B OUTLINE

The YSS244 (SCORE) provides the score of a singer's karaoke performance. The ST samples pitch and volume of both
model vocal (in the karaoke source) and the singer's vocal, then compares the sampled data 1o determine the score of the

singer.

In addition, the LSI has a sound-effect gencrator that produces desired sound effects such as applause by using internally
stored digital data that have been compressed conforming to Adaptive Differential Pulse-Code Modulation (hereafter
referred to as "ADPCM").

The YS8244 stores built-in default values of various parameters that can be used to calculate the score through Yamaha's

original scoring system. Thus, use of this LS reduces load on the microprocessor in performing the scoring function and

helps 1o shorten the period for development of the system.

FEATURE

Simultancously samiples pitches of model vocal and singer's vocal.

Samples piteh in a range of four octaves (65 Hz to 1.3 kHz).

Completes sampling of pitch within 93 msec. (The time varies according o the pitch.)

Simultancously samples volumes of three types of inputs including model vocal, singer's vocal, and accompaniment.
The signal of accompaniment is useful for detection of start and end of a music.

Outputs scores on the basis of 100 points with the use of a simple scoring system that operates on Yamaha's original
algorithm.

The ROM (192 kbits) built in this LSI stores sound data compressed based on ADPCM to be used for generating sound
cffects.

Stores fifteen types of sound effects. One type of sound such as an applause can be selected from them at a time.

The playback and fade-out time can be specified for the sound selected.

Sound effects are stored in the built-in ROM sampled with frequency of 8.82 kHz that is one fifth of vocal signal
sampling frequency, 44.1 kHz. Thus, instantaneous levels of sound cffect between two consceutive sampling moments
are determined by using linear interpolation at four equally spaced points between the two values.

Has one channel of 12-bit floating D/A converter for outputting analog playback.

Has two channels for digital audio input, other two channels for §-bit A/D converter that are used for processing model
vocal, and one channel for another 8-bit A/D converter that 1s used for processing singer’s vocal.

Uses serial mterface for reading or writing parameters, commands and data on the microprocessor.

Can generate interrupt signal upon detecting specified data.

Supports use of analog/digital multiplex karaoke source for model vocal.

Master clock ; 16.9344 MHz / Sampling frequency ; 44.1 kHz.

5V sigle, Si-gate CMOS process

24 pin SOP (YSS244-M)
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® PIN CONFIGURATION

N
CHR 1 O 24 i AIR
AlL 2 23 | CHM
CHL 3 22 : AIM
AVDD [ ] 4 21 AO
AVSS 15 200 CV
TEST [ 1 6 19 i BCI
INTR [__ ] 7 18 [ DI
ChO [ 1§ 177 SDSY
Cpr__ 19 16 1 VDD
CS to 15 | VSS
, . —
/SCK [} 11 14 | /1C
XO |12 13 | XI
<24pin SOP Top View>
® PIN FUNCTION
No. NAME 1/0 FUNCTION
1 CHR A Connects sample hold capacitor for R channel input
2 AlL A L channel analog audio input
3 CHL A Connects sample hold capacitor for L channel input
4 AVDD - +5 power supply (For analog system. Connect with VDD.)
5 AVSS - Ground ( For analog system. Connect with VSS.)
6 TEST I+ LSl test terminal (To be open at normal operation)
7 INTR oD Microprocessor interface  Interrupt output
8 CDO O Microprocessor interface  Serial data output
9 CDI | Microprocessor interface  Serial data input
10 /ICS | Microprocessor interface  Chip select
11 /SCK | Microprocessor interface  Serial clock
12 X0 O Connects crystal osciltator
13 Xl | Connects crystal oscillator or inputs external clock signal (16.9344 MHz)
14 /C | Initial clear
15 VSS - Ground (For digital system)
16 vDD - +5 power supply (For digital system)
17 SDSY I+ Digital audio input ~ Word clock
18 Di + Digital audio input  Serial data
19 BCI I+ Digital audio input  Bit clock
20 Ccv OA ADC center voltage output
21 AQ OA Analog audio (sampled sound) output
22 AIM A Microphone(singer) analog audio input
23 CHM A Connects sample hold capacitor for microphone input
24 AIR A R channe! analog audio input

