



















































































































































































































































































STRAIGHT ADPCM AND COMPRESSED ADPCM

1. Straight ADPCM

The features are enumerated below.
Length of ADPCM bits ..... fixed in 3 bits.
Deletion of silent component is possible.
High bit rate and high tone quality.
Suitable to imitation sound.

Hrwn =

Example of bit rate
fSAMPLE = 8.2 kHz
Length of ADPCM bits = 3 bits
Deleted silent component = 1/5 (speech)
BeR 5 82 x 3 x 4/5 =5 19.7
kb/sec

N

. Compressed ADPCM
The features are enumerated below:
. Length of ADPCM bits ..... fixed in 3 bits
. Deletion of data by repeated detection of
speech waveform
. Deletion of silent component is possible.
. Low bit rate.
. Mainly applied to speech.
Example of bit rate
fSAMPLE = 8.2 kHz
Length of ADPCM bits = 3 bits
Frequency of average repetition £ 3
(Deleted data component
of waveform = 1/3)
Deleted silent component = 1/5 (speech)
BeR & 8.2 x 3 x 1/3 x 4/5 % 6.6 kb/sec

g hw N =
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SAMPLING FREQUENCY AND BAND WIDTH

1. Simple Relationship between Sampling
Frequency and Band Width

fsampLE x 172 = fganp (UL)
Here TBaND (UL) ..... Upper limit of band

Quality

fsampLe|  fBAND

Clear maximum in-

8.2 kHz telligibility

DC to 4.1 kHz

Female speech of
high tone sounds
nasal

6.55 kHz | DC to 3.2 kHz

Unclear both male
and female
speeches sound
nasal

41 kHz | DC to 2.0 kHz

2. The Relationship between a Sampling

Frequency and LPF (low pass filter)

The relationship between a sampling frequen-
cy and LPF (low pass filter) is fsaMPLE x 1/2 =
fc (cutoff frequency of ideal filter). However, realisti-
cally it is necessary to design “fc” to be lower than
the above equation according to the skirt charac-
teristics of filter. That is, the band will be further nar-
rowed according to filter characteristics.

As an example, the fc and skirt characteris-
tics of L.P.F. used for speech analysis by Oki are
shown as follows.

Skirt
fsampLe  fc Charac- fBanD
teristics
8.2 kHz| 3.4 kHz | —48 dB/oct| DC to 3.4 kHz
6.55 kHz| 2.7 kHz | — 48 dBloct| DC to 2.7 kHz
4.1 kHz| 1.7 kHz | —48 dB/oct| DC to 1.7 kHz




EXAMPLE OF OUTPUT INTERFACE

When connected to MSC1161 for Class B (for 3 V system only)

Y VbD

oL~ spe E—J
DAU vek [17}—
MSB 6]
5
mscier |
6212 5 o 1]
7] SPO P_&lr $ [[]
—HFE] Kl
9 | Vss Vop [10]
Vgs SLAVpp'SLB
VoD

<7 Vss

Note: C’s are all 0.1 pF.

Class A Output

VCK
SPE
MSB

6212

DAU

DAL

Vss SLAVpp'SLB
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VbD

3/4 Vpp
12V
Class A DAU oD
1/4 Vpp
Vgg=0V
Vbp
/ DAU
Class B x 1 Vss
(9-bit DAC) VoD
\ DAL
Vss
/ DAU
Class B x 2
(8-bit DAC)
\ DAL
/ DAU

Class B x 4
(7-bit DAC)

\ DAL

(An abbreviated name of the type is sometimes used as an indication

representing an actual product)

MSB “1”
+

\
MSB “0”

MSB “1”

MSB “0”

MSB “1”

MSB ‘0"

MSB “1”

MSB “‘0”
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OKI semiconductor

MSM6308

ADPCM SPEECH PROCESSOR FOR SOLID STATE RECORDER DRAM INTERFACE

GENERAL DESCRIPTION

The Oki MSM6308 is a ADPCM speech processor LS| for solid state recording which is manufactured
using Oki’s low power CMOS silicon gate technology. A maximum of 256K Dynamic RAM is used to store

the ADPCM data.

