accuracy is limited. However, large gain can be achieved. Note that a
2500hm ESD protection resistor is connected to the MCO pin. This resistor should be considered when
calculating the gain.
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Current Gain Mode
MIC_MODE =010 or 011

V. o ADC
5 [ | '
- i |
" R 5
: S
Rm: MC_GARTA]
|
ok A
o> WW
! 25062
|
i !Iﬂi--(km+250lhmode0|l
) V.
S R, ) for mode 010

iy
Rypy > 20463

1
L)
'

Figure 8-7 Microphone Current Gan Mode

The value of R; feedback resistor for mode 010 is shown below. [t fixes the transimpedance gain.
The resistor accuracy is +/-15%.

MIC_GAIN[7 :4] R, (kQ)
300

247
203
167
137
113
93

76

83

52
10 42

@QNOMQQIN-A

(3 (& |
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The voltage gain from MCP to MCO can be expected in the range of 29 to 55dB vith a standard electret
microphone and a microphone bias resistor set to 10K Ohm (MIC_RES[7:4]=0x05)

The voltage gain from MCP to MCO can be expected in the range of 26 to 48dB vith a standard electret
microphone and a microphone bias resistor set to 0.67K Chm (MIC_RES[7:4]=0x08)

One should note that the gain depends on the microphone internal characteristics and part number.
The following figure is an example and should not be taken as an exact list of gains.

T R
& S R T e i

o ——
S
Y

—_——

I

3

(d3)

ne B

-0

-5

13K " 108 e
fraq { M2 )

Figure 8-8 Current Mode Gamn with Electrat MIC modal

For non-microphone applications one or more Auxiliary inputs can be connected to the MCP pin as shown
in Figure 8-8 Auxiliary Input Mode

below. The MIC_RES register should be set to open in order to disconnect the microphone bias. For the
gain setting it is advised to use external gain resistors only for optimal matching and accuracy. The
2500hm ESD protection resistor should be considered again when calculating the gain. Note that for this
mode the MCGND pin is tied to the external supply ground. A clean ground reference should be used for
this.

Publication Release Dare: Mareh 10, 2011
-39 - Revision 2.7



ISD61S00 DESIGN GUIDE
NnuvoTonN

Auxillary Gain Mode
MIC_MODE =101
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Figure 8.9 Auxilary Input Mode

8.8 PSTN Analog Input

The PSTN analeg input consists of two multiplexed pins to allow on-hock CID sncoping along with normal
off-hook operation. Input amplifier consists of two stages with independently settable gains as described
in Table 8-8.

The input source of each stage is controlled by a multiplexor set by registers described in Table 8.9,
Stage one input can be selected from the TI1 input, the TI2 input or a loop-back of the PO output. Stage
two inputs can be stage one allowing cascading of gains, or stage one can be bypassed and inputs of
Ti1, TI2 or TI3 can be selected. Note that TI3 is not necessary available as described in the Pin
Configuration (section 3). The two gain stages together can provide gains from 0dB to 42dB. In addition,
power control for this amplifier is controlled by the TI_EN bit of the TI_CTRL register.

Inputs should be capacitively coupled into the TIxN and TixP pins. The gain stage feeds the Line ADC
which has a full scale range of Avdd/(2°1.41)V,, or Avdd/2 V..
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Figura 8-10 T1 Input Amplifier
8.8.1 TI_GAIN
At_ﬂmss Aboe'_ss Moda Valua At Rosei
(14 RW Ox00
Bit7 Bite Bit5 Bit4 Ba3 Bit2 Bit 1 Bito
RESERVED TI_G2 TI_G1
TI_G1[1:0] Setstage 1 Tl amplifier gain,
TI_G2[2:0] Setstage 2 TI amplifier gain.
88.2 TI_CTRL
X005 RW %00
Bit 7 Bité BitS Bit4 Bit3 Bit2 Bit 1 Bit0
TILEN RESERVED Ti_s2 TI_S1

TI_S1[1:0] Select input of stage 1 TI amplifier
TI_S2{1:0] Select input of stage 2 Tl amplifier.
TILEN Enable (power up) Tl amplifier.
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First stage selection
T1_S1[1] | TI_S1[0] | input selected
0 0 | none Don't use
0 11T Select Tl1 pins
1 0| TI2 Select TI2 pins
1 1| PO* Select PO pins
Second stage selection
T1 S2{1] | TI_S2{0] | input selected
0 0 | Output of stage 1 default
0 1(TH Select TI1 pins
1 0| TI2 Select TI2 pins
1 11 TI3 Select TI3 pins

* When this mede is selected the PO+ PO- pins are internally connected to the input of the PSTN analeg

interface.

First stage gain settings

Second stage gain settings

T _G1[1]

TI_G1[0] | gain

unit

0 0 0

dB

dB

dB

0 1
1 0 12
1 1 18

dB8

Tl_G2[2]

T1_G2[1]

T1_G2[0]

gain | unit

dB8

d8

dB8

dB8

—olo|o|o

Ola|lslolo
Ol |O | |O

dB
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Tabie B.8 TI Gain Settings

gl Gain [d8) 1Sz Gain [dB)
| Bin Hex 8in Hex
00 0 0d8 000 0 0dB
01 1 6dB 001 1 6 dB
10 2 12 dB 010 2 12 98
" 3 19 dB on 3 18 48
100 4 24 8
Table 8.9 TI MUX Settings
T 81[1:0) T1_52[1:0]
Input Input
Bin Hex Bin Hex
00 0 MNooe 00 0 S1G1
01 1 T 01 1 T
10 2 Ti2 10 2 Ti2
11 3 PO 11 3 T3

8.9 Analog Outputs

Analog outputs consist of a differential speaker driver capable of driving 8Q and a differential line driver
for the PSTN interface capable of driving 1200). These buffers are connected to the two DAC paths
incorporating digital gain control. The ANA_OUT register controls the analog function of these two drivers
aliowing power control via SPK_EN and PO_EN and gain setting (including MUTE) via PO_GAIN and
SPK_GAIN. In addition a single-ended AUX output capable of driving a load of 1uF plus 47KQ in series is
available. The AUX driver full scale output voltage is half the one of the PO and SPK drivers.

When the PO and SPK drivers are power down their outputs are tri-stated. When the AUX driver is power
down tri-state is achieved by setting the register TRI_STATE to 1,

When enabied, the DC level on the analeg outputs is typically AVDD/2.

o N
rO_SANR

Figure 8-11 Analog Output
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8.9.1 ANA_OUT

Address Access Mode Valua At Resel
0x008 RW 0x00
Bit 7 Bit6 Bit5 Bit4 Bit 3 Bit 2 Bit 1 Bit0
PO_EN PO_GAIN SPK_EN SPK_GAIN
SPK_GAIN Set speaker driver gain
SPK_EN =0 Disable (power down) speaker DAC
=1 Enable speaker DAC
PO_GAIN  Set line driver gain
PO_EN =0 Disable (power down) line DAC
=1 Enable line DAC
SPK_GAIN[2:0] Gain(dB) PO_GAIN[5:4] Gain(dB)
0XX MUTE 0XX MUTE
100 0 100 0
101 0 101 0
110 3 110 3
11 -3 111 -3
8.9.2 ANA_CTRL
Address Access Mode Value At Reset
0x009 RIW 0x00
Bit7 Bit6 Bit5 Bit4 Bit 3 Bit 2 Bit 1 Bit0
PU_PO PU_SPK | AUX_SEL |TRI_STATE Reserved PU_AUX |MUTE_AUX
MUTE_AUX =0 Mute auxiliary buffer
=1 Un-mute auxiliary buffer.
PU_AUX =0 powerdown
=1 powerup
TRI_STATE =0 Default
= 1 Disconnect any impedances from the AUXOUT output
AUX_SEL

=0 PSTN DAC is selected (default)
=1 SPEAKER DAC is selected
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PU_SPK =0 power down
=1 powerup
PU_PO =0 power down
=1 powerup

8.10 DTMF Detection

Dual Tone Multi Frequency (DTMF) signals consist of a sum of twe tones: a low tone of 697Hz, 770Hz,
852Hz or 941Hz (row tone) and a high tone of 1209Hz, 1336Hz, 1477Hz or 1633H2 (column tone) as
shown in Table 8-10. The DTMF detector filters the incoming signal and separates it into row and column
tones, as shown in Figure 8-12. When valid data is detected, the resulting deceded data is pushed onto a
FIFQ which can be read by the host through the SPI interface,

When DTMF detection is enabled channel data is scanned for DTMF tones. Three programmable timer
registers - Present Detect Time (DTMF_PDT), Acceptance Time (DTMF_ACCT), and Absent Detect
Time (DTMF_ADT) - and the frequency deviation (DTMF_FREQ_DEV) and threshold (DTMF_THRES)
registers allow the user to configure the sensitivity of the DTMF detector, as shown in Figure 8-13 and
described below,

The DTMF detector performs a frequency estimation calculation to determine the frequencies present in
the channel data input. Once the mput signal has been determined to carry energy exceeding
DTMF_THRES at one of the row (column) frequencies for DTMF_PDT within the error tolerance specified
by DTMF_FREQ_DEV, the row (column) detect flag is asserted,

When both the row and column detect flags have been asserted, the DTMF_STATE goes to 1. Once the
DTMF_STATE has been high for DTMF_ACCT, the signal is determined to be a valid DTMF signal. At
this point, DTMF_RDY is asserted and the received data is decoded from the row and column
frequencies and pushed onto the FIFO. The DTMF_STATE and DTMF_RDY status flags may be read
from the DTMF_RX_DATA status register,

When the tone is outside of the tolerance specified by DTMF_FREQ_DEV for DTMF_ADT, the row
(cofumn) detect flag is de-asserted.

When a DTMF tone is detected the ISD61S00 can be configured to generate an interrupt to the host
processor for service.

DTMF detection is available with the 8KHz sampling rate.

Figure 8-12 DTMF Detector - Functional Block Disgram
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DTVF .'_‘,’?‘"_( T70Hz & 133%6Hz )
ROW tone l
tPwismmads 2, == &
ROWdet |
COL tone
1 Prom Begues ) POT. ALT 4>
COLdet |
DTMF_State | l -
[ ROWdet & =g
DTMF_RDY | |
DTMF_Rx_Data X §
Figure 8-13 DTMF Detector Acqusition Timing
Tabie 8-10 DTMF Tone Decoding
Colamn frequency
1200Hz | 1336 Hz | 1477 Hz | 1633 Hz
697 Hz 0x01 .. 0x02 ... 0x03 .,.c 0x00 1.
1 2 3 A
0x04 0x05 0x06 0x0E
Row e 4 = 5 = 4 - B -
Frequency i 2 et ol
852 Hz 0x07 o O0x08 pux 0x09 10 OXOF 10«
7 8 g C
941 Hz OXO,B"‘“‘ om:,_, Oxo:.. mog..,

A detatled description of the DTMF Decoder control registers follows:

- 006 -
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8.10.1 DTMF_CTRL

Address  Access Mode Value At Reset Nosmnal Valwee
Ox1E0 RW 0x00
Ba? But Bas Bist B} Bu2 Bal Bit)
DTMF_EN | Reseved DTMF_FREQ_DEV DIMF_TC
DTMF_TC Sets the time constant used for DTMF signal energy level estimation, The

DTMF_TC constant controls the speed at which the energy converges.
Smaller values of DTMF_TC cause faster convergence at the expense of
lower precision. Higher values of DTMF_TC will provide a more precise
estimate of the energy while trading off a slower convergence time.

The allowable frequency deviation of DTMF tone detector. As given in Table
8-11

Enable DTMF detection block.

DTMF_FREQ_DEV

DTMF_EN

Table 8-11 DTMF Frequency Dewation Regster

DTMF _FREQ DEV Frequency Deviation
0 2.0%
| 2.5%
2 3.0%
3 3.5%
8.10.2 DTMF_FIFO_CTRL
Address Access Mode Value At Reset Nowzinal Valee
7 0x1E] RW 0x40
| Bat? B Bat Buth B Bl B
| Reserved FIFO_LEN Reserved | Reseved | Resaved | FIFO_CLR
FIFO LEN  Sets the FIFO level at which the DTMF detector generates an interrupt to the host.
Interrupt is generated when FIFO_LEN+1 tones have been received.
FIFO CLR  Resets FIFO to empty and clear the content of the FIFO.
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8.10.3 DTMF_FIFO

Address Access Mode Value At Resec Nesunal Vadoee
| Ox1E2 R Ox00
I Bat? Bué But5 Bt B3 B2 Butl B
| FIFO_DEPTH FIFO_DATA

FIFO _DATA A read to this reqgister reads back the head of the FIFO and increments read
pointer to next address

FIFO DEPTH  Is the number of entries remaining in the FIFO before the current read operation.

8.10.4 DTMF_FIFO_STATUS

Address Acceas Mode Value At Resec Nesmnal Vadae
(x1E3 W Uil
Bat? Bué Bats Bt Bitd B2 Bl B0
FIFO DEFTH Reserved Resesved FIFO FULL | FIFO_EMP

FIFO DEPTH Indicates the number of entries present in the DTMF FIFQ, same value as
FIFO_DEPTH of previous register

FIFO_FULL Read only active high bit indicating when FIFO is full. Any data received while this
bit is high is lost. Total depth of the DTMF FIFO is 8.

FIFO_EMP Read only active high bit indicating when FIFO is empty.

8.10.5 DTMF_THRES

Address Access Mode Value At Resec Neaninal Vadoe
Ox1 E4-OxtES W 0x0100
But7 Batf Bat3 Bid Bit3 Bat2 Bnl B0
E4 DTMF_THRES[15:8)
ES DTMF_THRES[70)

DTMF_THRES DTMF Threshold. signal level required to qualify as a valild DTMF signal. The
threshold in dB is given by 10 * logy; (OTMF_THRES * 2%). The DTMF threshold
ranges from -12 dB to -66 dB, and the default is -42 dB, If the signal level is below
DTMF_THRES, the results of the frequency estimator are ignored and the signal
will not be detected as a valid DTMF signal
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8.10.6 DTMF_PDT

Address Access Mode Value At Resec Nesunal Vadoe
Ox1E6 W Ox00
Bat? Bué But5 Bt B3 B2 Butl B
DIMF_PDT

This is the Present Detect Time, the time for which a tone must be present to be

DTMF_FOT qualified as a valid DTMF tone. Units are 0.5ms, range is 0-127.5ms.
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8.10.7 DTMF_ADT

Address Access Mode Value At Reset Noominal Valkse
Ox]ET W Ox00
Bu? Bid Bus Bt Bid B2 Birl Bid
DIMF_ADT

DTMF ADT This is the Absent Detect Time, the time for which a tone must be absent before a
= signal is considered a new DTMF tone. Units are 0.5ms, range is 0-127 5ms

8.10.8 DTMF_ACCT

Address Access Mode Value At Reset Neaninal Valae
Ox1ES RW 0xfl0 ‘
Bit? Buss Bits Bisé Bu3 Bi Bl Bit0
DTMF_ACCT

This is the Accept Time, (DTMF_ACCT + 1) * 0.5ms, the time for which a tone must

DTMF ACCT be stable to be qualfied as a correct tone. Units are 0.5ms, range is 0.5-128ms. This

s guard time improves detection performance by rejecting detected signals with
insufficient duration and by masking momentary detection dropout

8.10.9

8.10.10DTMF_RX_DATA

Address Access Mode v\’due At Reset . Nammnl Valae
OxLEA R Ox00
Ba? Buté Bats Bt Bl B2 Bl B
m_m { - STA’ RESERVED | RESERVED m_u_mr&

DTMF Detector received data. This register can be used as an alternative to the
DTMF_RX_DATA  £i£G_ This data is valid when DTMF_RDY is active.

DTMF_STATE Indicates whether a valid DTMF tone is currently being detected and present
time (PDT) is qualified.

DTMF_RDY Indicates that a valid DTMF tone has been present for required hold time
(ACCT).

Pubiication Release Date: Mareh 10, 2011
- 70 - Rewistan 2.7



=

ISD61S00 DESIGN GUIDE
NnuUvoToOoN
E—

8.10.11DTMF_ROW_FREQ

Address Accesy Mode Value At Reses Nosunal Vados
Ox1EB O EC R 0x0000
Bit7 Bat Bats Bud Bat3 Bat2 Batl Bt
DTMF Row Frequency [70]

DTMF_ROW_FREQ{15:3] is the integer part of the DTMF Row frequency,

glw”': DTMF_ROW_FREQ[2:0} is the decimal fraction part of the DTMF Row frequency (13.3
format). These two bytes are for debug mode, and display the DTMF Row frequency
Frequency directly.
8.10.12DTMF_COL_FREQ
Address Accoss Mode Value At Reset Nomnal Vakee
Ox1ED-Ox1EE R 0x0000
Bit) Bas Bas Bad B3 a2 2al B0
ODTMF DTMF_COL_FREQ[15:2] is the integer part of the DTMF Ceolumn frequency,
Column DTMF_COL_FREQ{2:0] is the decimal fraction part of the DTMF Column frequency
2 EIRET (13.3 format), These two bytes are for debug mode, and display the DTMF Column
oY, frequency directly.
8.10.13Tip & Tricks

Below is an example of an interrupt service routine for the DTMF detector interrupt.

unsignad char ucVals

ucval = ReadRegister { CFG DTMF FIFO STATUS );
if( !(ucval & Ox01)){
de |

// FIFO not empty — gst it

ucval = ReadReglaster { CFG_DTMF _FIFO );

/! Store data in a FIFO for processing

dtmfFIFO.data{dtmfFIFO.w_ptr++] = ucVal & Ox0F:
i while( ((ucVal>>4) & Dxf)>»1 )s
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8.11 DTMF and Arbitrary Tone Generation.

The ISD61S00 has two independently programmable woice-band oscillators for DTMF and FSK tone
generation. The tone generators can be controlled by individual registers or automatically by the DTMF or
FSK generation sub-systems.,

Figure 8-14 Tone Generator Block Diagram

The tone generator block operates in three different modes:

1. DTMF Mede: in this mede DTMF digits are generated from data read from a FIFO for a register-
specified on and off time time.
2. Programmable Mode: This mode generates a user-defined tone for a register-specified on and
time time.
3. Continuous Mode. This mode generates a user-defined tone continuously until the user
intervenes to stop generation.
In Dual Tone Multi Frequency (DTMF) mode two tones are used to generate a DTMF digit. One tone is
chosen from four possible row tones, while the other tone is chosen from four possible column tones. The
sum of these tones constitutes one of 16 pessible DTMF digits as shown in Table 8-13, Tones are
generated according to the data written in the TONE_INDEX_X registers. Up to twenty four DTMF digits
can be loaded into these registers for transmission. The register TONE_LENGTH determines how many
of these DTMF digits will be generated.
For example, to generate the DTMF string 4085442222 TONE_LENGTH is set to 10, the number of
digits to transmit, TONE_INDEX_0 is loaded with 0x40, TONE_INDEX_1 is loaded with 0x85 etc.. To
generate the tones, DTMF_MODE, GEN_EN and CLK_EN are all set high in the TONE_CTRL register.
When digits have been generated GEN_EN will be self-cleared indicating operation has finished.
In programmable mode the TONE_LENGTH register sets the number of tones to generate, Tones have a
duration of TONE_ON_TIME and are spaced TONE_OFF_TIME apart. To generate a single tone of
longer than 255ms the TONE_OFF_TIME can be set to 2zero and a tone of
TONE_LENGTH'TONE_ON_TIME ms can be generated.
Continuous mode is entered by setting TONE_ON_TIME, TONE_OFF_TIME, and TONE_LENGTH all to
0. The user may then set the frequency and level for tones A andior B, which vill then be generated
continuously as long as GEN_EN and CLK_EN are set high.

Configuration for the three modes is listed below.
Tabie B-12 Tone Genaration Mode Setup

Mode TONE_FREQ_A | TONE_LEVEL_A | TONE_ON_TIME | TONE_OFF TIiME | TONE_LENGTH | INDEX_n
TONE_FREQ B | TONE_LEVEL B
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Coninuous User dafinad User definad Set D Set °D St D Dont

Mode e

DTMF Mode Dan’t care User defined Usar defined User defined Number of dgirs | Digils to
n tone index send
1egisters

Programmable | User dalined User delinad User defined User defined Number of tones | Dont

Moda 1o genemio Lo

8.11.1 TONE_CTRL

Address Access Mode Value At Reset Norminal Vake
0x1C0 RW Oxll0
Bit7 Bit6 Bt S Bit4 B3 Bit2 Bt Bito

CLK_EN Reserved Reserved Reserved Re=arved Raserved  |DTMF_MODE|] GEN_EN

GEN_EN 1: Start tone generation, 0: Write a zero to stop tone generation. GEN_EN will self-clear after
completion of tone generation in DTMF mode or in programmable mode.

DTMF_MODE 1: DTMF mode. 0: Programmable tone mode,

CLK_EN 1: Enable clk. 0; Disable clk. To minimize power consumed by the tone generator, clock
should be disabled when not in use.

8.11.2 TONE_FREQ_A

Address Access Mode Value At Resec Neaninal Vadoe
0x!1C10x1C2 W 0x0000
But7 Batf Bat3 Bid Bit3 Bat2 Bnl B0
Cl Resarved TONE_FREQ_A[14 8]
2 TONE_FREQ_A[7T 0]

TONE_FREQ_A Sets the frequency of tone A to TONE_FREQ_A * 2.5 Hz. If set to zero, tone A
is disabled. Register is ignored in DTMF mede. Valid range for this register is
0x0000 - 0x0640 (4 kHz).
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8.11.3 TONE_FREQ_B

Addsess Access Mode Value At Reses Nesunal Vabos
OiC3 0xiCe W 0x0000
But7 Batf Bat3 B4 Bat3 Bat2 Batl Bt
¢3 | Resarved TONE_FREQ B[148]
4 TONE_FREQ_B{7 0}

TONE_FREQ_B Sets the frequency of tone B to TONE_FREQ_B * 2.5 Hz. If set to zero, tone B
ts disabled. Register Is ignored in DTMF mode. Valid range for this register is
0x0000 =~ 0x0640 (4 kHz).

8.11.4 TONE_LEVEL_A

Mdness Access Mode Value At Reset Nominal Vakue
x1C5H RW Ox00
Bit7 gite Ba S Bit4 B3 Bit2 Bt 1 Bito
TONE_LEV_A

TONE_LEV_A Sets the level of tone A relative to full scale. Level (dBFS) = (TONE_LEV_A-83)2

8.11.5 TONE_LEVEL_B

Addiess Access Mode Value AL Resat Nominal Vake
0x1C6 RW (xll0
Bn7 Bit G Bt 5 B4 Bat 3 Bit2 Bt 1 Bito
TONE LEV B

TONE_LEV_A Sets the level of tone A relative to full scale. Level (dBFS) = (TONE_LEV_A-63)2

8.11.6 TONE_ON_TIME

Addrass Access Mode Vale Al Resal Nominal Vakie
ox1C7 RW 0x00
Bit7 Bit6 Be S Bit4 Bit3 B2 B 1 Bito
TONE_ON_TIME

TONE_ON_TIME Sets the present (on) time of each tone to TONE_ON_TIME * 1ms. Setto
2ero for continuous mode.

Publication Releaze Date: Maveh 10, 2011
- 74 - Revision 2.7



ISD61S00 DESIGN GUIDE
NnNUuUvoToOoN
=
8.11.7 TONE_OFF_TIME

Address Access Mode Value Al Resat Nominal Vale
0x1Ca RW 0x00
an7 Bit 6 Ba 5 Bit4 Ba3l Bit 2 Bat 1 aito

TONE_OFF_TIME

TONE_OFF_TIME It sets the absent (off) ime between each tone to TONE_OFF_TIME * 1ms.
Set to zero for continuous mode.

8.11.8 TONE_LENGTH

Addrass Acoass Mode Value Al Resst Nominal Vakie
ax1ce RW 0x00
Ba7 I Bit6 B& S5 Bit4 Bit3 Bit2 B 1 Bit0
Rasarved I Resanad Raserved TONE_LENGTH

TONE_LENGTH This register determines the number of DTMF digits to be sent in DTMF mode
Digits are stored, two per byte, in the TONE_INDEX_X registers. The
maximum number of DTMF digits is 24,

In programmable tone mode, the tone length sets the number of tones to
generate, maximum number Is 24.

For continuous mode, TONE_LENGTH must be set to 0.

8.11.9
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8.11.10TONE_INDEX_0 ~ TONE_INDEX_A

Address Aceess Mode Value At Resec Neeninal Vasoe
Ox1DG-0x1DB RW 0x00
Bit? Bath Bats Bard Bat3 Bat2 Bal B0
Digit 0 Digit 1
Digit 2 Digit 3
Digit 4 Digit 5
Digit 6 Digit 7
Digit 8 Digit 9
Digit 10 Digit 11
Digit 12 Digit 13
Digit 14 Digit 15
Digit 16 Digit 17
Digit 18 Digit 19
Digit 20 Digit 21
Digit 22 Digit 23
Digit0 ~23  These registers can be loaded with up to 24 DTMF digits. The DTMF generator

will send the fall TONE_LENGTH digits in this register bank sequentially. The
frequencies generated by each nibble are defined in Table 8-13.

Tabie 813 DTMF Frequency Mapping

Column frequency

1200 Hz | 1336 Hz | 1477 Hz | 1633 Hz
e 0X07 sae | OX02 sas 0x03 x| 0X0D nea

1 2 3 A
Rom e 0x04 1ae | OX05pay 0x081ax | OXOE u

Frequency 4 3 6 B
0X07 pax | OX08 pey 0x09 10y | OXOF pax

8

o2z 7 8 g C

941 Hz OXO.BM OXOOAM Oxof... Oxog...

8.12 FSK Generation
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The ISDB1XX provides an FSK generator supporting Bell 202, Bell 103, ITU-T V.23 and ITU-T V.21
standard FSK. The FSK Generator controls the tone generator to generate phase continuous tones at the
appropriate frequency and baud rate, The generator can be configured to package bytes with selectable
start and stop bits and a parity bit. Alternatively, the user may enable software mode (SW_MODE) and
configure mark and space frequencies and baud rate generate arbitrary FSK waveforms.

The block diagram of the FSK generator is shown below, Data to be transmitted is lcaded into the 8 deep
FIFO. The Interface can be configured to generate interrupts to the host when this FIFO is empty or less
than haif full. The protocol for transmission is selected by the control registers FSKE_CTRL1 and
FSK_CTRL2. Bits in these registers allow the user to configure the baud rate, mark and space
frequencies, parity bit generation and START and STOP bit generation.

FSK transmission is initiated by asserting FSK_EN bit. The FSK transmit data is clocked serially out of the
FIFO one byte at a time beginning with the LSB. If package mode (PACKAGE_EN) is enabled, a ‘start bit’
{Space) will automatically be added to the head of the FSK transmit data. Furthermore, one or two 'stop
bits' (Mark) are added to the end of the FSK transmit data, depending on the setting of STOP_SEL_ If
package mode is not enabled the FSK transmit data is transmitted as it appears in the FSK FIFO.

Figure 8-15 Architecture of Linear FSK Wavelom Genesator
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Address Access Mode Value Af Reset Noeminal Vakie
Ox160 RW 0x00
Bn7y Bt6 Bus B4 Bt3 B2 Bt BAOD
FSK_EN  |PACKAGE_EN| HALF_FIFO_INT | FSK_TX_ON | STOP_SEL RESERVED
FSK_EN 1: Enable FSK encoder. 0. Power down FSK encoder.
PACKAGE_EN 1. Package mode. 0: Normal mode. In package mode data byte will be packaged as
followrs:
« A start bit at SPACE frequency.
« The data byte.
« A parity bit as determined by FSKE_CTRL2
« One or two stop bits at MARK frequency depending on STOP_SEL bit.
HALF_FIFO_INT Enables interrupt when FIFO depth changes from 5 to 4 (half empty condition). The FIFO
also generates an interrupt when FSK_TX_ON is enabled and the FIFO is empty.
FSK_TX_ON When set FSK Encoder will transmit data from transmit shift regsster. Also when set
encoder will generate an interrupt when FIFQ is empty
STOP_SEL 1: Two STOP bits generated. 0: One STOP bit generated.

8.12.2 FSKE_CTRL2

Address Accass Moda Value A Reset Norminal Vake
161 W C0e3 -

Bit 7 Bit & Bit & Bit 4 Bit3 Bit 2 Bit 1 Bit 0
PARITY EN |PARITY_TYPE] NIR_EN | RESERVED | BAUD 11D SPEC_SEL
PARITY_EN 1: Enable parity generation. 0. Disable parity generation.

PARITY_TYPE 1:Evenparty. 0:Odd parity,

IIR_EN Enable IIR filter for FSK power mask specification, (Default on)

BAUD_110 When set generate FSK at 110 baud if Bell 103 selected.

SPEC_SEL Determines the FSK specification that is generated according to Table 8-14.

Table 8-14 FSK Encoger Specification Selection

SPEC_SEL | 000 | 001 010 1011 700 701 710 111
Spec. v2s | vaz3 ggg Bell 202 | Bell 103 | Ben103 | v21 | v21
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Baud 0 75 1200 150 1200 300 bps | 300 bps
Rate [ 1 | bps | bps | bps | bps [710bps | 110 bps | o0 PPS | 300 bps
Mark ‘1’ 390Hz | 1300Hz | 387Hz | 1200Hz | 1270Hz | 2225Hz | 980Hz | 1650Hz
Space ‘0’ | 450Hz | 2100Hz | 487Hz | 2200Hz | 1070Hz | 2025Hz | 1180Hz | 1850Hz2
8.12.3 FSKE_TX_DATA
Address Access Mode Valua A Reset Nominal Vakue
Ox162 w ax00
Bt 7 Bit & Bit5 Bit 4 Bil 3 Bit 2 Bit 1 Bit0
FSK_TX_DATA
FSK_TX_DATA A write to this register pushes the data onto the Tx FIFO.
8.12.4 FSKE_STATUS
Address Access Moda Value N Reset Nominal Vale
Ox163 R 0x00
Ba7 Bit6 Bt 5 Bit 4 Bit 3 Bit2 Ba1 Bit0 I
RESERVED | RESERVED | FIFO_EMP | AIFO_FULL AFO_DEPTH I
FIFC_DEPTH Returns the current number of entries in the Tx FIFO,
FIFO_FULL Set when Tx FIFO is full.
FIFO_EMP Set when Tx FIFO is empty.
8.12.5 FSKE_GAIN
Address Access Mode Value Al Reset | Noenirsal Value
Ox164 RW 0x39
Bt 7 Bit & Bit5 Bit 4 Bit 3 Bit 2 Bil 1 Bito
RESERVED | RESERVED FSX_GAIN
FSK_GAIN This register controls the gain of the generated FSK waveform relative to full scale,

Gain (dBFS) = (FSK_GAIN-63)2.0 Gain range Is 0 to -31 5dBFS

8.12.6 FSKE_PROG

Address Access Mode Value Al Reset Noeninsal Value
165 RW 0x00
B 7 Bit 6 BitS Bit 4 a3 Bit 2 Bit 1 Bito
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Address Access Moda Value At Reset Nominal Vahue
SW_MODE | RESERVED | RESERVED | RESERVED | RESERVED | RESERVED | RESERVED SW_FLT

SW_MODE When set, SPEC_SEL 5 ignored and the FSK encoder frequencies and baud rate are
controlled by FSKE_MARK_FREQ, FSKE_SPACE_FREQ, and FSKE_BAUD described
below.

SW_FLT This register controls the specification for the filter conirolted by IIR_EN {0x23.5)

0: use built in filter coefficients

1 use software programmable filtter coefficients. These ceefficients are stored in the
CAS/ATD tone detector RAM accessible through registers 0x274~0x275

8.12.7 FSKE_BAUD (SW_MODE = 1)

Address Access Mode Value Al Resal Noeminal Vake
Ol B6-0x 168 RW (00000
B 7 Bit 6 Bt 5 Bit 4 Bt Bit 2 Bit1 aitd

RESERVED | RESERVED | RESERVED | RESERVED | RESERVED | RESERVED | BAUD_RATE_CNT[17 16)
BAUD_RATE_CNT[158)
BAUD_RATE_CNT[7:0]

BAUD_RATE_CNT In SW_MODE these registers determine the baud rate of generated FSK. Each bit is
generated for BAUD_RATE_CNT * 81.38ns.

Baud rate = 1/( BAUD_RATE_CNT * 81.38e-9)
BAUD_RATE_CNT = 12,288,000/baud rate

8.12.8 FSKE_MARK_FREQ (SW_MODE =1)

Addrass Accass Moda Valua At Reset Noeminal Vake
Ox168-0x16A RW ax00 ‘
Bu7 Bité BitS Bit 4 B3 Bit 2 Bil1 Bito
RESERVED MARK_FREQ{14 8}
MARK FREQ[T 0]

MARK_FREQ In SW_MODE these registers determine the mark frequency of the generated FSK.
Fraquency is given by MARK_FREQ * 2.5Hz.
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8.12.9 FSKE_SPACE_FREQ (SW_MODE = 1)

Addrass Accass Moda Value Al Reset Nominal Valoe
Ox166~0x16C | RW 0x00
Bi7v Bita Bit5 Bit4 Bit3 Bit2 Bit1 Bitd
RESERVED SPACE_FREQ[14 9]
SPACE_FREQ[TO)

SPACE_FREQ In SW_MODE these registers determine the space frequency of the generated FSK,
Frequency is given by SPACE_FREQ * 2.5Hz.