Note) I+ Input terminal with pull up resistor, A : Analog ternunal,  OD : Open drain terminal
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® BLOCK DIAGRAM
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B OUTLINE OF FUNCTIONS

1. Clock signal Xl, XO
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X1 and XO terminals are used o Torm a crystal oscillation circuit which gencrates a frequency of 16.9344 MHz.

Externat clock signal can be mmput through XI terminal.

2. Analog inputs

AlL, AIR, AIM, CHL, CHR, CHM, CV

Analog signals from L, R channels and microphone are input to AIL. AIR and AIM terminals respectively.
The sampling for A/D conversion is made at the frequency of 44.1 kHz.
CHI., CHR and CHM terminals are used to connect sample hold capacitors for A/D conversion.

CV is a terminal where center voltage of A/D converter is obtained. Connect a capacitor for stabilizing.

Usc this voltage as bias for analog input signad.
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3. Digital inputs BCI, SDSY, DI

Digital audio data are input from BCL SDSY and DI terminals using the following format.

ser N AT UUJ UULUUMTHITHT

i T T koo
T i an G

After the digital data has been taken o with 16-bit stereophonic format. upper 12 bits are used for signal processing and
lower 4 bits are 1gnored. BCL SDSY and DI signals must be synchronized with XI clock.

4. Microprocessor interface ICS, /SCK, CDI, CDO

These terminals are used as 8 bit serial mterface that are used o write or read the mernal register data. The register data
are written or read using the following format.

®  Register data write timing

& /1 - o I

sac UL H\ A R AL AR

o o T T LTI
e ddress — -] data data data

®  Register data read timing

s .
ses TN WHHUUTET T TR
o T T N
Dl address - s B iisn s L] W i‘l‘ij )
CHO In/|v Don't Car o I J JLT iI i l“‘ ! } { 1 { i

dita d‘ll.l data

LLSB bit of the lirst byte is used to identify register write/read from the microcomputer.

O0: Write (W)

1 Read (R)
The other seven bits of the first byte are used to set the address. The sccond and the (ollowing bytes are used 10 set the
register data. Addresses O0H to 12H are used 1o set 8-bit (1 byte) data, and 40H and the Tollowing addresses are used o
set 16-bit (2 byte) data.
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7.

8.

Wihen writing data into or reading data from consccutive addresses, the address is ineremented automatically.
For the addresses O0OH (o 12H, the address is incremented cvery time one byte of data has been written (or read).
For the addresses 40H and after. the address s incremented every time two hytes of data have been written (or read).

Interrupt output INTR

An interrupt signal is outputed through INTR pin at detection of data. (Active low)

Use the interrupt mask register (05H) to set the type of data to be detected. Two or more types of the data can be set.
When INTR pin has hecome active. the type of data detected is set into the interrupt register (O6H). The interrupt register
(O6H) is cleared to "0" when the register value has been read. The pin becomes high impedance state at the same time.

Analog output AO

AO s a DJ/A converter output terminal from which sound cffects are outputted.

The sound effect sionals are stored in the built-in ROM ax ADPCM compressed digital data made with the sampling
frequency of 8.82 kHz that is one fiih of the vocal signal sumpling frequency, 44,1 kHz.