The MSM6308 has internal LPF and amplifier for a microphone. So, by connecting microphone, speak-
er, speaker driving amplifier and 256K DRAM, recording and playback of voice can be implemented in

the same manner as a tape recorder.

FEATURES

® 4-bit ADPCM algorithm

® Built-in 8-bit AD converter
e Built-in 8-bit DA converter

¢ Amplifier for microphone on chip

® LPF (Low Pass Filter) on chip
e 256K DRAM direct drive capability

¢ Oscillation frequency: 4 MHz ~ 6 MHz

BLOCK DIAGRAM

e Sampling frequency: 4 kHz, 8 kHz
(@ 4 MH2)
* Recording phrase: 1, 2, 4 selectable
® Vocalization time: 16 sec. maximum
(@ 4 kHz)
e Supply voltage: +5 V
® 44 pin plastic flat package

CSEL1
CSEL2
CA1
CA2

TEST1
TEST2

Amplifier 1

AMP1|

Timing
N
Control

]

Channel
Control

DRAM CAS
Control WE
ADPCM
Analysis/ biro
Systhesis

8-bit

e——]

RESET |
XT

XT |
VCK
NCR
SAM
START
BUSY
REC/PLAY

PLAY g
—O-}
Amplifier 2

VbD1
VDD
VpDs Analog voltage
Vsst
Vss2 Analog ground
> As
T A7
Address ! 1
Control |
At
Ao

o

i

REC

Voltage
Follower

AMP10
AMP2|

FILIN

FCUTS

o]
P
[

FiL20
ADIN
DAOUT
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PIN CONFIGURATION

28 ] REC/PLAY

EE LR ooz
- 2 < fﬁ D »n unQ
k% 255 d 23z 2
#| o] 7] [ e eL L L L
NCR | 34 22 | AMP1O
BUSY [35] [21] AMP2I
VCK [36] [20] AMP20
RAS [37] [19] FILPO
WE [@; 18] FILRO
DVpp [39] [17] Voo’
CAS [T_o_ 16 I AVpp
DI/O | 41 15\ SG
As [42]] 14] ADIN
As [43] O [13] DAOUT
Ao [44] 12] sGC
1] o] 1 Lol [l ] =] o] B
< 2 2 2 & g 3 g é e
3 8 ¢ ¢
ABSOLUTE MAXIMUM RATINGS (Vss: = Vsss = OV)
Parameter Symbol Conditions Value Unit
Power Supply Voltage VbD Ta = 25°C -03t07.0 \
Input Voltage VIN Ta = 25°C -0.3toVpp + 0.3 \Y
Storage Temperature Tstg — —-55to + 150 °C
RECOMMENDED OPERATING CONDITIONS
Parameter Symbol Conditions Value Unit
Power Supply Voltage VbD Vggy=Vgg,=0V +4.0to +6.0 \Y
Operating Temperature Top — —40to +85 °C
Oscillation Frequency fosc — 4.01t06.0 MHz
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DC CHARACTERISTICS

Vpp=451t055 Vggy=Vgg,=0V TA=-30 to 70°C

Parameter Symbol Conditions Min Typ Max Unit
“H” Input Voltage " ViH — 3.6 — — \'
“H” Input Voltage ! VIH — 0.8xVpp — — \
“L” Input Voltage ViL — — — 0.8 \
“H” Output Voltage VOH | loH= —40sA 4.2 — — \'
“L” Output Voltage VoL loL=2mA — — 0.45 \
“H” Input Current "3 IHy liH=VDD 1 — 100 7.
“H” Input Current "4 liH2 lIH=VDD — — 10 pA
“L” Input Current L ViL=Vgs -10 - — pA

Note: -1 Apply to input terminals except XT

+2 Apply to XT terminal

+3 Apply to start terminal
-4 Apply to terminal without pull down resistors

PIN DESCRIPTION

Pin Symbol Pin No. 1o Function

DVpp 39 I | Digital power supply terminal
Vpp' 17 1 Digital power supply terminal
AVDD 16 | Analog power supply terminal
DVgs 25 | Digital ground terminal
AVgs 24 | Analog ground terminal
SG 15 | Signal ground terminal

Connect condenser for stabilization
SGC 12 I Connect condenser for stabilization
AMP1| 23 | Input terminal for amplifier 1
AMP10 22 o Output terminal for amplifier 1
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PIN DESCRIPTION (continued)

Pin Symbol Pin No. 110 Function

AMP2I 21 O | Input terminal for amplifier 2

AMP20 20 (0] Output terminal for amplifier 2
This terminal is connected to built-in LPF.