8.12.10 FSKE_TEST
Address Access Moda Volue Af Reset Norminal Vatue

ax186D RW 0x00
Bi7 Bita BitS Bit4 Bit3 Bit 2 Bit1 Bito I

RESERVED | RESERVED | RESERVED | RESERVED | AUTO_GEN | RESERVED | RESERVED RESERVEDI

AUTO_GEN Setting AUTO_GEN will implictly set FSK_EN, FSK_TX_ON, PACKAGE_EN. and
STOP_SEL. The FSK_FIFQ will be fed random data generated by LFSR,

81211

8.12.12 Example FSK Generator Usage

Below is an example of an interrupt service state machine to service the FSK generation interrupt. The
general configuration of the encoder and path is assumed to be setup and a 10ms timer tick interrupt also
enabled. The routine will send out carrier synchronization signal along with data loaded into a transmit
FIFO

PUBLIC wvold wFSRCenFaN (void)
I

static byte byCounter;
byta 4, tmp)
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byte bNumChangelizeBytas = NUOM_SEIZE;
byte burMarkBytes = NUM_MARK:

switch(byFSXGenState)

Case FSEG_IDLE:
if (bUsbCtr1i0] & DSB_CTYRLO_FEX_GEN_START)
|
byFEKGenStates = FSRG_CHANNEL SEIZURE:
]
break:
case F3EC_CHANNEL SEIZURE:
/{ The assunption here iz that the FSK encoder block
// genaral configuration has bean setup alraady now
// we just turn off package mode and send channel seizure
/f sigmal.
tap = ReadRegister|CFG_FSKE_CTRLL):
top &= ~CPC_FSKE_CTRL1__DPACKACE EN)
tmp |= CPG_FSKE CTRL1__FSX_TX ON | CFS_FSKE_CTRLl_FSX_EN
|CTG_FSKE_CTRL1__HALF_FIFC_INT:
writeCfoReg (CPC_FEKE_CTRL1, tap)
top = ReadRegister(CFG_FSXE_CTRLI):
top &= ~CFG_FSRE CTRLZ_ PRRITY _EN;
writeCEfgRaqg (CPG_FSKE_CTRLZ, tap)
if (bNunChanSeizeBytaes > 8)
|
/! Load first 8 bytes into FEX FIFO

foxr {1=07i<3814i++)
|
writeCrgRaq (CFG_FSKE_FIFO_W, 0X55))
]
DyFSKGanState = FOKC_CHANNEL SRIZUREZ)
bNunChanSeizeBytes -=3;
|
else if{b¥unChanSeizeByt=s (= ()
|
// Load bytess into F8X FIFO
for (i=0;i< bNumChanSeizedytes;:idd)
{
writeCfgRag (CEG_FSKE_FIFO W, 0x55);
|
byFEKGanState = FSKG_CARRIER GEN;
punchangeizaBytas = 07

alse
/{ Mo Channal Saizure. Add MARX and go to carrieyr gan.

writeCfgReg (CPG_FSKE_FIFO W, 0xXFF):
byFSRCanState = FSRLC_CARARIER_GEN)
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pyCountexr = 0y
break:
Case FSRC_CHANNEL SEIZURE2:
if (DevStatus[2) & STATUSI_FSK_E)
|
// We get here FIFO interrupt has occurred. There i= space for
/¢ at least 4 bytes (half intarrupt set)
if IbNunChanSeizeBytes > 3)
|
// Load 4 bytes into FEK FIFO
for (i=0;i<4;i++)
|
writeCfgReg (CFS_FSKE _FIFO M, 0x53):
|
byFSkGenState = FSKG_CBANNBL_SEIZVRES:
punChanseizaeBytes -=4;

elze

l

// Load bytes into PSR FIFO
for {i=0;i< bNunChanSsizeBytes;ist)
|

writeCfgReq (CEG_FEKE_FIFO W, 0x55);

1
writeCrgReq (CFG_FEKE_FIPO_W, OXFF) )
byFEKGenState = FENG_CARRIER GEN:
DurcChanssizaeBytas = 0

1
break:
casc FSKC_CARRIER_GEN:
/! Getting hers means we have finished loading sych sigmal
// but doss not mean that FIFO is onpty. Hext we need to wait
// & certain nunber of ms before sending first data.This can be
// achieved by sanding OXFF.
if (Dev2tarus({l] & STAT022_FSK_E)
|
// Wa gat here FPIFO interrupt has occurraed. Thers 12 space fox
// at ieast 4 bytes (half intecrupt set)
if {b¥unMarkBytes > 2)
i
// Load 4 bytes into FEK FIFO
for {i=0;i<4:;i+4)
|
writeCfgReqg (CPG_FSKE_FIFO W, 0XFT):
|
byFENGenState = FSNG_CARRIER GEN;
DiusMarkBytes =41

slac
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break:

// Load bytea into FSX FIFO

for (i=0;i< bNunMarkBytes;i++)
|
writeCEfgReg |ICFG_FSKE_FIFO W, 0xET);

|
writeCfgReq (CFG_FSKE_FIFO_W, OXFF):

// Ensure that next INT is for FIFO empty
top = ReadRegister (CFG_FSXE CTRLL):

top &= ~CPC_FSKE_CTRL1__HALF_FIFO_INT
writeCfgReg [CFG_FSKE_CTRLL, top) s
byCountex = 0J

DYFSKGanState = FSNG_DATA_CONFIGS
oNuMarkBytes = 0f

case FSEC_DATA_CONFIG:
if [Dav3tatus(2] & STATUSI_¥FsK_E)}

// Carrier phase finished set up data transfer,

tnp = ReadRegister (CFC _F2XE CTALL))
tnp |= CPG_FSRE_CTRLl__FACKAGE_EW | CEG_FSKE_CTRL1__FSX_TX ON |

CFG;_FSKE_CTRLL__FSK_ZN | CFG_FSKE_CTRL1__HALF FIFO_INT;

writeCfoReq (CFC_FSKE_CTRLI, tmp) |
tnp = ReadRaglscar (CFC_FSXE CTRLY) )
top |= CPG_FSKE_CTRLZ__PARITY E=N:
writaCfgReq (CFC_FSKE_CTYRLZ, tap)

it |rTxDatafifo.Dapth >= E)

// Load the fivst E samplas
for (i=0;i<8;i++}
|

writeCEgReq (CEG_FEKE_FIFQ N, TxDataFifo,Fifo_Buffar|(TxDataFifo.ReadIndex++ & O0x3F)]);

breaky

|
TxDataFifo,Depth -= §;

pyFERCensState = FSKG_DATA ZX)

case FSEG_DATA TX:
if ({DavStatus[2] & STATUS2 FSX B) || {DavStatus[3) & STATUS3_TIMIR_IN?Z))

// Get here either for a FIFO int or TIMER interrupt.
// Find amcunt of space on FIFO

tep = 8 - (ReadReglster{CFG_FSXE_STATDS) & OxOF))
if({TxDataFifo.Depth >= top)

// There are tap available bytes to transmit
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for (1=05i<tmp)i++)
|

writeCrgReqg (CFC_FEKE_FIFO W, TxDataFifo.Fifo_Buffer| |TxDataFifo.ReadIndax++ & 0x3F)]1)7

|
TxDacaFifo.Depth -= tap)

I

else if{TPxDataPifo.Depth)

|
// There are more bytes to Tx
for (i=0ji<?xDataFifo.Depthri++)

writeCEgReg (CPG_FSKE_FIFO W, TxDataFifo.Fifo_Buffer| (TxDataFifo.ReadIndex++ & 0x3F)]):
I
TxDacaFifo.Depth -= TxDataFifo.Depthy

else
|
// Only get to hare 1f TXDQTaFIFO0 {s capry. Check for EOT
// condiziom which is USB_CTRLO_FSX_GEN_START =et low, If 5o
// and FEK FIFO i enpty we can end transaigsion.
if({{eUsbctrl(0] & USB_CTRLO_FSK_GEN_START)==0)
E: (tmp == 3))
|
tnp = ReadRagistaer (CFC_FSXE CTALL))
top &= ~(CFG_FSXE_CTRLL__¥FSK_TX ON |CPG_FSKE_CTRL1 _FSK_EN):
writeCfgReqg (CPG_FSKE_CTRLL, tap)
byFEKCansState = FERG_IDLE)
1
|
1
break:
dafaulc:
byFEXGeanState = FSNG_IDLE;
broak)

8.13 FSK Detection

The ISD61XX has an FSK Detector supporting Beil 202, Bell 103, ITU-T V.21 and ITU-T V.23 standard
FSK. The detector is capable of operating at baud rates of 75, 110, 150, 300, and 1200bps. The
architecture of the FSK detection system is shown in Figure 8-16 Block Diagram of FSK Detector
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.The system consists of filttering the incoming signal followed by a match filter to extract FSK data.
Additional blocks perform carrier detection and clock recovery to synchronize the data and lcad It into a
FIFO for host processing, The match filter consists of a shift register sampling the signal at 48kHz. This
sampled waveform is compared to the matching tempiates impulse_L and impulse_H for the mark and
space frequencies each sample pericd, A peak detector determines which of the frequencies is present
and outputs the resuit.

8-bit FSK data is packaged along with optional START, STOP and PARITY bits. The expected format of
the data is configurable, Transmission of 2 *1' bit is called a MARK, transmission of a ‘0’ bit is called a
SPACE. MARK and SPACE frequencies are determined by the FSK standard configured. The 8-bit data
is transmitted LSB first.

The match filter calculates a matching score for the SPACE (Y0) ard MARK (Y1) for each sample period.
The score is determined by rotating the pattern template against the input signal (FSK_IN) and counting
the number of matches to the template giving a score between 0 (no matching bits) and N (maximal
matching bits). To improve detection accuracy and nolse immunity, the detection can be performed over
multiple samples. This is controlied by the FSKD_JUDGE register where detection can operate between
one and ten sample periods.

Gordoa ) Match Filter
LR S
~ ? Yo
—»  XNOR "= Comparake 1
FSKD N Br Ehin '- V:-‘
Biquad Fiter Threshokd Register - . 5 MAX PEAK
—»  XNOR 1 Comparaxe L
~ '. Y1
=1
Imputse_H
v po—
Camer Clock ; pr—— repn
“*  Detecton RECOVEY |  morme AFo
Figura 8-16 Block Diagram of FSK Detector
8.13.1 FSKD_CTRL
| Address Access Mode Value A Reset  Nominal Vaie
Ox180 RW ax00 '
Ba7 Bit 6 Bits Bit4 Bal Bt 2 Bit 1 BitQ
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Address Access Mode Value A Reset Noemisal Value
FSK_EN ]coe_oa_uo[ MARK_DET | RESERVED | RESERVED | RESERVED | RESERVED | FSK_INT_MD

FSK_INT_MD 1: The FSK interrupt will only occur when a 0x55 or O0xAA byte is detected; this mode is
used for detecting channel sezure signal.
0: The FSK interrupt will occur normally; this mode is used for receiving data transmission.
The FSK interrupt will occur based on the FIFO_LEN parameter of register
FSKD_FIFO_CTRL. The interrupt will not occur again until FSKD_FIFQO_DOUT register is
read

MARK_DET 0: Normal operation,
1: For type 11 CID only when FSK session does not contain channel seizure, Causes
carrier detection to only look for MARK signal when in Bell 202 or V 23 mode.
CDB_DET_MD  0: Type 1 FSK detect. Channe! seizure will be detected for CDB.
1: Type 2 FSK detect. Mark and space frequency will be detected for COB.

FSK_EN 1: Enable FSK detection block. 0: FSK detection block povwered down,

Two types of FSK sessions are common, Type 1 session begins with a channel seizure phase where
alternate mark and space signals are transmitted to allow channel synchronization. Type 2 FSK has no
channel seizure phase but rather begins with long MARK signal, To trigger operation of the FSK detector,
the circuit first determines whether an FSK carrier & present. This is reflected by the CDB (carrier detect
bar) bit in FSKD_STATUS. Once a carrier is detected the FSK demodulator is enabled and data is
decoded. The carrier detect condition is determined by the following table.

CDB_DET_MD MARK_DET  Bell103, V.21 Beliz02,v.23

0 0 Detect FSK channel seizure and in-  Detect FSK channel seizure and
band mark or space frequency. Use in-band energy level. Use for
for Type 1 FSK Type 1 FSK.

1 0 Detect FSK in-band mark or space  Detect FSK in-band mark or space
frequency.” Use for Type 2 FSK. frequency.’ Use for Type 2 FSK.

1 1 Detect FSK in-band mark or space Detect FSK in-band mark

frequency.” Use for Type 2 FSK frequency only,

" For Bell202 and V.23, circult will pge inband energy level speclied by FSKD_ENERGY HIGH TH (0x18C)  and
FSKD_ENERGY _LOW _TH (0x18D) registers for the CODB on and off condon

! When FSK doesn’t contaln channel sezura and starts with long mark, This mode onfy detect in-band mark and space frequancy.
<software should checx  FSKD_STATUS (D183} regester FSK_DF_OUT bit for desenmining mark duration.

¥ When FSK doesnt contain channel seizure and staris with long mark, This mode only delect in-band mark and space frequancy,
<software should check  FSKD_STATUS (0x183) regesier FSK_DF_OUT bil for deleamining mark duration.
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8.13.2 FSKD_MODE

Address Access Mode Value Al Reget Noeninal Vale
_ Ox181 RIW Ox04
[ ma7 Bit 6 Bit § Bit 4 Bit 3 Bt 2 Bt 1 B 0
| Reseved | Resenved | PARITY EN jPrRITY_TYPE MODE[3-0]
PARITY_EN When set decoder expects a parity bit in the received data following the & data bits. Parity
error status s reported in bit 3 of FSKD_FIFO_STATUS (0x18B).
PARITY_TYPE 1. even parity, 0: odd parity
MODE[3:0] Selects the mode of FSK detection, Valid mode settings are shown in Table 8-15.
FSKMode[3:0] 0111 0110 0101 0100 0011 0010 0001 0000
Spec, V21 V.21 Bell 103 Bell 103 Bell 202 va3
Baud Rate 300 bps 300 bes 300 bps 300 bps | 1200 bps 1200 bes
Mark “1" 1650 980Hz 2225Hz 1270Hz 1200Hz 1300Hz
Space 'V 1850 1180H2 2025H2 1070Hz 2200Hz 2100Hz
FSKMode[3:0] 1111 1110 1101 1100 1011 1010 1001 1000
Spec. Bell 103 Bell 103 | Bell 103 Bell 103 Eell 103 Bell 103
Baud Rate 75 bps 75 bps 110 bps 110bps | 150 bps 150 bps
Mark ‘1" 2225Hz 1270Hz 2225Hz 1270Hz 2225Hz 1270Hz
Space '0’ 2025Hz 1070Hz 2025H2 1070Hz 2025Hz 1070H2
Table B-15 FSK Detector Modes
8.13.3 FSKD_ADJUST
Address Accass Moda Value Al Reset Norninal Vakse
162 RW 0xCO
Bin 7 Bit 6 Bit 5 Bit 4 Bit 3 Bit 2 8 1 Bt 0
C_MD_SEL|SYM ADJ MD| CF_ADY SW | RESERVED |CORR_ADJ S CORR_ADJ[2.0}

CORR_ADJ[2:0]

Match filter space frequency correlation adjust value

" CORR_ADJ S and CORR_ADJ[2.0] are used fo micro e intemal malch filter space comelstion value. This is used 1o
compensate syssemalic mark and space ieguency iImbatance due to ine mterface croidl The space malch score & onginal score +
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CORR_ADJ_S’ Match filter space frequency correlation adjust value polarity. 0. increase space
correlation. 1: decrease space comrelation.

CF_ADJ_SW Carrier frequency detect count for software mode, When set the default carrier detect
frequency values are over-ridden and COB_FREQ_LOW_CNT (0x190-0x181)
CDB_FREQ_HIGH_CNT (0x192-0x193) registers are used to determine CDB
frequency detection. When reset default values are used.

SYM_ADJ_MD’ This bit is valid only when DEC_MD_SELs=1.

0: Symbol adjustment from first start bit. Only supports type 1 FSK signal.
1: Symbol adjustment applies to every start bit. Supports type 1 and type 2 FSK signal.
(Default)

DEC_MD_SEL’ 0: Data demodulation is triggered on START bit transition and local baud rate clock is

used to decode symbol,

1: Data demodulation is triggered on START bit transition and micro adjustment is
performed in symbol. (Default)

8.13.4 FSKD_STATUS

Address Access Mode Valua A Resm Nominal Vake
x183 R 02
B 7 Bit6 Bit5 Bit4 Bit3 B2 Ba 1 B0

RESERVED | RESERVED | RESERVED | RESERVED | RESERVED | RESERVED co8 FSK_DF_OUT

FSK_DF_OUT This bit is serial FSK data demodutated by hardware.
CcDB Carrier Detect status. 1: No carmier present. 0: Carrier detected,

8.13.5 FSKD_THRES

Address Access Mode Value At Reset Nogmunal Valee
0x184-0x185 W Ox0080
Bit7 Batf Bats B4 Bat3 Bat2 Batl Bt

FSKD_ THRES{158]
FSKD_THRES{T 0}

FSKD_THRES[15:0] Sets the threshold of sensitivity for FSK signal detection, The peak level of
input signal must be greater than threshold for valid detection. The
threshold is given by FSKD_THRESQ'*V,,FS. vhere VFS is the full

(-NMCORR_ADY_S)FCORR_ADJ[2.0]. Thes will affact the dacoded mark and space durabon m the demodulated data. i space
comelation matching score IS increasad, ha 0 duralion will be longer, Use of this mode is generally not necessary It is used 1o
compensate for system level imperaction f twist requirements can not be met with detault values

* 1t is recommended that SYM_ADJ MD and DEC_MD_SEL remain at default values (1,1)
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scale input peak-to-peak voltage at the ADC which is Avdd V. To refer to
Input voltage, adjust for the Tl input gain.

8.13.6 FSKD_JUDGE

Address Accaess Moos Value At Rasot Nosminal Vake

() 166 RW (x4

Bt 7 BiLG BiLs Bitd BiL3 B2 B 1 BitD
Resorved Rasorved Raserved Ressrved Ressrved FSK_CMP_CNT[2:0]

FSK_CMP_CNT[2:0] Determines how many sample periods to examine to calculate the maximal

match value,

Table 8-16 FSK_CMP_CNT Dafinshon,

PSK_CMP_CNT 12:0] Polynoensal
00 Yin)
01 Max| ¥Yin), Yin-1))
D2 maxl Y(n),Yin-1), .. .Y (n-3) }
03 max{ ¥(n),Y(o1), ....Y{n4) |
D4 maxt Y, Y(n-1). ... ¥(5) }
Ox5 max| Y(n),Yin-1),....Yie0) }
D max| Yin) Y1), .Y (-7 )
D7 max| Y(n)Y(n1),....Y(n9) |
8.13.7 FSKD_SYNC
Address Agtes; Maoda anuerAl Rm ‘ qumn! Vak;e
(x167 RW x02
Ba7 Bite BitS Bit4 Bt 3 B2 Bit1 BitD
Resarved Reserved Raserved Reserved SYNC_NUM3.0]

SYNC_NUM([3:0]

Determines how many synchronization patterns (0x55) should be detected
before CDB (Carrier Detect Bar) goes low.

8.13.8 FSKD_CDET

Address Access Mode Valua Al Reset Nominal Vakue
Ox168 RW ax03
Ba7 Bit 6 Bits B4 Ba 3 Bit 2 ait1 Bit0
Resarved Reserved CD8_TIME[5:0|
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CDB_TIME[5:0] Determines the time before CDB (Carrier Detect Bar) goes low. Time is given
by 8°CDB_TIME ms.

Carrier Detection
The carrier detection block determines whether there is an FSK carrier present on the input signal. The

circuit examines an 8ms time slice and determines whether a camier is present, CDB (Camier Detect Bar)
will go low under either of the following situations:

1. Carrier is detected for COB_TIME"8ms.
2. SYNC_NUM synchronization bytes are detected,

Trecover

The Trecover block detects STOP-START bit transitions and generates bit and FIFO ciocks to recover the
transmitted data.

s stare——2nd byte data Pl 00 000y

ctart—— 13t byte data ———id,,
FSK DF_out |l Il |0 Ib’lbllbxlbslbllbslbélb?l 11110 bolbi{bzibsibaibiibaib?| 1|0 |be

SDout | [be|bi[b2|ba|bs|bs|{bs|b7] | [bo[br]b2[bs]ba]bs]be]br] | [ne]
vax — JUUUUUUL, JUUUUUUY U
L
FDRN U |
FD[7:0] 0 X 1t data K 2nd data
t=1/(2400Hz)
DCLK=1200Hz
8.13.9 FSKD_FIFO_CTRL
Address AccassMode  Valua AtReset  Nominal Vae
(165 RIW 00
Bit7 Bit 6 Bit § Bit 4 Bit 3 Bit 2 B 1 B0
RESERVED FIFO_LEN RESERVED | RESERVED | RESERVED CLEAR
CLEAR Setting this bit resets the FSK receive FIFO.

FIFO_LEN Set FIFO interrupt length. Circuit will issue interrupt when (FIFO_LEN+1) samples are
present in the FIFO,
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8.13.10 FSKD_FIFO_DOUT

Address Access Mode Value Al Resal Nominal Value
_ x18A R ax00
I Bit 7 Bit6 Bit5 Bit 4 Bit3 Bit2 Bit 1 Bit0
| FSKD_FIFO_DOUT

FSKD_FIFO_DOUT Received data stored in FIFQ, The FIFO depth is 8 bytes. If FIFO is not
read after a FIFO FULL condition then next data received will be lost.
Reading FSKD_FIFOQO_DOUT resets the FSKD interrupt,

8.13.11 FSKD_FIFO_STATUS

Address Access Moda Volue Ab Reset Norminal Vaue
0x198 R 0x01
| Bt 7 Bit6 Bit5 Bit 4 Bit 3 Bit 2 Bt 1 B0
| ~ FIFO_DEPTH PARTY_ERR|  OVF FULL EMPTY
EMPTY FIFO empty status. Set when FIFO is empty, Reset when FIFQ is not empty
FULL FIFO full status. Set when FIFO is full.
OVF FIFO overflow status bit. Set when FIFQ is full and data has been lost. Reset when FIFQ is
empty.
PARITY_ERR The parity error status bit belongs to the current FIFO data. If set then current head of FIFO
has a parity error,
FIFO_DEPTH FSK FIFO depth. This is the current number of samples in the FSK receive FIFO. Value lies
inrange Oto 8.

8.13.12 FSKD_ENERGY_HIGH_TH

Address Access Mode Value At Reset Neemunal Vados
OxI18C W OO
But7 Bité BatS B4 Bat3 Bn2 Batl Bt

FSKD_ENERGY HIGH_TH[7 0}

FSKD_ENERGY_HIGH_TH[7:0] Used for Bell 202, V.23 type1 standard. Sets the FSK carrier on
energy high threshold. Detector will enter carrier on condition when
FSK signal power is over this level for 3*FSKD_ENERGY_TC*1/16K
seconds. For default FSKD_ENERGY_TC =64 this is 12ms.

Pubiication Release Date: Mareh 10, 2011

27

Y Revision 2.7



ISD61S00 DESIGN GUIDE

NnNUuUvoToOoN
| e

8.13.13 FSKD_ENERGY_LOW_TH

Address Access Mode Value At Resec Nesunal Vadoe
Ox18D W Ox0¢
Buit7 Bath Bat3 Bnd Bat3 Bat2 Bl
FSKD_ENERGY_LOW _TH|70)

Used for Bell202, V.23 type1 standard. Sets the FSK carrier off
energy low threshold. Detector will enter carrier off condition when
FSK signal power is under this level for 2°FSKD_ENERGY_TC*1/16K
seconds. For default FSKD_ENERGY_TC = 64 this is 8ms.

FSKD_ENERGY_LOW_TH[7:0]

8.13.14 FSKD_ENERGY_TC

Address Access Mode \"aluq At Rewet Noomnal Vakee
0x18E W x40
Bul Bab Bas Bad Bal Ba2 Bal
FSKD_ENERGY_TC{7 0}

FSKD_ENERGY_TC[7:0] Used for beli202, v.23 type1 standard. Sets the FSK carrier energy
accumulate period. The period = FSKD_ENERGY_TC * 116K seconds.

8.13.15

8.13.16 FSKD_CDB_FREQ_LOW_CNT
Address Acceas Mode Value Az Reset Nomuml Vadoe

Ox150-0x 191

W

0x2F14

Bu?

Bat6

Bats

B4

Bat3

Bat2

Batl

FSKD_CDB_FREQ_LOW_CNT[158]
FSKD_COB_FREQ_LOW_CNT[7 0]

21

FSKD_CDB_FREQ_LOW_CNT CDB low frequency detect count. Valid only when CF_ADJ_SW
(0x182) s 1.
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8.13.17 FSKD_CDB_FREQ_HIGH_CNT

Addsess Aceess Mode Value At Resec Nesninal Vadoe
0x192-0x19) RW 0x23F5
Bit? Bith Bt Bid Bit3 Bit? Bl Bitd
92 FSKD_CDB_FREQ_HIGH_CNT[158]
93 FSKD_CDB_FREGQ_HIGH_CNT[7.0]

FSKD_CDB_FREQ_HIGH_CNT CDB high frequency detect count. Valid only when CF_ADJ_SW
(0x182) is 1.

The formula for COB_FREQ_CNT is:

12288000
FREQ(] + deviation®s)
For example: Bell103 low band space frequency=1070Hz, deviation=-5%,
CDB_FREQ_CNT=12288000/(1070%(1-5%)) = 12088{dec) = 2F38(hex)

Note: These two counts should be carefully set, or CDE detection will not work correctly. Normally, 5%
deviation Is suitable. If CDB is hard to detect, loosening these two count values will make CDB detection

more sensitive but less accurate.

CDB _FERQ CNT =

8.13.18 FSKD_LIMIT_TH

Address Acceas Mode Value Az Reset Nosunal Vadoee
Ox194 nw OxFF
But7 Baté BatS Bnd B3 Bat2 Batl B0

FSKD_LIMIT_TH[7.0]

FSKD_LIMIT_TH[7:0]'  Apply a clamp limiter to FSK signal, Input signal will be clamped to the
region specified by this value. It is recommended to leave this at default

value (no clamping).

" The damg regon is. {  {FSKD_LIMIT_TH[7:0],10'00} , (-1)* {FSKD_LIMIT_TH[7-0). 10'b0) ). For example:
FSKD_UMIT_TH=0xFF, the damp region is {18'h3FCO0, (-1)*18'h3FCO0 }
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Figure 8-17 band pass filer requency response

8.13.19 Example FSK Detector Usage

Usage of the FSK detector normally involves three steps:
1. Configure the detector.
2. Detect channel seizure.
3. Receive transmitted data.

I/l Configure Input path: Enable a Tl input and set input gain.

writeCfgReg(CFG_TI_GAIN,0x0a);
writeCfgReg(CFG_TI_CTRL 0x82);

/f Enable Line CODEC
writeCfgReg(CFG_LC_EN,0xa0);

/l Enable FSK Detector
writeCfgReg(CFG_FSKD_CTRL,0x80);

I/l Set mode to Bell 103 1270/1070Hz
writeCfgReg(CFG_FSKD_MOCDE,0x04);

/I Clear FIFO set interrupt level to 1 byte.
writeCfgReg(CFG_FSKD_FIFO_CTRL.0x01);
Il Adjust thresholds if desired, for example!
writeCfgReg(CFG_FSKD_ENERGY_HI_TH.0x0C);

- 05 -
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writeCfgReg(CFG_FSKD_ENERGY_TC,0x40);

Below is the Evaluation board interrupt service routine for reference. When triggered the state machine
looks for a carrier synchronization signal then receives data to a FIFO. A 10ms timer tick is assumed in
operation and correct path and specification configuration.

FUBLIC woid wFEXDetFSM |void)

|
static byte bylounter;
Lyte tmps

swizch (byFP2xDet8tata)
|
case F3KD_IDLE:
if (bUsbCerl[0] & USB_CTRLO_FSXK_DET_START)
|
byFSKDatState = FSKD_CHANNEL SRIZURZEy
)
broak)
case FSKD_CHANNEL SEIZURE:
// The assunption hare is that the FEK encoder block
// gensral configuration has been setup already.
// Rere wa configure for carriar detection.
top = ReadRegister{CFG_FSXD_CTRL):
tnp |= CFG_FSKD_CYRL__FEX_INT MD | CFG_FSKD_CTRL__FSF_EM;
writeCfgReqg (CPG_FSKD_CTRL, trp) 7
// Clear PIFO and set interrupt to € bytas.
writeCfgReq (CPG_FSKD_FIFO_CTRL,CEG_FSKD_FIFO CTRL__CLEAR + Ox30):
nyCounter = 0y
pUsbEtatus [4] |= USB_STATUS4 FSK_WAIT:
nyFSRDatState = FEKD_CRANNEL SRILZURRZ)
break)

Case FSED_CHANNEL SEIZURE2:
if (Dev3tatus(2) & STATUSI_FSK_D)
|
// We get here FIFD interrupt has occurrced,
// We are in SYNC mode so just clear the FIFO
top = ReadRegister {CFG_FSXI_FIFD_DOUT):
writeCfoReq (CFC_FSKD_FIFO_CTRL,CPC_FSED_FIFO_CTRL_ CLEAR + Ox30))
byCounter = 0;
// Ersure that carrier Satact has triggared
tnp = ReadRegister {CFG_FSXD_STATUS);
if (! (tnp & CFG_FSKD_STATUS_ Cr8))
|
bUsbStatus (4] |= USB_STATUS4 _FSK_DETECTED:
plsbetatus [4] &= ~USA_STATUSd  FSK_WAIT)
/{ FEX_INT MD intercupt omly occurs onc=,
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alse if|{DevStatus(3] & STATUS3 TIMER_INT| &% (bUsbScatus(4] &
USE_STATUS4 FEX DETECTED) |

MAX_PIFO_812E))

1

braak)

// Timmr interrupt has occurred
tnp = ReadRegister (CFG_FSXD_FIFO_STATUR);
if{! itnp & CEG_FSKD_FIFO_STATUS _EMPTY))
|
!/ 1f FIFO is not eapty
tnp = ReadRegister {CFG_FSXD_FIFO_DOUT) )
writeCfoRaqg (CFC_FSRD_FIFO_CTRL,CPC_FSHD_FIPO_CTRL__CLEAR + 0x30)/

yCountexr = 0y
break)

1

byCountar++ty

// We wait 50ms without a FIFC intarrupt then assune that wa have

// finished synchronizacion

if (byCounter > 4}

|
byCounter = 0;
// Switch to normal interrupt mode
top = ReadRegister(CFG_FSXD_CTRL):
tep &= ~CPG_FSKD_CTRL__FSK_INT NIy
writeCEfgRaqg (OFG_FSKD_CTRL, tmp) ¢
pyFeKDatState = FSKD_DATA_RX)

case FSKD_DATA RX:

/{ Cetting hare means we are in the data acguisition phase of
/! wranemission,

if (Devatarus{l] & STAT0SZ_FSK_ D}

// Wa gat here FIFO interrupt has occurred. Thers are at

// least 4 bytes on FIFO,

byCounter = 0J

top = ReadRegister{CFG_FSKD FIFD_STATUS):

while(! (tmp & CFG_FSXD_FIFO _STATUS _EMPTY) &6 (RxDataFifo.Depth <

I
if (twp © (CFG_PSED_FPIFD_STATUS_ OVF |

CFG_PSED_FIFO_STATUS_ PARITY ERR))

I
/! 5=t a flag heres to indicate transmission error,

pUsbStatus[4) |= DSB_SPATUS4_ RX_ERR(
|
top = ReadRegistaer {CFG_PSXD_FIFO_DOUT) )
RxfatafFifo,Fifo Buffer[RxDataFifo.WriteIndex++ & 0x3F]= tap;
RxDacaFifo.Depth++)
tap = ReadRegister (CFG_FSXKD_FIFO_STATUS):

Pubiication Release Date: Mareh 10, 2011
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@lsc 1f|DevStatua(3] & STATOS3_TIMER INT)

// Ws are here due to a timex tick. This means we may be finishad with
/! transmission,

pyCountert+;

// We wait 50ms without a FIFO interrupt then we may have
// finished data transmicsion
if ibyCounter > 4)

// Firat raad off any data in FIFO

tap = ReadRegister (CFG_FSKD_FIFO_STATUS);
whila(! (tmp & CFG_PE2RD_PIFO_STATUS EMPTY) &t (RxDataFifo.Dapth <

MAX_PIFD_8IZE))
1

CFG_FSED_FIFO_STATUS_ PARITY ERR))

1

if(txp & (CFG_F3RD_FIFO_STATUZ_ OVP |

|

// 8t & flag hera to indicatse transmission arror,
bUsbStatus [4] |= USB_STATUS4 _RX_ERR:

)

top = ReadRegister (CFG_FSXKD_FIFO_DOOT):

AxDataFifo.Fifo Buffar(RxDataPifo.WritelIndext++ & OxX3F[= tmp)

BxDataFifo.Depth++;

tnp = ReadRaglster (CPC_FSXD _FIFO_STATODS) )

if (tmp & CFC_FSXD_FIFC_STATUS _EMDTY}

// We have an eppty FIFO, If we have lost carrier then
/! we can exitc.