When playing back a sound ctfect, the signals are decoded conforming to ADPCM. and then instantancous levels of sound
cltect between two consceutive sampling moments are determined by using lincar interpolation at four equally spaced
points between the two values,

Because voltage signal is outputted from this AO pin, add sumple hotd capacitor to this pin and input the signal through
this praomto a buffer operation amplifier with high input impedance,

No. Type of sound
1 Snare roll
2 Applause (1
3 Fanfare
4 Sound ol bell. do - (One octave higher "do” ol No.5)
S Sound of bell. do
6 Sound of belll re
7 Sound ol bell. mi
& Sound ot bell. fa
9 Sound of bell. so
10 Sound ot belll Ta
Il Sound ot bell. si
12 Hand clapping
13 Finger snapping
11 Funny sound
15 Applause (2)
Initial clear ic

This LST requires mitial ¢lear when turned on.

LS| test terminal TEST

This ternnal 1s used to test this LSL which is to be open at normal operatton.
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REGISTERS

Fach of addresses O0H to 12H consists of 8 bits (by byte). These addresses are allotted for read only registers (R) and
read/write registers (R/W). Each of addresses 40H to 6FH consists of 16 bits (per two bytes). all of which are used as
read/write registers. "N" used i explanation of the following addresses are defined as follows for it j 1o bit 1.
)
N= 2 hitk » 28"

k=i

Address 00H (R/W) [bit 7 (msB) [ bite | bits [ bita [ o3 [ bit2 [ bit1 ]| bito(ss) ]

bit 7to bit4: Model vocal key control

The pitch adjustment can be made in the range between -800 cents to +700 cents inclusive with
resolution of 100 cents.

The pitch of the model vocal that has been corrected is applied to scoring the karaoke singer for
his/her pitch.

bit 3to bit0: Selection of tone for sampled sound

N=0 : No sampled sound
N=1to 15 : Sampled sound is available with 15 types.

Address 01H (R/W) [ bit 7 (MSB) [ bit6 [ bit5 [ bita [ bit3 | bit2 | bit1 ] bit0(LSB) |

bit 7 to bit 4 - Sampled sound repetition period.

The period can be set between 0 and 6.96 seconds inclusive.
N=0 : Sampled sound is generated once.
N>0 : N x 464 msec

bit 3to bit0: Sampled sound decay time

Time for decaying down to -54 dB (1/512) can be set between 116 milliseconds (msec) and 3.596
seconds inclusive. (N x 2 + 1) x 116 msec.

Address 02H (R/W) [ bit7 (MsB) | bit6 [ bits ] bit4 | bit3 | bit2 | bit 1 | bito (LSB) |
bit 7 to bit4 - Interval between two consecutive comparisons of model and singer's pitch and volume for scoring
(N=1to 15)

The interval can be set between 14.5 and 217 msec inclusive.

When the scoring condition that is specified at the address 03H has been met at N x 14.5 msec (N=1
to 15), the model and singer's vocals are compared for their pitches and volumes and the scoring
counter is activated.

bit 3 : At writing : Don't care, or at reading : "0" is read.
bit 2 to bit 0 :  Interval between two consecutive scoring occasions (N=0 to 4).

The result of scoring is updated at every (2 (N+d4) _ 1) x {above mentioned pitch comparison period)
seconds where N=0 to 4.

Address 03H (R/W) [bit7 (MSB) | bit6 [ bit5 [ bit4 [ bit3 [ bit2 [ bit1 [ bito(LSB) |

bit 7 tobit4: Atwriting : Don't care, or at reading : "0" is read.
bit 3 : Scoring starting register

0 : Scoring result is held.
1 : Scoring is started

bit2, 1: Selection of scoring condition (See Note 1 and Note 2.)

(bit 2, bit 1)=(0, 0) :  Scoring is made in the period where volume level of model vocal is detected.

(bit 2, bit 1)=(0, 1) :  Scoring is made in the period where volume level of model vocal is detected and
pitch of model vocal is sampled.

(bit 2, bit 1)=(1, Q) :  Scoring is made in the period where volume level of singer's vocal is detected.

