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Outline  

The YM U757 is a high qual ity m elody LSI for cel lular phone handset s, suppor ting the data form at for var ious appl icat ions 

incl udi ng ringi ng and hol ding m elody sounds.  The bui lt-in Yam aha's original  FM  synt hesi zer  can create var ious tim bres,  

and its bui lt-in sequencer  can produce up to 4 di fferent sounds with 4 di fferent tim bres si m ultaneousl y without  placi ng a 

load to the cont rol ler. 

The ser ial  port cont rol ler interface enabl es real  tim e reproduct ion of the m elody data vi a FIFO, without  the lim itation of 

the data capaci ty. 

W ith a bui lt-in am plifier to drive the dynam ic type speaker , it is possi ble to connect  the speaker  di rect ly. 

This LSI also has an anal og-output term inal  for the phone jack.  In the stand-by m ode, the power consum pt ion 

can be reduced to 1 µA or less while waiting.  

A  portabl e term inal  m achine.  
 
Features 
 

YAM AHA's original  FM  sound gener ator funct ion 

Built-in sequencer  

Capable of produci ng up to 4 di fferent sounds si m ultaneousl y (4 independent  tim bres avai labl e) 

Built-in output 400m W  speaker  am plifier 

Built-in ci rcui t for sound qual ity cor rect ing equal izer  

Built-in ser ial  interface 

2.688,  8.4, 12.6, 14.4, 19.2, 19.68, 19.8 and 27.82 M Hz ser ial  cl ock inputs suppor t 

Analog output for ear phone.  

Power down m ode (Typ 1µA or less)  

Power suppl y vol tage (D igi tal  and Analog) : 3.0V±10 %  

20-pin TSSOP 
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General description of YMU757 
 

The YM U757 is cont rol led by way of the ser ial  interface.  

Shown bel ow is its internal  conf iguration. 

 

 

W hen the dat a i s i nput ted i nto t he ser ial  i nterface,  i t i s conver ted i nto t he par al lel  dat a and t ransm itted t o each 

funct ion block accor ding to the index address.  

The m usical  scor e data is stored in the 32-word FIFO first  and then transm itted to the sequencer  where it is interpreted 

and si gnal s to cont rol  sound gener ation of the FM  synt hesi zer  is output. 

The tim bre regi ster is where up to 8 tim ber data can be stored. 

Also,  as the sequencer  cont rol ling param eters, the start/stop and tem po si gnal s are provi ded.  

In order to have sound gener ated, the fol lowing processes m ust be perform ed for this LSI. 

1) Ini tial  status set ting (cancel lation of power-down funct ion, cl ock sel ect ion, etc.) 

2) Tim bre data set ting 

3) W riting the m usical  scor e data in FIFO before starting the sequence 

4) W riting t he next  m usi cal  scor e dat a bef ore FI FO becom es em pt y upon r ecei pt of  t he i nterrupt si gnal  f rom  

FIFO during reproduct ion. 

(For the detai ls, refer to "Set tings &  procedur e requi red to gener ate m elody". ) 

 

 

 

 

 
 
 

 

Serial 
interface 

FIFO 
32word /IRQ Sequencer  

    FM  
Synthesi zer  

D/A + 
Volum e AM P 

Tim bre 
regi ster 

M usical  scor e 
data 

Tem po 
START/STOP 
Tim bre allotm ent 

Tim bre Data 

Volum e, power m anagem ent, etc. 

SDIN 
SYNC 
SCLK 

SPOUT 

HPOUT 



YMU757                                                      #

#
 

-4-  

Block description 
 

1) Serial  interface 

W hen the ser ial  interface recei ves the ser ial  data, it ident ifies the index data and transm its the cont rol  data to each 

funct ion block.  

 

2) FIFO 

The m usical  scor e data are stored tem porarily in FIFO which can cont ain up to 32 m usical  scor e data. The m usical  

scor e data are processed are processed in the sequencer  when they are gener ated as sounds and those that have been 

processed are del eted one after another. W hen the rem aining data am ount in FIFO reaches the regi ster set ting (IRQ 

poi nt) or less,  it outputs an interrupt si gnal  to ask for the cont inui ng m usical  scor e data to be fed. 

 

3) Sequencer  

W hen the sequencer  recei ves the START com m and, it starts to read the m usical  scor e data which have been stored in 

FIFO. The processed m usical  scor e data are del eted. 

 

4) Tim bre regi ster 

The tim bre data are stored in this regi ster which can cont ain up to 8 tim bres.  Settings for this regi ster m ust be m ade 

before sound gener ation. It is ini tial ized when the hardware or the sof tware is reset  but the val ues are retained while 

in the power-down m ode and also after it is cancel led. 

 

5) FM  synt hesi zer  

The tim bres are synt hesi zed and gener ated accor ding to set tings.  Four sounds can be gener ated at the sam e tim e. 

 

6) D/A, vol um e and am plifier 

The out puts f rom  the synt hesi zer  ar e D/ A conver ted and vol um e pr ocessed.  Af ter t hat, t hey ar e out put f rom  the 

speaker  or the earphone out term inal . 
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Pin configuration 
 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

20 Pin TSSOP Top V iew 
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Pin description 
 
 

No. Pin I/O Function 

1 DVDD - 

Digital power supply  (+3.0V) 

Connect 0.1µF and 4.7µF capacitors between this terminal and the 

digital ground terminal. 

2 SDIN I Serial I/F data input 

3 SYNC I Serial I/F synchronous signal input 

4 SCLK Ish Serial I/F bit clock input 

5 AVSS - Analog ground 

6 VREF A 
Analog reference voltage terminal   Connect 0.1µF capacitor between this 

terminal and the analog  ground terminal. 

7 HPOUT AO Analog output terminal for ear phone 

8 EQ1 AO Equalizer terminal 1 

9 EQ2 AI Equalizer terminal 2 

10 EQ3 AO Equalizer terminal 3 

11 AVDD - 

Analog power supply (+3.0V) 

Connect 0.1µF and 4.7µF capacitors between this terminal and the analog 

ground terminal 

12 SPOUT1 A0 Speaker output terminal 1 

13 SPOUT2 AO Speaker output terminal 2 

14 SPVSS - Analog ground exclusively used for speaker 

15 DVSS - Digital ground 

16 /TESTI I LSI test input terminal (Always connect with DVDD.) 

17 /RST I Hardware reset terminal 

18 TESTO O LSI TEST output terminal (disconnected) 

19 /IRQ O Interrupt signal output  

20 CLK_I Ish Clock input terminal (8 types of frequency are supported.)  

 

 Not e :  I sh = Schm itt input  term inal   AI  = Analog input  term inal   A0 = Analog output term inal  
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Block diagram  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 
Concerning AIN si gnal  input ted into equal izer  ci rcui t 

As this desi gn presupposes the use of this LSI for the "hands- free",  it is possi ble to process the FM  sound and cal l sound by 

anal og m ixi ng in the equal izer  ci rcui t and output the resul ting sound through the speaker . 
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Register map 
 

Index b15 b14 b13 b12 b11 b10  b9 b8  b7  b6  b5  b4  b3  b2  b1  b0 Description 

BL1 BL0 NT3   NT2     NT1    NT0 CH1     CH0  VI B  TI 3      TI 2      TI 1     TI 0  TK2    TK1     TK0 Note data $00h 

 0  0  1  1  0  0 CH1    CH0 VCHE  TI 3      TI 2      TI 1     TI 0 VCH2   VCH1   VCH0 Rest data 

M L2    M L1    M L0 VI B EGT SUS  RR3    RR2     RR1     RR0  DR3    DR2     DR1     DR0  AR3    AR2 $10-2Fh 

 AR1   AR0  SL3   SL2     SL1     SL0 TL5     TL4      TL3     TL2     TL1     TL0 W AV  FL2     FL1     FL0 

Timbre data (Left data 

for 1 timbre) 

$30h  0 V32     V31   V30  0 V22     V21     V20  0  V12     V11    V10  0  V02     V01    V00 Timbre allotment data 

$31h  0  0   0  0   0   0   0   0   T7       T6      T5       T4      T3       T2      T1      T0 Tempo data 

$32h  0  0   0  0   0   0   0   0   0   0   0   0   0   0 CLR  ST FM Control 

$33h  0  0   0  0   0   0   0   0   0   0   0   0   0         CLKSEL CLK_I select 

$34h  0  0   0  0   0   0   0   0   0   0  IRQE IRQ Point IRQ Control 

$35h  0  0   0  0   0   0   0   0   0   0   0   V4       V3      V2      V1       V0 Speaker Volume 

$36h  0  0   0  0   0   0   0   0   0   0   0   V4       V3      V2      V1       V0 FM Volume 

$37h  0  0   0  0   0   0   0   0   0   0  0   V4       V3      V2      V1       V0 HPOUT Volume 

$38h  0  0   0  0   0   0   0   0   0   0  0   AP4  AP3 AP2  AP1  DP Power Management 

$39 - $EFh                                           Reser ved  ( access prohi bi ted) Reserved 

$F0 - FFh                          For  LSI TEST (access prohi bi ted) LSI TEST 

Note : M aking an access to the spaces m arked "Reser ved" and "For  LSI TEST" in the above tabl e is prohi bi ted. 