]
break;

case PSKD_WAIT_IDLE:

top = ReadRegister (CFG_FSXD_STATUS);
if|twp & CFC_FSXD_STAT0S _ COE)
l
// Wo carriar
DYFSKDetState = FSKD_WAIT_IDLE;
// Report back that Carrier lest
bUsbstatus[4] &= -USE_STATUS4_ FSK_DETECTED:

if (1 {bUsbTtrl (0] & USB_CTRLO_FSX_DET_START))

byFSKDmtStats = FSED_IDLE;
rUsbetatus[4] &= ~{USB_STATUSG_ FSE_WAIT | USB_STATUS4_ RX_ERR |

USB_STATUS4_ F8X_DETECYED)
!

break:
dafault:

byFEEDmtState = FSKD_IDLE;

Pubiication Release Date: Mareh 10, 2011
- 08 . Rewvision 2.7



ISD61S00 DESIGN GUIDE
NnNuUvoToOoON
_—

break)

/I Setup channel seizure detection
OrCfgReg(CFG_FSKD_CTRL,0x01),
AndCfgReg(CFG_FSKD_MODE ~0x20);

/I'Wait for INT for camier detection.
/I Read off data from FIFO of channel seizure or wait until channel seizure time has
/Il efapsed then reset FIFO. Channel now transmits STOP (MARK) signal for some period

/I Change mode to appropriate packaged mode.
AndCfgReg(CFG_FSKD_CTRL ~0x01);
OrCfgReg(CFG_FSKD_MODE 0x20); // parity enable

Il Service FIFO interrupt until desired data collected or CDB gees high indicating end
/I of transmission.

8.14 CAS and Arbitrary Tone (ATD) Detector

The CAS and Arbitrary tone detector (ATD) allows detection of CAS tones and is configurable to detect
arbitrary tones. CAS (CPE Alert Signal) is used to signal the CPE (Customer Premise Equipment) while
off hook that the exchange wishes 10 send some alert signal the end user, such as call waiting. It is used
only in off-hook signaling in the US Bellcore system and ETSI system, but in the UK BT system it is used
for both on and off-hook signaling. Figure 8-18 shows the architecture of the CAS detector.
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Figura 8-18 Block Diagram of CAS Detection

The CAS detector consists of two biquad bandpass filters to extract the high and low tones of the CAS
signal. The characteristics of these two filters are shown Figure 8-19 and Figure 8-20. Their frequency

response is;
« High tone (2750Hz) band pass filter: 2600Hz < f < 3000Hz
* Lowtone (2130Hz) band pass filtter. 2020Hz = { s 2200Hz
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Figure 8-19 Detector Biquad Low Tone Frequency Response
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Figure 820 CAS Detector Biguad High Tone Frequency Responsa

The CAS detector can also be programmed as an arbitrary tone detector (ATD). In ATD mode coefficlents
for the low and high tone biquad filters are provided by the user. The frequency specifications and
deviation are also programmed by the user. The ATD can be configured to detect single tonesor dual

tones,

8.14.1 CAS_CTRL

Address Accass Moda Value At Roset Nominal Value
1200 RW a0
B 7 Bit 6 Bit5 Bt 4 Bit 3 Bit2 Bt 1 Ba 0
CAS_EN liR_EN TONE_ON_INT | TONE_OFF_INT | RESERVED | stiow noise FREQ_DEV
CAS_EN 1: CAS Deteclor enabled. 0: CAS detector powered down.
IIR_EN Enable mternal IIR filter. IIR_EN must be cleared before accessing filter coefficients in

arbitrary tone detection (ATD) mode. The response of the |IR filter in CAS mode is shown

Figure 8-21 CAS Internal IIR Filter Frequency Response Figure

. The response of the filter in ATD mode is determined by the user coefficient loaded into

RAM. Once filter coefficients are loaded into RAM IIR_EN must be set active once more.
TONE_ON_INT 1: Enable 0: disable interrupt generation for tone present detection.

TONE_OFF_INT 1. Enable 0: disable interrupt generation for tone absent detection.

allow_noisa 1: Tolerating noise signal existence, 0: Not tolerating noise signal existence,
FREQ_DEV[1:0] Controls the acceptable frequency deviation of CAS detection as per Table 8-17. Not
applicable in ATD mode.
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Tabie 8-17 CAS Detector Frequency Deviation Controd

01

FREQ DEV[1:0] 00 o1 70 11
T Dev 2% % 50 3%
“{,‘.’,'S'J one 2805-2695 Hz | 2777~2722 Hz | 2805~2695 Hz | 2832~2667 Mz
";1':',; one 2176~2087 Hz | 2151~2100Hz | 2176~2087 Hz | 2193~2086 Hz
8.14.2 CAS_THRES_LOW — CAS detector low threshold
Addsess Acesas Made Value As Reset Nomninal Vakae
0x201 002 W Ox 0000
Bu7 Bt Bats B4 Bat3 Bat2 Batl Batl

CAS_THRES_LOW[158]

CAS_THRES_LOW(T.0]

CAS_THRES_LOWI[15:0] Detormines the low boundary hysteresis of the CAS/ATD signal detection. The

value is in 2's complement 1.15 format. The value Ox7FFF corresponds to full
swing input {1V at ADC input). For exampie:

CAS_THRES_LOW = 0x020C => 0000 0010 0000 1100b

AR AL N L L amVye

8.14.3 CAS_MULT

Address Access Mode Value Al Resat Nominal Vale
(2003 RW Oxt1
Bit 7 Bit & Bit5 Bit 4 Bit 3 Bit 2 Bit 1 Bit0
Resarvaed Cas_sic dat_rsol MULTE3 .0}
cas_src Select the source of cas input. O0: select from sinc filter. 1: select from digital filter.
det_rsol The resolution of detecting CAS signal

00: 48KHz sampling clock generated by internal counter

01: 48KHz sampling clock generated by internal counter which aligned with detected
CAS signal .

10: 64KHz sampling clock generated by internal counter which aligned with detected
CAS signal.

11: 96KHz sampling clock generated by internal counter which aligned with detected
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CAS signal.

MULT [3:0] The CAS/ATD detector processes two thresholds, CAS _THRES_LOW and
CAS_THRES_HIGH. CAS_THRES_HIGH is calculated by CAS_THRES_LOW <<
MULT. For example above and MULT=4
CAS_THRES_HIGH = 8 mV, * 2" =128 MV
g ;(F::s_THRES_LOW << MULT) = Ox7FFF, CAS_THRES_HIGH saturates to

X 3

For a valid detection the peak signal level must fall between CAS_THRES_LOW and
CAS_THRES_HIGH.

Frequaency Response

M2 48

Figure 8-21 CAS Intemal IR Fiter Frequancy Rasponse Fgure

8.14.4 CAS_PRESENT

Addrass Access Mods Value At Reset Nomminal Vale
(h2D4 RW (x40
Bn7 Bit6 Bit§ Bit 4 Bit3 Bit 2 Bit 1 Bito

CAS_PRES_TIME

CAS _PRES_TIME [7:0]  This is the time a detected CAS/ATD tone must be present to generate a CAS
interrupt, The lime equals CAS_PRES_TIME * 0.5ms.
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8.14.5 CAS_ABSENT

Address Accass Mode Value Al Reset Norminal Vake
205 RW x20
Bt 7 Bit 6 Bit 5 Bit 4 Bit3 Bit 2 Bit1 Bit0

CAS_ABSENT TIME

CAS_ABSENT_TIME [7:0] This is the time a detected CAS/ATD tone must be absent tefore removal of
CAS_DET signal. The time equals CAS_ABSENT_TIME " 0.5ms. This parameter
is used to mask short drop outs of the CAS signal.

8.14.6 CAS_STATUS

Address Access Mode Value Al Ressd Nominal Vakie
206 R (00 '
Biv Bita Bit5 Bit 4 Bit3 Bit 2 Bit1 Bito
RESERVED | RESERVED | RESERVED | RESERVED | RESERVED | RESERVED CAS_ADT_DET

CAS_ADT_DET Indicates what type of tone is detected as per Table 8-18.

Table 8-18 CAS/ADT Detection Bits

;A&n%oéfzsl CAS_ADT DET[) | cAS_ADT DETI0)
00 Don't Care Dual Tone Status
01 Don't Care Low Tone Status
10 Don't Care High Tone Status
1 High Tone Status | Low Tone Status

8.14.7 CAS_MODE - Arbitrary Tone Detection Mode

Addrass Access Mode Value Al Resat Nominal Value
(0207 RW o0
817 g6 | Bas Bit 4 g3 | B2 it 1 Bit 0
ATD_MODE DET MODE ' . STATS

0: CAS detection mode.  1: Arbitrary Tone Detection (ATD) mode.

ATD_MOOE in ATD_MODE the detection and fiter parameters are programmed by software fo detect arblitrary

tone.
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00: duai-tone mode

01: delect low tone only when ATD_MODE=1

10. detect high tone only when ATD_MODE=1

11. delect high/low tone separately when ATD_MODE=1

Number of sine wave pericds 1o be used for frequency calculations. The more cycles the higher the
frequency accuracy tut the more computation fime required, This value must be set to 0x0D1~0x1E
range.

For ATD mede, user can input the value from 1t 1E

For CAS mode, the STATS vaiue is decided by det_rsol(0x203{5.4]).

STATS det_rsol STATS
00 11¢h)
o1 11(h}
10 d(h)
1" S(h)

DET_MODE

8.14.8 ATD_MAX_HFC (ATD_MODE = 1)

Address Access Moge Valiss Al Resst Nominal Vasue
Unelr208-0x209 RW D110
B 7 Bit6 Bil & Bit 4 8il3 Bit 2 Bit1 Bito

RESERVED | RESERVED | RESERVED | RESERVED | RESERVED | RESERVED ATD_MAX_HFC{o 8|
ATD_MAX_HFC(7:0)

This Is the maximum frequency count for the high tone arbitrary frequency detector. A tone Is
datected when the freguency counter falls between ATD_MIN_HFC and ATO_MAX_HCF. The value
ATD_MAX_HFC of this register should be sat 1!
ATD_MAX _HFC =(SMPL_CLK " STATS) / (Deslred_High_Frequency * (1+ srmoris)).
SMPL_CLK is the frequency of sampling clock defined by register det_rsol register.

8.14.9 ATD_MIN_HFC (ATD_MODE = 1)

Addrass Access Mode Valua At Reset Nominal Vake
Dx020A-0x208 RW Dx0320
By Bité BitS Bit 4 Bit3 Bit 2 Bil1 Bit0

RESERVED | RESERVED | RESERVED | RESERVED | RESERVED | RESERVED ATD MIN_HFC[9 8]
ATD_MIN_HFC[70§

This is the minimum frequency count for the high lone arbitrary frequency detecior. A tone s
detected when the frequancy counter falls between ATD_MIN_HFC and ATO_MAX_HCF. The value
of this register should be sat to:

ATD MIN_HFC = SMPL_CLK " STATS) / (Desired_High_Frequency " (1- emordé)). SMPL_CLX Is

ATD_MIN_HFC
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the froquency of sampling clock defined by register det_rsol

8.14.10 ATD_MAX_LFC (ATD_MODE = 1)

Address Access Mode Value Al Resal Nominal Vakie
Ox020C0x20D RW Dx0361
Bt 7 Bitd Bit5 Bit 4 B3 Bit2 Bil1 Bit0

RESERVED | RESERVED | RESERVED | RESERVED | RESERVED | RESERVED | ATD_MAX_LFCI08)
ATD_MAX_LFC[7.0]

This Is the maximum frequency count for the low tone arbitrary frequency detector. A tone Is
delecled when the frequency counter falls between ATD_MIN_LFC and ATD_MAX_LCF, The value
ATD_MAX_LFC of this register should be set to:
ATD MAX_LFC = (SMPL_CLK * STATS) / (Desired_low_tone_Frequency * (1+ errorf)),
SMPL_CLK Is the frequency of sampling clock defined by register det_rsol.

8.14.11 ATD_MIN_LFC (ATD_MODE =1)

Address Access Moda Value At Reset Noeminal Value
Ox120E-D20F RW OxD16F
Bu7 Bité BitS Bit4 Bit3 Bit 2 Bin1 Bitd

RESERVED | RESERVED | RESERVED | RESERVED | RESERVED | RESERVED ATD_MIN_LFC{9 8]
ATD_MIN_LFC[7.0]

This is the minimum freguency count for the high tone arbitrary frequency deleclor. A tone s
detected when the frequency counter fails between ATD_MIN_HFC and ATD_MAX_HCF, The value
ATD_MIN_LFC  of this register should be set to:

ATD_MIN_LFC = (SMPL_CLK * STATS) / (Desired_low_tone_Froquency * (1- errorks)),
SMPL_CLK is the frequency of sampling ciock defined by register det_rsol,

8.14.12 External Dual-lIR Coefficient (ATD_MODE= 1)

Addiass Access Mode Value Al Resal Nominal Vakue
02100241 RW 0x00 4
Bit 7 gite | eas Bit 4 gty | sit2 Bit 1 Bit 0
ATD_HF_COEFF
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Address Access Moda Value At Roset Nominal Vale
0x0242-0273 RW 0x00 f
Bit7 Bité | Bit5 I Bit4 I Bit3 I Bit2 Bit1 BitQ
ATD_LF_COEFF

ATD_HF_COEFF IR filter coefficients the high tone arbitrary tone detector.
ATD_LF_COEFF IR filter coefficients the low tone arbitrary tone detector..

Before accessing these coefficients (both for read or write), 0x0200{6] IIR_EN must be cleared and
0x0200{7] CAS_EN must be set This allows the internal IR filter coefficients to be replaced by ones of
ﬂweuser’scho;ceforatburarylonedetecbon Once loaded [IR_EN is set active once more for operation,
The input to the CAS detector consists of two cascaded |IR filters, each of them are 5-order biquad filters
{10-order 1IR filter) and operate at a 16kHz sampling rate,

The user must set each biquad filter coefficient according to a specific order b0 b1 a1 b2 a2 with respect
to the following formula:

y(n) = b0*x(n) + b1*x(n-1) + b2*x(n-2) = a1*y(n-1) = a2*y(n-2)

Each parameter is 16 bits long in a 3.13 format, and is stored MSB first. Thus for high tone filter, b0{15:8]
is at address 0x210, bO[7:0] Is at 0x211, b1[15:8] is at 0x212 etc..

Figura 8-22 FSK ATD IR fiter structure

8 14. 13 FSK COEFF FSK Enoodor Coofﬂclont RAM Data

Addrass AccessMode  Volm AtReset | Noeminal Vake
00274 RW 0x00 |
Bt 7 Bit & Bit5 Bit 4 Bit 3 Bit 2 Bit 1 Bit 0
' FSK_COEFF

The FSK encoder has a built-in 8th-order IR filter formed by cascading 4 biquad filters. There are total up
to 40 bytes to be programmed and the format is the same as CAS/ATD filter.
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Figura 8-23 FSK ancoder |IR filter structure

In order to program this ram, 0x0200{7] CAS_EN must be set, and 0x0200{6] IR_EN must be clear
The parameter is 16 bits long with 3.13 format, and user must write high byte first then low byte.

0x0275[0]=0 is the high byte, and 0x0275[0] =1 is the low byte. The RAM for these filter coefficients is
accessed through register FSK_COEFF and addressed through FSK_COEFF_ADDR

When software reads or writes register FSK_COEFF (0x274), the FSK_COEFF_ADDR (0x275) register
will automatically increment. When the address reaches 0x27 it will reset to 0x00.

User can program _COEFF_ADDR for choosing specific FSK encoder RAM content both for read and
write.

Care must be taken that only 0x0275{0] = 1, the 16-bit coefficient data will be written into ram.

8 14. 14 FSK COEFF ADDR FSK Encodor Coomclent RAM Addross

Mttess Amessuode ValwAlResd wam
01275 RW (x00 _ !
B 7 Bit6 B 5 I Bit 4 Bit3 Bit 2 Bit1 Bito

FSK_COEFF_ADDR
By setting this address. software can access up to 40 bytes via 0x0274.

814 15 CAS MAX HFC (FINE TUNE 1)

Ad\hss AooessMooe VduaAlRosd Nomnalvm
2760277 RW 0xD10E
By Bita BitS Bit4 Bit3 Bit 2 Bit1 Bito

CAS_MAX_HFC[7.0]
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CAS_MAX_HFC

This Is the maximum fraquency count for the high tone arbitrary frequency detector. A tone is
detected when the frequency counter falls between CAS_MIN_HFC and CAS_MAX_HCF. The value
of this register shouid be set to:

CAS_MAX _HFC = (4B0D0DD * 16) / (Desired_High_Frequency * (1+ error%))

8.14.16 CAS_MIN_HFC (FINE_TUNE = 1)

Address Access Moce Valua Al Resat Nominal Vake
0278-0x279 RW 0121 |
B 7 Bit 6 Blf 5 Bit 4 Bl Bit 2 B Bit0
RESERVED | RESERVED | RESERVED | RESERVED | RESERVED | RESERVED CAS_MIN_HFC]9:8)
CAS_MIN_HFC[7-0]
This Is the minimum frequency count for the high tons arbitrary frequency detector. A tone is
BAS N HEC detected when the frequency counter falis between CAS_MIN_HFC and CAS_MAX_HCF. The value

of this register should be set 1o
CAS_MIN_HFC = (48000 " 18) ! (Desired_High_Frequency * {1- erroria))

8.14.17 CAS_MAX_LFC (FINE_TUNE = 1)

Address Accass Mode Value Al Resed Noeninal Value
2TA-0x278 RW 00150 -
Bit 7 Bit6 |  Bis B4 Bit 3 Bit 2 Bit 1 Bit 0
RESERVED | RESERVED | RESERVED | RESERVED | RESERVED | RESERVED CAS_MAX_LFC[3:8]
CAS_MAX_LFC[T0)
This is the maximum frequency count for the low tone arbifrary frequency detector. A tone is
CAS MAX LFC detected when the frequency counter falls between CAS_MIN_LFC and CAS_MAX_LCF. The value

of this register should be set fo.

CAS_MAX_LFC = {48000 * 16) / (Des¥red_low_tone_Frequency * {1+ errord%))

8.14.18 CAS_MIN_LFC (FINE_TUNE =1)

Addrass Access Moda Value A Reset Noeminal Value
Ix27C0x270 RW 0175 |
B 7 Bit6 Bit 5 Bit 4 Bit3 Bit 2 Bit1 Bit0
RESERVED | RESERVED | RESERVED | RESERVED | RESERVED | RESERVED CAS_MIN_LFC[9:8)
CAS_MIN_LFCI7-0)
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This Is the minimum frequency count for the high tone arbitrary frequency detector. A tone is
delected when the frequency counter falls between CAS_MIN_HFC and CAS_MAX_HCF. The value
CAS_MIN_LFC of this register should be sat to:

CAS_MIN_LFC = (48000 * 16) / (Desired_low_tone_Frequency * {1- error%))

8.14.19

8.14.20

8.14.21 Arbitrary Tone Detector Example

Below is an example to setup the arbitrary tone detector to detect 1400 and 2300Hz tones.

// Enable ARE, disablae IIR
writaCfgReqg (CEG_CAS_CTRL, Oxal):
weitaCroReq (CEFG_CAS_THRES _LOW, Ox01)
writeCfgReq (OFG_CAS_MULT, 0x02):

// EDna prasent time

writeCfgRag (CFG_CAS_PRESENT, Oxal);

/¢ E0us absent time

writeCfgReqg (CFG_CAS_ABSENT, 0x78};

// ARB mnode and both high and low detecrion
writeCfgReg [CFG_CAS MODE, 0x£0):

// 2200Hz +/- 3%

writeCfgReqg ([CFG_ATD MAX HFC, 0x01):
writeCfgRag [CEG_ATD MAX HFC_LSS, (x44);
writaCrfgRag (CFC_ATD_MIN HFC, 0x01))
writeCfgReqg (OFG_ATU_MIN HFC_LSB,0x53);
// 1400H2 +/- 3%

writeCfgReg (CFG_ATD MAX L¥C,0x02);
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writeCrgRag (CFC_ATD_MAX_LFC_LSE, 0x14))
writeCfgReg (CPG_ATD_MIN_LFC,0x02):
writeCrgRag (CFG_ATD MIN LFC_L28,0x36)J

// Bigquad coefficients for 2300 and 14008z
writeCrgRaq (0x211,0x03) ) writaeCrfgRag (0x214,0xd4E) ) writeCrgRag{OxZ1ls, OxdE))
writeCrgRag (0x216,0xEf) ) writaCrgReg{Ox217,0xfc)) writaCrgRag{Ox21E,0x1f))
writeCrfgRag (0x219,0839) ) writaCrfgRag{0x21a,0x20)) writeCfgRagiOx2lce, Oxda))
writeCrgRag (0x21d, 0xL6) s writaeCrgRag{Ox2le, 0ndd)) writaCrgRag{Ox21f, 0x&l1))

writeCigReg (0x220, 0x20); writeCigReg(0x222, 0x1f); writeCigReg|0ix223,0x75);
writeCfgRag (0x224,0x20); writeCfgReqg(0x226,0xd5); writeCfgReg{0x227,0x£7):
writaCfgReg (0x228, 0xdS); writeCfgReg (0x229, 0x08); writeCfgReg{(x22Za,0x1f);
writeCrfgRag (Ox22b, 0Rff) ) writaCrfgRag{Ox22c, 0x1f)) writaCfgRag{Ox224,OxTE),
writeCrgRag (0x226, 0%20) 5 writeCrfgRag{Ox230, 0xda)) writaCrfgRag{Ox231,0x08))
wWriteCrgRaqg (0x232, 0xdS) 1 writeCrfgRag (Ox233,0x71)) writaCfgRaq{Ox234,0x1T))
writeCrgReg (Ox235,0xEF) s writeCfgRag(Ox236,0x1F) ;) writaCrfgRag{Ox237, 0xd5))
writeCfgReq (0x238, 0x20) ) wrltaCrfgRag (Ox23a, 0xdé) ) wrltaCfgRag{OxZ3b, 0xcE))

writeCfgReqg 10x23c, 0xd7); writeCfgReqg|0x23d, 0x85); writeCfgReg{lix23e,0x20);
writeCfgReg (0x240, 0x1f); writeCfgReg{Oxi4L, 0xd€); writaCfgReg{0ix243,0x03);
writeCrgRag (0x248, Oxca) ) wrltaCrfgRag (Ox247,0x14) ) wrltaCfgRag{OxZ4E,0xLr))
writeCrgReq (0X243, 0XEC) ) writaCrgRag(0x24a,0x17)) writeCrfgRag{Oox24b,0x3a))
writeCrgRaqg (0x24c, Ox20) ) writaCrfgRag |0Ox24c,0xch)) writaCfgRag{Ox24r,0x36))
writeCrgReg (0X250, 0Xcal J writaCrgRag{Ox251, 0x56)) writaeCrfgRag{Ox252, 0x20))
writeCfgReg (0x254, 0x1f); writeCfgReglOxI55, 0x74); writaCfgReg{0x256, 0x20);
writeCfgReg(0x258, 0xc7); writeCfgReg{0x259, 0xe5); writeCfgRegilix25a, 0xc9):
writeCfgReg (0x25b, Oxtel; writeCfgReg(0x25c, 0%20); writeCfgReg{0ix25e,0xLf);
writeCfgReg (0x25f, 0x7al; writ=CfgReg(0x260,0x20); writeCfgReg{lix262,0xca);
writeCfgReg (0x263, Ox8d) ; writeCfgReq|0x264, 0xca); writeCfgReg{0x265, 0x38);
writeaCfgReg (0x266, 0x20); writeCfgReqg(0x268, 0x1f); writeCcfgReg{(x269,(xdS):
writaCfgReq (0x26a, 0x20); writeCfgReg(0x26c, 0xcl); writeCfgReg({(ix26d, 0x66)
writeCfgReq (Ox26e, 0xcB); writeCfgReqg |0x26f, 0x£f0); writeCfgReg{ix270,0x1€£):
writeCrfgRag (0x271,0%00) 5 writaeCrfgRag{Ox272, 0xif)) writaCrfgRag{Ox273,0xd7))
// Enable ARE, enable IIR

writeCfgReq (CPG_CAS_CTRL, Oxel):

NnuUvoToOoN

An example interrupt service routine to use the arbitrary tone detector and DTMF and tone generator to
perform a SIA contact ID transmission is given below. It assumes that ARB configuration is done as

above.

PUBLIC woid wContactIDFEM(void)

static byte byCounter;
static XDATA byte ratry)
byte tnp, 17

swizch (byContactiDetate)
|
case CONTID IDLE:
if (bUskCexl{0] & USB_CTRLO_CONTID START)({
byCounter = Oy
oty =0;
pyContactIlStata = CONTID HANDSHEAKED:
/! St timer to 1 second
writeCrgReq (CPC_TIME CTRL, Ox00) ¢
writeCEgReqg ICES _TIME TARG, Ox03):
‘writeCfoReg (CPG_TIME TARG_LSB, 0xET):

-1 -
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writeCrgReqg (CFC_TIME_CTRL, OXE0) s

]
break:
casé CONTID HANDSHAXEO:
// This is first stage of detecting ContactID handshake a
// 1400H2 tona.
if ([DevStatus(2] & STATUSI_CAZS_INT) |
top = ReadRegister {CFG_CARS_STATUS):
if{cmp == CFG_CAS_STATUS__LOW_TONE) {
// Change timer to ldnsec
writeCrgReq (CPC_TIME CTRL,0x00}¢
writeCfgReqg (CEG_TIME_TARG, 0x00);
writeCrgoReq (CEG_TIME_TARG_LSE, 0x05) ¢
writeCfgReg (CFG_TIME CTRL, 0x80):
pyCounter = 0y
byContactIDState = CONTID HANDSHAKZL;

1
elaa if|Deveratusi3] & SETAT0S3 _TIMER INT) (
/{ Timer interrupt ha=s occurred
byCountar++y
if (byCounter > 10)(
// 10 second timeout waiting for handshake tone
byContactIlérate = CONTID WAIT_IDLE/
/{ Change timer to default 1llmsec
writeCrgReq (CFG_TIME_CTRL, 0x00);
writeCEgRaqg (CFG_TIME TARG, 0x00};
writeCrfgReg (CFG_TIME_TARC_LZE, 0x08)/
writeCfgRag (CEG_TIME CTRL,Ox60)7

|
break)
case CONTID HBANDSHAXEL:
// Thizs ic second stage of detacting Contactld handshake a
/f 230082 tone.
if (DevStatus(2] & STATUSZ_CAS_IRT) |
thp = ReadRagister {CFG_CAS_STATUS))
if {tap =~ CFG_CAS_STATUS__HI_TOME) |
byCounter = 0j
pyContactIDState = CONTID_DELRY TO TX;

|
alse if[DevStatus(3] & STATUSI_TIMER INT)(

// Timmr interzupt has occurred

byCountext+t;

if {byCounter > 100)(
// 100 milligecond tinmeout waiting for handshake tons
plsbgtatus [4] &= -~USE_STATUS4__ CTID_STATUS)
pUsbetatus (4] |= USE_STATUS4__CTID_TIMECOTL,
byContaccIDdtate = CONTID WAIT_IDLE/
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|
break)

case CONTID_DELAY TO_7X:
if [DevStatus(3) & STATUS3_TIMER_INT}(
// Timar interrupt has occurrad
byCounter++s
if (byCounter > 199)|
// 200 millizecond delay until Transmit
byContactIlState = CONTID TRANSMITO:

|
break)

Case CONTID TRANSMITO:
// If there i= Contact ID data on FIFD to
// tranamit, start transmission.
// The 16 digits of the CID frame are packed into
// B bytes of tha FIFO.
if ITxDataFifo.Depth »>= &)
// Load DIMF tone buffay
for{i=0;i<f;i+4)14
writeCfgReq (CPG_TONE_BUFFER#i,
TxDataFifo.Fifo Buffar(((TxDataFifo.Readindex + 1) & OxX3F) ) )¢
]
writeCrgReq ( CPGC_TONZ_EUF_LEN, 16))
writeCfgReg( CPG_TONZ_CTRL, CEG_TONE CTRL__CLX EN +
CFG_TONE_CTRL__D2MF_MODE + CPC_TONE_CTRL__CEN_EN))
byContactIDState = CONTID TRANSMITL:

1elise|
// Bo data so finished transmission
rUsbotatus[4] &= ~D28_STATUS4_ CTID_STATUE;
pUsbsStatus[4] |- USB_S!‘ATOS!_CTID_!‘IUISHBD:
byContactIlEtata = OONTID _WAIT IDLE;

|

break:

caac CONTID TRANSMITI:

if [DavStatus{2] & STATUSZ_TONE_INT) |
/{ DIWE transmicaion finishaed.
byCounter=0;
// Set timer o 250ms
writeCfgReg (CPG_TIME CTRL, Ox00)7
writeCrgReg (CFG_TIME_TARG, 0x00) ¢
writeCfgReg (CPG_TIME_TARG_LSB, 0xF9):
writeCruReg (CFS_TIME_CTRL, OXE0}
byContactIlGtate = CONTID KISSCOZF(:

1
break)

case CONTID KISS0FFO!
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/{ Datacting 1400Hz Riss-off tone.
if |IDevStatus{2] & STATUSZ_CAS_INT) |
tnp = ReadReglscer (CFG_CAS_STATOS))
if {tmp == CFG_CAS_STATUS__LOW_TONE) |
byCounter = 0J
/{ Betup tc gensrate tone OFF interrupt
writeCfgReq (CEGC_CAS_CTRL, CPFG_CAS CTRL_TONE OFF_INT +
CFG_CAS_CTRL__IRR EN + CFG_CAS OTRL_ CRS EN);
byContactIDState = CONTID KISSOFTl;

I
«lse if|DevStatus{l] = STATUS3_TIMER INT}
|
/¢ Timar interrupt has occurrad
byCounter++;
1f (byCounter > 5)¢(
/f 1,25 emc timmout waiting for handshake tome
writeCfgReq (CFG_TIME_CTRL, 0x00);
writeCEigReq (CEG_TIME TARG, 0x00);
writeCrgReq (CFG_TIME_TARGC_LSE, Ox08)/
writeCfgRag (CPG_TIME CTRL,O0x00);
if(retey < 4) (
Tetry++s
byContactIDState = CONTID TRANSMITO:
jalsa|
pUsbEtatus [4]) é= ~USB_STATUSY_ CTID STATUS:
pUsbStatus (4] |= OSE_STATUS4 _ CTID_TIMECUTI)
byContactIDState = CONTID _WAIT IDLE:

|
break;

case CO!I!‘ID_KISSDE'E‘.[:
// Detacting and of 1400Hz Rigs-off tone.
if (DevStarus{2] & STATUSZ_CAS_INT)
|
// Interrupt St to detect and of kiss-off tona.
// SBetup to generate ton= OFF interrupt
writeCrgReq (CPS_CAS_CTRL, CFG_CAS_CTRL__TONE_ON_INT +
CFG_CAR3 CTRL__IRR EN + CFG_CAS CTRL_CAE EN):
/7 We have succesafully sent the Contact ID nessage
/{ clear data from the FIFO and go to next message.
TxOataFifo ReadIndex += 8
TxDataFifo,Depth -= 8;
ratyy = 0y
// Change timer tick to 20pn= to create 400m= delay

writoCrgRag (CPG_TIME_CTRL, 0x00}
writelrgReq (CPS_TIME_ZARG, OX0O) |
writeCrgReg (CFG_TIME_TAR:_LEE,13))
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WriteCrgRay (CPC_TIME CTRL, OxEOQ) s
byCounter = 0;
byContaccIlEraca = CONTID_DELAY TO T

]
break;

case CONTID WAIT_IDLE:
if (! {pUsbCtrl (0] & USB_CTRLO CONTID START)) |
byContactIDState = CONTID IDLE;

|
break:

dmfault:
pyContacciIDétate = CCHTID_IDLE)

break:

8.15 Voice Energy Detection (Speech Energy Detection)

The voice energy detector allows measurement of signal energy In the voice band between 750Hz to
1400Hz. It i1s used to detect speech on the line to aid in CID functions or line in use detection. Band-pass
filter frequency response of voice energy detection is in Figure 8-24.
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Figure 8-24 Band Pass fier lrequency response of visce energy detection
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8.15.1 VD_CTRL
Addsess Access Mode Value At Reses Neeninal Vasoe
0x1F0 W 000
Bat? Bis6 Bit5 Bust Bud Bu2 Bit] Bit)
VD EN Reserved Reserved Reserved VD _TC [30)

VD_TC[3:0] Voice Detect TC (time constant) determines the response of the voice detect
energy averaging. Larger values imply a larger time constant, greater stability but

less responsive to changes in energy level

VD_EN Enable the Voice Detection block
8.15.2 VD_STATUS
Addeess Access Mode .\'Alue Ax Reser Nosunal Vadee
7 0x1F1 " 0x00
I Bat? Bt RS Bat Bad B2 Bt B
Reserved | Reserved | Reserved | Reserved | Reseved | VDRX

VD_RX Voice Energy Detected, 1 Energy exceeds VD_THRES 0: Energy less than
VD_THRES or VD_EN=0.