(bit 2, bit 1)=(1, 1) :  Scoring is made in the period where volume level of singer's vocal is detected
and pitch of model vocal is sampled.

bit O : Selection of volume comparison condition

0: Result of scoring is determined as "good" when the difference between velume level of the singer's
vocal and that of model vocal is at or over the specified level.

1: Result of scoring is determined as "good" when the difference between volume level of the singer's
vocal and that of maodel vocal is within the specified range.
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Address 05H (R/W) [bit 7 (MSB) [ bite [ bit5 [ bit4 [ bit3 [ bit2 [ bit1 ] bito(LsB) |
Interrupt mask register

0 : Interrupt prohibited, 1 : Interrupt permitted

INTR terminal is set to "low" when an interrupt has occurred in any bit to which "1" has been set.

bit 7 :
bit 6 :
bit 5
bit 4 :
bit 3:
bit 2 :
bit 1:
bit O :

Address 06H (R)
Interrupt register

At writing : Don't care, or at reading : "0" Is read.
Singer's vocal zero cross interrupt

Model vocal zero cross interrupt

Singer's vocal pitch sampling interrupt

Mode! vocal pitch sampling interrupt

Singer's vocal volume level sampling interrupt
Model vocal volume level sampling interrupt
Accompaniment volume level sampling interrupt

[ bit 7 (MSB) | bit6 [ bit5 [ bit4 [bit3 [ bit2 [ bit1 ] bito(LSB) ]

1 ¢ Interrupt has occurred.
When data of this address has been read, the register is cleared to "0" and the interrupt is canceled.

bit 7 :
bit 6 :
bit 5 :
bit 4 :
bit 3 :
bit 2 -
bit 1 :
bit 0 :

Address 07H (R)

bit 7 :

bit 6 to bit 4 :
bit 3 to bit 0 :

"0" is read.

Singer's vocal zero cross interrupt

Maodel vocal zero cross interrupt

Singer's vocal pitch sampling interrupt

Model vocal pitch sampling interrupt

Singer's vocal volume ievel sampling interrupt
Model vocal volume level sampling interrupt
Accompaniment volume level sampling interrupt

[bit 7 (MsB) [ bite [ bits [ bita [bit3 [ bit? [ bit1 [ btoLss) |
Singer's vocal pitch sampling bit.
This bit is set to "1" when pitch of the singer's vocal has been sampled. While the bit 7 is "1", the
pitch data obtained by the sampling is shown by the bits 6 to 0 as described below.
Octave (by 1200 cents) data of singer's vocal (P)
Haiftone (by 100 cents) data of singer's vocal (Q)

Frequency (f) of the singer's vocal is calculated using the following equation.

CHz = A= 2P A C 3y 77

Address 08H (R)
bit 7 :

bit 6 to bit4 :
bit 3to bit 0 :

[ bit 7 (MsB) [ bite [ bits [ bita [ bit3 [ bit2 [ bit1 ] bito(Lss) |
Model vocal pitch sampling bit.
This bit is set to "1" when pitch of the model vocal has been sampled. While the bit 7 is "1", the
pitch data obtained by the sampling is shown by the bits 6 to 0 as described below.
Octave (by 1200 cents) data of model vocal (P)
Halftone (by 100 cents) data of model vocal (Q)

Frequency (f) of the model vocal is calculated using the foliowing equation.

[ /] =

A PRI A 3y 77
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Address 09H (R) [ bit 7 (MSB) [ bit6 | bit5 [ vit4 [ bit3 [bit2 [ bit 1] bito (LSB) |
bit 7 "0" 1s read.
bit6tobit 0: Pitch data of singer's vocal (by 10 cents)

Address OAH (R) |_bit 7 (MSB) | bit6 [ bit5 [ bit4 [ bit3 [ bit2 | bit1 | bit 0 (LSB) |
bit 7 : "0"is read.
bit 6 to bit 0:  Pitch data of model vocal (by 10 cents)