Be sur e to write "0" for the em pty bi t, al though writing "1" there will not affect  the LSI operation. 
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  Explanation of registers 
The YM U757 has three types of cont rol  regi sters. They are m usical  scor e data, tim bre data and other cont rol  data. 

 

Musical score data 

$00h  Musical score data  

The m usi cal  scor e dat a ar e wr itten i n FI FO whose capaci ty i s 32 wor ds.  Ther e ar e t wo t ypes of  m usi cal  scor e

data; not e dat a and r est  dat a. 

Note dat a  Defaul t: 0000h  

 Index  B15  b14  b13  b12  b11  b10   b9   b8  b7   b6   b5  b4  b3  b2  b1  b0 

 $00h   BL1     BL0  NT3     NT2      NT1      NT0  CH1      CH0     VIB  TI3      TI2      TI1     TI0  TK2      TK1     TK0 

 

  BL1 – BL0 : Octave block set ting 

Three oct ave blocks are avai labl e for sound range set ting. The set ting range is 1 to 3. Do not use "0" for set ting. 

The sound gener ation range invol ves the coef fici ent nam ed "M ul tiple (m ultiplyi ng fact or for sound frequency) .  

By com bining the oct ave block and M ultiple set tings,  sounds can be gener ated in the ranges as listed in the tabl e blow. 

Since t he set ting r anges of  "M ul tiple" coef fici ent i s 0 t o 7,  act ual ly, sounds can be gener ated i n a wi der r anges t han 

those given in the tabl e bel ow. 

 Multiple = 1 (x1) Multiple = 2 (x2) Multiple = 4 (x4) 

BL[1:0] = 01b    C#3  (139Hz) 

   D3   (147Hz) 

   D#3  (156Hz) 

   E3   (165Hz) 

   F3   (175Hz) 

   F#3  (185Hz) 

   G3   (196Hz) 

   G#3  (208Hz) 

   A3   (220Hz) 

   A#3  (233Hz) 

   B3   (247Hz) 

   C4   (262Hz) 

  C#4  (277Hz) 

   D4   (294Hz) 

   D#4  (311Hz) 

   E4   (330Hz) 

   F4   (349Hz) 

   F#4  (370Hz) 

   G4   (392Hz) 

   G#4  (415Hz) 

   A4   (440Hz) 

   A#4  (466Hz) 

   B4   (494Hz) 

   C5   (523Hz) 

  C#5  (554Hz) 

   D5   (587Hz) 

   D#5  (622Hz) 

   E5   (659Hz) 

   F5   (698Hz) 

   F#5  (740Hz) 

   G5   (784Hz) 

   G#5  (831Hz) 

   A5   (880Hz) 

   A#5  (932Hz) 

   B5   (988Hz) 

   C6   (1046Hz) 

BL[1:0] = 10b    C#4  (277Hz) 

   D4   (294Hz) 

   D#4  (311Hz) 

   E4   (330Hz) 

   F4   (349Hz) 

   F#4  (370Hz) 

   G4   (392Hz) 

   G#4  (415Hz) 

   A4   (440Hz) 

   A#4  (466Hz) 

   B4   (494Hz) 

   C5   (523Hz) 

  C#5  (554Hz) 

   D5   (587Hz) 

   D#5  (622Hz) 

   E5   (659Hz) 

   F5   (698Hz) 

   F#5  (740Hz) 

   G5   (784Hz) 

   G#5  (831Hz) 

   A5   (880Hz) 

   A#5  (932Hz) 

   B5   (988Hz) 

   C6   (1046Hz) 

  C#6  (1109Hz) 

   D6   (1175Hz) 

   D#6  (1245Hz) 

   E6   (1319Hz) 

   F6   (1397Hz) 

   F#6  (1480Hz) 

   G6   (1568Hz) 

   G#6  (1661Hz) 

   A6   (1760Hz) 

   A#6  (1865Hz) 

   B6   (1976Hz) 

   C7   (2093Hz) 

BL[1:0] = 11b    C#5  (554Hz) 

   D5   (587Hz) 

   D#5  (622Hz) 

   E5   (659Hz) 

   F5   (698Hz) 

   F#5  (740Hz) 

   G5   (784Hz) 

  C#6  (1109Hz) 

   D6   (1175Hz) 

   D#6  (1245Hz) 

   E6   (1319Hz) 

   F6   (1397Hz) 

   F#6  (1480Hz) 

   G6   (1568Hz) 

  C#7  (2217Hz) 

   D7   (2349Hz) 

   D#7  (2489Hz) 

   E7   (2637Hz) 

   F7   (2794Hz) 

   F#7  (2960Hz) 

   G7   (3136Hz) 
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   G#5  (831Hz) 

   A5   (880Hz) 

   A#5  (932Hz) 

   B5   (988Hz) 

   C6   (1046Hz) 

   G#6  (1661Hz) 

   A6   (1760Hz) 

   A#6  (1865Hz) 

   B6   (1976Hz) 

   C7   (2093Hz) 

   G#7  (3322Hz) 

   A7   (3520Hz) 

   A#7  (3729Hz) 

   B7   (3951Hz) 

   C8   (4186Hz) 

 

NT3 - NT0 : Pitch set ting 

Four bi ts from  NT3 to 0 are used to speci fy the pi tch.  The bi t assi gnm ent is as shown bel ow. 

 

    NT[ 3:0]        Pi tch 

       0h not  pronounce 

       1h      C# 

       2h      D 

       3h      D# 

       4h      I nhi bi t 

       5h  E 

       6h      F 

       7h      F# 

       8h      I nhi bi t 

       9h      G 

       Ah      G# 

       Bh       A 

       Ch      I nhi bi t 

       Dh      A# 

       Eh      B 

       Fh      C 

 

If “0h” is set  to NT[3:0] , m ovem ent of LSI is as fol lows. 

•The probl em  that LSI hangs up doesn' t occur . 

•The part speci fied with CH[1:0]  isn' t pronounced in spi te of the est abl ishm ent val ue of pronunci ation head TK[2:0]  to  

expl ain in the rest . 

•The interval  tim e when it is set  with TI[3:0]  to expl ain in the rest  is effect ive.  

W hen interval  tim e passes,  it deal s with the next  m usic data. 

• Though it looks like a "r est ",  there is a di fference in behavi or with the fol lowing case as a m ovem ent. 

 

 

 

 

 

 

 

 

 

 

 

 

 

7.#

7,#

The treatm ent of the next  m usic data begi ns at the 
tim e of A. 
W hen rest  dat a wer e speci fied, as f or t he r elease 
tim e is goes on. 
W hen the dat a NT i s “0h” i n t he sam e par t, a 
release of the sl ant line part is not pronounced.  

(QYHORSH#ZDYH#VKDSH#RI#FDUULHU#
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CH1 - CH0 : Part set ting 

As the sound gener ator can gener ate sounds in 4 parts si m ultaneousl y, set  the part for each note by usi ng CH1 and 0 

bi ts. 

 

    CH[ 1:0]   Par t 

     00b      0 

     01b        1 

     10b        2 

     11b        3 

 

V IB : V ibrato set ting 

This bi t is used to set  V ibrato funct ion on or off for each note : "0" to set  it off and "1" to set  it on.  

The vi brato frequency is 6.4Hz and the m odulation rate is ±13.47 cent . 

W hen V IB bi t of tim bre data($10-2Fh) is "0",  V ibrato funct ion off. 

 

TI3 - TI0 : Interval  set ting 

These bi ts are used to set  the interval  period before the note and rest  are processed next . The interval  "48" represent s 

the tim e for the whole note. 