8.15.3 VD_THRES

Address Access Mode Value At Reser Nommnal Vakae
Ox!F2-0xlF3 W 0x0100
Bir) Bab BatS Bad a3 Bar2 Bal Bal
F2 VD _THRES [158)
F3 VD_THRES [77]

VD_THRES[15:0]  This register defines the threshold of voice detection (speech energy). If the
energy is greater than VD_THRES, VD_RX is high. The 16 bit value
represents the decimal fraction of full scale in 2's complement format.

8.15.4 VD_ENERGY

Address Access Mode Value At Reset Nominal Valee
Oxl F4-0xIFY R 00000 .
Bit? Bat6 Bats Bird Bad B2 Batl Bal
F VD_ENERGY [158)
Fs VD_ENERGY [7.0]
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VD_ENERGY[15.0] This register represents the instantaneous signal power from 750Hz to

1400Hz. The value is in the range, 0x0000 to OxFFFF, with larger value
representing larger signal power.

8.16 Call Progress Tone Detector

The call progress tone detector is a narrow band pass filter from 300Hz to 650HZ; its detection algorithm
is similar to voice energy detection. It can be used to detect call progress tones such as dial tones.
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Figure 8-25 Call progress tone band-pass fiter frequancy response

8.16.1 CPT_CTRL

Address Access Mode Value At Reset Nosninal Vabee
0x280 AW Um0
Bat? Bust Biss Bist Bicd B2 Bal Bisd
CPTEN | Resorved | Reserved | Reserved CPT_TC [3.0]

CPT_TC[3:0] Call Progress Tone TC (lime constant) determines the response of the Call
Progress Tone energy averaging, Larger values imply a larger time constant,
greater stability but less responsive to changes in energy level.

CPT_EN Enable the Call Progress Tone detection block
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8.16.2 CPT_STATUS

Address Access Mode Value At Resec Nesunal Vadoe
_ 0281 2 0x00
| Bit7 Bush Bt Bist But3 Bi2 Bitl Bird

I el asavel Eovrbnd: R 3 R 3 R od Rovrid: CPT_RX

CPT_RX Call Progress Tone Detected, 1: Energy exceeds CPT_THRES_H 0: Energy less
than CPT_THRES_L or CPT_EN=0.

8.16.3 CPT_THRES_H

Address Access Mode Value At Reset Neaninal Vatae
(0x282-0x283 RW 0x2400 ‘ '
Bit7 Bith Bats Bitd B3 Bit? Batl Berd
2 CPT_THRES_H [158]
) CPT_THRES H [7:0)

CPT_THRES_H[15:0]) This register defines the on/high threshold of the Call Pregress Tone
detection. If the energy is greater than CPT_THRES_H, CPT_RX will be
set. The 16 bit value represents the decimal fraction of full scale in 2's

compiement format.
8.16.4 CPT_THRES L
Address Acceas Mode Value Az Reset Nesunal Vadae
(X284~ 0285 W OxADO
Bu? Bad Bats Bad Ba3 Ba2 Bal Bal
) CPT_THRES_L [15:8}
£5 CPT_THRES L [7:0)

CPT_THRES_L[15:0] This register defines the offlow threshold of the Call Progress Tone
detection. If the energy is less than CPT_THRES_L, CPT_RX will be
cleared, The 16 bit value represents the decimal fraction of full scale in 2's
complement format.
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8.16.5 CPT_ENERGY

Addsess Access Mode Vahie At Resec Neauinial Vasue
0x286-00287 R ' 00000
Bit7 Bt Bat Bind B3 Bat Bitl Bitd
CPT_ENERGY [158]
CPT_ENERGY [7:0]

CPT_ENERGY[15:0] This register represents the instantaneous signal power from 300Hz to
650Hz. The value is In the range, 0x0000 to OxFFFF, with larger value

representing larger signal power,

8.17 Ring Detection and Pulse / Period Width Measurement

Schmitt trigger:
The Schmitt trigger input to the ISD61500 has the nominal characteristics of VH=1.63 volt and VL=1.33
volt.

Pulse | Period Width Measurement (PPM):

The interrupt occurrence could be selected to occur at falling edge or rising edge or both edges of ringing
signal. For example, if the rising edge has been selected, an interrupt event will be sent at each rising
edge of ringing signal. The RNG_CTRL[1:0] is used to select the interrupt occurrence. Figure 8-26 shows
the function block of ring detector and Figue 8.27 Illustrates the operation of ring detector by the timing
waveforms. The ringing signal goes through the Schmitt tigger. The PPM interrupt occurrence register
RINGIntrptSel[1:0] Is set to 0x03 in the illustration, so the RINGIN signal is then examined by the PPM
interrupt generator to generate the interrupt event at the both edge transitions of RINGIN signal, To save
the software computation power, PPM counter logic can report the length between consecutive interrupt
events by a counter value, The counter value is stored in register RINGCNTR that is related to the PPM
counter operating frequency. Depending on the time resolution to measure the length between
consecutive interrupt events.
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Ringing signal / RING_in PPM counter
interrupt =1 reset
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» RINGIntrpt
e * RING_State
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Figure 8-26 Block diagram of ring detecior
RNG is | | |
RINGistrpt || [l |
RINGCNTR [15:08 X 0 X 7 ) 4
Figure 827 The timing of ring detector with RNG_CTRL{1:0]#2'b11
8.17.1 RNG_CTRL
' Address Access Mode \')alug AtReset  Nominal Vake
0xD160 RW 0x00
Bit 7 Bit 6 Bit5 Bit 4 Bit 3 Bit 2 Bit 1 git0

RING_EN |RESERVED |RESERVED |RESERVED| RES[1) Respo] | INT_seL) | INT_sSEL[0]

RING_EN RING Operation Enable 1=Enable, 0=Disable

RES[1:0] Select the resolution of the PPM measurement. The maximum time interval
measureable is 65536 * resolution time unit. See Table 8-19.
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INT_SEL[0] =1 Generates an interrupt on falling edge.
INT_SEL[1] =1 Generates an interrupt on rising edge.
Address=0x0180
Interrupt Occurrence BT BH0]

No Intermupt 0 0
interrupt on faling edge 0 1
IntesTupt on nsng edge 1 0
Inteerupt on both faling and rising edge 1 1

Tablke 8-19 Valuas of PPM Timer resolution

RES[1:0] Resolution Time Unit
0 112KHz = 83us
1 124 KHz = 41 Tus
2 1148 KHz = 20 Bus
3 196 KHz = 10.4us
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8.17.2 RNG_STATE

 Address Access Mode Value AL Reset | Nominal Vakie
0xD181 R 0x00
Bl 7 BiL 6 BitS Bit 4 BiL3 Bit 2 Bit 1 Bit 0

RESERVED | RESERVED | RESERVED | RESERVED | RESERVED | RESERVED | RESERVED | RING_STATE

RING_STATE This bit reflects the state of ringing signal passing through the Schmitt trigger
input pad.

8.17.3 RNG_CNTR

Address Access Mode Valie At Reset  Noeminal Vake
Ox182-0x183 R Dx0000
Bit] Bt Bats Bitd Bi3 B Bal Bal
B2 RNG_CNTR[13 5]
B3 RNG_CNTR{70]

The RNG_CNTR register is updated with the PPM counter value as the interrupt is generated. The PPM
counter is a 16-bit counter which is reset to 0 and starts fo increase by 1 to maximum value 85535, when
the PPM interrupt is generated. The PPM counter will saturate at the maximum value 65536 untll the next
interrupt cccumrence.

Table 8-19 illustrates the expected counter values for detecting ringing signals according to the
requirements of the BT and North American systems,

Table B-16 PPM counter value vs. PPM resolubion Tor vanous fingeng frequences and cadences.

FPM FPM USA BT
counter counter Frog Cadence
operating | resolubon T8
trequency 10 Hz Mz H: 50z | 6 Hz | €9 Hz 70 Haz
(Hz)
100 50 6329 20 147 14.49 14.28 duec | 020ec | 04 2ec | 2300
me ms o ms ms ms me otf ot an off
12K 0083 s 1200 [EL)) 79 240 176 173 171 =
wote) | wos8) | worny | worey | ooroy | 00aD) | (ooapy | 4500 | 240 | 4820 f 24100
4K D042ms 2400 1200 1518 480 352 348 342 85535 | 4762 a524 | 47620
(0560 | (4B0) | (O5EE) | (DIED) | (60) | (15C) | (D156)
48K 002tms | 4800 2400 3038 960 706 656 686 | 65535 | 4524 19047 | (5535
(12C0} | (0960) | (DBDE) | (3CO) | (2C2) | (2B8) | (2AE)
96K 0.01ms 8500 4800 6076 1620 1412 1362 1372 | 65535 | 20000 | 40000 | 65535
(2580) | (12C0) § (1\7BCH | (0730) | (0584) | (0570) | (056C)
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PPM counter, max (16 bt counter =65535 ( PPM counter value= PPM counter operating frequency / Frequency)

8.17.4 RNG_LATCH

Mdass A;mss _Mode Value At Reset | Noeninal un_a
0x184 RW 0x00
B 7 Bit6 Bt 5 Bit 4 B3 Bat 2 B 1 Bito

LATCH 0: RNG_CNTR is updated each interrupt occurrence regardless of whether
interrupt has been serviced.
1: The RNG_CNTR value is iatched until RNG_LATCH s written again. This
prevents noise on ring signal or slow interrupt servicing causing missed
measurements. With LATCH=1, to service interrupt read RNG_CNTR, then write
RNG_LATCH. Once written, next interrupt will update RNG_CNTR to a new
value_ If RNG_LATCH is not written, new interrupts will continue to be generated
but RNG_CNTR will not be updated

8.17.5

8.18 Timer

The 1SD61S00 incorporates a programmable 1-millisecond resolution timer. It can be programmed
to generate a pulse in the range 1 ~ 65536 milliseconds (1 millisecond spacing). When the timer is
enabled by writing to TIME_CTRL[7]=1 the 1 ms timer will start to count untll the current timer count
(TIME_CNT) is equal to the target count (TIME_TARG) at which time an interrupt event is generated, A
write of the timer control register (TIME_CTRL) will force timer to reset/clear. The interval between timer
interrupts will be TIME_TARG+1ms,

8.18.1
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8.18.2 TIME_TARG

Address Access Mode Value Al Reset Nominal Vake
Ox262-0x293 RW 00000
Bit7 Bat6 Bat B4 B3 Bat2 Batl B0
9”2 TIME_TARG[158]
93 TIME_TARG{70]
TIME_TARG[15:0] TIME_TARG+1 ms timer target count, maximum count 65536 ms.

8.18.3 TIME_CNT

Address. Access Maode Value At Reset Nominal Vake

(h2M-(0x295 e o000 \

Bit7 Bit6 But$ Bird Bat3 Bit2 Bitl B |

9 TIME_CNT[15:6). |

95 TIME_CNT[7:0] |
TIME_CNT[15:0] Current timer count number. Unit: ms

8.19 Gain Stage and Mixer
The Gain stage and Mixer block allows routing of PCM signals between varicus blocks. There are five
gain- mixer channels allowing mixes for:

1. AEC Input (to air CODEC)

2. LEC Input (to PSTN CODEC)

3. Record (to audio compression block).

4. 12S Left Channel.

5. 125 Right Channel.
Each of the mixers has five variable gain inputs along with inputs from the tone generator and FSK
encoder, The five varable gain inputs are:

1. MIC —output from air CODEC.

2. PLAY = output from audio decompression.,

3. Tl=output from PSTN CODEC

4. 125_L —input from 128 left channel.

5. 125_R = input from I2S right channel.
The block diagram of a single mixer channel is shown in Figure 8-28.
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Figure 8-28 Gain'Mixer Channel

In addition to the mixers there are also gain stages associated with each of the CODECs and echo
cancellers that allow input and output gain control along with side tone insertion.

Ax CODEC In To Mixer

PSTN CODEC In Asw_t> _ To Muer

PSTN CODEC From Mixer

Figure 8-29 CODEC/EC Gan Siagas

Each gain stage is controlled by seven bits of a configuration register. The gain is configurable from
+24dB to -31.5dB in 0.5dB steps. The gain is a seven bit two's complement number with 0x40
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corresponding to a total MUTE of the signal as shown in Table 8-20. The list of mixer gain registers and
thelr associated path ks given in Table 8-21.

Table 8-20 Gam Stage Control value Mepping

Index Galn (dB) index Gain (dB) Index Galn (dB) Index Gain (dB)
D00 oD 20 16.0 Dx7F 05 SF 65
(o) ¥ 05 21 165 n7E -10 InSE 370
D02 10 ma2 17.0 0x7D 15 x50 A7TS
013 15 23 1746 07 20 0x5C -18.0
D04 20 024 180 s 25 =58 185
D5 25 25 185 7A -30 ) -19.0
D06 30 26 190 oxre 35 5e -195
D)7 35 27 195 Ox78 40 Ox58 -20.0
D08 4.0 28 200 Ox77 A5 ST 205
Do 45 29 205 Ox76 50 (56 210
OxDA 50 x2A 210 0x75 55 0x55 215
Ox08 55 w28 215 Ox74 40 054 20
x0C 6.0 ax2C 220 Ox73 £5 0x53 225
0x00 65 0x2D 225 0x72 70 0x52 230
OxDE 70 Ox2E 230 ox71 15 0x51 235
{nd)F 75 O2F 235 70 40 x50 240
Dx10 80 0x30 240 DaBF 45 OxdF 245
11 85 e} 240 (e 40 e 250
D12 a0 Ox32 240 Ox6D 85 ax4D 255
ox13 95 a3 240 OxBC -100 0xAC 260
D14 100 0x34 240 68 105 =48 65
D15 105 35 240 ey 10 (ed A\ 270
Dx16 110 36 240 0x58 115 Ox4B 215
D17 1ns 37 240 i -120 (x40 280
i@ 120 Ox38 240 Ds 7 A25 OxA7 285
16 125 30 240 s 130 Oty 20
Ox1A 130 37 240 D85 135 Ox45 295
0x1B8 135 (38 240 (i34 140 x4 200
xic 140 axac 240 DxG3 145 Oxd3 -30.5
ax10 145 0x30 240 2 150 Ox42 -0
x1E 150 Ox3E 240 Ong1 155 Ox41 315
1 155 Un3F 240 a0 -160 Ox40 Mute

The registers that control each gain stage are listed in Table 8-21 and their position is indicated by their
address in Table 8-21.
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Tabie £-21 Moer Gain Rogistars.

Register Description Address Register Description Address
GS_ACST |Ar CODEC Side tone 1" GS_ILLI I2SL - LEC in 122
GS_ACIG  |Ar CODEC input Gain 112 GS_IRLI I12SR - LEC in 123
GS_ACOG |Awr CODECoutput Gain 113 GS_AOR!I |AEC out- REC in Gan |124
GS_AEQOG |AEC Qutput Gain 114 GS_LORI |[LECout-RECin Gain [125
GS_AEIG  |AEC Input Gain 115 GS_PLRI  |PLAY - REC in Gain 126
GS_LCIG  |Line CODEC input Gain  |116 GS_ILRI I2SL - REC in 127
GS_LCOG |Line CODEC output Gain {117 GS_IRRI I2SR - REC in 128
GS_LEOG |LEC Output Gain 118 GS_AOIL  |AEC out - 12SL In Gain  [128
GS_LEIG LEC Input Gain 119 GS_LOIL LEC out - I2SL in Gain  [12A
GS_ACAI  |AEC out - AEC in Gain 1A GS_PLIL PLAY - 12SL in Gain 128
GS_LOAI LEC out - AEC in Gain 118 GS_ILIL I2SL - 12SL in 12C
GS_PLAI PLAY - AEC in Gain 11C GS_IRIL I12SR - 12SL in 12D
GS_ILAI I2SL - AEC in 11D GS_AOIR |AEC out - I2SR in Gain [12E
GS_IRAI I2SR - AEC in 11E GS_LOIR [LECout- 2SR in Gain |[12F
GS_AOLI AEC out - LEC in Gain 11F GS_PLIR  |PLAY - I2SR in Gain 130
GS_LOLI LEC out - LEC in Gain 120 GS_ILIR I2SL - IZSR in 131
GS_PLU PLAY - LEC in Gain 121 GS_IRIR I2SR - I2SR In 132
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Figura 8-30 Gain Stages and Mixer wath Control Addresses

8.19.1 GS_CTRL

Address AccessMode ~ Value AtReset | Nosminal Vaboe
0x110 W %00 !
Ba? Bus BiS Bist Batd B2 Bl Bisd
GSMIX_EN

GSMIX_EN  Enable the Mixer Gain Stage.
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8.19.2 CODEC EC Gain Stages

Addsess Acces Mode Value At Recer | Neosninal Vadoe
Ox111-0x119 nw Ox00
Address Bit7 Bit8 BitS Bit 4 Bit3 Bit 2 Bit 1 Bit0

Ox111 POSITION | G1: Air CODEC Side-Tone Gain [6:0]

0x112

Reserved | G2: Air ADC To AEC Gain [6:0]

0x113 Reserved | G3: AEC To Air DAC Gain [6:0]

0x114

Reserved | G4: AEC To MIC Gain [6:0]

0x115

Reserved G5: AECin Mixer To AEC Gain [6:0]

0x116 Reserved | G6: Line ADC To LEC Gain [6:0]

0x117 Reserved | G7:LEC ToLine DAC Gain [6:0]

0x118 Reserved | G8:LEC To T Gain [6:0]
xti® Reserved | G9: LECin Mixer To LEC Gain [6:0]
Side-tone gain (2's complement),
Air CODEC Side-Tone Gain [6:0] — Operation range: -0.5 dB ~-31.5dB, 0.5 dB per step.
— 0x40 means mute/disable this path.
Determines whether the side tone insertion is before or after the
echo cancellation block.
POSITION 0: After AEC as per Figure 8-30,
1: Before — immediately after DAC/ADC.
Air ADC To AEC Gain [6:0] Gain in 2's complement format, G"0.5dB.
AEC To Air DAC Galin [6:0} Operation range: +24 dB ~ -31.5 dB, 0.5 dB per step.
AEC To MIC Gain [6:0] 0x40 mutes gain stage.
AEC To MIC Gain [6:0)
CODEC To LEC Gain [6:0]
LEC To CODEC Gain [8:0] Note: As per Table 8-20
LEC To Mixer Gain [6:0]
Mixer To LEC Gain [6:0]
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8.19.3 AECin Path Mixing Gain Control

Address Access Mode ‘ Valos At Resaa Noemioal Value
Ox11A-UxI 1E AW 000

Address Bit 7 Bit Bit 5 Bit 4 8it 3 Bit 2 Bit 1 Bit 0
Ox11A Reserved | GA- AEC to AECin Path Mixer Gain Index [6:0]

0x118 Reserved | GB:LEC to AECin Path Mixer Gain Index (6:0]

0x11C Reserved | GC: PLAY to AECin Path Mixer Gain Index [6:0]

0x11D Reserved | GD: 125 L to AECin Path Mixer Gain Index (6:0]

0x11E Reserved | GE: 25 R to AECin Path Mixer Gain Index [6:0]

AEC to AECIin Path Mixer Gain Index [6.0]

LEC to AECin Path Mixer Gain Index [6:0]
PLAY to AECin Path Gain Index [6:0]

125 L to AECin Path Mixer Gain Index [6:0]

128 R to AECin Path Mixer Gain Index [6:0]

8.19.4 LECin Path Mixing Gain Control

Gan in 2's complement format, G*0.508,

o Operalion range: «24 &8 ~ -315dB, 0.5 (8 per step.

o Dx40 mues gain stage

Note: As per Table §-20

Addeess Access Mode | Valos At Reset Neemoal Value
1 1F-0x123 W Ox00
Address Bit7 Bit6 | Bit5 Bit4 | 8it3 Bit 2 Bit 1 Bit 0
Ox11F Reserved | GF : AEC to LECin Path Mixer Gain Index [6-0]
0x120 Reserved | G10:LEC to LECin Path Mixer Gain Index [6:0]
0xi121 Reserved | G11: PLAY to LECin Path Mixer Gain Index [6:0]
0x122 Reserved | G12: 125 L to LECin Path Mixer Gain Index [6:0]
0x123 Reserved | G13:12S R to LECin Path Mixer Gain Index [6:0]

Gain in 2's complement format, G*0 508,

AEC to LECin Path Mixer Gain Index [6:0]
LEC to LECin Path Mixer Gain Index [6:0]

«  Operation range: +24 dB ~ 315 dB, 0.5 dB per step

o Ox40 mutes gain stape
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PLAY to LECin Path Gain Index [6:0]
128 L to LECin Path Mixer Gain Index [6:0]
I2S R to LECin Path Mixer Gain Index [6:0]

Note: As par Table 820

8.19.5 REC Path Mixing Gain Control Registers

Address | Access Mode | Value Alrbm Nosumal Va‘lne
Ox124-0x128 W Ox00
Address Bit 7 Bit 6 Bit 5 Bit 4 Bit 3 Bit 2 Bit 1 Bit 0
0x124 Reserved | G14:AEC to REC Path Mixer Gain Index [6:0]
0x125

Reserved G15: LEC to REC Path Mixer Gain Index [6:0]

0x126 Reserved G16: PLAY to REC Path Mixer Gain Index [6.0]

0x127 Reserved | G17: 125 L to REC Path Mixer Gain Index [6:0]

0x128 Reserved | G18: 125 R to REC Path Mixer Gain Index [6:0]

: - Gan in 2's complernent format. G*0,508B,
AEC to REC Path M.lxef Ga-ln Index [6:0] e Operstion range: +24 @8 ~ 315 dB, 0.5 4B per slep
LEC to REC Path Mixer Gain Index [6:0] v (x40 mutes gan stage
PLAY to REC Path Gain Index [6:0]
I12S L to REC Path Mixer Gain Index [6:0]  Note: As per Table 820

I2S R to REC Path Mixer Gain Index [6:0]
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8.19.6 I2SLin Path Mixing Gain Control Registers

Address Access Mode Value At Reset Nooumal Vahse
Ox12940x12D W Ox(0
Address Bit 7 Bit 8 Bit 5 Bit 4 Bit 3 Bit 2 Bit 1 Bit 0
0x129 Reserved | G19:AEC to 12SLin Path Mixer Gain Index [6:0]
0x12A Reserved | G1A: LEC to125Lin Path Mixer Gain Index [6:0]
0x128 , . . .
Reserved G1B: PLAY to 12SLin Path Mixer Gain Index [6:0]
0x12C Reserved | G1C:12S L to 125Lin Path Mixer Gain Index [6:0]
0x12D Reserved | G1D: 12S R to 125Lin Path Mixer Gain Index [6:0]
. . - X Gain in 2's complement format, G*0,548,
AEC to lZSL'm Path Milxer Ga.ln Index [6:0] iy Operstion fange: +24 dB ~ 31 5 B, 0.5 dB pex step
LEC to 12SLin Path Mixer Gain Index [6:0) o 0x40 mutes gain stagea.
PLAY to 125Lin Path Gain Index [6:0]
125 L to 12SLin Path Mixer Gain Index [6:0] Note: As per Tatle 4.20
128 R to [2SLin Path Mixer Gain Index [6:0)
8.19.7 I12SRin Path Mixing Gain Control Registers
Address AccessMode | ValeAtReset | Nemmoal Vahe
Ox12E-Ox132 MW Ox00
Address Bit 7 Bit & Bit5 Bit 4 Bit 3 Bit 2 Bit 1 Bit 0
Ox12€ Reserved | G1E : AEC to 12SRin Path Mixer Gain Index [6:0]
0x12F . . . : .
Reserved G1F: LEC to 12SRin Path Mixer Gain Index [6:0]
0x130 Reserved | G20:PLAY to 12SRin Path Mixer Gain Index [6:0]
Ox131 Reserved | G21:12S L to I2SRin Path Mixer Gain Index [6:0]
0x132 Reserved | G22: 125 R to I2SRin Path Mixer Gain Index [6:0]
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AEC 1o 12SRin Path Mixer Gain Index [6:0]

LEC to 125Rin Path Mixer Gain Index [6:0]

PLAY to 12SRin Path Gain Index [6:0]
125 L to 12SRin Path Mixer Gain Index [6:0]

125 R to I2SRin Path Mixer Gan Index [6:0]

8.19.8 Mixer Source Enable Registers

ISD61S00 DESIGN GUIDE
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Gain In 2's complement format, G0.548,
«  Opemation range: +24 dB - -31.5 o8, 0.5 dB per step

o  Ox40 mutes gain stape.

Note: Az par Table 4-20

Address “Access Mode: Volue AtRowet | Nowrinal Valwe
0x138-0x13F RW 0x00 '
Address Bit7 Bit6 BitS Bit4 Bit3 Bit2 Bit 1 Bit0
Reserved | FSK_GEN|TONE GEN| 12S R | 125 L | M5K Tl MIC
0x138 | pacarved AECin Mixer Source Enable [6:0]
0x13C Reserved LECin Mixer Source Enable [6:0]
0x13D | Reserved REC Mixer Source Enable [6:0]
0x13E | Recarved 12SLin Mixer Source Enable [6:0]
0x13F | Reserved 12SRin Mixer Source Enable [6:0]
< s £ These iers delermine which of the nput sources o the mixers are enabled
AECin Mixer Source Enable [6:0] [ s Enable:” 04 Socies Disab
LECin Mixer Source Enable [6:0] For example # bt 6 of AECin register (0x138) & set than output of the FSK
REC Mixer Source Enable [60] generator wil be mixed to the output If it 1 is set then the T1 input will ba mmad to
; he output
12SLin Mixer Source Enable [6:0] >
IZSRn Mlxef Sowca Enab'e [6.01 Note. The Mixing operation |s performed after Mixer Gain.
Mixer Example:

«=0x 0138 = 0x 01 AEC out = AEC In "GA (Loop Back)

— 0x 013C = Ox 12,
- 0x 013D = 0x 23,
~ 0x 013E = 0x 37,
— 0x 013F = Ox 7F,

LECout=128_Rin"G1Z+ LEC in*(G10

ISK out = DTMF_GEN in ¢ LEC in "G15 ¢ AEC in "G4
128_Lout=DTMF_GENin+ 125 Rin"GID + 115K in"GIB ¢+ LECin"G1A * AEC in "G19
128_Rout = FSK_GEN in + TONE_GEN in + I25_R in "G22 +

128_Lin "G21¢ H6K in "GZ0 « LEC in "G1F + AEC in "G1E

8.20 Air and Line CODEC
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The ISD61S00 contains two channels of A/D and D/A conversion for the air side interface and the jine
side interface.

8.20.1 AC_EN, LC_EN - Air /Line CODEC Enable Register

Address AmessMooe Ve At Resel
0x140 (Ax) RW 020
%150 (Line) ,
Bit7 Bit 6 Bit 5 Bit4 Bit 3 Bit 2 Bit 1 Bit 0
CODEC_EN| Reserved |IMAGE FIL| SAT ON HPF_FREQ [3:2] =

CODEC_EN CODEC Digital Path Enable. 1 = Enable, 0 = Disable (Power Down).

IMAGE_FIL Enable image filter. The image IIR filter may be used to remove aliased image
of signal resulting from down-sampling. This fiter is available for use in 8kHz
mode on the line side and/or the air side, and in 16kHz mode on the air side
only.

SAT_ON Enable MACC saturation control. It is recommended that this is enabled.

HPF_FREQ [3:2] Control for high pass filter cut-off frequency.
For 16kHz sampling the cut-off frequencies are:
00 = 6.7Hz Cutoff
01 = 81.7Hz Cutoff
10 = 204Hz Cutoff
11 = Reserved.

For 8kHz sampling the cut-off frequencies are:
00 = 3,3Hz Cutoff

01 = 40.8Hz Cutoff

10 = 102Hz Cutoff

11 = Reserved.

To ensure the comect reset and initial conditions of the CODEC the following sequence should be
observed for power up and down of the CODEC.

CODEC power up sequence:

1. Begin at state 0x00 (CODEC_EN=0, IMAGE_FIL=0, SAT_ON=0)

2. Enable CODEC 0x80 (CODEC_EN=1, IMAGE_FIL=0, SAT_ON=0)

3. Enable image filter (if applicable) 0xBO (CODEC_EN=1, IMAGE_FIL=1, SAT_ON=1)
CODEC power down sequence:

e Setto state 0x00 (CODEC_EN=0, IMAGE_FIL=0, SAT_ON=0),
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8.20.2 AC_CTRL, LC_CTRL = Air /Line CODEC Dither Control

Address Access Mode Value Al Resel
0x141 (Ax) RW 0x07
01 51{Line)
Bit 7 Bit& BitS Bit4 Bit3 Bit2 Bit 1 Bit0
Reserved Reserved Resarved Reserved | Dither_sign | Dither_level | Dither_enable
Dither_enable = 1: Enable dither,
Dither_level = 1: 17bits dither; O: 16bits dither;
Dither_sign =0: Additional random noise is both positive and negative,
=1: Additional random noise is only positive,
8.20.3 AC_ADCG, LC_ADCG ~ Air/Line CODEC ADC Gain.
Address Access Mode Value Al Reset Nominal Valse
0x142-0x143 (A¥) RW o400
Ox152-0x153 (Line)
Bit7 Buth Bat5 Bid Bit3 Bit2 Batl Batd
ADC_DIG_GAIN[118)
ADC_DIG_GAIN{7 0]
ADC_DIG_GAIN [11:0]) Digital ADC Path Gain. (Default = 12'h400, unity gain)
Format: 2's complements number with format = 2,10
Example:
-~ ADC_DIG_GAIN [11:0] = 12'h5AB, Gain=+3dB
- ADC_DIG_GAIN [11:0] = 12'h400, Gain= 0dB
-— ADC_DIG_GAIN [11:0] = 12'h2D8, Gain=-3dB
8.20.4 AC_DACG, LC_DACG ~ Air/Line CODEC DAC Gain.
Addrass Accass Mode Value Al Reset Nominal Vahse
| Dx144~0x145 (A¥) RW 030400
0x154~0x155 (Line)
But7 Bar Bats Bid Bat3 Bat2 Batl Barll

DAC_DIG_GAIN[11 %]

DAC_DIG_GAIN[7T 0}
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DAC_DIG_GAIN [11:0] Digital DAC Path Gain. (Default = 12'h400, unity gain)
Format: 2's complements number with format = 2,10
Example:
- DAC_DIG_GAIN [11:0] = 12'h5AB, Gain=+3dB
-~ DAC_DIG_GAIN [11:0] = 12'h400, Gain= 0dB
- DAC_DIG_GAIN [11:0] = 12'h2D8, Gain = -3 dB

8.20.5

8.20.6

8.21 RINGER TONE GENERATOR

The ninger tone vall be generated while an incoming call occurred. There are two tone signals can be
mixed to the speakerphone driver output. This subsection describes the Ringer Tone Generator with the
PWM (Puise Width Modulation) format.

Ringer tone generator (PWM) specification:
e Tone Channel Number =2
e Tone Volume Step = 32
e Tone Frequency Range = 83Hz~24KHz

Frequency =m Hz N=1~256
16x Nx32

The tone frequency/volume control signal path is shown as Figure 8-31 Ringer Tone Generator Block
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Tone1 Tone1
12288 Frequency Volume
MHz l l
/16 I /N 132 Decoder
PWM_dout
r‘> -
768 KHz >
/N 132 Decoder
Tone2 Tone2
Frequency Volume
Figure 831 Ringer Tone Generalor Block
8.21.1 PWM Clock
T T Y
TxIAD RW o000 |
Bit7 Bit 6 Bit 5 Bit 4 Bit 3 Bit 2 Bit 1 Bit 0 |

PWM CLK ON PWM Operation Clock Enable. 1 = Enable 0 = Disable
- Set this bit will enable PWM operation clock.

Note: Before disable this bit, the tone_on1 (Ox1A2: BIT [7]) and
tone_on2 (Ox1A4 BIT [7]) must be disable first,

8.21.2 PWM Tone1 Control
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Address Access Mode Value Al Reset Noeminal Ve
Ox1A2 RW 0x00
Bit7 Bit 6 BnS Bit 4 Bit 3 Bit 2 Bit 1 Bit0
TONE ON 1| Reserved | Resenved TONE_VOLUME_1 [4:0]
TONE_VOLUME_1 [4:0] TONE 1 Volume setting,

-— There have 32 stage volume of the Tone generator.
-— Set this volume zero will force output mute.