Address OBH (R) [ bit 7 (MSB) [ bite | bits [ bit4 | bit3 [ bit2 | bit1 ] bito (LSB) ]
bit 7tobit 0:  Singer's vocal volume data

Address OCH (R) [ bit 7 (MSB) [ bité [ bit5 [ bit4 [ bit3 [ bit2 [ bit 1 | bit 0 (LSB) |
bit 7to bit 0:  Model vocal volume data

Address ODH (R) L bit 7 (MSB) [ bit6 [ bit5 [ bit4 ] bit3 [ bit2 [ bit 1 | bit 0 (I SB) |
bit 7tobit 0:  Accompaniment volume data

Address OEH (R) | bit 7 (MSB) [ bit6 [ bits | bit4 [ bit3 [ bit2 [ bit1 | bit 0(LSB) |
bit 7 : "0" is read.

bit6tobit0: Result of scoring 0 to 100 points

Address 04H, OFH to 12H
These registers are used for testing, thus should not be used for writing or reading data.

Address 40H to 46H, 6FH (R/W)
Used to set input coefficient and mixing coefficients.

Address 47H to 57H (R/W)
Used to set coefficients for LPF and HPF.

Address 58H to 5AH (R/W)
Used to set criteria for detection of volume fevels of singer's vocal, mode! vocal and accompaniment, and reference value for
interrupt.

Address 61H (R/W)
Used to determine criteria for comparison of pitches of singer's vocal and model vocal (volume grading criteria) under which the
singer's vocal is scored for the pitch.

Address 62H (R/W)
Used to determine criteria for comparison of volumes of singer's vocal and model vocal (volume grading criteria) under which
the singer's vocal is scored for the volume.
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Address 63H (R/W)
Used to determine criteria for comparison of volume of singer's vocal and model vocai. The singer's volume is determined
"good" when the difference is within the specified range.

Address 64H to 67H (R/W)
Used to set coefficient for scoring. Balances data including pitch. volume and random numbers that are used for scoring.

Address 68H, 69H (R/W)
Fixed value (C61) or internally operated variables (C6A to C6D) is specified here to be used as a pitch grading criteria.

Address 6AH to 6DH (R/W)
Used to calculate pitch grading criteria based on 4 coefficients. It changes by the present score, and it becomes strict as the
score goes up.

Address 5BH to 60H, 6EH
These are used for testing, thus should not be used for writing or reading data.
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B SIGNAL FLOW AND REGISTER ADDRESS

L
. P DAC output

O

<h
ch

wphore

" 474D dES2
Arglog R-ch - O———
13 +
h O

B
= =t
o = =
= P oo




YSS244 AR A

B ELECTRICAL CHARACTERISTICS

I. Absolute Maximum Rating

Item Code Rating Unit
Power Supply Voitage VDD -03~7.0 vV
Input Voltage VI -0.3 - VDD+0.5 vV
Opecrating Temperature Top 0-70 °C
Storage Temperature Tsty -50 - 125 "C

2. Recommended Operating Conditions

Item Code Min. Typ Max. unit
Power Supply Voltage VDD 4.75 5.00 5.25 \
Operating Temperature Top 0 25 70 “C

3. DC Characternistics (Conditions: VDD=50x025V, Ta=23 ()

ltem Code Condition Min. Typ. Max. Unit
Power supply current IDD 40 mA
Input veltage H level (1) VIH1 1) 2.2 \
Input veoltage H level (2) VIH2 '2) 0.7VDD \
Input voltage L level (1) ViLt 1) 0.8 \Y
input voltage L level (2) ViL2 ‘2) 0.3VbD \Y
Input leakage current 1Ll *3) 10 LA
Qutput voltage H level VOH IOH = -80uA 2.7 \
Output voltage L level VOL IOL = 1.6mA 0.4 \
Pull-up resistor RU 60 200 600 kel
Input pin capacitance Ci f= 1MHz 12 pkE
Output pin capacitance Co f=1MHz 12 pF

“1) Applics to input pins cxeept X1 and /1C pins.
*2) Applics to X1 and /IC pins.
*3) Applics to CDIL/CS. /SCKL XT and /IC pins.