ADIN 14 l Voice input terminal

DAOUT 13 (0] Output of DA converter
This terminal is connected to built-in LPF.

FILPO 19 (0] Output of LPF
Synthesized sound is output from this terminal.

FILRO 18 (o] Output of LPF
Analyzed sound is output from this terminal.
Connect this terminal to ADIN

RESET 27 | By inputting “H’’ level, the inside of the circuit
returns to the early stage.

REC/PLAY 28 | Selection terminal for recording or playback
“H” = recording

START 29 | By inputting ““H’’ level, recording or playback
is started. '

BUSY 35 (0} This terminal outputs “‘H’’ level while recording
or playback.

CSEL1 9 | Terminal for selecting number of recording
words

CSEL2 8 | Same as above

CA1 7 I Terminal for specifying channels when select-
ing 2 words or 4 words

CA2 6 | Terminal for specifying channels when select-
ing 4 words

SAM 30 | Terminal for determining the sampling
frequency

D I/O 41 110 Input/output terminal for 4 bit ADPCM data

Ao 44 o)

A1 4 "0

A2 2 (0]

A3 43 (0]

A4 1 (o} Address terminals of 256K DRAM

As 3 o

As 42 o

A7 5 (0]

As 31 (0]

RAS 37 o Row address strobe for a 266K DRAM

CAS 40 o Column address strobe for a 256K DRAM

WE 38 O | Write enable signal to the DRAM device
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PIN DESCRIPTION (continued)

Pin Symbol Pin No. 110 Function

XT 32 | Crystal oscilliator connector terminal

XT 33 o Same as above

VCK 36 o Outputs sampling frequency

NCR 34 (0] This terminal is used when playbacks contents
of different channels continuously.

FcuTts 26 | Terminal for selecting the cut-off frequency of
the built-in LPF

TEST 1 10 | Terminal for inhouse testing

TEST 2 11 | Same as above




FUNCTIONAL DESCRIPTION

The number of recording words of MSM6308 is selectable either a single word, 2 words or 4 words.
When selecting 1 word, the maximum memory capacity will be 256K bits. When selecting 2 words, 128K
bits are allocated to each channel. When selecting 4 words, 64K bit are allocated to each channel. So
each recording length is limited depending on the capacity of each DRAM.

1. Selection of the Number of Recording Words and the Way to Specify
Channel (CSEL:1, CSEL2, CA1, CA2)

Number Capacitance
CSEL1 CSEL2 of Words CA1 CA2 Channel of Channel
L — . 4 L L CH1
L H CH2 .
H L CH3 64K bit
H H CH4
H L 2 — L CH1 128K bit
— H CH2
H H 1 — — CH1 256K bit

2. How to Select the Sampling Frequency (SAM)

Following is the relationship between oscillation frequency and sampling frequency.

SAM L H

fsamp fosc/1 024 (4 kHZ)* fosc/512 (8 k‘HZ)*

= When oscillation frequency is 4.096 kHz.

3. How to Select the Cut-off Frequency of LPF
The cut-off frequency of LPF is controlled by FoyTs terminal. Please refer to the following chart.