TONEON 1 TONE 1 Enable, 1=Enable, 0= Disable
Note: This bit can be updated only while PWM CLK ON (Ox1A0 BIT
[7]) is active. Besides, if the Ringer what to on/off with a full

frequency cycle, the suggest way is to play one "Zero" volume cycle
before disable the TONE ON.

8.21.3 PWM Tone1 Frequency

Address Access Mode Valus Al Reset Nominal Vake
Ox1A3 RW 0x00
B 7 Bit 6 Bit 5 Bit 4 Bit 3 Bit 2 Bit1 Bit0

TONE_FREQ_1 [ 7:0)

TONE_FREQ_1[7:0] TONE 1 Frequency setting
—The Ringer Tone Frequency = 768 / [32°(TONE_FREQ_1+ 1)] KHz

EX: If the TONE_FREQ_1 = 0x4A, then the Ringer Tone 1 output frequency
will be 768 / [32 * (74+1)] = 320 Hz

8.21.4 PWM Tone2 Control

Address Access Mode Valus At Reset  Nominal Vaie
1A RW 0x00
a7 Bit 6 Bit 5 Bit 4 Bit3 Bit 2 Bit 1 Bit 0
TONE ON 2| Reserved Resenved TONE_VOLUME_2 [4:0]
TONE_VOLUME_2 [4:0] TONE 2 Volume setting.

— There have 32 stage volume of the Tone generator.
— Set this volume zero vAll force output mute.
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TONE ON 2 TONE 2 Enable. 1=Enable, 0= Disable

Note: This bit can be updated only while PWM CLK ON (0x1AD BIT [7])
Is active. Besides, If the Ringer what to on/off vath a full frequency cycle,
the suggest way is to play one "Zero" volume cycle before disable the
TONE ON.

8.21.5 PWM Tone2 Frequency

Address Access Mode Value Al Reset Noeninal Value
Ox1AS RW 0x00
Bit7 Bita BitS Bit4 Bit3 Bit 2 Bit1 Bito

TONE_FREQ_2 [ 7:0)

TONE_FREQ_2 [7:0] TONE 2 Frequency setting
--The Ringer Tone Frequency = 750/[32*(TONE_FREQ_2 + 1)] KHz
EX. If the TONE_FREQ_ 2 = Ox4A, then the Ringer Tone 2 output
frequency will be 768 /| 32 * (74+1)] = 320 Hz

9. ACOUSTIC PROCESSING BLOCK

The Acoustic possessing block performs a variety of functions to implement the full or half duplex echo
cancellation. The ISDE61S00 incorporates an Acoustic Echo Cancellation (AEC) block for the microphone
and speaker CODEC and a Line Echo Cancellation (LEC) block for the PSTN interface. These blocks are
very similar, with the main differences being that the AEC includes an AGC function and has a greater
echo cancellation length,

The functions performed by the acoustic processing blocks include:

Echo Cancellation: This is an adaptive estimation of the characteristics of the echo path to cancel echo
intfroduced by speaker/microphone acoustic coupling and echo retum paths from the environment,

Voice Detection (VD): Decides whether input signal from the far end is an active voice signal by
estimating the signal power.

Double Talk (DT) Detection: Decides whether input signal from the near end is an active voice signal by
estimating the signal power,

AGC: Automatic gain control to provide an optimal level from the microphone input.

Soft Clipping: limits the input signal path to prevent hard saturation of the output.

Acoustic Suppression. Used in half duplex to suppress voice either from the near end or the far end.
Noise Suppression. Detects and suppresses noise.

9.1 Full/Half AEC Block Diagram
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Full acoustic echo cancellation unit removes the echo signal inserted by the speaker coupling and space
reflections. Half duplex AEC smooathly transitions the acoustic suppressors from one direction to the other
based on the power estimations of the voice and double talk detectors. Figure 9-1 illustrates the block
diagram of the FullHalf Acoustic Echo Canceller. The line echo cancellation block is similar though has
the AGC block replaced by an additional soft clipping gain block (Figure 8.2),

Lrin

CODEC
SIDE

Near End

Lsout

Lrin Acoste ’ Asout

Soft Gan
Clhipping

CODEC PCM
SIDE SIDE
Near End Far End

Lsout ol Arin

Figure 9.2° Signal flow Mrough the Line Echo Canceler (LEC) in the speach Processol
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9.2 Control Register Memory Map

The AEC/LEC block is controlled via configuration registers from that enable control and tuning of the
echo cancellation parameters. A summary of the registers is presented in Table 9-1. Read only registers
are highlighted in - fill.

Table 8.1 AECLEC Control Ragester Map

AEC LEC
Address Name Address Name
0x0300 AEC_CONFIG 0x0380 LEC_CONFIG
0x0301 AEC_RESET 0x0381 LEC_RESET
0x0302 AEC_EC_BELTA 0x0382 LEC_EC_BELTA
0x0303 AEC_AS_COEFF 0x0383 LEC_AS_COEFF
0x0304 Reserved 0x0384 Reserved
Double Talk Detector
0x0305 AEC_DT_LONG_TC 0x0385 LEC_DT_LONG_TC
0x0306 AEC_DT_SHORT_TC 0x0388 LEC_DT_SHORT_TC
0x0307~ 0x0387~
0x0208 AEC_DT_HANGOVER_TIME 0x0288 LEC_DT_HANGOVER_TIME
0x0309~ 0x0389~
0x020A AEC_DT_DV_THRESH Ox028A LEC_DT_DV_THRESH
0x0308~ 0x038B~
0x030C AEC_DT_LONG_THRESH 0x038C LEC_DT_LONG_THRESH
0x0300~ 0x038D~
0x020E AEC_DT_SHORT_THRESH 0x028E LEC_DT_SHORT_THRESH
0x030F AEC_DIVERGENCE Ox038F LEC_DIVERGENCE
Voice Detector
0x0310 AEC_VD_LONG_TC 0x0390 LEC_ VD _LONG_TC
0x0311 AEC_VD_SHORT_TC 0x0391 LEC_VD_SHORT_TC
0x0312~ 0x0392~
0x0313 AEC_VD_HANGOVER_TIME 0x0393 LEC_VD_HANGOVER_TIME
0x0314~ 0x0384~
0x0315 AEC_VD_DEV_THRESHOLD 0x0395 LEC VD _DEV_THRESHOLD
0x0316~ 0x0396~
0x0317 AEC_VD_LONG_THRESH 0x0397 LEC_VD_LONG_THRESH
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Address Name Address Name
0x0318~ 0x0398~
0x0319 AEC VD _SHORT_THRESH 0x0399 LEC. VD _SHORT_THRESH
0x031A~ 0x039A~
0x0318 AEC_CUT_OFF_PWR 0x0398 LEC_CUT_OFF_PWR
0x31C Reserved 0x38C Reserved
0x0310 AEC_VD_AVE_TC 0x038D LEC_ VD _AVE_TC
Ox031E~ Ox039E~
0x031F AEC_VD_AVE_THRESH Ox039F LEC_VD_AVE_THRESH
Acoustic Suppressor Line Suppressor

0x0320 AEC_AS1_BUILD_UP_TIME Ox03A0 LEC_AS1_BUILD_UP_TIME
0x0321- 0x03A1~
0x0322 AEC_AS1_MAX_ATTEN Ox02A2 LEC_AS1_MAX_ATTEN
0x0323 AEC_AS2 _BUILD_UP_TIME Ox03A3 LEC_ASZ_BUILD_UP_TIME
0x0324~ 0x03A4~
0x0325 AEC_AS2_MAX_ATTEN Ox03AS5 LEC_ASZ_MAX_ATTEN
0x0326~ Ox03A6~
0327 | eserved oxg3a7 | Reserved

Noise Suppressor
0x0328 AEC_NS_POWER_ATTACK_TC 0x0348 LEC_NS_POWER_ATTACK_TC
0x0329 AEC_NS_ATTEN_TC 0x03A8 LEC_NS_ATTEN_TC
0x032A~ Ox03AA~
0x032B AEC_NS_ACTIVE_THRESHOLD Ox03AB LEC_NS_ACTIVE_THRESHOLD
0x032C~ Ox03AC~
0x0320 Reserved 0x03AD Reserved

Soft Clipping on DT Side

0x0330 Reserved 0x03B0 LEC_DT_SC_CTRL
0x0331 Reserved 0x03B1 LEC_DT_SC_NORMAL_INDEX
0x0332 Reserved 0x0382 LEC_DT_SC_LOW_INDEX
0x0333~ 0x03B3~
0x0334 Reserved 0x03B4 LEC_DT_SC_THRESH
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AEC LEC
Address Name Address Name
0x0335 Reserved 0x03B5 LEC_DT_SC_POWER_ATTACK_TC
0x0338 Reserved 0x03B6 LEC_DT_SC_GAIN_TC
0x0337 Reserved 0x0387 Reserved
Soft Clipping on VD Side
0x0338 AEC_VD_SC_CTRL 0x03B8 LEC_VD_SC_CTRL
0x0339 AEC_VD_SC_NORMAL_INDEX 0x03B9 LEC_VD_SC_NORMAL_INDEX
0x033A AEC VD _SC_LOW_INDEX 0x03BA LEC_VD_SC_LOW_INDEX
0x0338~ 0x03BB~
0x033C AEC VD _SC_THRESH 0x03BC LEC_VD_SC_THRESH
0x0330 AEC VD _SC_POWER_ATTACK_TC | 0x03BD LEC_VD_SC_POWER_ATTACK_TC
0x033E AEC_VD_SC_GAIN_TC 0x03BE LEC_VD_SC_GAIN_TC
0x033F Reserved Ox03BF Reserved
DT Side Power Monitor
0x0241 AEC_DT_SHORT_TERM_POWER 0x03C1 LEC_DT_SHORT_TERM_POWER
0x0342~ 0x03C2~ :
0x0343 AEC_DT_LONG_TERM_POWER Ox03C3 LEC_DT_LONG_TERM_POWER
Ox0344~ Ox03C4~ .
0x0345 AEC_DT_POWER_DEVIATION 0x03C5 LEC_DT_POWER_DEVIATION
0x0346 AEC_DT_ACTIVE 0x03C6 LEC_DT_ACTIVE
0x0347 Reserved Ox03C7 Reserved
VD Side Power Monitor
0x0348~ : 0x03C8~ 5
0x0349 AEC_VD_SHORT_TERM_POWER 0x03C9 LEC_VD_SHORT_TERM_POWER
0x034A~ R 0x03CA~ |
Ox0348 AEC_VD_LONG_TERM_POWER 0x03CB LEC_VD_LONG_TERM_POWER
0x034C~ 0x03CC~ :
0x034D AEC_VD _POWER_DEVIATION 0x03CD LEC_VD_POWER_DEVIATION
0x034E AEC VD ACTIVE 0x03CE LEC_VD_ACTIVE
0x034F Reserved 0x03CF Reserved
Signal Monitor

0x0350~ 0x03D0~
0x0351 AEC_LRIN 0x03D 1 LEC_LRIN

- 143 -

Publication Releaze Date: Maveh 10, 2011
Revision 2.7




ISD61S00 DESIGN GUIDE

NUvoTON
PR
AEC LEC
Address Name Address Name
0x0352~ » 0x03D2~
0x0353 AEC_EOUT 0x03D3 LEC_EOUT
0x0354~ 0x03D4~
ogass | AEC_AsOUT oxo3ps | LEC-ASOUT
0x0357 AEC_ARIN 0x03D7 LEC_ARIN
0x0350 AEC_LSOUT 0x03D9 LEC_LSOUT
0x0358
0x035C~
0x035D
0x035E~
0x035F
AGC Function
0x0360 AGC_CTRL 0x03ED Reserved
0x0361 AGC_INIT_GAIN Ox03E1 Reserved
0x0362 AGC_GAIN_HOLD 0x03E2 Reserved
0x0363 AGC_INC_DEC Ox03E3 Reserved
0x0364 AGC_ATK_DCY 0x03E4 Reserved
0x0365 AGC_GAIN_READ 0Ox03E5 Reserved
0x0366 AGC_STATE 0x03E6 Reserved
0x0367 AGC_POWER_TC Ox03E7 Reserved
0x0368 AGC_PK_TC Ox03E8 Reserved
0x0369~ - Ox03ES~
oxo3ea | AGCPK oxo3ea | Reserved
0x0368~ ' Ox03EB~ '
0x036F R 0x03EF A
0x0370~ 0x03F0~
0x0371 AGC_TARG_CLIP Ox03F1 Reserved
0x0372~ 0x03F2~
0x0373 AGC_TARG_HI 0x03F3 Reserved
0x0374~ Ox03F4~
0x0375 AGC_TARG_LO 0X03F5 Reserved
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AEC LEC

Address Name Address Name
m AN » Ox03F6~

0x0377 AGC_TARG_RB OX03F7 Reserved
0x0378 AGC_NOISE_BIAS 0x03F8 Reserved
0x0379~ Ox03F9~

0x037A AGC_NOISE_HI OX03FA Reserved
0x0378~ 0x03FB~

0x037C AGC_NOISE_LO O0X03FC Reserved
0x0370~ % 0x037D~

0X037F AGC_NOISE_RB OXO3TE Reserved

9.2.1 Threshold and Power Calculation

Many registers in this section are used for sefting signal threshold power. Threshold powers are
measured in dBFS scale (dB relative to a full scale signal) hence a full scale signal will have a power
value of 0dBFS. and all signal levels are referenced to this value. A signal that is half the power of the full
scale signal will have a power value of 20xleg(1/2) = -6.02dBFS.

To convert register value to actual dBFS value, follow the scheme below:

If register is 1 byte (Ox18), actual power = 20log({0x18 / 0x7F) dBFS

If register Is 2 bytes (Ox1BAD), actual power = 20log(0x1BAD / Ox7FFF) dBF S

If register Is 3 bytes (Ox1BADBE), actual power = 20log(0x1BAD BE/! Ox7FFFFF) dBFS

If register is 4 bytes (Ox1BADBEEF), actual power = 20log(Ox1BADBEEF / Ox7FFFFFFF) dBFS

To convert power (in dBFS) into register value, do the following:

If register is 1 byte, Register value = [10 * (power / 20)] * Ox7F

If register is 2 bytes, Register value = [10 * (power [ 20)] * Ox7FFF

If register is 3 bytes, Register value = [10 # (power / 20)] * Ox7FFFFF

If register is 4 bytes, Register value = [10 * (power [ 20)] * 0x7FFFFFFF

For example, in a 2 bytes register, Ox7FFF corresponds to OdBF S, Ox3FFF corresponds to -6.02dBFS.

9.3 Control Registers
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Address Accass Mode Value Al Reset Nominal Vakoe
0x300 (AEC) (380 (LEC) RW 0x86
Bu7 Bit Ba5 Bit4 Be3 8it 2 Bat 1 8it0
Reserved  [DT_NO_ECHO CU'—&’&RES- NO_UPDATE| EC_EN AST EN  |AS PRIORITY

AEC_CONFIG and LEC_CONFIG are general purpose configuration registers for the echo cancellation
unit. Various major functions may be enabled or disabled. depending on the state of each flag. Note that

echo canceflation may
enabled

AS_PRIORITY

AS1_EN

EC_EN
NO_UPDATE

CUT_THRES_DIR

be disabled, yet the updating process for the fiter coefficients may remain

In half dupiex and relative mode, when both VD and DT paths are aclive, determines
which signal path has priority.

=1, VD_Active has first prionty and AS1 will be active,

=0, DT_Active has first priority and AS2 will be active.

=1, the acoustic suppression 1 (AS1) function vAll be enabled.

=(, disable
Note: Acoustic suppressor AS2 only active in half duplex mode ( EC_BELTA[S]=1)
Enables adaptive filter echo cancellation. =1, enable =0, disable

=1, the echo cancellation filter parameters will not be updated
=0, echo cancellation parameters continuously adapt.

Cut-off threshold dwection:

=1, the cut off power is applied on the DT side.

=0, the cut off power is applied on the VD side.

Cut off power Is used for power estimation algorithm, defined at regOx31A and
regOx38A

DT_NO_ECHO =1, double talk power estimation is based on output power afler echo cancellation
=(), double talk power estimation detection based on power before echo cancellation
9.3.2 RESET
. Address | AccessMode  Velue AtReset | Nomal Value
D301 (AEC) D381 (LEC) RW OxES / (IxAB
Bit7 Bit6 Bit5 Bit < Bit3 Bit2 Bit1 Bit0
301 ALEC POWER |RES_COEFF | RES_POW RES_AR
STASS SPREOOE RESET | DOwN | wem MEM MEM
381 FINI POWER |RES_COEFF| RES_POW RES_AR

‘RES_AIR MEM Resets the voice sample memo:y used In Echo Canceller.

RES_POW MEM Reset the power (channel model error history) memory used in Echo
Canceller.

Flushing the power and voice sample memories will remove the

Publication Releaze Date: Maveh 10, 2011
- 146 - Revision 2.7



ISD61S00 DESIGN GUIDE

NnuUvoToN
Asdress Access Mode  Value Al Reset Nomnal Value
conversation history.

RES_COEFF MEM Flushing the FIR coefficient {channel model) memory serves to remove the
conversation history and will prompt the filter coefficients In the Echo
Canceller to be recalculated from scratch.

POWER DOWN Hait the AEC / LEC clock with *1" programmed, AEC is defauk at power
down state. Speech signal will bypass AEC / LEC module.

ALEC RESET While programmed with “1", AEC / LEC will reset all internal registers.
SPEEDUP Sets AEC coefficient update speed.

= 00, sets AEC tail length to 32ms with normal update speed.

= 01, sets AEC tail length to 84ms with normal update speed.

= 10, sets AEC tail length to 32ms with fast update speed.

= 11, sets AEC tail length to 32ms and automatically adjust update speed.
BYPASS When programmed with “1”, speech signal will bypass AEC / LEC module,
LEC_8BMS =1, sets LEC tall length 1o 8ms.

= 0, sets LEC tail length to 4ms.

RESET_FINISH Read only. Will go high after completion of RESET AIR MEM, RESET
COEFF MEM, or RESET POWER MEM,

9.3.3 EC_BELTA

. Addvess AccessMode  Value At Resel Noeninal Viasue
DG02{AEC) 0x382(LEC) RIW 0x03
Bit7 Bit6 BL S Bit 4 B 3 Bit 2 Bt 1 BitD
NS_ENABLE | DT_VD_IDLE HALF DUPLEX| ABSOLUTE EC_BELTA
EC _BELTA EC_BELTA Is the echo cancellabon update gain and is used to control the

rate of change of the echo cancellation filter coefficients. Lowering the value
of this configurable constant will Increase the inertial delay present in the
channel modeling logic. Raising the value of this constant will reduce this
Inertial delay. Values significantly different from the nominal value for this
field will cause the channel modeling algonithm to exhibit instability. In such
a situation any echo present in the channel will not be removed.

ABSOLUTE =1, Absolute mode: the Double Tak detection algorithm is based on
absolute value of power on the DT side.

=0, Relative mode: the Double Talk detection algorithm is based on
difference of signal power between the DT side and the VD side depending
on the setting of DT_COMPARE_DB register in 0x303.

HALF_DUPLEX =1, EC wil enter half-duplex mode and acoustic suppressor2 (AS2) will be
enabled

=0, EC will enter full-duplex mode and acoustic suppressor2 (AS2) disabled,
DT_VD_IDLE =1, AS2 will be active when no energy is detected in DT and VD channels.
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’ PS: This function is only applicable to half-duplex mode.
NS_ENABLE =1, the noise suppressor is enabled
=0, bypass the noise suppressor

9.3.4 AS_COEFF

~ Address | Access Mode | Valua At Resat Nominal Value
O30B(AEC) Ox38HLEC) RW 0x94, Ox04
Bit7 Hit6 BaS Hit 4 Bl 3 B 2 Bit 1 BlD
303 [SFTPWILSE | AVE_PWRS [SHPWIRER (17 50 g DT_COMPARE_DB
383 su_n:m_se AVE-FéWR_S SH_PVB\‘R_EN BOTHEMOD OT COMPARE_D8
SH_PWR_SEL Selects Air power caiculation for echo canceliation algorithm

1: Echo cancellation uses Short Term Air Power to calculate input power.
0. Echo cancellation uses Average Air Power to calculate input power,

AVE_PWR_SE 1: Average Air Power calculation uses zero extension.
0. Average Air Power calculation uses sign extension.

SH_PWR_ENB 1: Disables exponential calculation for Short Term Air Power,
0: Default exponential calculation for Short Term Air Power,
DT_BUF_ENB 1: AEC DT relative mode compares Line power with previous 32 samples

from VD. LEC DT relative mode compares Line power with previous 8
samples from VD.

0: DT relative mode compares Line power with 1 sample from VD.
DT_COMPARE_DB In relative mode, if (kne power) > (air power x RATIO) then DT s active.

0000: RATIO = 0.000

0001: RATIO = 0.125 (-18dB)

0010: RATIO = 0.250 (-12dB)

0011; RATIO = 0.375 (-8.5dB)

0100: RATIO = 0.500 (-6dB)

1111: RATIO = 1.875 (5.46dB)

BOTH_MODE 1: AEC and LEC DT detector only active when BOTH absolute mode and
relative mode detection conditions are met

0: AEC and LEC DT detector uses elther absolute mode or relative mode
algorithm, (Reg 0x302, 382)

9.4 Double Talk Detector Control Registers
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9.41 Function

Double talk detector is used to decide whether the signal from the near end is an active voice signal by
estimating its signal power. Signal is deemed active If the short term acoustic power exceeds a
predetermined threshold or if the short term acoustic power exhibits sudden variations under ‘absolute”
mode, or the relative signal level compared with the signal from far end site in non-absolute mode.

The echo cancellation algorithm will stop adapting to the acoustic characteristics when voice is detected
on the near end. If speech is being camied over both near end and far end then the double talk condition
occurs. In this situation the acoustic interface signal can exhibit echo-like characteristics and acoustic
modeling must be halted.

9.4.2 DT_LONG_TC

| Addrass Accass Mode | Volue At Reset . Nominal Vakue
(e SIHAEC) 02385 LEC) Riw Ox02
Bt 7 Bit6 Be S Bid Bit 3 BiL2 Ba 1 BitD
Resanved Resarved Rasarved Reserved DT_LONG_TC

The DT (Double Talk) long term power estimation's attacking time constant.
This field defines the nertial delay utilized for the long term power
DT LONG TC estimation at DT side. Raising the value of this field reduces the inertia and
- - will make the estimation more responsive while lowering the field will cause
the power estimation algorithm o be less responsive o bursts of energy on

the acoustic side

943 DT_SHORT_TC

Address ACCRSS Moda Value M ‘Roset . qunni V@o
OMGAEC) 0x288(LEC) RW (xB8
B 7 aith Bit 5 Bit4 B3 Bin 2 Bat 1 B0
DT_SHORT_TC_H DT_SHORT TC L

The DT (Double Talk) short term power estimation's attacking time
constant. This field defines the inertial delay utilized for the short term power
DT SHORT TC estimation at DT side. Raising the value of this field reduces the inertia and
= x- will make the estimation more responsive while lowering the field will cause
the power estimation algorithm to be less responsive to bursts of energy on
the acoustic side,
DT SHORT TC H When input signai power Is higher than the estimated short term power,
- = = DT_SHORT_TC_H is used for the subsequent power estimation.
BT SHORT TC L When Input signal power is lower or equal to the estimated short term
= = "= power, DT_SHORT_TC_L Is used for the subsequent power estimation.
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9.4.4 Double Talk Detector Parameters

Address Access Mode Valua Al Resel Nominal Value
Ox307-0x30E(AEC) RW See Below
387-0x3BE(LEC)
Bit7 Bit6 BitS Bit4 Ba3l Bit 2 Ba1 Bit0

DT_HANGOVER_TIME]15.8]

DT_HANGOVER_TIME[7 0]

OT_DV_THRES[15:8]

DT_DV_THRES{7 0]

DT_LONG_THRESH[15:8]

DT_LONG_THRESH[7.0]

DT_SHORT_THRESH|[15:8]

DT_SHORT_THRESH[7 -0}

DT_HANGOVER_TIME

(Default 0x0020)

DT_DV_THRESH *
(Default 0x1998)

DT_LONG_THRESH *

(Default 0x0000)

DT_SHORT_THRESH *

(Default 0x1010)
* See 9.2 1Threshold and Power Calculation

9.4.5

OX30F(AEC) 0x38F(LEC)

This field defines the inertial defay of the double talk detection algoerithm.

This delay (in units of 125us) is applied after the loss of double talk

detection. |f double tak does not reappear during this time then the echo

cancellation unit wilt revert back to acoustic training mede,

Defines the deviation power threshold of double talk detector. This value
is used to determine the DT active/inactive condition.

measured by the long term power estimation algorithm

measured by the short term power estimation algorithm,

DIVERGENCE
Address

Access Mode
RW

Value At Resat

Ox0F

Nommal- Value

Minimum power level that constitutes speech over the DT side, as

Minimum power level that constitutes speech over the DT side, as

Bu7

BiLa

BitS

Bit4

Bit3

B2

Bit1

BilD

DIVERGENCE

Reserved

DIWVERGENCE THRESHOLD

DIVERGENCE
THRESHOLD

DIVERGENCE

When the signal power ratio Eout/Lrin > DIVERGENCE_THRESHOLD (see
Figure 9-1), a divergence condition is detected. When a divergence
condition s detected, echo cancellation coefficients are cleared and
adaptation starts over again. DIVERGENCE_THRESHOLD is an unsigned
hexadecimal value, hence 0x3F is the maximum value (representing

decimal 63) and 0x00 is the minimum value (representing decimal 0)

Once a divergence condition is detected, this bit stays high, until a write of
any value occurs on this register.
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9.5 Voice Detector Control Registers

9.5.1 Function

The acoustic modeling algorithm requires a measure of the instantaneous speech power on the Far End
of the echo canceller (this is termed the VD Voice Detect side). To detect the double talk condition an
estimate of the long term average power of the VD side is also required.

952 VD_LONG_TC

Addrass Accass Moda Vdi)e At Resm N'cmml'\'lwo
3 IDAEC) Ox20LEC) RW x4
B 7 BitG Bit 5 Bit 4 B3 Bit 2 Bt 1 B0
Resarved Reserved Resarved Reserved VD _LONG_TC

VD long term average power estimation’s attacking time constant. This field
defines the inertial delay utilized for the long term power estimation of VD.
VD LONG TC Raising the value of this field reduces the inertia and will make the
= - estimation more responsive whilst lowering the field will cause the power
estimation algorithm to be less responsive to bursts of energy on the VD

side

953 VD_SHORT_TC

Address Access Mode  Value AtResel | Nominal Vake
AT HAEC) 0x293(LEC) RW xBB
B 7 aite Bt 5 Bil 4 Bat 3 Bit 2 Bt 1 Bito
VD_SHORT_TC_H VD_SHORT TC L

VD short term power average estimation attacking time constant. This field
defines the inertial delay utilized for the short term power estimation of VD.
VD SHORT TC Ralsing the value of this field reduces the inertia and will make the
- - esfimation more responsive whilst lowering the field will cause the power
estimation algorithm to be less responsive to bursts of energy on the VD
side,
VD SHORT TC H When Input signal power is higher than the estimated short term power,
- = =" VD_SHORT_TC_H is used for the subsaquent power estimation.
VD SHORT TC L When input sighal power is lower or equal to the estimated short term
=~ = =" power, VD_SHORT_TC_L is used for the subsequent power estimation

9.5.4 Voice Detector Parameters

Address Accass Mode Valpae At Reset Nominal Vale
Ix312-h31B(AEC) RAY See Below
302 0x39B(LEC)
B 7 Bit6 aits Bit4 Bt 3 ait2 Bat 1 Bit®

VD_HANGOVER_TIME[15 8]
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Address

Access Mode

Value Al Reset Nominal Vale

VD _HANGOVER_TIME[7 0]

VD _DEV_THRESHOLD{1538)

VD_DEV_THRESHOLD{7.0)

VD_LONG_THRESH[158]

VD_LONG_THRESH7 0]

VD_SHORT_THRESH[158)

VD_SHORT_THRESH[?-0]

CUT_OFF_POWER{15 8]

CUT_OFF_POWER{7 0]

VD_HANGOVER_TIME

(Default 0x0008)

VD_DEV_THRESHOLD *

(Default 0x1998)

VD_LONG_THRESH *

(Default 0x1998)

VD_SHORT_THRESH *

(Default 0x1038)

CUT_OFF_POWER *

(Default 0x1998)
* See 9.2, 1Threshold and Power Calculation

This field defines the inertial delay of the voice detection algorithm for
VD side. Following the detection of the speech on the VD side there is
a programmable inertial delay (in units of 125us) following the
disappearance of the speech signal. For the duration of this delay
period the speech is assumed to remain. If speech does not reappear
during this window then the echo cancellation unit will revert back o
acoustic training mode.,

Defines the deviation power threshold of VD. This value is used to
determine VD active/inactive condition.

Defines the minimum power level that constitutes speech over the VD
side, as measured by the long term power estimation algorithm.

Minimum power level that constitutes speech over the VD side, as
measured by the short term power estimation algorithm.

Configurable bias registers for power estimation. This field defines the
zero reference for the power estimation algorithm.

VD_AVE_TC
Addrass Accass Moda Valua At Reset Nominal Value
Ox31DIAEC) 0x29D|LEC) RW (o018
Bit 7 Bil 6 Bt S Bit 4 B3 Bit 2 Ba 1 BitD
Resarved Reserved Resarved Resarved AVE_SHORT_TC

Average short term power estimation attacking time constant. This field
defines the inertial delay utilized for the average short term power
AVE_SHORT_TC  estimation. Raising the value of this field reduces the inertia and will make

the estimation more responsive whilst lowering the field will cause the

power estimation algorithm to be less responsive to bursts of energy.
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9.5.5 VD_AVE_THRESH

Address Access Mode Vale Al Resat Nominal Value
DS1E-OXITFAEC) Ox39E- W See Below
n3GF(LEC)
Bit7 Bud BitS Bita Bit3 Bit 2 Bit1 BitD

VD_AVE_THRESH[15.6)

VD_AVE_THRESH[7 0}

VD_AVE_THRESH *
(Default 0x0000)

Minimum average power level that constitutes speech over the VD side,

as measured by the short term power estimation algorithm,
* See 9.2 1Thresheld and Power Calculation

9.6 AS1 & AS2 Control Registers

9.6.1 Function

The acoustic suppression (AS18 AS2) units will insert configurable attenuation factors into the voice path.
The attenuation will switch between a maximum and minimum value depending on the presence or
absence of speech on the voice path. When speech is present the attenuation will converge towards the
minimum value. When speech is absent the attenuation will converge towards the maximum value.
Whether speech is present is decided by the Double Talk Detector (DT) and the Voice Detector (VD)
The attenuation factor will not switch abruptly between these two factors but will exponentially converge

from one to the other. The suppression units are used in half-duplex mode.

9.6.2 AS1_BUILD_UP_TIME

Address Access Mode  Valus AtReset | Nominal Vale
DX320(AEC) DXAADILEC) RW oxT7
Bit 7 BIL6 B 5 Bit 4 B3 Bit2 Bt 1 810

AS1_BUILD_UP_TIME_POS

AS1_BUILD_UP_TIMME_NEG

Time constant determining how fast AS1
(AS1_BUILD_UP_TIME_POS) and from min to max gain (AS1_BUILD_UP_TIME_NEG). Smaller
time constant represents faster change in gain.

9.6.3 AS1_MAX_ATTEN

gain

ramps from max to min

gain

Aatngs k Access Moda Value N Resm Nominal Value
G221 Ox322AEC) RW Dx1CAB
Ox3A1-GEA2{LEC)
B 7 Bit 6 Bt 5 Bin4 Bt 3 Bit2 Bt 1 Bit0

AS1_MAX_ATTEN]15:8]

AST_MAX_ATTEN[7 0}
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Maximum attenuation value will be utilized by the acoustic suppression algorithm. Actual maximum
attenuation = 20 x log (AST_MAX_ATTEN / OxFFFF) (dB). The maximum value of this field (OxFFFF)
provides an attenuation factor of 1 (0dB — no attenuation). The minimum (0x0000) value provides an
attenuation factor of 0.

9.6.4 AS2 BUILD_UP_TIME

Address Accass Mode Value Al Resal Nominal Value
OX323(AEC) OX3A3(LEC) RIW ax77
it 7 Bit 6 B#t 5 Bit4 Bt 3 Bit 2 Bt 1 8it 0
AS2_BUILD_UP_TIME_POS AS2_BUILD_UP_TIME_NEG

Time constant determining how fast AS2 gain (towards target) ramps from max to min gain
(AS2_BUILD_UP_TIME_POS) and from min to max gain (AS2_BUILD_UP_TIME_NEG).
Smaller ime constant represents faster change in gain.