11
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B EXTERNAL DIMENSIONS
YS5244-M (2-4pin SOP)
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IMPORTANT NOTICE

notice. The information contained in this document has been carefully checked and is
believed to be reliable. However, Yamaha assumes na responsibilities for inaccuracies and
makes no commitment to update or to keep current the information contained in this
document.

|
‘ 1. Yamaha reserves the right to make changes to its Products and to this document without
f
|

2. These Yamaha Products are designed only for commercial and normal industrial
applications, and are not suitable for othcr uses, such as medical life support eguipment,
nuclear facilities, critical care equipment or any other application the failure of which could
lead to death, personal injury or environmental cr property damage. Use of the Products in
any such application is at the customer's sole risk and expense.

3. YAMAHA ASSUMES NO LIABILITY FOR INCIDENTAL, CONSEQUENTIAL OR
SPECIAL DAMAGES OR INJURY THAT MAY RESULT FROM MISAPPLICATION OR
IMPROPER USE OR OPERATION OF THE PRODUCTS.

4. YAMAHA MAKES NO WARRANTY OR REPRESENTATION THAT THE PRODUCTS
ARE SUBJECT TO INTELLECTUAL PROPERTY LICENSE FROM YAMAHA OR
ANYTHIRD PARTY, AND YAMAHA MAKES NO WARRANTY OR REPRESENTATION OF
NON-INFRINGEMENT WI{TH RESPECT TO THE PRODUCTS. YAMAHA SPECIFICALLY
EXCLUDES ANY LIABILITY TO THE CUSTOMER OR ANY THIRD PARTY ARISING FROM
OR RELATED TO THE PRODUCTS' INFRINGEMENT OF ANY THIRD PARTY'S
INTELLECTUAL PROPERTY RIGHTS, INCLUDING THE PATENT, COPYRIGHT,
TRADEMARK OR TRADE SECRET RIGHTS OF ANY THIRD PARTY.

5 EXAMPLES OF USE DESCRIBED HEREIN ARE MERELY TO INDICATE THE
CHARACTERISTICS AND PERFORMANCE OF YAMAHA PRODUCTS. YAMAHA
ASSUMES NO RESPONSIBILITY FOR ANY INTELLECTUAL PROPERTY CLAIMS OR
OTHER PROBLEMS THAT MAY RESULT FROM APPLICATIONS BASED ON THE
EXAMPLES DESCRIBED HEREIN. YAMAHA MAKES NO WARRANTY WITH RESPECT TO
THE PRODUCTS, EXPRESS CR IMPLIED, INCLUDING, BUT NOT LIMITED TO THE
! WARRANTIES OF MERCHANTABILITY, FITNESS FOR A PARTICULAR USE AND TITLE. Y,

Notey The specifications of this product are subject to improvement change without prior notice.

/ IIN £V e e s e
o AGENCY e YAMAHA CORPORATION
Address inquiries to :
semi-conductor Sales & Marketing Department
W fead Otfice 208 Matsunoksjimu, Tovoeoka-nura
wati-gun. Shizioka ken, 438 01
Tel +81-539.62.4918 Fax. 481 539-02-6054
& Tokyo Office TATH Takanawa, Minato-ku Tokvou. 10N
Tel #8132 S488-5431 Fax, +81-3-5488-308%
B Osaka Office Shinsmbashy Plaza Bhig. 41
3-12-9 AMinanmn Senba. Choo-Ku
Osaka Criy, Osaka, 342
Fel +81-6 252-7980 Fax. 481 6252 2615
W U8 A Office YANAHA Svatenis Technology
10O Century Center Com e San Jose, CA 93112
Pol o] 408367 2300 Tax, +1 408 437 ®79]
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