Voice Sampling FcuTs
SAM VCK (Hz) “H” L
L 4 K 23K 1.95 K
H 8 K 38K 29 K

When oscillation frequency is 4.096 kHz.
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4. Function of REC/PLAY and Start Terminals

RECORDING

1. REC/PLAY = ‘“‘H’’ When Recording Using Partial Memory Capacity of the Channel

BUSY

START ————I

Recording

Not being used

Capacity of channel

2. REC/PLAY = “‘H’’ When Recording Using Entire Memory Capacity of the Channel

START —I

BUSY

| S

Automatically stops

Recording

Capacity of channel

PLAYBACK

3. REC/PLAY = *‘L” to Playback the Recorded Contents Once

START

BUSY

Play back

Pulse which is shorter than recording time

Playbacks only
the recorded length
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4. REC/PLAY = ‘L’ to Playback the Recorded Content Repeatedly an& Continuously

START ————l

BUSY
CH1 playback CHz playback

CHz playback

NCR
| |

\

1
o Don’t care

CAi, CAz  CHi X CH X CHe

L

Continuous playback and repeated playback are acheived by maintaining Start terminal at “‘H”’
level. Writing to channel is done when NCR goes low, or when starts playinh back each word.
So chennels will be changed, if ““START" is high, when NCR goes from low to high.

5. Interval of Recording Time

As described up to now, by maintaning REC/PLAY terminal high, recording is achieved for the
length of time of Start terminal is high. Recording time could be longer because the interval of

recording time is for 4K bit.

The interval of recording time can be figured out by the following formula.
(The interval of recording time) = 4K bit/(bit rate [Kbit/sec])[sec]

EXAMPLE

When sampling frequency is 8 kHz, bit rate is
4 bit x 8 kHz = 32K bit/sec.

The interval of recording time is

4 bit/32K bit/sec = 0.125 (sec)
So, the recording time becomes a maximum of 0.125 msec.

START —

Recorded longer

I

INTERNAL
START
Recording time interval

4K bit | |

J

-

! l
\—— 0.125 (sec) when sampling frequency is 8 kHz

I

Recording  (Actual recording time)
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Fixing “L" or “A” level determins

A

VDDs VDDs
As
VpD:
AMP1| A7
AMP10 As
As
Aa
AMP2| A3
A2
FIL1N Al
FIL20 Ao
RAS
ADIN CAS
1 WE
RESET
(=]
START 8 DI/O
=
7]
CSEL1 =
CSEL2
CA1 REC/PLAY
CA2
FIL1O
SAM
FCUTS XT
TESTH
TEST2 XT

Sampling frequency, number of words and cut-off frequency.

As
A7
As
As
A4
A3
Az
At
Ao
RAS
CAS

<
)

MSM41256A (256K DRAM)




OKI semiéonductor
MSM6309

ADPCM SPEECH PROCESSOR FOR SOLID STATE RECORDER SRAM INTERFACE

GENERAL DESCRIPTION

The Oki MSM6309 is a'ADPCM speech processor LSI for solid state recording which is manufactured
using Oki’s low power CMOS silicon gate technology. 64K or 256K static RAM is used to store the ADPCM
data.

The MSM6309 has internal LPF and amplifier for microphone. So, by connecting the microphone,
speaker, speaker driving amplifier and SRAM, recording and playback of voice can be easily implement-
ed in the same manner as a tape recorder.

FEATURES

e 4-bit ADPCM algorithm

e Built-in 8-bit AD converter

e Built-in 8-bit DA converter

e Amplifier for microphone on chip

* LPF (Low Pass Filter) on chip

¢ Direct drive capability for SRAM: 64K 4 pcs
or 256K
1 pce

¢ Oscillation frequency: 4 MHz ~ 6 MHz

e Sampling frequency: 4 kHz, 8 kHz

(@ 4 MHz)

BLOCK DIAGRAM

¢ Recording phrase: 1, 2, 4 selectable

* Vocalization time: 16 sec maximum
(@ 4 kHz)

e Supply voltage: +5V

® 60 pin plastic flat package and

Address
Control

=

Timing
and
Control

START
BUSY
REC/PLAY

SRAM
Control

CSEL1
CSEL2
CA1
CAz

TEST1
TEST2

=

Channel
Control

ADPCM
Analysis/

Systhesis -

-

PLAYg

Amplifier 2

—O~]
Amplifier 1 Filter
REC .
Voltage
Follower

o
a
=
[re

FILRO

ADIN

DAOUT
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PIN CONFIGURATION

60 pin Flat Package

» - 0 5
E §§§|;;§§§|315§§§%§
(<] fe] (R [=1 (*1 <] (<1 (=] (L[] [BL[38] (3] (Bl (3[4
START [47] 30] AMP20
CA1 [48] (28] FiLPO
Che [48] . 28] FILRO
CSEL: [50] 27] sa
csEL [5] 126 sac
ROM [52] 25] ADy
ovpp [53] 23] BaouT
o 8 [4] 23] Avpp
110 7 [58] 122] TEST2
10 6 [56 [21] TEST!
o s [57] [20] REC/FTAY
10 4 [58 19] CEms
o3 |;_: INDEX MARK % ~
10 2 [60] 7] A