9.6.5 AS2 MAX_ATTEN

Address ACCRSS Mode Volua Al Rosm Nommal Vduo
(324 OxI2HAEC) RW e1CAS
Ox3A4-(n3AS(LEC)
Bit 7 BitG6 Bt S Bit 4 Bk 3 Bit2 Bt 1 BitQ

AST_MAX_ATTEN[15:8]

AS1_MAX_ATTEN[7.0]

Maximum attenuation value will be utilized by the acoustic suppression algorithm. Actual maximum
attenuation = 20 x log (AS1_MAX_ATTEN / 0xFFFF) (dB). The maximum value of this field (OxFFFF)
provides an attenuation factor of 1 (0dB = no attenuation). The minimum (0x0000) value provides an
attenuation factor of 0

9.7 Noise Suppressor Registers

8.7.1 Function

Noise suppressor is used to attenuate noise from microphone/line to reduce residue echo from the near
end_ If power of near-end noise (Pys) < NS_ACTIVE_THRESHOLD, then Nolse Suppressor will attenuate
near-end signal by (NS_INDEX+1) dB. The parameters NS_FALL_TC and NS_RISE_TC control gain
attack and release speeds.
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9.7.2 NS_POWER_ATTACK_TC

Address Access Mode Value Al Reset MNoeminal Vaiue
0x32B{AEC) DEAB(LEC) RAW (xBB
B 7 B 6 Bt 5 Bit 4 Bt 3 Bit 2 Bt 1 Bit0
NS_POWER_ATTACK TCJ3.0) NS_INDEXJ3.0}
NS_INDEX Defines the gain of the noise suppressor Gain = -
(NS_INDEX+1)dB.

NS_POWER_ATTACK_TC This field defines the time constant of the power estimation of
signal that enters the nose suppressor medule. Noise
suppression is active if nolse power is less than noise threshoid.
Raising the value of this field reduces the inertia and will make the
estimation more responsive whist lowering the field will cause the
power estimation algorithm to be less responsive to bursis of
energy on the input of the noise suppressor.

9.7.3 NS_ATTEN _TC

Address Accaess Moos Value At Resot Nosminal Vae
OXIXHAEC) RW OxBB
DAAGLEC)
Bit7 Bit6 B& S Bitd Bik 3 Bit2 Bt 1 BitD
NS_FALL_TC[30) NS_RISE_TC[3:0)

NS_RISE_TC[3:0] Define the fime constant of noise suppressor gain transition from the gain
specified by NS_INDEX to 0dB. Larger value results in faster transition.

NS_FALL_TC[3:0] Define the time constant of Noise suppressor gain transition from 0dB to
the gain specified by NS_INDEX. Larger value results in faster transition.

9.7.4 NS_ACTIVE_THRESHOLD

Address Access Mode  Value AtReset  Nominal Vake
K327 0x3ZBAEC) RW OX03EB
O 3AA-IAAB(LEC)
Bit 15 Bit 14 Bit 13 Bit 12 Bit 11 Bt 10 Bit 9 Bil 8

NS_ACTIVE_THRESHOLD[15:8]
NS _ACTIVE_THRESHOLD{7D]

When signal energy s less than NS_ACTIVE_THRESHOLD the noise suppressor function will activate.
See 2.2, 1Threshold and Power Calculation

9.8

Publication Releaze Date: Maveh 10, 2011
- 155 - Revision 2.7



ISD61S00 DESIGN GUIDE
NnuvoToN
_—

9.9 Soft Clip (SC) Control Registers

9.9.1 Functional Description

The echo canceliation cannot operate effectively on non-linear clipped signals. To reduce non-linearity
due to signal clipping, a soft clipping function is available. Soft clipping control is available in both signal
path directions on the LEC and on the output path of the AEC. Soft Clip gain is control by
SC_NORMAL_INDEX and SC_LOW_INDEX. Normal Soft Clip gain is SC_NORMAL_INDEX. If input
signal level is greater than SC_THRESHOLD the SC gain is changed to SC_LOW_INDEX for reducing

Ompu#
Signa
(SCout)
LOW-ANDEX
NO INDEX
SC_THRESHOLD lwugcggnal
clipping distortion. ¢ ’
992 SC_CTRL
Address AccessMode  Vale AtReset  Nominal Value
0x338 (AEC VD) RV 000
XSBIXLEC DT)
x3B8(LEC VD)
Ba7 Bit 6 Bit5 Bit4 Bit3 Bit 2 Bit 1 Bt D
:;382' Reseved | Reseves | Reseved | Reseves | Reseved | Resenes POVIVETH scoen
JB0) Rosarved | Reserved | Reserved | Reseved | Reserved | Reservod | Reseved | SC_EN
SC_EN =1, Enable the soft clipping function,

=0, Disable the soft clipping function
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Address Access Mode Value Al Reset Nominal Value

ADAPTIVE_THRES =1, If DT long term line power > DT short term threshold, DT short term
threshold automatically increases to same level as DT long term line
pawer

9.9.3 SC_NORMAL_INDEX

Address Access Moda Value At Reset Nosminal Vake
0x338 (AEC VD) RW (00
0x3B1{LEC DT)
Ox3BKLEC VD) |
Bit 7 it Bt 5 it 4 B3 Bit 2 Bt 1 B0
Reserved GAIN_INDEX|&0]

GAIN_INDEX[6:0] This value sets the gain in the normal gain region of the soft clip transfer
function. Gain selection range is shown in Table 9-2.

Table 9.2 SC Gan Table
GM'-B:E)I(NV)SIEBQI Gain GAl}-,%:‘V)aEIg&m Gain
00 0 dB {default) Ox7F -05d8
0x01 0548 Ox7E -10d8
Ox02 1048 D7D -15d8
Ox3 15d8 D7 C -20d8
OxD4 20dB ox78 -25d8
OxD5 2548 Ox7A -30d8
Ox6 aode 0x79 -35d8
07 3548 Ox78 -40d8
0xDa 4048 Ox77 -450d8
Ox8 45d8 0x76 -5008
Ox0A 5048 Ox75 -55d8
ox0e 55dB 0x74 -60d8
0x0C 6.04dB Ox73 -65d8
(f)D 6.5dB 072 -70d8
Ox0E 7048 0x71 -15d8
(xDF 75dB 0x70 -80d8
x10 804d8 OxtiF -8508
Ox11 a5d8 MSE -9.0d8
Oxi2 90dB DD -85d8
0x13 9548 DxBC -100d8
0x14 10.0 68 B -105dB
0x15 105a88 DxBA -1104d8
0x16 11088 (0x69 -115d8
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0x17 11508 0x63 -120dB
0x18 120086 (a0 Muta

99.4 SC_LOW_INDEX

Addiess Acvess Mode Value Al Resal Nominal Vakie
D334 (AEC VD) RW 0x00
EB2(LEC DT)
O3BALEC VD)
Bit7y BiLG Bit5 Bit4 B3 Bit2 Ba 1 BitD
Reservaed GAIN_INDEX]S:0]

GAIN_INDEX[6:0] This value sets the gain in the low gain region of the soft ciip transfer
function. Gain selection range is shown in Table 8-2.

9.9.5 SC_THRESH
Address Access Mode  Value AlReset | Nominal Vake

0338 Dx33CIAEC VD) RW 0x1000
0x3B3.0x3B4(LEC DT)
DX3B8.0x3BCILEC DT)

Bit 15 Bit 14 Bt 13 Bil 12 Bit 11 Bit 10 Bit 9 Bit 8
SC_THRESHOLD{158)
SC_THRESHOLD{7 0]

SC_THRESHOLD Is used to determine the selection of Soft Clip gain. When the input power is larger
than SC_THRESHOLD, SC_LOW_INDEX is used to set gain, otherwise SC_NORMAL_INDEX is used
See 8.2.1Threshold and Power Calculation

996 SC_POWER_ATTACK_TC

Address Access Mode Value At Reset | Nominal Vake
DIGIDAEC VD) RIW 0x07
D3BSLEC DT)
(3BD(LEC VD)
Bt 7 Bil6 Bit 5 Bit 4 Bt 3 Bit 2 Bt 1 810
Resarved Resarved Resarvad Reservad TC[3.0)

This time constant Is used to calculate the short term power estimation for soft clipping threshold
comparison. Raising the value of this field reduces the inertia and will make the estimation more
responsive whilst lowering the field will cause the power estimation algorithm o be less responsive 1o
bursts of energy
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9.9.7 SC_GAIN_TC

Mdress Access Mode Value Al Reaet Nominal Vaoe
Ox33E(AEC VD) RW ax07
On3BE(LEC DT)
(ABE(LEC VD)
Bivy BiLG B& S5 Bit4 B3 Bit2 Bd1 Bino
Reserved Resarvod Reseved Reserved TC[3 Y

When the soft clip gain is switched between normal and low gains, an embedded smoothing function Is
applied to the gain transition. This time constant controls the smoothing. Larger time constant results in
slower transition.

9.10 State Read back Registers

9.10.1 Functional Description

The following registers aliow read back of internal parameter measurements to facilitate configuration of
echo cancellation blocks.

9.10.2 Power Monitor

Address Access Mode Valua At Resat Noeninal Vasue

(Ox340.0x34E(AEC) R See Below
ACO-OxICE(LEC)

Biv Bit6 B& S Bit4 Bk 3 Bit2 B 1 Bit0

DT_SHORT_TERM_POWER{15:8]

DT_SHORT_TERM_POWER [7.0}

DT_LONG_TERM_POWER [15 8]

DT_LONG_TERM_POWER [7-0]

OT_POWER_DEVIATION [158)

DT_POWER_DEVIATION [7.0]

resaned DT_ACTIVE

resaved

VO_SHORT_TERM_POWER]158)

VD_SHORT_TERM_POWER [70]

VD_LONG_TERM_POWER [153]

VD_LONG_TERM_POWER [7.0]

VO_POWER_DEVIATION [15:8]
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Address Access Mode Value Al Resat Noeninal Value
VD_POWER_DEVIATION [7-:0§
resenved VD _ACTIVE

SHORT_TERM_POWER Short term power estimate on DT/VD side
LONG_TERM_POWER  Long term power estimate on DT/VD side.
POWER_DEVIATION Power deviation estimation on DT/VD side.
DT_ACTIVE 1: Double-talk activity

VD_ACTIVE 1: Voice Detection activity

9.10.3 Signal Monitor

o O ae W N

Address Accass Mode Value At Reset Norminal Valie
O350-0xISHAECT) R Ses Below
Ox3D0-Dx3DS(LEC)
Bt 7 BitG Bit 5 Bit 4 Bit 3 8it 2 Bat 1 Bit0
LRIN[15:8]
LRIN[7.0]
EQUT[153]
EOQUT[T0]
ASQUTIIS8)
ASOUTIT:0]
ARIN[158]
ARIN(T 0}
LSOUT[1S 8]
LSOUTIZ .0
LRIN Signal PCM value at Lrin
EQUT Signal PCM value at Eout
ASOUT Signal PCM value at Asout
ARIN Signal PCM value at Arin
LSOUT Signal PCM value at Lsout

See Figure S-1: Signal flow through the Acoustic Echo Canceller (AEC) in the speech Processor.

9.11
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9.12 Automatic Gain Control

AGC function will automatically adjust the gain to the target voice level specified by the parameters
AGC_TARG_HI and AGC_TARG_LO. The actions of the AGC out of the target range are tuned by the
parameters AGC NOlSE Hl, AGC NCISE_LO, GAIN_MAX, GAIN_MIN and the time constant
parameters. The operallon of the AGC Is shown in the !Igure below.

Yol Power in igher fian AGC_TARGET_CLIP
F- » - -
\ "':?;'m . . 1 AOC & I 11 Fist Dscreasng Rugon
. 1w gamn of AGC wibk 13 docreasa 10 SOUaesing ngon 2
AGC_TARG_CLIP
Yotcn Powst is between AGC_TARGET_CLIP ard AGC_TARGET_HI
\ L:_Tn:-.a . 1 AGC & in itk Decreasing Region 7
AGT_ATK o . 11 Qain of AGC Wik JECRase 13 TaQet /Mgon
AGC_TARG_MI
V0o Powes 5 Detwoan AGC_TARGET i and AGC_TARGET_LO
T 16 AGC & i the Target Regon
AMC_DCY . the gan of AGC wi inaease 15 TARGET_THRESHOLD _HIGH or GAN_MAX
AGC_TARG_LO
— Yoice Sgnal s active
fagyon 1 . e AGE = m Pe Increasng Reagon
AGC_ING . D gan of AGC wil Ibcriaae 10 TARGET_THRESHOLD_LOW or GaN_MN
Hysimeen Voice Sgnal bacomes active Il ingat powet Toreases abose AGC_NOISE_HI _WSE_HI
Regum Vode Sondl Dcomes Nacive e pows! 0igs Disom AGC_NOSE LO
AGC_NOISE_LO
Voo Sy is nacive
AGC_DEC m . tha AGC & 0 e Decsaaeng Ragus
196 Qan of AGC Wil decraase X0 inadal gan

Figura 9-3 AGC Operahon regons

The AGC is activated when the signal short term energy increases above AGC_NOISE_HI. It stays active
untdl the signal short term power drops below AGC_NOISE_LO.

Once activated, the AGC enters the Increasing Region 1. This region increases the gain with a time
constant AGC_INC until either signal enters the target region or GAIN_MAX gain is reached. The goal of
this region Is to provide a quick reaction to voice energy and supply some gain.

Once into the target region, the gain is incremented with a time constant AGC_DCY to a maximum gain of
GAIN_MAX, goal of this region is for slower response to keep the signal in target region. If signal
ampldude goes above AGC_TARG_HI, the AGC goes into Decreasing Region 2.

In Decreasing Region 2, gain Is gradually decreased with a time constant of AGC_ATK to pull signal back
into the target region.

If a large signal is applied suddenly, the AGC signal could shoot above AGC_TARG_CLIP. In this case
the AGC will enter fast decreasing region to quickly reduce its gain.

If the signal is small enough that it is below the AGC_NOISE_LO, the AGC treats the signal as noise and
will not try to gain it up. The AGC will stay in decreasing region 1 and gain will be gradually decremented
by with a time constant of AGC_DEC down to the initial gain.
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In addition to the above, the gain changing action of the AGC can be controlled by the HOLD time. The
hold timer is reset whenever the AGC moves from the Decreasing region to the Target region. If a hold
time is selected, no gain changes will cccur until after this until target time is reached. This has the effect
of keeping the gain constant rather than “hunting” for an ideal gain,

9.12.1 AGC_CTRL

Address | AccessMode Vel AtReset  Nominal Vae
Dx0360 RW 0x00
Bit 7 Bit 6 Bt 5 Bit 4 B4 3 Bit 2 B Bit 0
AGC EN | AGC_ONLY GAIN_MIN GAIN_MAX
AGC_EN Set 1: Enable AGC. Set 0: Disable AGC
AGC_ONLY Set 1: The AEC block Is bypassed and AGC operates from AEC input.
GAIN_MIN Refer to Figure 9.3, When the peak of AGC output is smaller than AGC_TARG_LO

and greater than AGC_NOISE_HI, the AGC is in Increasing Region 1. The AGC
gain will increase up to GAIN_MIN

000; The low gain is 20%log1.25%, which is 3.9dB,

001: The low gain is 20*log1.50°, which is 7.0dB.

010: The low gain is 20'log1.75%, which is 8.7dB.

011: The low gain is 20"10g2.00°, which is 12.0dB.

100: The low gain is 20"l0g2.25”. which is 14.1dB.

101: The low gain is 20"log2.50°, which is 15.9dB.

110: The low gain is 20"l0g2.75%, which is 17.6dB.

111: The low gain is 20"0g3.00°, which is 19.1dB.

GAIN_MAX Refer to Figure 8-3. When the peak of AGC out is smaller than AGC_TARG_H| and
greater than AGC_TARG_LO, the AGC is in Target Region. The AGC gain will
increase up to GAIN_MAX.

000: The high gain is 20*log1.25%, which is 3.9dB.
001: The high gain is 20*log1.50%, which is 7.0dB,
010: The high gain is 20*log1.75°, which is 9.7dB,
011: The high gain is 20*log2.00°, which is 12.0dB.
100: The high gain is 20"log2.257, which is 14.1dB.
101: The high gain is 20"log2.50°, which is 15.9dB.
110: The high gain is 20"log2.75°, which is 17.6dB.
111: The high gain is 20"l0g3.007, which is 19.1dB.

The purpose of having Increasing Region 1 and Target Region is to have different converge rates for
different levels of input signal.
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9.12.2 AGC_INIT_GAIN

Address Access Mode Value Al Reaet Nominal Vaoe
0361 RW ax8a
Ba7 Bit6 Bii S Bt 4 Bit3 Bet 2 Bit 1 Bito
G AGC_INITIAL_GAIN

AGC_INI‘T‘ IAL_GAIN Determines initial gain when the AGC is enabled, In unsigned 4.3 format,
Thus actual initial gain = 20 x log (AGC_INITIAL_GAIN / 0x08) dB.
Initial Gain bit: if set to 1 then AGC when disabled resets to

IG
AGC_INITIAL_GAIN

9.12.3 AGC_GAIN_HOLD

Address Accass Mooa Value M Rasat _ Nomnal Value
(o) 362 RW Uxb0
Binv Bit & BitS Bitd Bit 3 Bit 2 Bit1 BitD
AGC_ROLD AGC_HOLD_CNT
AGC_HOLD The unit of hold time = (2"AGC_HOLD) * 1 ms.

Together with AGC_HOLD determines how long the AGC will hold gain
constant after entering target region before increasing gain.
The hold time is AGC_HOLD * AGC_HOLD_CNT,

AGC_HOLD_CNT

9.12.4 AGC_INC_DEC

Address Accass Moda Value Al Reset Norminal Vake
1363 RW (%00
B 7 Bité Bit 5 Bit 4 Bitd B 2 Bit 1 Bito
Reserved AGC_INC Resaned AGC_DEC
AGC_INC Determines the time constant at which gain increases when AGC is in
Increasing Region 1.
The increase time is (2*AGC_INC) * 4us,
AGC_DEC Determines the time constant at which the gain reduces when AGC is in

Decreasing Region 1,
The decrease time s (2°AGC_DEC) * dus.

9.12.5 AGC_ATK_DCY

Ad-:tess Access Mode Valua Al Reset -Nomcnal Vsue
Dx0354 RW 0x00
Bt 7 Bit 6 Bit5 Bt 4 Bit3 Bit2 Bit 1 Bit0
Resarved AGC_DCY Reserved AGC_ATK
AGC_DCY Controls the decay time constant: that is how fast the gain increases when
AGC s in Target Reglon.
The DCY time is (2*AGC_DCY) * 16us per gain step,
AGC_ATK Controls the attack time constant: that is how fast the gain decreases when
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Address Access Mode Value Al Reset Noemisal Value

AGC is in Decreasing Region 2.
The ATK time is (2*"AGC_ATK) * 16us per gain step,

9.12.6 AGC_GAIN_READ

Addrass Access Moda Value At Reset | Noeminal Valus
) 365 R Ox00
Bit7 Bit6 BtS Bit4 Bt 3 Bit2 B 1 Bilt0
AQ,_'_&\N_REAO

AGC_GAIN_READ Retums the current AGC gain in unsigned 4.4 format, Actual gain = 20 x log
(AGC_GAIN_READ / 0x10) dB

9.12.7 AGC_STATE

Address Acvess Mode Value Al Resel Noeninal Vakie
Ox0356 R 0x00
B 7 Bit 6 BitS Bt 4 Bits Ba 2 Bit1 610
aoiE | mowenol  Limax | FAsTDEC, NG DCY DEC ATK
VOICE ACTIVE Signal Energy level is higher than AGC_NOISE_H.
HOLD_END Indicates AGC hold time has reached 0,
LT_MAX Indicates AGC gain is less than GAIN_MAX.
INC Gain is increasing. AGC is in Increasing Region 1,
DCY Gain Is increasing. AGC is in Target Region.
DEC Gain is decreasing to unit gain. AGC is in Decreasing Region 1.
ATK Gain |s decreasing. AGC is in Decreasing Region 2.
FAST_DEC Gain is decreasing. AGC is in Fast Decreasing Region.

9.12.8 AGC_PWR_TC

Address Access Mose Value At Reset | Nominal Value
Dx0367 RW 0x00
B 7 Bit 6 Bit 5 B 4 Bit3 Bit 2 Be 1 Bit 0
AGC_ST PWR TC_H AGC_ST PWR_TC. L

AGC_ST_PWR_TC Determines the time constant for calculating the short term neise energy
used in the AGC block. The short term nolse energy is used to determine
whether the AGC should be active. Larger time constant makes short term
noise energy responds faster to signal change.

AGC_ST_PWR_TC_H When input signal power is higher than the estimated short term energy,
AGC_ST_PWR_TC_H is used for the subsequent energy estimation.

AGC_ST_PWR_TC_L When input signal power is lower or equal to the estimated short term
energy, AGC_ST_PWR_TC_L Is used for the subsequent energy
estimation,
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9.12.9 AGC_PK_TC

Addrass Access Mode Value At Reset Nominal Vakie
(nd 1369 Rw Ox00
Ba7 Bité BitS Bt 4 Bit3 Bit 2 Bit 1 8ito
Reserved Resarved Rasanved Rasesved Resorved AGC_PEAK_REL

KEE_FW_RE Determines the release time of peak detector. Peak detector s used 1o
detect the peak of AGC output signal and decide which region the AGC
should operate in. The REL time is (2"AGC_PEAK_REL) * 4us.

9.1210AGC_PK

Adiress Access Mode  Value AtReset | Nominal Vake
OX360- 0304 R 0x00
8it 7 Bt 6 it 5 Bit 4 Bit 3 Bit 2 it 1 Bit 0
591 Reserved AGC_PKJ14.8)
B AGC_PHIT 0}
AGC_PK Read back for monitoring peak detector value. See 9.2.1Threshold and
Power Calculation
9.12.11AGC TARGETS
Address Accass Moda Value Ar Rgset Nominal Vake
OXD370.0x0377 RW 0x00
Bit 7 BIL 6 Bt 5 Bit 4 Bt 3 Bit 2 B 1 B0
0 AGC_TARG_CLIP(158]
LA AGC_TARG,_CLIP [T0)
2 AGC_TARG_HI(15:8)
n AGC_TARG _HI[70]
4 AGC_TARG_LO(15:8]
75 AGC_TARG LO [70
76 AGC_TARG_RB(15.8]
d) AGC_TARG_R8 [7.0]

AGC_TARG_CLIP * Sets the very high limit of target region. it is in 0.16 format
representing decimal ratio of full scale.

AGC_TARG_HI * Sets the high lmit of target region. It is in 0.16 format representing
decimal ratio of full scale.

Publication Releaze Date: Maveh 10, 2011
- 165 - Revision 2.7



ISD61S00 DESIGN GUIDE

NUvoToOoON

=

AGC_TARG_LO*

AGC_TARG_RB*
* See 9.2 1Threshold and Power Calculation

Sets the low limit of target region. It is in 0.18 format representing
decimal ratio of full scale.
Read only for monitoring current AGC output signal level.

9.12.12AGC NOISE PARAMETERS

Addraess A(cegs Mode Vdua Ar Rqsa Nqnunnl Vaiue
(13780370 RW 0x00
Bivy BiLG B& 5 Bit4 B3 Bit2 B 1 B0

%

AGC_NOISE_BIAS[7:0]

79

AGC_NOISE_H[15:8)

A

AGC_NOISE_HI[T-0]

8 AGC_NOISE_LO[158]
(b AGC_NOISE_LO7.0]
L AGC_NOISE_RB[23-16]
TE AGC_NOISE_RB{15 8)
¥ AGC_NOISE_RB (7.0}
AGC_NOISE_THD_BIAS Sets the bias for AGC_NOISE_HI and AGC_NOISE_LO. See below.
AGC_NOISE_HI'* Sets the high limit of noise region, based by AGC_NOISE_THD_BIAS. The
actual noise high limit is AGC_NOISE_THD_BIAS[7:0] x 2% =+
AGC_NOISE_HI[15:0] x 2** of the full scale signal.
AGC_NOISE_LO* Sets the low limit of noise region, biased by AGC_NOISE_THD_BIAS The
actual noise low limit is AGC_NOISE_THD_BIAS[7:0] x 2° +
AGC_NOISE_LO[15:0} x 2* of the full scale signal.
AGC_NOISE_RB * Read only for monitoring current noise power estimate. It is in 0.24 format
representing decimal ratio of full scale
* See 9.2, 1Threshold and Power Calculation
10. SPI COMMANDS
The 1ISD61S00 provides SPl commands including: audio play and record commands. device status
commands, digital commands, and device configuration commands.
The following section contains a list of all SPI commands and their function.
Table 10-1 SP1 Commands
Instructions | Byte0 | Sytet Byte 2 Byte 3 Byte 4 ... Byten Description
PLAY VP OXAB '""%’]‘“5: Index{7-0] Play Voice Prompt Index

Publication Releaze Date: Maveh 10, 2011
- 166 - Revision 2.7




NUvoToOoON
=

ISD61S00 DESIGN GUIDE

Instructions | Byte 0 | Byted Byte 2 Byte 3 Byte 4 ... Byte n Description
PLAY_VP@RN OxAE N=0...7 Play Voice Prompt; Index @ Rn
- Loo, 1 .
PLAY VPLP | oxAs '""es’;“"" Index(7.0] gz;“[ LoopCnt(7.0] Loop Play Voice Prompt Index
PLAY P LP@ | a2 | neo. 7 LoopCni{1 | sopCnlf7: Loop Play Voice Prompt. Index
Rn 5:8) 0] @ Rn
Stop the active PLAY_VP_LP or
STOP_LP 0x2E PLAY VP LP@Rn
EXE_VM 0xB0 Indeg;[isz Index{7:0] Execute voice macro Index
EXE_VM@Rn 0xBC | N=0...7 Execute veice macro Index @ Rn
REC_MSG 0x38 Record message
. . : Record message starting at
REC_MSG@ 0x3A | AjR3:16] | A[15:8] | AIT.0] addiosa A
PLAY MsG@ | oxsc |aiR3ie) | Apse) | amo) |Off1S:E). OffT0) :‘wb;ag‘; :‘:::.'3: address
PLAY_SIL 0xA8 | LEN[7:0) Play silence for LEN"32ms
STOF current playback or record
STOP 0x2A et
ERASE_MsG@ | ox3e |Ai3:18) | Anse) | Ao mfﬁm taring
Send 16 bit PCM audio data [low-
g 7 A |D1(15:8] ...Dn{7:0] On[15:8] |byte, high-byte] to ISDE1500 via
SPI_SND_AUD | oxaa | Dofr:0) | Doj1s:8) | D1[7:0) &P intertace when doing
REC_MGS
Receive 16 bit PCM audio data
D1[15:8] ... 0] Dn[1&:8] 11 , high-byte] from
spirev AuD | oxac | poproy | oopise) | pipgy |P1S81 - DNT:0] Dn[15:8] N T IO RO i
doing PLAY_MSG
i Send compressed sudio data to
SPI_SND_CMP : : ) 3(7:0} ...Dn{7:0) ISDE1S00 via SPI Interface to
- 0xDC | DOf7:0] | D17:0) | D2(7:0) direct write to flash while doing
REC_MSG/REC_MSG@
S Ong? Direct read compressed sudio
SPI_RCV_CMP . : . 3[7:0] ...On{7:0] data in 1ISD61500 flash via SP)
R OxBE | Do[7:0] | DO[15:8] | D1[7:0) interface while doing
PLAY_MSG®@
Send compressad audio data to
SPI_SND_DEC | 0xCO | DO[7:0] | DI[7:0] | D2[7.0) D3[7:0} ...Dn{7:0] ISDS1S00 via SPi interface for
decoding.
Receive compressed (encoded)
SPI_RCV_ENC 0xC2 DO[7:0] | Dt[7:0) D2(7:0) D3[7.0] ...On{7.0] audio data from ISDE1S00 via

SPlinterface
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Instructions | Byte 0 | Byted Byte 2 Byte 3 Byte 4 ... Byten Description
READ_STATUS | 0Oxd0 XX XX XX XX Query status of 1SD61S00.
XX Query status and clear interrupt
READ_INT Ox486 XX XX XX flags of 1SD61S00.
Query message address detsils
of audio record. Returns starnt
RS0 ADD s X % 2 %% XX address A and current sector
length LEN
Query current sector length LEN
RD_MSG_LEN Oxdd XX XX of current playback or record
op=ration
READ_ID 0x48 XX XX XX XX Read device 1D of ISDS1S00,
DIG_READ OxA2 | Al23:16) | A[15:8) Al70] XX, ... XX Read digital data from address A.
DIG_WRITE OxAD | Aj23:16] | A[15:8] A[T.0), DO{7:0], ... Dn[7-0] Wirite digital data from address A
SA[23:16 Erase sactors of memory from
ERASE_MEM O0x24 ) SA[15:8] | SA[7:0] |EA[23:16), EA[15:8), EA[7:0]sactor contalning SA to sector
] containing EA.
CHIP_ERASE Ox26 ox01 Initiate a mass erase of memory
EA[23:16 Calculate checksum from very
CHECKSUM 0xF2 ] EA[15:8] | EA[7:0) beginning to the specified end
addross
FPWR_UP ox10 Power up 1SD61300
PWR_DN ox12 ' Power down 1SDE1S00
0x80 + Write data DD..Dn to
WR_CFG_REG REG(3:8) REG(7:0] DO(7:0]. ...On[7-0] configuration register(s}) starting
' at configuration register REG,
Ox90 + Read configuration register(s)
RD_CFG_REG .oy |REG[7.0] XX, XX starting at configuration register
REG[9:8] REG.

Each command will be accepted if certain conditions are met as in the following table, or a CMD_ERR
interrupt will be generated and the command Ignored.

Toble 10-2 Comsnands vs. Status

Bit7 Bit 6 Bit5 | Bit4 |Bit3| Bit2 Bit1 Bit0
Instructions OpCode| PD |DBUF_RDY| INT |RM_FUL| - |VM_BSY CBUF_FUL|CMD_BSY
PLAY_VP OxAB 0 1 x x - 0 0 X
PLAY_VP@Rn OxAE 0 1 X X - 0 0 X
PLAY_VP_LP OxA4 0 1 X X - 0 0 X

Publication Releaze Date: Maveh 10, 2011
- 16§ - Revision 2.7



NnuUvoToN

ISD61S00 DESIGN GUIDE
_—

PLAY_VP_LP@Rn/0xB2 0 1 X X 0 0 X
STOP_LP Ox2E 0 1 X X % X X
EXE_VM 0xBO 0 1 X % 0 0 0
EXE_VM@Rn OxBC 0 1 X x 0 0 0
REC_MSG Ox38 0 1 X 0 0 0 X
REC_MSG@ Ox3A 0 1 X 0 0 0 X
PLAY_MSG@ 0x3C 0 1 X X 0 0 X
PLAY_SIL OxA8 0 1 X X 0 0 X
STOP Ox2A 0 1 X X X X X
ERASE_MSG@ Ox3E 0 1 X X 0 0 0
SPI_SND_AUD  OxAA 0 1 X X X X X
SPI_RCV_AUD OxAC 0 1 X X X X X
SPI_SND_CMPR 0xDC 0 1 X X X X X
SPI_RCV_CMPR OxBE 0 1 X X X X X
SPI_SND_DEC 0xC0 0 1 X X 0 0 0
SPI_RCV_ENC 0xC2 0 1 X X 0 0 0
READ_STATUS 0x40 X X X % X X X
READ_INT Ox46 % X X X X X X
RD_MSG_ADD  [0x42 0 1 X X X X X
RD_MSG_LEN Ox44 0 1 X ¥ X X X
READ_ID 0x48 0 1 X % X X X
DIG_READ OxA2 0 1 x X X X X
DIG_WRITE OxAQ 0 1 X X X X X
CHECK_SUM OxF2 0 1 X X 0 0 0
ERASE_MEM 0x24 0 1 X X 0 0 0
[CHIP_ERASE 0x26 0 1 X X 0 0 0
PWR_UP 0x10 1 0 X X X X X
PWR_DN 0x12 0 1 X X X X X
WR_CFG_REG  0x80 0 1 X X X X X
RD_CFG_REG 0x80 0 1 X X X X X

10.1 Audio Play and Record Commands
This section describes the audio commands that can be sent to the device.
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10.1.1 Play Voice Prompt

PLAY_VP

Byte Sequence: Host controller OxAB Index[15:8] Index([7:0]
ISDE1S00 Status Byte Status Byte Status Byte

Description: Play Voice Prompt Index

Interrupt CMD_ERR if not accepted. CMD_FIN when playback is finished,

Generation.

This command initiates a play of a pre-recorded voice-prompt. Before execution of command a valid
signal path must be set up and the device must have space in the audic command buffer. After
completion of playback, the device will generate an interrupt. The command will be accepted if status bits
PD=0, DBUF_RDY=1, VM_BSY=0 and CBUF_FUL=0, If any of these conditions are not met then a
CMD_ERR interrupt will be generated and the command Ignored. If command Is terminated after the
command byte is sent no interrupt will be generated. Once playback is finished a CMD_FIN interrupt will

be generated.

10.1.2 Play Voice Prompt @Rn,n=0~7

PLAY_VP@Rn
Byte Sequence: Host controller OxAE n=0~7

ISDE1S00 Status Byte Status Byte
Description: Play Voice Prompt, Index@Rn
Interrupt CMD_ERR if not accepted. CMD_FIN when playback is finished.
Generation.