 

    TI [3:0]    Interval 

      0h        0 

      1h        2 

      2h        3 

      3h        4 

      4h        6 

      5h        8 

      6h      9 

      7h       12 

      8h       18 

      9h       24 

      Ah       48 

      Bh       0 

      Ch       16 

      Dh       24 

      Eh       36 

      Fh       48 

 

TK2 - 0 : Note (sound length) desi gnat ion 

These 3 bi ts are used to desi gnate the note (sound length). Dependi ng on the val ues of interval  set ting (TI3 - 0), the 

length var ies as shown in the fol lowing tabl e. The interval  "48" represent s the tim e for the whole note. 
 

                  TI [3:0] = 0-Ah                 TI [3:0]  = B-Fh 

TK[2:0]  0  1  2   3  4  5  6  7  0  1  2  3  4  5  6    7 

Sound length  1  2  3  5  7  8  11  17  15  23  29  32  35  41  47 Tie, Slur 
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 Precaut ion 

 
W hen KEY is turned on agai n under  the condi tion that a release isn' t finished com pletely, a tone m ay  

change. (It is lim ited when envel ope wave shape is sust ained sound. ) 

This happens because envel ope wave shape of the car eer si de of FM  sound sour ce and m odulator 

si de are shi fted. 

 

The m ovem ent of envel ope is expl ained.  

As for the condi tion that it stops com pletely, it m oves to attack rate at the sam e tim e with KEYON. 

If the last  pronunci ation is condi tion that in release and isn’ t stopped com pletely, the est abl ishm ent of a  

release is m ade forci bly early (8.94m s). And it m oves to attack rate from  the condi tion that it stops.  (A  

in figure) 

 

An exam ple is given to it, and the cause that a tone changes is expl ained.  

It thinks that there is a tone which onl y release tim e is di fferent from  with the car eer and m odulator. 

Though envel ope of the sol id line changes to attack rate soon at the tim e of the second KEYON.  

But can' t m ove to attack rate soon,  because sound doesn' t stop com pletely, envel ope of the dotted line. 

It m oves to attack rate after be speed up release tim e and it becom es the condi tion that release tim e is 

stops com pletely. 

Both envel ope are shi fted by this m ovem ent.  

And the sym ptom  that a tone changes in the period when it is sur rounded by a ci rcl e occur s. 

 

 

 

 

 

 

 

 

 

 

 
It asks for the fol lowing consi deration to avoi d this sym ptom . 

-It is pronounced under  the condi tion that a release stops com pletely. 

-The release tim e of the tone is shor tened with the car eer, m odulator si de as well. 

 I f sust ain level  set ting of the car eer si de and m odulator si de are sam e val ue, the m ethod of avoi dance 

 i s as fol lows. 

  - The release tim e of car eer si de and m odulator si de is m ade the sam e length. 

  

 

 

 

Rest dat a   Defaul t: 0000h  

Index  b15   b14  B13  b12  b11  b10  b9  b8  b7  b6  b5  b4  b3  b2  b1  b0 

 $00h   0   0   1   1    0   0  CH1     CH0  VCHE  TI3      TI2      TI1     TI0  VCH2   VCH1   VCH0 

 

7.#

7,#

7.#

$#WRQH#FKDQJHV1#
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CH1 - CH0 : Part set ting 

Using CH1 or 0 bi t, set  the part for each rest . 

 

    CH[1:0]      Part 

     00b    0 

     01b      1 

     10b      2 

     11b      3 

 

TI3 - TI0 : Interval  set ting 

These bi ts are used to set  the interval  before the note and rest  are processed next . 

The interval  "48" represent s the tim e for the whole note. 

 

    TI [3:0]    Interval 

      0h        3 

      1h        2 

      2h        3 

      3h        4 

      4h        6 

      5h        8 

      6h      9 

      7h       12 

      8h       18 

      9h       24 

      Ah       48 

      Bh       1 

      Ch       16 

      Dh       24 

      Eh       36 

      Fh       48 

 

VCHE, VCH 2 - 0 : Tim bre change funct ion 

Although the m axim um  num ber of tim bres that can be used si m ultaneousl y is four, the tim bre can be changed during 

sound r eproduct ion by set ting t hese bi ts. Set  "1" f or VCHE and use VCH2 t o VCH0 t o set  t he t im bre No. . Then 

starting with the note whose sound is to be gener ated next , the tim bre for the part which has been set  by usi ng CH0 

and 1 will be changed.   

Change a tone after the pronunci ation of a part to change stops com pletely.  

The condi tion t hat pr onunci ation st ops i s not  t he condi tion t hat TK ( pronunci ation l ength) i s f inished,  but  t he 

condi tion that the tim e when releases of envel ope is finished.  

Be car eful  because st range sound m om ent arily i s pr onounced when you change a t one under  t he condi tion t hat 

pronunci ation doesn' t stop com pletely.  

If the tim bre al lotm ent is changed by usi ng this funct ion, the $30h regi ster itsel f will be rewritten. 
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Timbre data  

$10 – 2Fh  Timbre data  

It i s possi ble t o r egi ster t he dat a f or 8 t im bres i n t he r egi ster and 4 am ong t hem  can be r eproduced si m ultane

ousl y.  

One t im bre consi sts of  [ param eter f or t he m odul ator] and [ param eter f or t he car rier] as a set . 

(For t he det ai ls of  t he m odul ator and t he car rier, pl ease r efer t o "Gener al  descr iption of  FM  sound gener ator") . 

 

    I ndex 10h,  11h … …  Tim bre data for the 1st  tim bre m odulator 

   I ndex 12h,  13h … …  Tim bre data for the 1st  tim bre car rier 

     I ndex 14h,  15h … …  Tim bre data for the 2nd m odulator 

   I ndex 16h,  17h … …  Tim bre data for the 2nd tim bre car rier 

… … … … … Om itted… … … … … . 

  I ndex 2Ch, 2Dh … …  Tim bre data for the 8th tim bre m odulator 

   I ndex 2Eh, 2Fh … …  Tim bre data for the 8th tim bre car rier 

 

The fol lowing bi t assi gnm ent is used for both m odulator and car rier. 

The set ting m ust be com pleted before any sound is gener ated. It is prohi bi ted to change the tim bre param eter while any sound 

is gener ated. 

 

Tim bre dat a  Def aul t: 0000h  

Index  B15  b14  b13  b12  B11  b10  B9  b8   b7  b6  b5  b4  b3   b2  b1  b0 

EVEN  ML2    ML1    ML0 VIB EGT  SUS  RR3     RR2    RR1    RR0  DR3     DR2    DR1    DR0  AR3    AR2 

ODD  AR1   AR0  SL3    SL2     SL1     SL0  TL5    TL4     TL3     TL2     TL1    TL0 WAV  FL2    FL1    FL0 

 

M L2 - M L0 : M ultiple set ting 

"M ul tiple" refers to the m ultiplyi ng fact or for sound frequency.  The output frequency is determ ined by the oct ave,  pi tch and 

m ultiple set tings on the car rier si de. On the m odulator si de, it is possi ble to adj ust  the m ultiple set ting and create di fferent 

tim bres.  

 

    M L [2:0]   M ul tiplyi ng fact or 

for frequency 

      0h     X 1/2 

      1h     X 1 

      2h     X 2 

      3h     X 3 

      4h     X 4 

      5h     X 5 

      6h     X 6 

      7h     X 7 
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V IB : V ibrato 

This funct ion is used for set ting the vi brato funct ion on or off. Use "0" to set  it off and "1" to set  it on. 

The vi brato frequency is 6.4Hz and the m odulation rate is ±13.47cent . 

EGT : Envel ope waveform  type 

This funct ion is used to sel ect  the type of the envel ope waveform . 

Use "0" for the dam ped sound and "1" for the sust ained sound.  

Shown bel ow are the waveform s for the dam ped sound and sust ained sound.  

 

AR3 - AR0 : Attack rate set ting 

"At tack rate" refers to the tim e from  start of the sound gener ation (-48dB) until it reaches the m axim um  vol um e (0dB). 

The tabl e on page 15 shows the set tings by the tim e requi red to reach 0dB from  –48dB. 

 

DR3 - DR0 : Decay rate set ting 

The decay rate refers to the dam ping tim e requi red to reach the sust ain level  (SL) from  the m axim um  vol um e level  

(0dB). The tabl e bel ow shows the set tings by the tim e requi red to reach -48dB from  0dB. 