10 1 [1]
o] Q

A1E
he [4]
As [5]
As 6]
as[7]
Aelz
A7E:
€& [ig]

in
Ao [12]
Ce:[13]
AtoE
AnE

Aiz{16
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ABSOLUTE MAXIMUM RATINGS (Vss: = Vgsz = 0V)
Parameter Symbol Condition Value " Unit
Power Supply Voltage VDD Ta = 25°C -03t0 7.0 \
Input Voltage VIN Ta = 25°C -0.3toVpp + 0.3 \"
Storage Temperature Tstg — -55to + 150 °C
RECOMMENDED OPERATING CONDITIONS
Parameter Symbol Condition Value Unit
Power Supply Voltage Vbp Vggi=Vgg =0V +3.5t0 +6.0 v
Operating Temperature Top — —40to +85 °C
Oscillation Frequency fosc - 4.01t06.0 MHz
DC CHARACTERISTICS Vpp=4.51t055 Vgg;=Vgg,=0V Ta=-40~85°C
Parameter Symbol Condition Min Typ Max Unit
“H” Input Voltage ! VIH — 3.6 — — v
“H” Input Voltage "2 ViIH — 0.8xVpp — — \
“L” Input Voltage ViL — — — 0.8 v
“H”’ Output Voltage VOH | loH= —40kA 4.2 — — \'
“L” Output.Voltage VoL loL=2mA —_ - 045 |V
“H” Input Current IH1 ViH=VDD 20 - 400 pA
“L” Input Current L ViL=Vss -10 -_ - pA

Note: -1 Apply to input terminals except XT

-2 Apply to XT terminal
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PIN DESCRIPTION

Pin Symbol Pin No. 110 Function

DVpp 53 I Degital power supply terminal

AVpD 23 1 Analog power supply terminal

DVss 35 | Degital ground terminal

AVss 34 | Analog ground terminal

SG 27 | Signal ground terminal
Connect condenser for stabilization

SGC 26 | Connect condenser for stabilization of SG

AMP1| 33 | Input terminal for amplifier 1

AMP10 32 (o] Output terminal for ampilifier 1

AMP2i 31 | Input terminal for amplifier 2

AMP20 30 o Output terminal for amplifier 2
This terminal is connected to built-in LPF.

AD|N 25 | Voice input terminal

DAouT 24 (0] Output of DA converter .
This terminal is connected to built-in LPF.

FILPO 29 o Output of LPF
Synthesized sound is output from this terminal.

FILRO 28 o Output of LPF
Analized sound, original sound is output from
this terminal

RESET 39 | By inputting ““‘H” level, the inside of the circuit
returns to the early stage, viz. stand-by stage

REC/PLAY 20 | Selection terminal for recording or playback
“H” = recording

START 47 1 By inputting ‘““H”’ level, recording or playback
is started

BUSY 44 o This terminal outputs “H’’ level during
recording or playback

CSEL1 50 | Terminal for selecting number of recording
phrase .

CSEL2 51 | Same as above

CA1 48 | Terminal for specifying channels when select-
ing 2 phrases or 4 phrases

CA2 49 1 Terminal for specifying channels when select-
ing 4 phrases

SAM 40 | Terminal for determining the sampling

frequency
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PIN DESCRIPTION (continued)

Pin Symbol Pin No. 110 Function

/10 1 1 110

110 2 60 110

110 3 59 110

:;8 g gg :;8 Input/output terminal for 4-bit ADPCM data

110 6 56 o

o7 55 110

/10 8 54 110

Ao 2 (0]

A1 3 (0]

A2 4 (¢}

A3 5 o

As 6 (0]

As 7 O

As 8 (0]