This command is same as PlayVP except that the 16bit index is storedinRn, n=0~7.

« RO[7:0] = CFG20, RO[15:8] = CFG21
« RI1[7:0] = CFG22, R1[15:8] = CFG23
o R2[7:0] = CFG24, R2{15:8] = CFG25
« R3[7:0] = CFG26, RY15:8] = CFG27
o RA4[7:0] = CFG28, R4[15:8] = CFG29
« R5[7:0] = CFG2A, R5[15:8] = CFG2B
» R8[7:0] = CFG2C, R6[15:8] = CFG2D
e R7[7:0] = CFG2E, R7[15:8] = CFG2F

10.1.3 Play Voice Prompt, Loop

PLAY_VP_LP

Byte Sequence.

Host Oxa4
controller

Index{15:8]

Index([7:0]

LoopCnt{15
8]

LoopCnt[7:
0]
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ISDE1S00 | Status Byte | Status Byte | Status Byte | Status Byte | Status Byte

Description: Play Voice Prompt Index, Loop

Interrupt CMD_ERR if not accepted. CMD_FIN when playback is finished.
Generation:

This command initiates a lcop-play of a pre-recorded voice-prompt, Number of play-loops is specified in
LoopCnt{15:0]. Setting LoopCnt to 0 makes an endless play, which can only be ended by a STOP or
STOP_LP command. Before execution of command a valid signal path must be set up, and the device
must have space in the audio command buffer. After completion of playback, the device will generate an
interrupt. The command will be accepted if status bits PD=0, DBUF_RDY=1, VM_BSY=0 and
CBUF_FUL=0. If any of these conditions are not met then a CMD_ERR interrupt will be generated and
the command ignored. If command is terminated after the command byte is sent no intermupt will be
generated. Once playback is finished a CMD_FIN interrupt vill be generated.
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10.1.4 Play Voice Prompt, Loop, @Rn,n=0~7

PLAY_VP_LP@Rn
Byte Sequence: Host 0xB2 n=0~7 LoopCnt(15:8 | LoopCnt[7:0]
controller ]
1ISD61S00 Status Byte Status Byte Status Byte Status Byte
Description. Play Voice Prompt, Loop, Index@Rn
Interrupt CMD_ERR i not accepted. CMD_FIN when playback is finished.
Generation:

This command Is same as Play_VP_LP except that the 16bit index is stored inRn, n=0+~7.
« RO[7.0] = CFG20, R0{15:8] = CFG21
« R1[7:0] = CFG22, R1[15:8] = CFG23
o  R2[7:0]=CFG24, R2{15:8] = CFG25
o R3[7:0] = CFG26, R3{15:8] = CFG27
o  R4[7:0] = CFG28, R4[15:8] = CFG23
 R5{7:0] = CFG2A, R5[15:8] = CFG2B
e R6[7:0] = CFG2C, R6[15:8] = CFG2D
o R7[7:0] = CFG2E, R7[15:8] = CFG2F

10.1.5 Stop Loop-Play Command

STOP_LP
Byte Sequence: Host controfler Ox2E
ISD61S00 Status Byte
Description: Stop current loop-play command
Interrupt Command itseif does not generate interrupt, only these commands that it is
Generation: stopping.

This command stops any current PLAY_VP_LP or PLAY_VP_LP@Rn command active in the ISD§1S00,
The STOP_LP command does not flush the audio command buffer, that is, any command queued in the
buffer when @ STOP_LP is issued will be executed thereafter. When device has finished the active

command a CMD_FIN interrupt will be generated.

PLAY_VP_LP@Rn command then STOP_LP vall have no effect.

10.1.6 Execute Voice Macro

if there is no active PLAY_VP_LP or

EXE_VM

Byte Sequence: Host controller 0xB0 Index{15:8] Index[7:0]
1ISD61S00 Status Byte Status Byte Status Byte

Description: Play voice macro Index
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Interrupt
Generation:

CMD_ERR if not accepted, CMD_FIN when playback is finished,

This command Initiates the execution of a pre-recorded voice group. After completion of the voice macro
the device will generate a CMD_FIN interrupt. The command will be accepted if status bits PD=0,
DBUF_RDY=1, VM_BSY=0, CBUF_FUL=0 and CMD_BSY=0. If any of these conditions are not met then
a CMD_ERR interrupt will be generated and the command ignored, If command is terminated after the
command byte is sent no interrupt will be generated. Once volce macro execution is finished a CMD_FIN
interrupt will be generated.

10.1.7 Execute Voice Macro @Rn,n=0~7

EXE_VM@Rn
Byte Sequence: Hos!t controller 0xBC nulQ-~7

ISDE1S00 Status Byte Status Byte
Description: Play voice macro index@Rn
Interrupt CMD_ERR if not accepted. CMD_FIN when playback is finished.
Generation;

This command is same as EXE_VM except that the 16bit index Is stored inRn,n=0~7.
e RO[7:0] = CFG20, R0O{15:8] = CFG21
o R1[7:0] = CFG22, R1[15:8] = CFG23
o R2[7:0] = CFG24, R2{15.8] = CFG25
o R3{7:0] = CFG26, R3{15:8] = CFG27
o R4[7:0]= CFG28, R4[15:8] = CFG23
o RS5[7:0] = CFG2A, R5[{15:8] = CFG2B
e R6[7:0] = CFG2C, R6[15.8) = CFG2D
 R7[7:0] = CFG2E, R7[15:8] = CFG2F

10.1.8 Record Message

REC_MSG
Byte Sequence: Host controller 0x38
ISDE61S00 Status Byte
Description: Initiates a managed record at first available location in memory,
Interrupt CMD_ERR if not accepted. CMD_FIN when recording complete. FULL_ERR
Generation; when device fills available memory,

This command initiates a record operation. Before execution of command a valid signal path must be sat
up and the device must have space in the audio command buffer. If device is or becomes full, an interrupt
is generated and the FULL_ERR bit of the interrupt status register is set. Recording is terminated by

Pubiication Release Date: Mareh 10, 2011
-173- Revision 2.7




ISD61S00 DESIGN GUIDE
NnuUvoToN

issuing @ STOP command. After the operation is complete the begin address of the message can be
read, along with the number of sectors recorded, with the READ_MSG_ADDR command.

The command will be accepted if status bits PD=0, DBUF_RDY=1, VM_BSY=0 and CBUF_FUL=0. If any
of these conditions are not met then a CMD_ERR interrupt will be generated and the command ignored. If
memory becomes full while recording a FULL_ERR Interrupt will be generated. If device was full before
the record was sent then a FULL_ERR interrupt will be generated and READ_MSG_ADDR wall return a
length of zero. When a record is terminated by a stop command a CMD_FIN interrupt will be generated
once the recording precess is complete,

Note, f REC_MSG_SEC_LENGTH[150] Is 0 (CFG_REGS5E= REC_MSG_SEC_LENGTH[15:8];
CFG_REGSD= REC_MSG_SEC_LENGTH[7:0]), the REC_MSG will need CMD STOP to end. If
REC_MSG_SEC_LENGTH[15:0] is NOT 0, the REC_MSG command will automatically end after the
number of sectors which set by REC_MSG_SEC_LENGTH[15:0] have been programmed

10.1.9 Record Message at Address

REC_MSG@

Byte Sequence. Host controller Ox3A Al23:16) A[15:8) A[7:0]
ISD61S00 Status Byte Status Byte Status Byte Status Byte

Description: Initiate @ managed record starting at  sector address A/4086

Interrupt CMD_ERR if not accepted, CMD_FIN when recording complete, ADDR_ERR i

Generation. invalid address sent.

This command initiates a record operation starting at a specified address. Before execution of command
a valid signal path must be set up and the device must have space in the audio command buffer. If device
is or becomes full, the RM_FULL bit of the status register is set. Recording is terminated by issuing a
STOP command. After the operation is complete the begin address of the message can be read, along
with the number of sectors recorded out with the READ_MSG_ADDR command.

The command will be accepted if status bits PD=0, DBUF_RDY=1, VM_BSY=0 and CBUF_FUL=0. if any
of these conditions are not met then a CMD_ERR interrupt will be generated and the command ignored. If
command is terminated after the command byte is sent no interrupt will be generated. If memory
becomes full while recording a FULL_ERR interrupt will be generated. If device was full before the record
was sent then a FULL_ERR interrupt will be generated and READ_MSG_ADDR will retun a length of
zero. If the address sent is not a blank sector then an ADDR_ERR interrupt is generated. When a record
is terminated by a stop command a CMD_FIN interrupt will be generated once the recording process is
complete.

Note, if REC_MSG_SEC_LENGTH[15:0] is 0 (CFG_REGS5E= REC_MSG_SEC_LENGTH[15:8];
CFG_REG5D= REC_MSG_SEC_LENGTH[7:0]), the REC_MSG will need CMD STOP to end. If
REC_MSG_SEC_LENGTH[15:0] is NOT 0, the REC_MSG command will automatically end after the
number of sectors which set by REC_MSG_SEC_LENGTH|15:0] have been programmed.

10.1.10Play Message at Address
PLAY_MSG@

Byte Host confroller | 0x3C A[23:18] | A[15:8] A[7:0] | OFF[15:8] | OFF[7:0]
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Status

S :
equence ISD61S00 Status | Status Status Status o

Byte Byte Byte Byte Status Byte

Description: Initiate @ managed record starting at sector address A/4098 + OFF

Interrupt CMD_ERR if not accepted. CMD_FIN when playback complete. ADDR_ERR if invalid
Generation. address sent.

This command initiates a play of a recorded message starting at a specified address, with a specified
seclor offset. Before execution of command a valid signal path must be set up and the device must have
space in the audio command buffer. If an address is sent that is not a valid message an error interrupt is
generated with the ADDR_ERR bit set. Playback can be terminated by issuing a STOP command. After
completion of playback, the device will generate an interrupt, This command can be used to randomiy
access a message at any 4K sector boundary by sending the appropriate offset. The bottom 12 bits of the
start address are ignored as messages must begin at a 4Kbyte sector boundary. if command is sent with
less than five bytes of data the command s ignored.

The command will be accepted If status bits PD=0. DBUF_RDY=1, VYM_BSY=0 and CBUF_FUL=0. If any
of these conditions are not met then a CMD_ERR interrupt will be generated and the command ignored, If
command is terminated after the command byte is sent no interrupt will be generated. Once playback Is
finished a CMD_FIN interrupt will be generated, If the address sent is not a beginning of message sector
then an ADDR_ERR interrupt will be generated. If the offset is greater than the message length then an
ADDR_ERR interrupt will be generated.

10.1.11Play Silence

PLAY_SIL
Byte Sequence: Host controller OxAS8 LEN[T:0]
ISD61S00 Status Byte 0 Status Byte 0
Description: Play silence for LEN*32ms
Interrupt CMD_ERR # not accepted. CMD_FIN when silence playback complete.
Generation;

This command plays a period of silence to the signal path. Before execution of command a valid signal
path must be set up and the device must have space in the audio command buffer. After completon, the
device will generate an interrupt. The length of silence played is determined by the data byte, LEN, sent.
Silence is played In 32ms increments (at signal path sampling frequency of 32 kHz), total silence played
is LEN*32ms.

The command will be accepted if status bits PD=0, DBUF_RDY=1, VM_BSY=0 and CBUF_FUL=0, If any
of these conditions are not met then a CMD_ERR interrupt will be generated and the command ignored. If
command is terminated after the command byte is sent no interrupt will be generated. Once silence play
is finished a CMD_FIN interrupt will be generated.

10.1.12Stop Command
STOP

Byte Sequence. Host controller Ox2A

ISD61S00 Status Byte
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Description: Stop current audio command and flush command buffer

Interrupt Command itself does not generate interrupt, only those commands that It is
Generation; stopping.

This command stops any current audio command active in the ISDE1S00. If a PLAY_MSG@, PLAY _VP,
EXE_VM or PLAY_SIL command is active playback is stopped immediately. If a REC_MSG command Is
active recording is stopped at the next available byte boundary. The STOP command flushes the audio
command buffer, that is any command gueued in the buffer when a STOP is issued will not be executed.
When device has finished the active command a CMD_FIN interrupt will be generated. STOP will not stop
an ERASE_MSG or ERASE_MEM operation. If there s no active command then STOP will have no
effect

10.1.13Erase Message at Address

ERASE_MSG@

Byte Sequence: | Host controller Ox3E A[23:16] A[15:8] A[7:0]
ISD61S00 Status Byte Status Byte | Status Byte Status Byte

Description: Erase message starting at  sector address A/4096

Interrupt CMD_ERR if not accepted. CMD_FIN when erase compiete. ADDR_ERR If invalid

Generation: address sent

This command erases the message starting at the specified address. The command will be accepted If
status bits PD=0, DBUF_RDY=1, VM_BSY=0, CBUF_FUL=0 and CMD_BSY=0. If any of these
conditions are not met then a CMD_ERR interrupt will be generated and the command ignored. If address
sent is not a beginning of message sector an ADDR_ERR interrupt is generated. Upon completion of
command CMD_FIN interrupt is generated. While the device is erasing no other commands will execute.
If @ PLAY or REC is sent it is queued in the command buffer and will not execute until the erase is
finished. If a DIG_RD or DIG_WR command is sent to the device, RDY/BSYB will hold off any data
transfer until the ERASE_MSG@ has completed,

10.1.14SPI Send Audio Data

SPI_SND_AUD

Byte Host controfier | 0Xaa DO{7:0] |DO[15:8] | ... | Dn[7:0] | Dn[15:8)
Sequence: ISDB1S00 Status Byte

Description: Write audio data via SPI interface,

Interrupt OVF_ERR if RDY/BSY violated.

Generation:

This command allows the user to send audio data, in 16bit PCM format, down the SPI interface for feed-
through or recording. Before execution of command a valid signal path must be set up.

If recording data (SPi record), then: a signal path must be set up for SPI input to the compressor. A valid
record command is then sent followed by the SPI_SND_AUD command. Multiple SPI_SND_AUD
commands can be issued to write data to the ISDB1S00. To finish recording a STOP command Is sent
and device will respond with @ CMD_FIN interrupt. f @ memory overflow occurs during the operation a
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FULL_ERR interrupt will be generated and no more data will be accepted. RDY/BSYE will handshake
dataflow if device cannot compress and write data at the rate sent down the SPI interface.

_.}:5&] AE—

SPYIN 1 0UT
DECOMPRESSOR COMPRESSOR
MEMORY
CoNTROL |
Figure 10-1 SP1 Record

If sending audio data fo the analog outputs (SPI feed-through), then: (1) the path must be set up for SPI
input to the signal path. (2) A SPI_SND_AUD command is then sent. Multiple SPI_SND_AUD commands
can be issued to write data to the ISDE1S00. (3) To finish sending audio data a STOP command is sent
and device will respond with a CMD_FIN interrupt. RDY/BSYB will handshake dataflow to the sample rate
set by the audio configuration register, If host cannot keep up with data rate audio will be corrupt, Once
audio data is sent, raise SSB high and device will continue to play zero samples out the signal path unti
reconfigured or more data is sent.

—— R N I —

SPIOUT
| s !

DECOMPRESSOR COMPRESSOR

Figura 10-2 SP1 Feed-through

The RDY/BSYB signal will go low whenever the internal FIFO is full, If no path or record operation is set
up then RDY/BSYB will not return high until command Is terminated. |f RDY/BSYEB is ignored then an

OVF_ERR interrupt is generated,
10.1.15 SPI Receive Audio Data

SPI_RCV_AUD
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Byte Sequence: | Host controller | OxAC

1SD61S00 Status Byte | DO[7:0] DO{15:8] | .... | Dn[7:0] | Dn[15:8]
Description: Read audio data via SPI interface.
Interrupt OVF_ERR if RDY/BSY violated.

Generation.

This command allows the user to recelve audio data, in 16bit PCM format, from the SPI interface for feed-
through or piayback, Before execution of command a valid signal path must be set up,

If receiving recorded audio data (SPI playback), then: a signal path must be set up for SPI output from the
compressor. A valid play command is then sent followed by the SPI_RCV_AUD command. Multiple
SPI_RCV_AUD commands can be sent. To finish receiving data a STOP command is sent and device
will generate a CMD_FIN interrupt. When the end of message is reached a CMD_FIN interrupt will be

generated and zero will be sent as data,
J" ;Fl:& ==

,_.Iﬁ_L

- - —
SPIIN & 5P OUT
'_T_‘ﬂ_ '
DECOMPRESSOR COMPRESSOR
; m
CONTROL

Figure 10-3 SPI Playback

If reading audio data from the analog inputs (feed-through SPI) then: (1) the path must be set up for SPI
output from the signal path. (2) A SPI_RCV_AUD command is then sent. Multiple SPI_RCV_AUD
commands can be sent. (3) To finish receiving data a STOP command is sent and device will generate a
CMD_FIN interrupt. RDY/BSYB will handshake dataflow to the sample rate set by the audio configuration
register. If host cannot keep up with data rate. audio will be corrupt.
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The RDY/BSYB signal will g low whenever the intemal FIFO is empty. If no path or playback operation is
set up then RDY/BSYB will be low until command is terminated. |If RDY/BSYB is ignored then an
OVF_ERR interrupt is generated.

10.1.16SPI Send Compressed Audio Data for direct programming to flash

SPI_SND_CM
PR

Byte Host controler | OXDC DO(7:0] | DO[15:8] | ... | Dn(7:0] | Dn[15:8]
Sequence: 1SD61S00 Status Byte

Description: During REC_MSG or REC_MSG@, Write compressed data via SPI interface to
direct program the compressed data to flash memory

Interrupt OVF_ERR if RDY/BSY violated.
Generation:

This command allows the user to send compressed audio data, down the SPI interface for recording.
Before execution of command make sure CFG_REG2=0x00 (ENC, DEC, SPI_IN, SPI_OUT should be all
0)

A vaiid REC_MSG or REC_MSG@ command is then sent followed by the SPI_SND_CMPR command.
Multiple SPI_SND_CMPR commands can be issued to write data to the ISD61500. To finish recording a
STOP command is sent and device will respond with a CMD_FIN interrupt. If a memory overflow occurs
during the operation a FULL_ERR interrupt will be generated and no more data will be accepted
RDY/BSYB will handshake dataflow.

Sample Sequence:
1. Make sure CFG_REG2=0x00
2. lssue REC_MSG or REC_MSG@ command
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3. Issue SPI_SND_CMPR with compressed data
4. STOP

10.1.17SPI Receive previous REC_MSG or REC_MSG@ compressed Audio Data stored in

flash

SPI_RCV_CMP

R

Byte Sequence: | Host controller | 0xBE
ISD61S00 Status Byte | DO[7:0] DO0{15:8] Dn[7:0] | Dn{15:8]

Description: During PLAY_MSG or PLAY_MSG@, read previous REC_MSG or REC_MSG@
compressed Audio data stored in flash via SPI

Interrupt OVF_ERR if RDY/BSY violated.

Generation:

This command allows the user recewving previous REC_MSG or REC_MSG@ compressed Audio Data
stored in flash through SPI interface. Before execution of command make sure CFG_REG2=0x00 (ENC,
DEC, SPI_IN, SPI_CUT should be all 0)

A valid PLAY_MSG@ command Is then sent followed by the SPI_RCY_CMPR command. Multiple
SPI_RCV_CMPR commands can be sent. To finish receiving data a STOP command is sent and device
will generate a CMD_FIN Interrupt. When the end of message is reached a CMD_FIN interrupt will be
generated,

Sample Sequence:
1. Make sure CFG_REG2=0x00
2. Issue PLAY_MSG@ command with correct start address
3. Issue SPI_RCV_CMPR and read compressed data from MISO
4. STOP or wait CMD_FIN interrupt
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10.1.18 SPI Send Compressed Data to Decode

SPI_SND_DEC
Host controller 0xCO DO[7:0] D1(7:0] Dn[7:0]
Byte Sequence: Status
ISD61S00 Byte
Description: Wirite compressed audio data via SPI interface.
Interrupt 3 >
Generation: OVF_ERR if RDY/BSYB violated

This command allows the user to send compressed audio data, in a byte formatted bit stream, down the
SPI interface to the de-compresser and signal path, Before execution of command a valid signal path
must be set up. Valid paths are similar to a standard playback. Multiple SPI_SND_DEC commands can
be issued to send data to the ISDB1S00. To finish decoding a STOP command is sent and device wil
respond with a CMD_FIN interrupt. RDY/BSYB will handshake dataflow If device cannot accept any
further data for decompression. If host cannot keep up with data rate audio output will be corrupted.

g

oo i SPYOUT
% ;
DECOMPRESSOR COMNPRESSOR
t MEMORY
................ » CONTROL

Figura 10-5 SPI Send Compressed Data to Dacode

The RDY/BSYB signal will go low whenever the intemal FIFO is full, If no path set up to accept audio data
then RDY/BSYB will not return high until command Is terminated. If RDY/BSYB is ignored then an
OVF_ERR interrupt is generated, The SPI_SND_DEC command is accepted if no current play or record
operation is active. If command is not accepted a CMD_ERR Interrupt will be generated. It is possible to
perform digital memeory operations between SPI_SND_DEC operations; however care must be taken to
maintain the required data rate to avold audio corruption.
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10.1.19 SPI Receive Encoded Data

SPI_RCV_ENC
|
i Seaiance: Host controller 0xC2
ISD61S00 Status Byte | DO[7:0] D1[7:0] Dn[7:0]
Description: Read compressed audio data via SPI interface,
Interrupt
Chsssealionn: OVF_ERR If RDY/BSYB violated.

This command allows the user to receive compressed audio data, in a byte formatted bit stream, from the
SPI interface for use or storage outside the ISD61S00. Before execution of command a valid recording
signal path must be set up such that compressor is active. Multiple SP1_RCV_ENC commands can be
sent to receive compressed data from the ISD61S00. To finish receiving data a STOP command is sent
and device will generate a CMD_FIN interrupt.
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Figure 10-5 SPI Received Enceded Data

RDY/BSYB will handshake dataflow to the sample rate and compression bit rate set by the audio
configuration register. If host cannot keep up with data rate compressed audio will be cormupt,

The RDY/BSYB signal will go low whenever the internal FIFO is empty. If no path is set up then
RDY/BSYB will be low until command Is terminated. If RDY/BSYB is ignored then an OVF_ERR interrupt
is generated, The SPI_RCV_ENC command is accepted if no current play or record operation is active, If
command is not accepted a CMD_ERR interrupt will be generated. It s possible to perform digital
memory operations between SPI_RCV_ENC operations; however care must be taken fo maintain the
required data rate to avoid audio corruption.
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10.2 Device Status Commands.

10.2.1 Read Status

ISD61S00 DESIGN GUIDE

Powered up:
READ_STATUS
Host 0x40 0xXX OxXX O0xXX
Byte Sequence: isDB1500 | Status Interrupt Status | Interrupt Status | Interrupt Status
Byte Byte 1 Byte 2 Byte 3
Description: Query device status.
Powered down:
READ_STATUS
3 Host controller 0x40 OxXX
Byte Sequence:  SD61S00 Status Byte 80h | 00h
Description: Query device status.

This command gueries the 1ISDE1S00 device status. For details of device status see Section 7.1. If device
is powered up, the four status bytes will be repeated for each four dummy byles sent to the SP1 interface.
If device is powered down, only one status byte 80h shows up to the SPI interface at the same time the
command Is sent. This command is always accepted.

10.2.2 Read Interrupt

READ_INT
Host 0x46 OxXX 0xXX OxXX
Byte Sequence: 1sDe1s00 | Status Interrupt Status | Interrupt Status | Interrupt Status
Byte Byte 1 Byte 2 Byte 3
Description: Query device status and clear interrupt flags

This command queries the ISDG61S00 device status and clears any pending interrupts. After this
command the hardware interrupt line vill return inactive, The INT bit of the status register along with any
status error bits will return inactive. This command s accepted whenever device is powered up.

10.2.3 Read Recorded Message Address Details

RD_MSG_ADD

Byte Host 0x42 X X X X X

Sequence: ISD61S00 | STATUSO | Aj23:16] | A[15:8] | A[7:0] | LEN{15:8] | LEN[7:0)

Description: Reports the start sector address A/4096 of current message and length. LEN, in
4kByte sectors
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This interrogates the status of the last or current audio record command. It retums the start address so
that the user can address a message for playback and also returns the number of sectors that the
message has used. It should be issued immediately after a record is initiated to correctly get retrieve the
message start address and current length of message. After a STOP command or overflow condition,
data is valid for final message length after CMD_BSY has returmned low and before a subsequent audio
command Is issued.

10.2.4 Read Message Length

RD_MSG_LEN

Byte Sequence: | Host controller | Oxd44 OxXX OxXX
ISD61S00 Status Byte LEN[15:8] LEN[7:0)

Description: Read number of sectors played by current PLAY command.

This command returns the number of sectors played by the current PLAY_MSG@ command, or recorded
by the current REC_MSG command. This command is used to determine the offset position of the
currently playing/recording message. It can be used to resume the playback of a message at a particular
seclor. For instance, if a PLAY_MSGI(SA, 0) command was sent o start playback of a message from SA
then a STOP was sent during playback of the third sector of the message, then RD_MSG_LEN would
return LEN=3. A subsequent PLAY_MSG(SA 2) command would restart the playback from the beginning
of the sector where playback was stopped; that is send PLAY_MSG(SA, LEN-1). Now, if a STOP was
issued after an additional three sectors of playback (message Is now playing the sixth sector),
RD_MSG_LEN would retumn LEN=6,

10.2.5 Read ISD61S00 1D

READ_ID

Byte Host controller | 0x48 OXXX OXXX OxXXX OxXX
Sequence: ISD61S00 Status Byte | PART_ID | MAN_ID | MEM_TYPE | DEV_ID
Description: Return memory 1D of internal memory

This command queries the ISD61S00 to returns four bytes to indicate the ISD61S00 family member and
the manufacturer, size and type of internal memory of the device. The four bytes returned are;

PART_ID - Identifies which ISD81S00 family member,

MAN_ID - Manufacturer ID, which is 0xEF for Winbond.
MEM_TYPE = Memory type, which Is 0x30.

DEV_ID = Device ID Indicates the memory size as the table below.
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32Mb 16
B64Mb 17

10.3 Digital Memory Commands.

This section describes the 4 digital data commands that can be sent to the device. Digital commands are
ones that read, write or erase data directly in the flash memory through a separate interface than the
audio data command Interface. Digital memory commands other than erase, can occur simultaneously
with audic memory commands.

10.3.1 Digital Read

DIG_READ

Byte Host controller | OxA2 Af23:16] | Aj15:8] | A[7:0] | OxXX | ... OxXX
Sequence:  [MSP61S00 Status | Status | Status | Status | DO | .| Dn
Description: Initiates a digital read of memory from address A[23:0].

Interrupt ADDR_ERR if memory protected or RDY/BSYB violated, OVF_ERR if read past
Generation: end of array.

This command initiates a read of flash memory from address A[22:0], Following the three address bytes,
data can be read out of memory in a sequential manner. The RDY/BSYB signal is used to control flow of
data. If RDY/BSYE goes low, transfer must be paused until RDY/BSYB returns high. The user should
check RDY/BSYB before every byte is sentread including the command and address bytes. As many
bytes of data as required can be read, command is terminated by raising SSB high, finishing the SPI
transaction. If an attempt is made to read past the end of memory, status byte will be read back.

The command will always be accepted and RDY/BSYB will go low until any active digital memory
command is complete, If a digital read is attempted in read protected memory, status byte will be read
back and an ADDR_ERR interrupt will be generated. If a read past the end of memory is attempted an
OVF_ERR interrupt will be generated, If RDY/BSYB is violated then zero data will be read back and an
ADDR_ERR interrupt will be generated.

10.3.2 Digital Write

DIG_WRITE
Byte Host controller | OXAD | A23:16] | A[15:8] | Al7:0] | DO . |Dn
Sequence: | 1sng1500 Status | Status | Status | Status | Status | .. | Status

Description: | Initiates a digital write to memory from address A[23:0],

Interrupt ADDR_ERR if memory protected or RDY/BSYB violated. OVF_ERR if write past end
Generation; | of array,
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This command initiates a write to flash memory from address A[23:0]. Following the three address bytes,
data can be written to memory in a sequential manner. The RDY/BSYB signal is used to control flow of
data. If RDY/BSYB gees low, transfer must be paused untii RDY/BSYB returns high, The user should
check RDY/BSYE before every byte is sent including the command and address bytes. As many bytes of
data as required can be wrntten, command is terminated by raising SSB high, finishing the SPI
transaction.

The command will always be accepted and RDY/BSYB will go low until any active digital memory
command is complete. if a digital write is attempted in write protected memory, data will be ignored and
an ADDR_ERR interrupt will be generated. If a write is attempted past the end of memory an OVF_ERR
interrupt will be generated. If RDY/BSYB is violated then data will ignored and an ADDR_ERR interrupt
will be generated, Once the SPI transaction has ended the ISD61S00 will finish the flash write operation.
When this operation is complete the ISD61S00 will generate a WR_FIN interrupt. While device is actively
writing to flash memory the CMD_BSY bit will be active.

10.3.3 Erase Memory

ERASE_MEM
Byle Ham 0x24 | SA[23: - : ; : .
Sequence: controller | °* [23:16] | SA[15:8] | SA[7:0] | EA[23:16] | EA[15:8] | EA[7:0]

ISDE1S00 | Status | Status Status Status | Status Status Status

Description: Erases memory from sector containing SA to sector containing EA

Interrupt ADDR_ERR if memory protected. CMD_ERR if device is busy, CMD_FIN when erase
Generation: operation complete.

This erases memory from the sector containing start address SA to the sector containing end address EA
The minimum erase block of internal memory is a 4kByte sector.

The command vill be accepted if status bits PD=0, DBUF_RDY=1, VM_BSY=0, CBUF_FUL=0 and
CMD_BSY=0. If any of these conditions are not met then a CMD_ERR interrupt will be generated and the
command ignored. If memory is write protected an ADDR_ERR interrupt is generated. Upon completion
of erase a CMD_FIN interrupt is generated.

While the device is erasing no other commands will execute, If a PLAY or REC is sent it is queued in the
command buffer and will not execute until the erase is finished. if a DIG_RD or DIG_WR command is
sent to the device, RDY/BSYB will hold off any data transfer until the ERASE_MEM has completed.

When ERASE_MEM is in progress, the Status bit 0 CMD_BSY goes high. Users could poll the status to
see if the erasing is done.

10.3.4 Chip Erase

CHIP_ERASE

Byte Sequence: | Host controller 0x26 Ox01
1ISD61S00 Status Byte Status Byte

Description: Initiate a mass erase of memory.

Publication Releaze Date: Maveh 10, 2011
- 186 - Revision 2.7




ISD61S00 DESIGN GUIDE
NnuUvoToOoN
_-_—

Interrupt CMD_ERR if device is busy and cannot accept command, CMD_FIN when
Generation: erase operation complete,

This erases the entire contents of the internal memory.

The command will be accepted if status bits PD=0, DBUF_RDY=1, VM_BSY=0, CBUF_FUL=0 and
CMD_BSY=0. If any of these conditions are not met then a CMD_ERR interrupt will be generated and the
command ignored, If memery is mass erase protected an ADDR_ERR interrupt is generated. Upon
completion of erase a CMD_FIN interrupt is generated.

While the device Is erasing no other commands will execute. If a PLAY or REC s sent It is queued in the
command buffer and will not execute until the erase 15 finished. If a DIG_RD or DIG_WR command is
sent to the device, RDY/BSYB will hold off any data transfer until the CHIP_ERASE has completed.

When CHIP_ERASE is in progress, the Status bit 0 CMD_BSY goes high. Users could poll the status to
see if the erasing is done.

10.3.5 CHECKSUM

CHECKSUM

SneSemee: | |9 EA[23:16] | EA(158) EA[7:0]
1SD61S00 Status Byte Status Status Status

Description: Initiate a checksum of memory

Interrupt CMD_ERR if device is busy and cannot accept command. CMD_FIN when

Generation: erase operation complete.

This initiates a 4-byte checksum calculation from the very beginning to the specified end address. The
calculated checksum is stored in register 0x59(7:0] Ox5A[15:8) Ox5B([23:16] 0x5C{31:24]. To re-caiculate
the checksum with a different end address, users have to set register Ox18 bit-0 to clear the registers
0x59 ~ 0x5C.

The command will be accepted if status bits PD=0, DBUF_RDY=1, YM_BSY=0, CBUF_FUL=0 and
CMD_BSY=0

When CHECKSUM is in progress, the Status bit 0 CMD_BSY goes high. Users could poll the status to
see if the CHECK SUM is done.

10.4 Device Configuration Commands.
This section describes commands used to configure the 1ISD61S00. These commands are used to:

« Set up the clocking regime of the device including clock source and setting the master sample
rate

« Configure the audio signal path.
» Control other processing blocks within the device.
= Configure the compression and sample rate for message recording.
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10.4.1 PWR_UP -~ Power up

PWR_UP
Byte Sequence: Host controller 0x10

ISD61S00 Status
Description: Powers up device and initiates the power up sequence.