 

RR3 - RR0 : Release rate set ting 

The release rate is def ined di fferently for the dam ped sound and the sust ained sound.  

- In the case of the dam ped sound,  it m eans the dam ping tim e from  the sust ain level  to the end of the sound length. 

The sound is dam ped in 286m s (tim e to reach -48dB from  0dB) after the end of the sound length is reached.  

- In the case of the sust ained sound,  it m eans the dam ping tim e from  the end of the sound length. 

 

 

 

SL3 - SL0 : Sustain level  set ting 

 

$5#
'5#

55#
6/#

3G%#

07;G%#

W hen SUS=O N 

EGT=0 Damped sound 

Sound length 

$5#
'5#

55#

6/#

3G%#

07;G%#

W hen SUS=O N 

EGT=1 Sustained sound 

Sound length 
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The sust ain level  refers to the level  at which shi fting from  the decay rate to the release rate takes place in the case of 

the dam ped sound,  and the vol um e level  of the sound bei ng sust ained in the case of the sust ained sound.  

      SL ->   SL3   SL2   SL1   SL0 

 Weighted bit (dB)   -24   -12   -6   -3 

 

AR[3:0] 

DR[3:0] 

RR[3:0] 

Attack rate 

From -48 to 0dB (ms) 

Decay rate, 

release rate 

 from 0 to -48dB (ms) 

   Fh            0           2.23 

   Eh           4.65           8.94 

   Dh           9.30          17.88 

   Ch          18.59          35.76 

   Bh          37.19           71.52 

   Ah          74.38         143.04 

   9h         148.76         286.07 

   8h         297.51         572.14 

   7h         595.03        1144.25 

   6h        1190.05        2288.56 

   5h        2380.10        4577.12 

   4h        4760.21        9154.25 

   3h        9520.42       18308.50 

   2h       19040.84       36617.00 

   1h       38081.68       73234.00 

   0h        Inhibit         Infinity 

 

TL5 - TL0 : Total  level  set ting 

This funct ion is used to set  the envel ope level . 

       TL   TL5  TL4  TL3  TL2  TL1  TL0 

 Weighted bit (dB) -24 -12   -6   -3 -1.5 -0.75 

 

SUS : Sustain On/OFF set ting 

"0" : OFF 

"1" : ON The release rate changes to "6" (2.29s)  when the sound length com es to the end.  

 

W AV : W aveform  sel ect ion 

The m odulator and car rier can gener ate the SIN wave but when this bi t set ting is m ade, it is possi ble to gener ate a 

hal f-wave rect ified waveform  of the SIN wave, the tim bres in wider range can be created. 

"0" : SIN wave 

"1" : Half-wave rect ified waveform  of the SIN wave. 

 

 

 

FL2 - FL0 : Feed-back set ting 

This funct ion is effect ive for the operator on the car rier si de onl y. It is used to set  the feedback m odulation rate. 

  Be sur e to set  "0" for the operator on the m odulator si de. This is effect ive when gener ating the strings.  

 

W AV=0 W AV=1 
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FL [2:0]  0    1    2    3    4    5    6    7 

Modulation rate    0 •/16 •/ 8 •/ 4 •/ 2    •   2•   4• 

Other control data  

$30h  Timbre allotment data   

One m elody consi sts of four parts and a tim bre is al lotted for each of these parts. Am ong the eight tim bres regi stered 

in the tim bre data regi ster, use four of them  for each of these parts. 

 

Defaul t: 0000h 

Index  b15 b14 b13 b12 b11 b10  b9  b8  b7  b6  b5  b4  b3  b2  b1  b0 

$30h   0 V32     V31     V30  0  V22     V21    V20  0  V12     V11    V10  0 V02     V01    V00 

"x" in Vx[2:0]  m eans the part No. 

The tim bre data used with Vx[2:0]  are as fol lows. 

 Vx[ 2:0]  Ti m bre data to be used 

    0h Ti m bre set  for index 10 to 13h is used.  

    1h Ti m bre set  for index 14 to 17h is used.  

    2h Ti m bre set  for index 18 to 1Bh is used.  

    3h Ti m bre set  for index 1C to 1Fh is used.  

    4h Ti m bre set  for index 20 to 23h is used.  

    5h Ti m bre set  for index 24 to 27h is used.  

    6h Ti m bre set  for index 28 to 2Bh is used.  

    7h Ti m bre set  for index 2C to 2Fh is used.  

 

$31h  Tempo data  

The "t em po" refers to the num ber of quar ter notes reproduced in one m inute. Use this set ting to set  the tem po of the 

m elody used when reproduced.  The set ting data is  ( 8739/ TEM PO)-1 

  Defaul t: 0000h 

Index  b15 b14 b13 b12 b11 b10  b9  b8  b7  b6  b5  b4  b3  b2  b1  b0 

$31h   0   0  0  0  0    0   0  0   T7      T6      T5      T4      T3      T2      T1     T0 

 

$32h  FM section control  

Defaul t: 0000h 

Index  b15 b14 b13 b12 b11 b10  b9  b8  b7  b6  b5  b4  b3  b2  b1  b0 

$32h   0    0  0  0   0    0   0  0   0  0  0  0  0  0 CLR ST 

 

ST : This bi t is used to cont rol  start/stop of the m elody.  Use "1" for the start set ting and "0" for the stop set ting. 

CLR : This bi t is used to ini tial ize the entire LSI by the sof tware. Bit CLR itsel f is not cl eared when it is set  as "1".   

Bit CLR shoul d be written "0".  

$33h  Clock selection  
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Defaul t: 0000h 

Index  b15 b14 b13 b12 b11 b10  b9  b8  b7  b6  b5  b4  b3  b2  b1  b0  

$33h   0   0  0  0   0    0   0  0   0   0   0  0  0        CLKSEL 

 
This set ting set s the cl ock frequency input ted through the CLK_I term inal . 

Be sur e to execut e this set ting before reproduci ng the m elody.  

Even if cl ock of which frequency is bei ng input ted during reset ting, it is OK. 

           

CKSEL [2:0] Clock frequency (MHz) 

    0h      2.688 

    1h     19.200 

    2h     19.680 

    3h     19.800 

    4h      8.400 

    5h     14.400 

    6h     27.821 

    7h     12.600 

 

$34h  Interrupt control  

Defaul t: 0000h 

Index  b15 b14 b13 b12 b11 b10  b9  b8  b7  b6  b5  b4  b3  b2  b1  b0  

$34h   0    0    0  0   0    0  0   0    0   0  IRQ E             I RQ   poi nt 

 

The m usical  scor e data is taken into FIFO which has a capaci ty for 32 data. As the sounds are reproduced,  the data in 

FIFO are processed and del eted. W hen the am ount of data rem aining in FIFO becom es less than the IRQ poi nt set  val ue, 

an interrupt si gnal  is gener ated. At this poi nt, set  "0" for IRQE and write the cont inui ng m usical  scor e data into FIFO. 

M ake sur e that the written data exceeds the IRQ poi nt. After writing the data, reset  "1" for IRQE and wait until another 

interrupt si gnal  is gener ated. 

IRQpoint can set  32 ways from  0 (em pty) to 31 (1 data vacancy) . 

IRQE is enabl e bi t. Set “1” for enabl e. 

 

$35h  Speaker volume control  

$36h  FM volume control  

$37h  Ear phone output volume control  

 

Defaul t: 0000h 

Index  b15 b14 b13 b12 b11 b10  b9  b8  b7  b6  b5  b4  b3  b2  b1  b0 

$35-7h   0   0  0  0  0   0  0   0   0   0   0    V4      V3      V2     V1      V0 
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These bi ts are used to set  the vol um e of each sour ce.  The vol um e set ting consi sts of 31 steps and m ute funct ion. It is 

possi ble to set  at 1dB interval s. As the defaul t is m uted, cancel  the m ute funct ion before proceedi ng to sound gener ation. 

Also,  to reduce the power, be sur e to m ute the vol um e subj ect  to power reduct ion before shi fting. 

 

Relations of regi ster set ting val ue and vol um e. 

V[4:0] Volume(dB) V[4:0] Volume(dB) V[4:0] Volume(dB) V[4:0] Volume(dB) 

00h MUTE 08h -23 10h -15 18h -7 

01h -30 09h -22 11h -14 19h -6 

02h -29 0Ah -21 12h -13 1Ah -5 

03h -28 0Bh -20 13h -12 1Bh -4 

04h -27 0Ch -19 14h -11 1Ch -3 

05h -26 0Dh -18 15h -10 1Dh -2 

06h -25 0Eh -17 16h - 9 1Eh -1 

07h -24 0Fh -16 17h - 8 1Fh  0 

 

$38h  Power Management control  

  Defaul t: 001Eh 

Index  b15 b14 b13 b12 b11 B10  b9  b8  b7  b6  b5  b4  b3  b2  b1  b0 

$38h   0    0   0  0   0    0   0  0    0   0   0 AP4  AP3  AP2 AP1  DP 

This set ting is used to reduce the power of each funct ion. It is possi ble to cont rol  1 digi tal  syst em  and 4 anal og syst em s 

independent ly. (For the detai ls, please refer to "Power -down cont rol  divi si on diagram ".) 

Setting al l bi ts to "1" will m inim ize the power of the entire LSI. 

   

DP : Use of "1" for this set ting will reduce the power of the entire digi tal  sect ion. 

AP1 : Use of "1" for this set ting will reduce the power of the VREF ci rcui t in the anal og sect ion. 

AP2 : Use of "1" for this set ting will reduce the power on the non- inver ted am plifier si de of the FM  vol um e, speaker  

vol um e, equal izer  ci rcui t and speaker  output sect ion. 

AP3 : Use of "1" for this set ting will reduce the power of the inver ted am plifier si de of the speaker  output sect ion. 

AP4 : Use of "1" for this set ting will reduce the power of the DAC and ear phone output vol um e. 

After ini tial izat ion, the power of the anal og sect ion (AP1 to AP4) is reduced.  
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Power-down control division diagram 
 

As for the power-down, it is possi ble to divi de an insi de funct ion separ ately and to cont rol  it.  

The power-down is cont rol led by Index 38h.  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Explanation of each bit  

 
DP 

It is the bi t to m ake the power-down whole of the digi tal  depar tm ent. 

Because cl ock to m ove insi de stops consum pt ion elect ric cur rent of the digi tal  part can be rest rained in m inim um . 

Data on FIFO are cl eared though cont ents of a regi ster are hel d. 

 

AP1 
It is the bi t that the power-down a VREF ci rcui t decl ine. 

If AP1 is set  to “1”,  the whole of the anal og part stops.  Because an anal og cent er vol tage is m ade by VREF ci rcui t. 

 

AP2 
It is the bi t to m ake power-down FM  vol um e part, EQ ci rcui t, speaker  vol um e, and non- rever sal  am plifier si de of 

speaker  output part. 
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AP3 

It is the bi t that the power-down the rever sal  am plifier si de of the speaker  output part decl ine. 

A  rever sal  am plifier si de is started after a VREF ci rcui t and a non- rever sal  am plifier are started.  

And, it depends,  and pop noi se occur rence can be rest rained.  

 

AP4 

It is the bi t that power-down DAC and the HP Volum e part. 

 

The attent ion point w hen the pow er- dow n m oves. 

     M ove from  the condi tion that pronunci ation sur ely stops for the power-down. 

     I t is possi ble that the power-down a digi tal  and an anal og decl ine at the sam e tim e. 

     Be sur e to m ute FM  Volum e and HP Volum e. 

     I t is to rest rain the noi se when power going down. 

 

The regi ster which a digi tal  part can' t access during the power going down is as the fol lowing. 

 

Index Register functions 

$00h Note data 

$10-2Fh Tone data 

$30h Timbre allotment 

$31h Tempo data 

$34h IRQ Control 

 

The attent ion point to cancel  the pow er- dow n 
1 The tim e of 64×CLK_I is necessar y bef ore a digi tal  part rever ts to the norm ality after it is set  

up in DP=0. 

Be sur e to do regi ster access after you wait for this tim e. 

2 The fol lowing are procedur e that rever t from  the condi tion in anal og whole power-down and 

anal og power suppl y off. 

• AP1 is set  to 0. VREF stands up at the tim e of m axim um  50m s. 

Until VREF stands up, don’ t set  “0” to AP2-AP4. 

• AP2 is set  to 0. 

• AP3, AP4 are set  to 0 after m inim um  10µs.  

• An anal og part becom es possi ble it m oves. 

AP4 is set  to 1 when used onl y a speaker  am plifier part (hands free phone) . 

AP2,3 are set  to 1 when a speaker  am plifier isn' t used and onl y head phone is used.  

And it is possi ble that elect ric cur rent is further rest rained.  

 

Analog pow er suppl y O FF m ode 
Only while pronunci ation stops,  it is possi ble that an anal og power suppl y is turned off. 

Turn off an anal og power suppl y after AP1, AP2, AP3 and AP4 are set  to 1. 

It has the possi bi lity that pop noi se occur s if it doesn' t do so.  
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The est abl ishm ent exam ple by the use case.  

 

Dependi ng on how the funct ion is used,  bi t set tings can be com bined as shown bel ow. 

  AP1  AP2  AP3  AP4             Precaution 

Power reduction of 

entire analog section 

   1    1    1    1 Be sure to set all volumes to "MUTE" 

first, then set all bits to "1" 

simultaneously. 

Used for ear phone 

output only 

   0    1    1    0 Set the FM and speaker volumes to 

"MUTE". 

Used for speaker only 

(hand-free phone) 

   0    0    0    1 Set the HP and FM volumes to 

"MUTE". 
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Resetting 
 

This LSI can be ini tial ized by set ting the /RST term inal  to "L" or through the sof tware as the CLR bi t is provi ded for the 

$32h set ting. 

W hen ini tial izat ion is execut ed,  

 -  al l the regi sters will be reset  to the defaul t state. 

 -  the FIFO data count er will be cl eared and FIFO will be em pty. 

It is necessar y to input  CLK_I during reset ting. M ake sur e to input  CLK_I for at least  100 cl ocks during reset ting. 

After reset ting is cancel led, wait for at least  64 cl ocks of CLK_I input  and then start m aking an access to regi sters. 
 

 

 

 

Settings and procedure to generate melody 
 

Fol low the steps as descr ibed bel ow/ 

1. Set  the CLKSEL ($33h)  accor ding to the cl ock frequency input ted for CLK_I. 

2. Cancel  t he power -down m ode of  t he anal og sect ion. ( Refer t o "Reset ting sequence of  anal og sect ion" on page 

21.) 

3. Set  t he t im bre dat a ( $10-2Fh), t im bre al lotm ent dat a ( $30h) , t em po dat a ( $31h)  and vol um es ( $35-37h)  as 

desi red. 

4. Ent er 32 m usical  scor e data ($00h)  until FIFO is ful l. 

5. Set  the IRQ poi nt val ue of $34h.  (Defaul t at the cent er of FIFO). 

6. Set  "1" for IRQE of $34h 

7. Set  "1" for the ST bi t of $32h and start the m elody.  

 

 

 

 

Interrupt sequence 
 

An interrupt from  LSI (/IRQ-"L")  occur s when the data am ount in FIFO is less than the set  val ue.  

For exam ple, supposi ng that 10h (16b)  is set  for the IRQ poi nt of $34h,  FIFO is ful l with the data before starting the 

m elody as descr ibed above under  "Set tings and procedur e to gener ate m elody".   

Once the m elody is started, the m usical  scor e data is processed and the data in FIFO reduces cont inuousl y. W hen the 

rem aining data am ount becom es 16 byt es or less,  the /IRQ term inal  becom es "L" and an interrupt si gnal  is transm itted to 

the ext ernal  m icroprocessor . 

W hen an interrupt si gnal  i s det ect ed, set  "0" f or I RQE and ent er t he m usi cal  scor e dat a i nto FI FO bef ore i t becom es 

em pty. As over writing the data into the filled FIFO is prohi bi ted, enter the data into FIFO by the am ount not causi ng 

over writing (16 data in this case) . 
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Flow chart 

 

 

Execute each register setting following the steps described under 

"Settings and procedure to generate melody". 

 

 

Start the melody. 

 

 

As the sounds are produced, the musical score data are processed in the LSI. 

 

 

 

 

Has the remaining data in FIFO reduced to the IR            No 

point specified by the $34h setting or less? 

 

 

                                             Yes 

   

Set the IRQ enable bit (IRQE) to "0" and enter the data into 

                   FIFO, observing the following precautions. 

Be sure to enter the data before FIFO becomes empty. 

Overwriting the data into the filled FIFO is prohibited. 