This command powers up the device. If device already powered up this command has no effect, If
powered down, then the internal power up sequence is initiated. If the PU voice macro is present this is
executed, otherwise the device defaults to previous clock configuration values or the default values
following a reset condition. When power up is complete the PD bit of the status register will go low and
the RDY bit high. Until this event no other commands will be accepted by the 1ISDE1S00.

A formal power-up procedure is as fofows:
* Send PWR_UP command.
« Poll Status until bit-6 DBUF_RDY goes high, indicates device is ready o accept commands.
¢ Poll Status until bit-2 VM_BSY goes low. indicates veice macro 1 is finished.

10.4.2 PWR_DN -~ Power Down

PWR_DN
Byte Sequence: Host controller | 0x12

ISD61S00 Status o
Description: Powers down the device after any active commands finish

This command powers down the device. If the device is currently executing a command the device will
powers down when the command finishes. If sent while recording, without a STOP command sent first ,
then device will record until full then power down, If playing or executing a voice macro, device will power
down after playback is finished. The PWR_DN command will not generate an interrupt. PWR_DN has
executed when PD bit of status goes high.

10.4.3 WR_CFG_REG — Write Configuration Register

WR_CFG_REG

Byte Sequence. Host controller | 0x80 | REG[S:8] | REG[7:0] | DO ... | Dn
ISD61S00 STATUSO

Description: Loads configuration register CFG[REG] with DO. Data bytes 1..n can be
sent to load CFG[REG+1] with D1 to CFG[REG+n] with Dn.

This command loads configuration registers starting at the address specified. If multiple data bytes are
sent, additional configuration registers are loaded. See Section 8 for detalls on configuration registers.

10.4.4 RD_CFG_REG ~ Read Configuration Register
RD_CFG_REG
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Byte Sequence: Host controller | 0x20 | REG[9:8] | REG[7:0] | X oier. I°
ISD61S00 STATUSO Do .. | Dn
Description: Reads configuration register CFG[REG] and outputs to SPI as D0. Data
bytes 1..n can be read sequentially from CFG[REG+1] to CFG[REG+n).

This command reads the configuration register starting at the address specified. if muitiple data bytes are
sent, additional configuration registers are read, See Section & for details on configuration registers.

10.5 Device Power Up Sequence

It is important to sequence the power up configuration of the device to prevent unwanted transients from
occurnng on audio outputs of the device. A general guideline to achieve this is:

4. Send PWR_UP command and wait until device ready.

Send correct clock configuration if not using default values or if not set in PU voice macro.
Power up CODEC,

Set mixer path with DAC/ADC muted,

Power up analog path; power up drivers and DAC with outputs muted, then unmute outputs,
. Unmute DAC/ADC.

A general power down sequence s the reverse of above.

© o~ >,

11. ISD61S00 MEMORY MANAGEMENT

The ISD61S00 employs several memory management techniques to make audio recording and playback
transparent to the host controller. The address space of the ISD61S00 starts at address zero of the
internal memory. This internal memory size can range from 2M to 84M with an erasable sector size of
4kBytes. The following sections will describe the ISD61S00 memory management architecture and the
message management functions.

11.1 ISD61S00 Memory Format

The Recording Memory Pointer (RMP) divides the ISDB1S00 memory address space into two blocks,
Reserved Memory and Recording Memory. The RMP is a two-byte address pointer peinting to a 4kByte
memory sector which is the first sector available to users for recording messages. Memory between
address zero and the RMP pointer is considered the Reserved Memory for pre-recorded audio (Veice
Prompts), pre-programmed macro scripts (Voice Macros), digital read/write access for other applications
{User Data) and memory sectors reserved for the first sector of the message recordings and re-
recordable pre-recorded messages (Reserved Sectors). The memory between the RMP and the end of
memory is considered the Recording Memory allocated for recording messages (Message Recordings).
Figure 11-1 illustrates the memory format with the RMP set at address 4000h or sector 4. Section 11.3
will provide more detail regarding the setting of the RMP.
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Figure 11-1 1SDE1500 Memory Formet

11.2 Message Management
The message management schemes implemented on the ISD61S00 are:

1. Voice Prompts: A collection of pre-recorded audio that can be played back using the PLAY_VP
SPI command or Voice Macros.

2. Voice Macros: A powerful voice script allowing users to create custom macros to play Voice
Prompts, play message recordings, insert silence and configure the device. Voice Macros are
executed with a single SPI command.

3. User Data: Memory sectors defined and allocated by the users for use in other applications

4. Reserved Sectors: Memory seclors reserved for the first sector of the message recordings
(Empty Message) and re-recordable pre-recorded messages (Re-recordable Message).

5. Message Recordings. Messages recorded, played and erased “on the fly* by the users.
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11.2.1 Voice Prompts

\/oice prompts are pre-recorded audio of any length, from short words, phrases or sound effects to long
passages of music. These Voice Prompts can be played back in any order as determined by the users
and applications. A Voice Prompt consists of two components:

1. Anindex pointing to the pre-recorded audio

2. Pre-recorded audio
To play a Voice Prompt, the ISDE1S00 use the index of the Voice Prompt to locate and play the pre-
recorded audio. This approach allows users to easily manage the pre-recorded audic without the need to
update the code on the host controller. In addition, the users can store a multitude of pre-recorded audio
without the overhead of maintaining a complicated lookup table, To assist customers in creating the Voice
Prompts, a software tool, the ISD61S00 Voice Prompt Editor and writer are available for development
purposes.

11.2.2 Voice Macros

Voice Macros are a powerful voice script that allows users to customize their own play patterns such as
play Voice Prompts, play message, insert silence, change the master sample clock, power-down the
device and configure the signal path, Including gain and volume control. Volce Macros are executed using
a single SPI command and are accessed using the same index structure as Voice Prompts, This means
that a Volce Macro (or Voice Prompt) can be updated on the ISD61S00 without the need to update code
on the host micro-controfler since absolute addresses are not needed.

The following locations have been reserved for three special Voice Macros:
Index 0: Power-On Initialization (POI)

Index 1. Power-Up (PU)

Index 2: GPIO WakeUp

These Voice Macros allow the users to customize the ISD61S00 power-on and power-up procedures and
are executed automatically when ufilized. The built-in voice macros will be used when they are not
utilized. Please see Section 12 for details.

Here is an example to lllustrate the usage of the PU Voice Macro.
« WR_CFG_REG(0x05.0x01)
« WR_CFG_REG (0x06,0x02)
« FINISH
The above PU Voice Macro will perform the following:
* Set up a feed-through path from ANAIN to AUDOUT

The following is the complete list of the commands for Voice Macro:
* WR_CFG_REG(reg,n) - Set configuration register reg to value n.
« PWR_DN - Power down the 1ISD61S00.
o PLAY_VP(/)= Play Voice Prompt index J.
« PLAY_VP@Rn - Play Voice Prompt at the index J contained in Register n,
« PLAY_VP_LP(/} - Play Voice Prompt index | with looping
o PLAY_VP@Rn_LP - Play Voice Prompt at the indeXx / contained in Register n with looping
«  PLAY_MSG@(sec-addr) - Play message starting at sector address sec-addr
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e PLAY_SIL(n) = Play silence for n units. A unit is 32ms at master sampling rate of 32 kHz.

o WAIT_INT = Wait until current play command finishes before executing next macro instruction.
* EXE_VM - Put EXE_VM in a Voice Macro will force to jump to this VM

o EXE_VM@Rn = Put EXE_VM@Rn in a Macro will ferce to jump to this VM@Rn

* FINISH - Finish the voice macro and exit.

11.2.3 User Data

User Data consist of 4kByte chunks of erasable sectors defined and allocated by the users for use In
other applications. The users have the freedom not to allocate or reserve any memory sectors. A software
tool, the ISDE1S00 Voice Prompt Editor is available to assist customers in allocating such memory.

11.2.4 Reserved Sectors

Reserved sectors consist of 4kByte chunks of erasable sectors reserved for the Empty Messages and
Re-recordable Messages. The Empty Message Is an empty sector made of a 4kByte memory sector
reserved for message recordings, A SPI record command pointing to the Empty Message starts the
message recording into the Empty Message and will continue 10 record messages in the free memory
located in Recording Memory if the message recording is over 4kBytes. The users can send a play, erase
or record command pointing to the Empty Message to play, erase the entire message or re-record a
brand new message,

The Re-recordable Message, a 4kByte memory secior contains message recordings and a sector
address pointer (see Section 11.3 for detalls) pointing to the message sector located in Recording
Memeory. Unlike the Empty Message where no message has been recorded, the users can play back a
complete message by issuing a SPI play command pointing to the Re-recordable Message. The users
can also send an erase or record command pointing fo the Re-recordable Message to erase the entire
message or re-record a brand new message.

11.2.5 Message Recordings

Message Recordings are messages that can be recorded, played and erased “on the fly" by the users.
These messages are recorded in 4kByte chunks of erasable seclors with each message sector
containing a header pointing to the next message sector. The ISDE1S00's unique message management
architecture allows users to record messages without specifying an address. The 1SD61S00 will start
recording at the first available sector in Recording Memeory and continue to record into free memory until
memory is full or a STOP command is issued. Upon completion of the record operation, the users need to
read back the message sector start address for subsequent playback.
To playback the message recordings, the users need to send a play command pointing to the message
seclor start address. For partial message playback, the users can send a play command with a sector
offset.
To erase the message recordings, the users need to send an erase command pointing to the message
sector start address.
A list of commands for Message Recordings are detalled below.

= REC_MSG - starts a record operation.

* STOP = stops current record operation.

« READ_STATUS - wait until record operation is finished as indicated by the CMD_FIN bit.,

« READ_INT — clear the interrupt.
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¢ READ_MSG_ADD = This command returns a three byte starting address (A) of the message
along with a two byte sector length. Use A to address the message in subsequent playback
operations.

o PLAY_MSG@{A)- Play back the message.

= READ_STATUS - poll status until CMD_FIN bit is set indicating play has finished.

* READ_INT = clear the interrupt.

= ERASE_MSG@(A) - erase the message.

o READ_STATUS = poll status until CMD_FIN bit is set indicating erase has finished.
s READ_INT = clear the interrupt.

11.3 Memory and Message Headers

The Memory and Message headers are located at the initial bytes of the 4kByte memory sector used to
determine the format or function of the memory. The Memory Header stores users’ configurable
information including the memory protection scheme, the RMP and PMP pointers and the index table
including POI, PU and other Voice Macros defined by the users. The Message Header located in both
Reserved Sectors and Recording Memory stores the information for the device to determine what
memory is available for recording and where the subsequent messages are siored.

11.3.1 Memory Header
Table 11-1 Memory Header

| Initial Bytes of the Memory Header

Byted | Bytel-2 | Byte3-d4 | Bytes5-10 | Bytes11-16 | Byte17-22 | Byte23-28
GPIO_WA

oxcX | RMP[7:0] | PME[T:0) | POILVM PU_VM KEOP | wmve[3)

The Memeory Header contains at least seventeen bytes located at the beginning of the memory
space. ByteO determines whether or not the memory contains a Reserved Memory block as well as the
memory protection scheme is used. Byte1-2 and Byte3-4 store the RMP and PMP pointers respectively.
After the PMP, it is the start of the Voice Prompt/Voice Macro  index table defined by the users. This
table consists of six byte enfries that are the start and  end address of Veice Prompt or Voice Macro.
Byte5-10, Byte11-15 & Byte 17-22 are reserved for the POI, PU and GPIO_WAKEUP Voice Macro which
are the first three enfries in this table (index 0, index 1 and index 2) to be executed on power-on
initialization, power-up and GPIO_WAKEUP respecﬂvely If this function is not desired, these  entries
should be left erased (OXFFFFFF.C OxFFFFFF). When a PLAY_VP(i) or EXE_VM(i) command is sent to the
ISDE1S00, it reads the index table entry at address Gi+5 and executes the VP or VM at the address
present in the table.

If the first byte Byte0 of the memory header is OxFF, it means that no Reserved Memory is allocated, no
memory protection s enabled and the whole memory will be avallable for record and playback only. To
allocate the Reserve Memory, the bitd of the Byte0 has to be set to zero. When Reserved Memory is
aliocated and memory protection is enabled upon users' definition, the both RMP (Recording
Memory Pointer) and PMP (Protected Memory Pointer) will then created and stored at Byte1-2 and Byte3-
4 of the Memory Header respectively. The ISD61S00 will not attempt to use memory before the RMP for
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message recordings. This memory thus can be used for Voice Prompts, Voice Macros, User Data and
Reserved Sectors. The PMP points to the boundary of protected memory and is used in conjunction vith
the RP, WP and CEP bits to set memory protection indicated below (also see Section 11.6 for details).

Table 1.2 The first byte of the Memory Header

Bit7 Bit6é | Bit5 Bit4 Bit3 | Bit2 Bit1 Bit0
1 1 0 0 1 RP WP CEP

11.3.2 Message Header

Table 11-3 Message Heaxder
Bit7 Bit6 Bit5 Bit4 | Bit3 | Bit2 Bit1 Bit0
BOM EOM | RSVD - = = _ =

The I1SDE1S00 adopts a sector-based message management scheme that treats each dkByte  sector
as a message frame. Each sector has a header indicating the state of the frame:

« BOM.: “0" indicates that this sector is the beginning of a message,
« EOM: "0 indicates that this sector is the end of a message.

« RSVD: 0" indicates that there is a message recorded in this sector or this sector has been
reserved for User Data,

Thus the number of the BOMs counted by scanning the Message Header of the Recording Memory will
tell the number of the messages recorded in the ISDE1S00.

When a sector Is not an EOM sector, the next two bytes in the frame are the seclor address peinting to
the subsequent message, Thus the whole message can be re-composed by tracing sector address until
an EOM is found,

It is not recommended to reserve the User Data inside the Recording Memory, However, for those
instances where User Data needs to be allocated Inside the Recording Memory, It is imperative that the
RVSD has set and maintained at “0". Otherwise, there is a risk that the User Data may be over-written by
subsequent recordings.

11.4 Digital Access of Memory

ISD61S00 memory can be accessed as conventional digtal memory using the DIG_READ and
DIG_WRTIE SPI commands. This allows the user to:

* Reserve areas of memory for use as digital non-volatile memory as User Data
« Update Voice Prompts and macros (pre-recorded audio) in system.

Read and verify Voice Prompt memory.

Read sector headers of memory to determine memory usage.
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The digital read and write commands can be issued even while an audio record or playback is in
progress. The RDY/BSYB pin governs the flow control for all digital operations.

11.5 Device Erase Commands

ISDE1S00 provides several ways to erase the flash memory. The flash memery has a minimum
erasable sector size of 4kBytes. The sector erase command Is sent with a start and stop sector
address. The ISD61S00 also has commands to mass erase the memory.

11.6 Memory Contents Protection

Under certain circumstances, it is desirable for the users to protect portions of the internal memory from
write/erase or Interrogation (read). The ISDE1S00 provides a method to achieve this by setling a
protection memory pointer (PMP) that allows the users to protect intemal memoery for an address range
from the beginning of memory to this sector where PMP s pointed. The type of protection is set by three
bits in the memory header byte,

« The CEP (Chip Erase Protect) bit set to zero enables chip erase protection. This prevents a mass
erase function, allowing the device to be configured as a write-once part. With the CEP bit set to
one, even with write protection enabled, the part can be mass erased. After mass erasure, the
initial sector byte defaults to ne protection so the device can be re-programmed.

« The WP (Write Protect) bit set to zero enables write protection of the intemal memory below the
seclor pointed to by the PMP. Write protection means that digital write or erase commands will
not function in this memory area. This can be used to ensure that audio or data is not
inadvertently erased or overwritten. The WP bit does not stop the execution of a REC_MSG@
or ERASE_MSG@ to messages with BOM headers in this memory.

» The RP (Read Protect) bit set to zero enables read protection of the internal memory below the
sector pointed to by the PMP. Read protection means that digital read or audio playback
commands through SPI or IS will not function in this memory area. This can be used to ensure
that internal memory contents cannot be digitally copied or read.

Memory protection is activated on power-up of the chip. Therefore, each time the user changes the
setting of memory protection, the new setting will not be effective until the chip is reset

12. DEVICE INITIALIZATION

Whenever the ISD61S00 detect as power-on reset condition or a high on the RESET pin of the device it
begins a power-on initialization (PCI) sequence. Whenever the 1ISD61S00 receives a power up command
(PU) when it is in a power down state, it begins a power-up initialization (PU) sequence. Voice Macros
VIWO) and VMI(1) are reserved for POl and PU initialization routines. If no reserved memory exists or if
the vectors VM(0) or VM(1) are not set. then a default routine is executed. The default sequence for POI
is to power-down the ISD61S00, The default PU sequence is to power up and go to IDLE state.
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Figure 12-1 POl and PU Initiglzaticn Flowcharns

13. APPLICATION REFERENCE SCHEMATICS

The bottom part of Figure 13-1 shows a reference design for a PSTN interface to the ISD61S00. Two
analog signal paths are provided for monitoring audio signals on TIP and RING, The Type 1 CID s for
monitoring TIP and RING in an on-hook state to receive CID information. The Type Il CID and speech
interface is through a balanced configuration along with the output driver for use when the signal path is
off-hook. Also included are optional circuits for line detection, ring detection and pulse dialing.

The Figure 13-2 illustrates a reference design for connecting the ISD61S00 to an integrated silicon DAA.

13.1 PCB Layout Guidelines

To gain maximum performance from the ISDE1S00 it is impertant to provide clean analog supplies to the
device. Separate Vcca and Vssa returns to the board low impedance point are essential for noise
isolation. Good quality low ESR decoupliling capacitors on the supplies along with filter capacitors on Vbg
and Vmid are aiso important for optimal performance. Care in shielding MIC connections from noise
sources is imperative, these connections shoulkd be as short as possible and shielded with Vssa. The
speaker and PO connections carry high currents and should be made as wide as possible. The Tl inputs
are differential and should be run as a pair and shielded with VVsaa. The flash SPI bus is a high speed
serial bus and connections should be routed to the flash device in equal and short traces.
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14. PACKAGE SPECIFICATION

14.1 LQFP48L (7x7x1.4mm footprint 2.0mm)
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15. ELECTRICAL CHARACTERISTICS

15.1 Absolute Maximum Ratings

Condition Value
Junction temperature 150°C
Storage temperature range 65°C to +150°C
Lead temperature (soldering — 10 seconds) 300°C
LQFP-48L Thermal Resistance, typical 76 C/W (ASE)

60C/W (Greatek) TBD

Voltage applied to any pin (Vs - 0.3V) to (Vo + 0.3V)
Input current applied to any digital input pin +-10mA
ESD (Human Body Model) 2000V
Voo - Vs -0.5V to +3.63V
Voou - Ves -0.5V 1o + 1.98Y
Device Power Dissipation 0.18 Watt (TBC)

« Stresses above those listed may cause permanent damage to the device, Exposure to the
absolute maximum ratings may affect device reliability. Functional operation is not implied at
these conditions.

15.2 Operating Conditions
OPERATING CONDITIONS (INDUSTRIAL PACKAGED PARTS)

CONDITIONS VALUES

Operating temperatire ranga (Case temperature) -40°C to +85°C

Supply vollage (Vo) +27TVI0 436V

Ground voltage (V) ™ ov

Input voRage (Voo 0V o 38V

Valtage apphed o any pms (Vs =0 3V) to (Ve +0.3V)
NOTES: MV = Veca = Voo

PVea = Viaan= Vazo
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PARAMETER SYMBOL | MIN TYP™ | MAX | UNITS | CONDITIONS
Supply Voltage Voo 27 36 v
Input Low Voltage Vi Ves0.3 0.3xVoo v
lnpu( thh Voltage Vm 0.7xVeo Vm vV
Schmitt trig. Low to High
threshold point VT+ 1.49 1.54 1.58 Vv
Schmitt trig. high to low
threshold point VT- 1.24 1.29 1.34 v

Pull-up resistor Rey 38 54 83 kQ

Pull-down resistor Ren 25 49 110 kQ
Output Low Voltage VoL 04 v loL = 3pA
INTE Output Low Voltage Voot 04 v
Output High Voltage Vou 24 v loy=-10pA
Internal logic supply Voo 165 1.8 1.85 vV
Analog outputs DC level Voc oot v | @21
Half supply reference Vs 1.65 \ AVpp= 3.3V @ +27C
Bandgap reference Vag 1.218 v AVpp= 3.3V @ +27C

. AVgo= 3.6V, Loaded,
gpt:prztl;nlgoac::denet Ohm loo wax 150 mA Sampﬁng freq = 8 kHz,
scale,
Operating Current g\;""' 3‘6;/  No m
: mpling freq =
g’ﬁ t;t;ongthl:‘a;ded. 8 oo, wax 45 mA | ail blocks enabled, full
scale,

Standby Current lss 1 20 MA | AVpp= 36V @ +27C
Input Leakage Current he 410 HA Force AVoo

Notes: " Conditions Vpp=3.3V, T,=25°C unless otherwise stated
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15.4 Analog Transmission Characteristics
AVDD=3.3V ; Vge=0V, Tx=+27°C; All ADC tests using Auxiliary input mode @ 0dB gain

TRANSMIT RECEIVE
PARAMETER SYM CONDITION TYP (ADC) (DAC) UNIT
MIN | MAX | MIN | MAX
DC level Voc DC level on the outputs
SPP-SPN;POP-PON | AV | = | = | 135 18 |V
Full Scale Level Tawex | ADC (single ended) 1.35 1.05 1.05 .- Vak
DAC (differential) 27 2.1 2.1 — Vax
Absolute Gain Gues | -3dBFS @ 1020 Hz,
AVDD =3.3V; T,=425°C; 0 -040 | +040 | -0.40 | +0.40 ds8
Absolute Gain Gaess | AVDD=3.13V ~ 3.47V; -
variation with 3dBFS @ 1020 Hz 0 050 | +050 | -0.50 | +0.50 dB
Supply Voitage Ta=+25°C
15.5 Analog Distortion and Noise Parameters
All ADC tests using Auxiliary input mode @ 0dB gain
15.5.1 8kHz sampling
AVDD=3.3V; Veg=QV; To=+27°C; 8kHz sampiing,
high OSR selected (0x040[{5]=1'b1),
dither turned off (0x151[0]=1"00, 0x141[C}=1'b0)
TRANSMIT (A/D RECEIVE (D/
PARAMETER SYM CONDITION (AD) o UNIT
MIN | TYP | MAX | MIN | TYP | MAX
Signal to Noise | SNR Idle channel
Ratio Aweighted 80 80 - 80 80 - dB
Total Harmonic | THD -3dBFS @ 1020 Hz,
Distortion 80hm speaker lcad - -80 75 - <70 -60 dB
A-weighted
Frequency Fiow -3dB Low pass cut-off
Response 3.36 3.38 kHz
Power Supply | PSRRs | Veca: 35mVrms DC to
Rejection 3.4 kHz - 50 - - 50 - dB
A-weighted
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15.5.2 16kHz sampling
AVDD=3 .3V, Vom0V, To=+27°C; 8kHz sampiing,
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high OSR selected (0x040[5]=1'b1),
dither turned off (0x151[0}=1'b0, Ox141[0}=1'b0)

TRANSMIT (A/D RECEIVE (D/.
PARAMETER SYM CONDITION 1) ) UNIT
MIN | TYP | MAX | MIN | TYP | MAX

Signal to Noise | SNR Idle channel

Ratio A-weighted 80 90 - 80 80 -- dB

Total Harmonic | THD -3dBFS @ 1020 Mz,

Distortion 80hm speaker load - -80 75 - <70 -60 d8
A-weighted

Frequency Fy -3dB Low pass cut-off

E " 673 6.73 kHz

Power  Supply | PSRRs | Vica: 35mVims

Rejection DC to 6.8 kHz - 50 - - 50 - dB8
A-weighted

15.6 SPI Timing
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Tack SCLK Cycle Time 100
Tsoxm SCLK High Pulse Width 45 - - ns
Taon SCLK Low Pulse Width 45 -— - ns
Trese Rise Time for All Digital Signals - - 10 ns
Teae Fall Time for All Digital Signals - - 10 ns
Tesas | SSB Falling Edge to 1 SCLK Falling Edge Setup | 60 - — ns
Time
Tssan Last SCLK Rising Edge to SSB Rising Edge Hold | 30 - - ns
Time
Tzsam SSEB High Time between SSB Lows 50 . - ns
Twmos MOSI to SCLK Rising Edge Setup Time 45 - - ns
Toaces SCLK Rising Edge to MOSI Hold Time 15 - - ns
Taap Delay Time from SSB Falling Edge to MISO Active - - 12 ns
Tun Delay Time from SSB Rising Edge to MISO Tn-state - - 12 ns
Tun Delay Time from SCLK Failing Edge to MISO - - 40 ns
Terao Delay Time from SCLK Rising Edge to RBB Falling - - 12 ns
Edge
Treco Delay Time from RBB Rising Edge to SCLK Falling 0 .- - ns
Edge
15.7 Recommended Clock/Crystal Specification
The followmg crystal or extermal master clock specifications are recommended for a correct operation.
Limit values
Parameter Uit Condition
Min. Typ. Max.
Frequency 756 | 12288 | 32.768 MHz ERdesmmal
- . mode
Load capacitance 18 pF
Dynamic capacitance Ce 2212 fF
Resonance resistance Re 40 0
Electrostatic capacitance 5.1 pF
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15.8 Dual Tone Alert Signal (CAS)
AC Electrical Characteristics — Dus] Toe Alert Signal Detection

DESCRIPTION sym. | siN | Tvr | max | oNirs | 3O
Low tone frequency fy 2130 Hz
High tone frequency £y 2750 Hz
Fragoency deviancn acceptation +1.0 +3.0 % 1
Frequency deviation rejection +33 % 2
. -40 -2 dBV SN=20
Accept signal level per tone 3778 022 dBm 3.5.7
Reject signal level per tone o Lo i
il it o 4378 | dBm | 4.5.7
27 : g SIN=20
Positive and negative Twist accept -10 10 dB 6.7
Signal to Noise Ratio 20 dB 5.6.7
NOTES:
1 The range wetlun which tones are accepoed.
2 The rangre outade of which tones are rejected
3. Thas apphes BT specification that has covered the requarements of Bell core
4 Thos apphes MITEL MTES43 specificanion. Winbond W91030A - <44 dBm. newave NW6006: -47 dBV and CLI CMX602A
-46 4BV
5. These charactenisns are for AVDD=3.3V and 25°C.
6. Both toess have the saene soplioade and at the nonssal frequencies
] {_amplitude
Twist = 2010 g( e et )
f, amplitude
6. Band lumted random neese 300-3400 Hz Measurement valid only when the tone w presemt
AC Trmung Charsctenstics — Dl Tone Alert Segnal Detecthion
Symb DESCRIPTION MIN YP MAX UNITS NOTES
ol = x
Yeasorl  Alert signal prescat detect fime 0.5 1.88 10 ms 1
: Alert signal absent detect time 0.5 1446 10 s b
NOTES:

1 leagnp Typual tinse comespondang 10 4 cycles of Jow tose

2 teasps Tymcal mme comesponding to 4 cyeles of hugh toees

Pubiication Release Date: Mareh 10, 2011
- 205 - Revision 2.7



NnuUvoToN

ISD61S00 DESIGN GUIDE

15.9 FSK Detection - 1200baud Bell 202, ITU V.23, 300 baud Bell 103, ITU V.21
AC Electrical Charactenstses — FSK Detection

-~

DESCRIPTION SYM. MIN TYP MAX UNITS NOTES
Input frequency detection
Bell 202 “1" (Mark) IMARK 1188 1200 1212 Hz
Bell 202 °0" (Space) fonce 2178 2200 20
ITUT V23 °1" (Mark) 1280.5 1300 13195
ITU-T V.23 "0' (Space) 2068.5 2100 2131.5
Transmusston Rate 1200 Baund + 1%
150 Baud 1%
75 Baud 1%
-0 2 dBv S/N=20
Input detection level per tone 3778 40 B 13
Re; ienal level -18 dBV S/N=20
epect signal level per tone 4578 13
Posttive and negative Twist accept 10 10 dB S'I:X-"O
Signsl 10 Naise Ratio 20 a8 S’N::O
DESCRIPTION SYM. MIN TYP MAX UNITS NOTES
Input frequency detection
Bell 103 1" (Mark). high band IMARK 2213 2225 1237 Hz
Bell 103 *0" (Space). hagh band fepace 2013 2025 2037 Hz
Bell 103 1" (Mark), low band IMARK 1258 iz 1282 Hz
Bell 103 “0" (Space), low band | Fp— 1048 1070 1082 Hz
ITU-T V.21 1" (Mark), high band IMARK 1638 1650 1662 Hz
ITU-T V.21 0" (Space), highband | foopce 1838 1850 1862 Hz
ITU.T V.21 “1" {(Mark). low band IMARK 968 980 992 Hz
ITU-T V21 *0' {Space), low band fonce 1168 1180 119 Hz
Transmmasswon Rate 300 Baund + 1%
110 Baund + 1%
A ~£0 «6.2 dBV S/N=20
Tsput detection level per tone 3778 40 dBm 13
-4 dBv SIN=20
Repect signal level per tone 4878 dBm 13
Postive and negative Twist accept <10 10 dB S/N=20
Publication Release Date: Mavelh 10, 2011
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23
Signal to Noise Ratio 20 4B S-?Z-ZO
NOTES

1. These charactenstics are for AVDD=+3 3V and 25°C
2 Both madk and spece have the sase aenplinade asd at e nomusal frequescies,

Trwist = 20 .og( amplitude of fypg ]
amplitude of fgp \ce

1 Band huted rodoes acese (200-3400 Hz). Measarement 1 valid caly when the FSK sipnal 15 peesent. Note that
the BT  band 15 300-3400 Hx, winle the Belicore band 15 04K Hz
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15.10 FSK Transmitter — Bell 202, ITU-V.23, Bell 103, ITU-V.21
Modulation rates aad charactenstic frequencies for the forvard data-sransmussson channel

DESCRIPTION SYM MIN P MAX UNITS NOTES
Twist 05 0 05 %
Baud Race 1200 Baud + 1%
Bell 202
1T (Mark) f 1197 1200 1203 +3H-
“0" (Space) Fioce 2197 2200 2203 + 3
V.23
“1" (Mark) f 1297 1300 1303 + 3
o MIRK -
“0" (Space) Fonnce 2097 2100 2103 +3H-
DESCRIPTION SYM MIN TYP MAX UNITS NOTES
Twist 05 0 05 e
Bawd Rate 00 Baud + 1%
110 Roud 1%
Bl 103
“1" (Mark). hagh band f 2222 2225 2228 +3H-
MARK +3H:
“0" (Spac<), lugh band fsp,xx 22 2025 028 +3H=
17 (Mark). hegh band F; 1267 1270 1273 + 3H-
0" (Space), lugh band T 1067 1070 1073 +3H=
Val
“1" (Mark). bagh band f 1647 1650 1653 +3H-
“0" {Space), lugh band Ve 1847 1850 1853 + 3=
“I" (Mark), bow band f 977 9an 943 +3H-
MARK
WCE L Ml

“Tx signal % baud or bit rate accuracy 15 the same as XTAL/CLOCK % frequency accuracy.
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15.11 DTMF Detection

AC Electncal Chacactenstics = DTMF detecnca

Desctipton Sym Mu T’w Max Unazs Notes
Freguency Deviation Accepuation +2.0 %
Fraguency Deviation Reyectson 235 %
Accept sagnad level pes tome -36 -6 dBm
Reject egnal per tone A6 d8a
Postive and negative Twist accegn 10 dB SN=D
Simnal 10 Nowe Ratwo pIi] 1)

Pubiication Release Date: Mareh 10, 2011
- 209 - Revision 2.7



ISD61S00 DESIGN GUIDE
NnNuUvoToOoON
_—

16. ORDERING INFORMATION

161S00 FYI

i | Temperature
I: Industrial 40 =C to 85°C

> Lead-Free Package Type
F: 48L-LQFP
Y: Green (RoHS Compfiant)
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17. REVISION HISTORY

vgs:‘sl DATE PAGE DESCRIPTION
2.00 November 28, Release as Design Guide.
2008
Update AGC parameters,
201 October 2008 - Update AGC description.
not yet released Description in READ_STATUS command, number
of status bytes.
Update pin-out diagram.
25 May 5", 2010
4 Update biock diagram.
286 Oct 22™, 2010 Add table of supported serial flash memory.
27 Mar 10, 2011 Update SPI timing.

Important Notice

Nuvoton products are not designed, intended, authorized or warranted for use as components in
systems or equipment Intended for surgical implantation, atomic energy control instruments,
airplane or spaceship instruments, transportation instruments, ftraffic signal instruments,
combustion control instruments, or for other applications intended to support or sustain life.
Furthermore, Nuvoton products are not intended for applications wherein failure of Nuvoton
products could result or lead to a situation wherein personal injury, death or severe property or
environmental damage could occur,

Nuvoton customers using or selling these products for use in such applications do so at their
own risk and agree to fully indemnify Nuvoton for any damages resulting from such improper use

or sales.
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