 

 

                   

            Do you want to stop the melody?                  No 

  

 

                                                  Yes 

                                    Stop the melody. (ST=0) 
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State transition description 
 

Shown bel ow is a state transi tion diagram  of the YM U757. 

 

Sequence to turn on the pow er suppl y. 

Ideal ly, the digi tal  si de power suppl y shoul d be turned on first  to ini tial ize the hardware, fol lowed by turning on of 

the anal og si de power suppl y. If the anal og power suppl y is turned on when the hardware has not been ini tial ized,  

noi ses m ay be gener ated. 

 

 

 

 

 

,QLWLDOL]HG#

Hardware Reset 

6723#

3/$<#
6WDQGE\#

3OD\#

$QDORJ#
3RZHU'RZQ#PRGH#

Power On 

D igi tal  PowerON  

     Ready  

:ULWH#6HWXS#'DWD#

),)2#'DWD#:ULWH# #

67$57#

6723# #

Analog PowerON 

     Ready 

Power On 

'LJLWDO#
3RZHU'RZQ#PRGH#

Power Off 
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Explains about  each st atus 

 

D igi tal  Power O N Ready 

It is the condi tion before starting a digi tal  power suppl y.  

H ardware Reset  

The di gi tal  power  suppl y has been t urned on.  I m m ediately af ter i t has t urned on,  al ways ent er t he har dware 

reset ting data. 

Analog Power O N Ready 

It i s t he condi tion bef ore st arting a anal og power  suppl y. Tur n on t he anal og power  suppl y af ter t he di gi tal  

sect ion has been ini tial ized.  

Analog Power Down m ode 

It is the state that the consum pt ion elect ric power of the anal og part is m inim um .  

After the anal og power suppl y has been turned on, the entire anal og sect ion is in the power down state. In order 

to proceed to the next  step Ini tial ized state, use the procedur e descr ibed on page 20. The power of the anal og 

sect ion has been reduced.  The power consum pt ion of the anal og sect ion can be reduced.  

Be sur e to take the procedur e to reduce the power of the anal og sect ion from  the ini tial ized state. (That is, each 

vol um e m ust be set  to "M UITE". ) 

It is possi ble to sel ect  the poi nt where the power is reduced dependi ng on the use purpose.  For the detai ls, refer 

to "Power -down sequence" on pages 20 and 21. 

To turn off the anal og power suppl y, always take the necessar y procedur e from  this state. 

Ini tial ized 

Becom es this state when it com es out of the power down m ode of the anal og part, the digi tal  part.  

And, m ove to the power down m ode from  this state.  

STO P 

The vol um e m uting funct ion has been cancel led and the tim bre data set tings have been com pleted. In this state, 

FIFO is em pty. This state is rest ored when the m elody reproduct ion is stopped.  

Also,  the procedur e to reduce the power of the digi tal  sect ion can be taken from  this state. This state will be 

rest ored when the power-down funct ion is cancel led. 

PLAY Standby 

W riting the m usical  scor e data into FIFO has been com pleted and ready for m elody reproduct ion. Setting "1" 

for the ST bi t will set  for the next  PLAY m ode. It is possi ble to take the procedur e to reduce the power of the 

digi tal  sect ion f rom  this st ate. However , t he STOP st ate wi ll be r est ored af ter t he power -down f unct ion i s 

cancel led. 

PLAY 

The m el ody i s bei ng r eproduced.  Set ting “0” f or t he ST bi t wi ll set  t o t he STOP m ode.  I t i s pr ohi bi ted t o 

change the digi tal  sect ion from  this m ode to the power down m ode. (It m ay cause noi ses to occur .)  

D igi tal  Power Down m ode 

The power of the digi tal  sect ion has been reduced.  ("1" set  for DP bi t) 

As cl ocks ar e not  i nput ted i nsi de of  t he LSI  even when t hey ar e i nput ted t o t he CLK_I  t erm inal , power  

consum pt ion of the digi tal  sect ion can be reduced.  Before proceedi ng to this m ode, set  both HP vol um e and 

FM  vol um e to "M UTE". 
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Operation in FIFO empty state 
 

If FIFO has becom e em pty during reproduct ion, the m usical  scor e data written last  is processed cont inuousl y until the 

next  data is entered. 

If the last  written data is a note data, that note is reproduced cont inuousl y. 

If the last  written data is a rest  data, the rest  state will be m aintained. 

 

 

 

Reproduction method assuming occurrence of empty state 
 

In t he or dinary m el ody r eproduct ion, i t i s pr ohi bi ted t o al low t he FI FO em pty st ate t o occur . However , ut ilizi ng t he 

above feature enabl es shor t sounds produced easi ly. The interrupt funct ion would not be necessar y. 

To have shor t sounds produced,  fol low the steps as descr ibed bel ow. 

Short sounds are appl icabl e to 1 to 32 word data block.  

If the data block exceeds 33 words,  use the regul ar reproduct ion procedur e utilizi ng the interrupt funct ion. 

 

1) Com plete the procedur e of Power ON --> Analog Power Down m ode -- Ini tial ized --> STOP in advance.  (Please 

refer to "St ate transi tion descr iption" diagram  on page 25.)  

2) Start reproduct ion in the FIFO em pty state. 

3) W rite the data block to be reproduced into FIFO. 

4) I m m ediately af ter wr iting ( after 0 t o 20us) , t he m usi cal  scor e dat a ar e pr ocessed i nternal ly and r eproduct ion i s 

started. 

As reproduct ion goes on, the data in FIFO are processed and cl eared. 

5) W hen FIFO becom es em pty, if the last  data in the data block is a note data, that note is reproduced cont inuousl y 

and if it is a rest  data, the rest  state is retained until the next  data block is written into FIFO. 

6) W hen reproduci ng the next  data block,  go to step 3). 

To stop reproduct ion, set  "0" for ST. Then the data count er of FIFO will be cl eared and the state as descr ibed in 

step 1) will be rest ored. 
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Example of system connection 
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One sound and volume level adjustment in 4 sound pronunciation  

 
The vol um e level  outputted from  DAC by the num ber of the pronunci ation is di fferent. 

W hen 1 sound (*)  is outputted from  FM  sound sour ce,  output vol tage am plitude from  DAC is 0.375Vp-p. 

W hen m ore t han one sound i s pr onounced at  t he sam e t im e, out put vol tage am pl itude var ies i n t he phase of  each 

wave shape.   

But, when t he wave shape of  t he sam e phase pi les up,  i t becom es 0. 75Vp-p by 2 sound,  1. 125Vp-p by 3 sound,  

1.5Vp-p by 4 sound.  

(*:  The vol um e adj ust m ent (Total  Level  of Carrier) of 1 sound is bei ng expl ained with the prem ise of 0dB.) 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 
An assum pt ion in 300m  W  out put .  

Output power from  the speaker  is 300m W  when RL is ;- and a vol tage between SPOUT1 and 2 is 1.55Vrm s. 

BTL out put am pl itude at  t his t im e becom es 1. 55×2×1. 414=4. 38Vpp, and becom es 4. 38/3.8=1.15Vpp wi th t he 

EQ3 term inal . 

 ( Gain with the speaker  am plifier is +11.6dB= 3.8 tim es.) 

 

Securi ng a vol um e level  by one sound.   

Gain adj ust m ent in the part EQ am plifier is recom m ended as the way of secur ing a vol um e level  by one sound.  

Gain depends on the resi stance ratio of R1 and R2, and it is GAIN=R2/R1. 

Gain to recom m end is about  four tim es from  three tim es. 
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A  level  adj ust m ent recom m endat ion exam ple in al l 

FM  vol um e or ei ther of SP Volum es is a little squeezed as a defaul t (from  –3dB to -6dB). 

W hen a user  adj ust s vol um e, it is consi dered cont rol ling ei ther FM  or SP vol um e.  

At this tim e, because the si de which gai n is raised to is secur ed in advance,  ei ther of FM  vol um e or SP Volum es is a 

little squeezed as a defaul t.  

It is recom m ended m aking gai n of the part EQ am plifier about  3 - 4 tim es to secur e the output level  for which to be 

one sound (For exam ple, R1=22k-, R2=82k-). 

W hen one sound is pronounced under  this condi tion(FM  vol um e as 0dB), EQ1 is 0.375Vp-p. 

In this state, if set  gai n=four tim es in EQ am plifier, EQ3 becom es 1.5Vp-p. 

W hen it is set  up in -4dB with SPVOL, vol tage between SPOUT1 and 2 becom es 3.6Vp-p, and can be get out put 

power 162m W  with the speaker  +5/ ;-,1 

 
A  level  adj ust m ent of  four sound pronunci at ion si m ultaneousl y 

W hen usual  m usic is regener ated, the am plitude of DAC never  alm ost swings to 1.5Vp-p. 

Therefore, there is no hindrance by the set up of GAIN which is the sam e as 1 sound.  

Adjust  it with FM , SP Volum e if you rest rain GAIN of the part EQ am plifier a little when you are anxi ous about  the 

distortion of the sound.   

 

A  level  adj ust m ent of  H PO UT 

Adjust  it outsi de the LSI when you raise gai n on the HPOUT si de. 
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Sound quality correction circuit  

 

It is possi ble to cor rect  the sound qual ity and gai n by usi ng an ext ernal  ci rcui t connect ed to EQ1 to 3 term inal s. 
    A ci rcui t st ruct ure of EQ1 to 3 term inal  insi de and exam ple of ext ernal  ci rcui t are as fol lows. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 
Gain and filter char act erist ic are adj ust ed by val ue of C1, C2, R1 and R2. 

Gain = R2 / R1.  Recom m endat ion of R1 is 22kΩ and R2 is 82kΩ (gai n = 3.7 tim es). 

Cut off frequency f1 and f2 of filter is as fol lows. 

I4 42#+5�×R1×C1).  

I5 42#+5�×R2×C2).  

Recom m endation of each val ue are as fol lows. 

If C1=0.022µF and C2=120pF, cut  off frequency f1=330Hz and f2=16kHz.  

 

 

 

 

 

 

 

 

 

 

 

 

 
M oreover , the ci rcui t encl osed with the dotted line becom es necessar y when an anal og si gnal  i s i nput ted f rom  AIN and i t 

wants to m ix it. 

The level  adj ust m ent that it is m ixed depends on the resi stance ratio R2/Rx of Rx and R2. 

7KH#YDOXH#RI#5[#ZKHQ#LW#ZDQWV#WR#PL[#LW#LQ#WKH#DPSOLWXGH#RI#RQH#WLPH#RI#$,1#LV#;5N-1 
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If add resi ster R3, frequency char act erist ic is as fol lows. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Gain1= (R2+R3) /R1. Gain2=R3/R1. 
Cut off frequency f1 and f2 of filter is as fol lows. 

I4 42#+5�×R1×C1).  

I5 42#+5�×R2×C2). 
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Serial I/F Specifications 
 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

The YM U757 is cont rol led through the three ser ial  interfaces SCLK, SYNC and SDIN. 
 

About  the rel at ions bet w een SDIN and SCLK  

The val ue of SDIN is taken in the insi de of the LSI at the SCLK rise.  

Input  SDIN so that set up/Hold tim e is secur ed to rise edge of SCLK. 

(Refer to the AC char act erist ics of the elect ric char act erist ics for the detai ls of the tim ing speci ficat ion.) 

 

About  SDIN 

The figure above shows no data transm issi on between Index data and Control  data but it m eans nothing 

probl em atic. 24 bi t cont inuous data transm issi on is also possi ble.  

W hen transm itting the data by 8-bi t uni t, transm it the upper  8 bi ts and lower 8 bi ts of the cont rol  data separ ately. 

There is no particul ar speci ficat ion for the interval  between the end of transm issi on of the upper  8 bi ts and start of 

transm issi on of the lower 8 bi ts. However, the longer  the interval  is, the longer  tim e one transm issi on takes.  W hen 

entering the m usical  scor e data into FIFO, use car e not to m ake FIFO em pty. 

 

About  SYNC 

It can cor respond to Type1 and Type2 of the upper  figure. 

W hen rise edge of SYNC occur s insi de the LSI, it consi ders that the data transf er of one tim e was com pleted.  

SDIN for 24×SCLK just  before rise edge of SYNC occur s is judged val id data.  

(SDIN for 16×SCLK are val id data when transf er onl y Control  Data.) 

There is no regul ation speci al ly about  the length of the H period.  

But, L period is to m ake 100ns be secur ed at least  in the case of the Type2 wave shape 

It has the possi bi lity that faul ty operation is caused when rise edge of SYNC and fal l edge of SCLK approach it. 

Give car eful  consi deration to rise edge of SCLK doesn’ t occur  toward rise edge of SYNC.  

 

About  the dat a transf er onl y Control  Data.  

If i nput  SDI N f or SCLK×16 bet ween r ise edge of  SYNC and next  r ise edge of  SYNC, t he i nsi de of  t he LSI  i s 

judged it is m usic data ($00h)  and take it. 
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Electrical characteristics 
 

1. Absol ute m axim um  ratings 

Parameter Symbol Min. Max. Unit 

 Power supply voltage (analog) AVDD -0.3 4.2 V 

 Power supply voltage (digital) DVDD -0.3 4.2 V 

 Analog input voltage VINA -0.3 AVDD+0.3 V 

 Digital input voltage VIND -0.3 DVDD+0.3 V 

 Operating temperature TOP -20 85 °C 

 Storage temperature TSTG -50 125 °C 

Note) DVSS = AVSS= SPVSS = 0V 

 

2. Recom m ended operating condi tions 

Parameter Symbol Min. Typ. Max. Unit 

 Operating voltage (analog) AVDD 2.7 3.0 3.3 V 

 Operating voltage (digital) DVDD 2.7 3.0 3.3 V 

 Operating temperature TOP -20 25 85 °C 

Note) DVSS = AVSS = SPVSS = 0V 

 

3. DC char act erist ics 

Parameter Symbol Condition Min. Typ. Max. Unit 

 High-level input voltage VIH1  *1 0.7 × DVDD - - V 

 Low-level input voltage VIL1  *1 - - 0.2 × DVDD V 

 High-level output voltage VOH  IOUT = -1mA 0.8 × DVDD - - V 

 Low-level output voltage VOL  IOUT = 1mA - - 0.4 V 

 Schmitt width Vsh   1.0  V 

 Input leakage current IL   -10  10   µA 

 Input capacity CI    10 pF 

Note) TOP=-20~85°C,  DVDD=3.0±0.3V,  Capacitor load=50pF  
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4. AC char act erist ics 

 

    I nput  V iH=0.8×Vdd, V iL=0.1×Vdd as input  si gnal . M easure tim ing at V iH=0.7×Vdd, V iL=0.2×Vdd. 

 

4-1. CLK_I ,Reset 

Parameter Symbol Min. Typ. Max. Unit 

 CLK_I clock cycle period Tcclk_period 35.8   ns 

 CLK_I "L" pulse width Tcclk_low 12   ns 

 CLK_I "H" pulse width Tcclk_high 12   ns 
 /RST active "L" pulse width Trst_low 100   × CLK_I 
 SCLK start delay time 
 (after /RST inactive) 

Trst2clk 64   × CLK_I 

Note) TOP=-20~85°C, DVDD=3.0±0.3V, Capacitor load=50pF 

      X CLK_I means the number of clocks inputted through the CLK_I terminal. 

 

 

CLK_I Duty 
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4-2. Serial  Interface 

Parameter Symbol Min. Typ. Max. Unit 

 SCLK clock period Tclk_period 430  - ns 

 SCLK "L" pulse width Tclk_low 200   ns 

 SCLK "H" pulse width Tclk_high 200   ns 

 SCLK rise time Trise_clk - - 20 ns 

 SCLK fall time Tfall_clk - - 20 ns 

 SYNC "H" pulse width Tsync_high 100  - ns 

 SYNC rise time Trise_sync - - 20 ns 

 SYNC fall time Tfall_sync - - 20 ns 

 SYNC delay time Tdelay_SYNC 0   ns 

 SYNC “L” pulse width SYNC_low 100 - - ns 

 SYNC > SDIN setup time Tsetup_SYNC 50 - - ns 

 SDIN setup time Tsetup_SDIN 50 - - ns 

 SDIN hold time Thold_SDIN 50 - - ns 

 SDIN rise time Trise_din - - 20 ns 

 SDIN fall time Tfall_din - - 20 ns 

    Note) TOP=-20~85°C, DVDD=3.0±0.3V, Capacitor load=50pF 
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5. Power consum pt ion 

 

Parameter Min. Typ. Max. Unit 

 During normal operation (digital)  500 2000 µA 

 During no output sound(analog)  9 12 mA 

 Output 300mW (analog) (RL=8Ω)  200 300 mA 

 In power-down mode  0.1 1 µA 

Note) TOP=-20~85°C, DVDD= AVDD=3.0±0.3V, Capacitor load=50pF 

 

6. Analog char act erist ics 

    SP Am plifier 

Parameter Min. Typ. Max. Unit 

 Gain setting  (fixed)  ±1.9  times 

 Minimum resister load (RL)  8  Ω 

 Full-scale analog output(RL=8Ω)  5.0  Vp-p 

 Maximum output power (RL=8Ω,THD+N<=0.05%)  360  mW 

 Maximum output power (RL=8Ω,THD+N<=1.0%)  400  mW 

 THD + N  (RL=8Ω,f=1kHz,300mW output)  0.025  % 

 Noise level(no signal, f= 400Hz - 20kHz)  -90  dBv 

 PSRR  (f=1kHz)  65  dB 

Note) TOP=25°C, DVDD = AVDD = 3.0V 
 

    EQ Am plifier 

Parameter Min Typ Max. Unit 

 Gain setting range   30 dB 

 Maximum output current 120   µA 

 Full-scale analog output  1.5  Vp-p 

 THD + N  (f=1kHz)   0.01 % 

 Noise level (no signal, f= 400Hz - 20kHz)  -90  dBv 

 Input impedance 10   MΩ 

 PSRR  (f=1kHz)  36  dB 

Note) TOP=25°C, DVDD = AVDD = 3.0V 

 

    SP Volum e 

Parameter Min Typ Max Unit 

 Volume setting range -30  0 dB 

 Volume step width  1  dB 

 Noise level (no signal, f= 400Hz - 20kHz)  -90  dBv 

 THD + N  (f=1kHz)   0.01 % 

Note) TOP=25°C, DVDD = AVDD = 3.0V 
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    FM  Volum e 

Parameter Min Typ Max Unit 

 Volume setting range -30  0 dB 

 Volume step width  1  dB 

 Noise level (no signal, f= 400Hz - 20kHz)  -90  dBv 

 Maximum output current 120   µA 

 Full-scale analog output  1.5  Vp-p 

 Output impedance  300 600 Ω 

 PSRR  (f=1kHz)  36  dB 

Note) TOP=25°C, DVDD = AVDD = 3.0V 

 

    HP Volum e 

Parameter Min Typ Max Unit 

 Volume setting range -30  0 dB 

 Volume step width  1  dB 

 Noise level (no signal, f= 400Hz - 20kHz)  -90  dBv 

 Maximum output current 120   µA 

 Full-scale analog output  1.5  Vp-p 

 Output impedance  300 600 Ω 

 PSRR  (f=1kHz)  36  dB 

Note) TOP=25°C, DVDD = AVDD = 3.0V 

 

VREF 

Parameter Min Typ Max Unit 

 VREF voltage 1.4 1.5 1.6 V 

Note) TOP=25°C, DVDD = AVDD = 3.0V 
 

DAC 

Parameter Min Typ Max Unit 

 Resolution  12  Bit 

 Full-scale analog output (*)  1.5  Vp-p 

 THD+N  (f= 1kHz)   0.5 % 

 Noise level (no signal, f=400Hz - 20kHz)  -90  dBv 

 Frequency characteristic (f=50Hz - 20kHz) -0.5  +0.5 dB 

Note) TOP=25°C, DVDD = AVDD = 3.0V 

* When it was made to pronounce FM 4 sound at the same time in the same phase. 
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General description of FM sound generator 
 

"FM " stands for Frequency M odulation. 

The FM  sound gener ator utilizes the higher  harm onic wave produced by the frequency m odulation for synt hesi s of the 

m usical  sounds 

As use of this FM  syst em  enabl es a com parativel y si m ple ci rcui t to produce such waveform  that has a harm onic wave 

incl udi ng di shar m onious sounds,  i t i s possi ble t o cr eate a wi de r ange of  sounds f rom  the synt hesi zed sounds of  t he 

natural  m usical  inst rum ents to the elect roni c sounds.  

 

The diagram  bel ow shows the m ost basi c conf iguration of the FM  syst em . 

 

The "Oper ator" r efers t o t he sect ion wher e a si ne wave i s gener ated and t he com bi nation of  t he oper ators i s cal led 

"al gorithm ". The operator in the front stage is cal led "m odul ator" and that in the rear stage "car rier".  

Each operator is capabl e of set ting the frequency and the envel ope waveform .  

The conf iguration in the above diagram  can be expr essed in the form ula as fol lows. 

 

FM (t) = A si n(w ct  + B si n w m t ) 

 

A : Am plitude of the car rier. B : Am plitude of the m odulator.  w : Angle frequency of the car rier 

wm  : Angle frequency of the m odulator 

 

In addi tion, a syst em  cal led "f eedback FM " is avai labl e to create a wider range of sounds.  In this syst em , the frequency 

m odulation is fed back as shown in the diagram  in the fol lowing page.  

B is cal led "f eed-back ratio".  Using the feed-back FM  funct ion, it is possi ble to produce the strings type sounds.  
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External dimensions 
#

# #  

 

 

Note) The sur face inst al led LSI's requi re speci al  precaut ions when storing and sol dering them .  

Please cont act  the Yam aha deal er for  i nform ation for proper  handl ing. 
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 IM PORTANT NOTICE  

   
 1. Yam aha reser ves the right to m ake changes to its Product s and to this docum ent without  notice.  The 

inform ation cont ained i n t his docum ent  has been car eful ly checked and i s bel ieved t o be r el iabl e. 
However, Yam aha assum es no responsi bi lities for inaccur aci es and m akes no com m itm ent to updat e or 
to keep cur rent the inform ation cont ained in this docum ent. 

 
2. These Yam aha Product s are desi gned onl y for com m erci al  and norm al indust rial  appl icat ions,  and are 

not sui tabl e f or ot her uses,  such as m edi cal  l ife suppor t equi pm ent, nucl ear f aci lities,  cr itical  car e 
equi pm ent or  any ot her appl icat ion t he f ai lure of  whi ch coul d l ead t o deat h, per sonal  i njury o r 
envi ronm ental  or  pr oper ty dam age.  Use of  t he Pr oduct s i n any such appl icat ion i s at  t he cust om er's 
sol e risk and expense.  

 
3. YAM AHA ASSUM ES NO LIABILITY FOR I NCIDENTAL, CONSEQUENTIAL OR SPECIAL 

DAM AGES OR INJURY THAT M AY RESULT FROM  M ISAPPLICATION OR IM PROPER USE 
OR OPERATION OF THE PRODUCTS. 

 
4. YAM AHA M AKES NO W ARRANTY OR REPRESENTATION THAT THE PRODUCTS ARE 

SUBJECT TO I NTELLECTUAL PROPERTY LICENSE FROM  YAM AHA OR ANYTHIRD 
PARTY, AND YAM AHA M AKES NO W ARRANTY OR REPRESENTATION OF 
NON-INFRINGEM ENT W ITH RESPECT TO THE PRODUCTS. YAM AHA SPECIFICALLY 
EXCLUDES ANY LIABILITY TO THE CUSTOM ER OR ANY THIRD PARTY ARISING FROM  
OR RELATED TO THE PRODUCTS' I NFRINGEM ENT OF ANY THIRD PARTY'S 
INTELLECTUAL PROPERTY RIGHTS, I NCLUDING THE PATENT, COPYRIGHT, 
TRADEM ARK OR TRADE SECRET RIGHTS OF ANY THIRD PARTY. 

 
5. EXAM PLES OF USE DESCRIBED HEREIN ARE M ERELY TO I NDICATE THE 

CHARACTERISTICS AND PERFORM ANCE OF YAM AHA PRODUCTS. YAM AHA ASSUM ES 
NO RESPONSIBILITY FOR ANY I NTELLECTUAL PROPERTY CLAIM S OR OTHER 
PROBLEM S THAT M AY RESULT FROM  APPLICATIONS BASED ON THE EXAM PLES 
DESCRIBED HEREIN. YAM AHA M AKES NO W ARRANTY W ITH RESPECT TO THE 
PRODUCTS, EXPRESS OR I M PLIED, I NCLUDING, BUT NOT LI M ITED TO THE 
W ARRANTIES OF M ERCHANTABILITY, FITNESS FOR A PARTICULAR USE AND TITLE. 

 

   

 

 

Note) The speci ficat ions of this product  are subj ect  to change without  notice.  
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