A7 9 (o] Address terminals of SRAM

As 11 (0]

A9 12 (0]

A10 14 o

A11 15 (0]

A12 16 o

A3 17 (0]

A4 18 o

CE1 10 o]

CE2 13 (o} :

CEs 36 o Control terminals for external 64K SRAM

CE4 37 (o}

CE256 19 (0] Control terminals for external 256K SRAM

WE 46 0 Write enable signal to the SRAM device

ROM 52 I Make ““H”’ level when EPROM is equipped
externally

XT 41 l Crystal oscillator connector terminal

XT 42 o Same as above

VCK 45 (0] Outputs sampling frequency

NCR 43 o This terminal is used when playbacks contents
of different channels continuously

FcuTs 38 | Terminal for selecting the cut-off frequency of
the built-in LPF

TEST 1 21 | Terminal for inhouse testing

TEST 2 22 | Same as above
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FUNCTIONAL DESCRIPTION

The number of recording words of MSM6309 is selectable either 1 word, 2 words or 4 words. When
selecting 1 word, the maximum memory capacitance will be 256K bit. When selecting 2 words, each
128K bit is allocated to each channel. When selecting 4 words, each 64K bit is allocated to each channel.
So each recording length is limited according to the capacitance of each SRAM.

1. Selection of the Number of Recording Words and the Way to Specify

Channel (CSEL:, CSELz, CAs, CAz)

CSELe | CSELs olumber CA2 CAs Channel | Gapacitance
L - 4 L L CHi
H E e 64K bit
H H CHa
H L 2 _ v o 128K bit
H H 1 — - CHi 256K bit

2. How to Select the Sampling Frequency (SAM)

Following is the relationship between oscillation frequency and sampling frequency.

SAM L

H

fsamp fosc” 024 (4 kHZ) *

fosc/512 (8 kHz)*

*  When oscillation frequency is 4.096 kHz.

3. How to Select the Cut-off Frequency of LPF
The cut-off frequency of LPF is controlled by FcyTs terminal. Please refer to the following chart.

Voice Sampling FcuTs
SAM VCK (Hz) “H” “Lr
L 4 K 23K 1.95 K
H 8 K 38K 29 K

When oscillation frequency is 4.096 kHz.
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4. Function of REC/PLAY and Start Terminals

RECORDING
1. REC/PLAY = ‘“H”’ When Recording Using Partial Memory Capacity of the Channel

START ———-—'

BUSY

Recording Not being used
|
Capacity of channel

2. REC/PLAY = *“‘H> When Recording Using Entire Memory Capacity of the Channel

START ——-—l ]——-——

Automatically stops

BUSY Recording

Capacity of channel

PLAYBACK
3. REC/PLAY = ‘‘L” to Playback the Recorded Contents Once

Pulse which is shorter than recording time

START

Playbacks only
the recorded length

BUSY

Play back
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CH1 playback CHz playback CHz2 playback

| 5 5

|
Vo [ v Don't care

CA1,CA2  CHi X on X o A,

NCR

Continuous playback and repeated playback are made by maintaining start terminal at “‘H”’ lev-
el. Writing channel is done when NCR falls down, or the time when starts playbacking each word.
So, changing channel is made by turning it with the time when NCR stands up.

5. Interval of Recording Time

As described up to now, by maintaning REC/PLAY terminal high, recording is made for the length
of time the start terminal is high. Strictly speaking, recording time could be longer by the reason
of the fact that the interval of recording time is for 4K bits.

The interval of recording time can be figured out by the following formula.

(The step of recording time) = 4K bit/(bit rate [K bit/sec])[sec]
EXAMPLE
When sampling frequency is 8 kHz, bit rate is
4 bit x 8 kHz = 32K bit/sec.
The step of recording time is
‘ 4 bit/32K bit/sec = 0.125 (sec)
So, the recording time becomes 0.125 msec longer at most.

Recorded longer

fe-———————
START — -
INTERNAL
START

Recording time interval
Kbt | | |

| i | |
\—— 0 125 (sec) when sampling frequency I1s 8 kHz

Recording  (Actual recording time)
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APPLICATION CIRCUIT |
Interface with a single 256K SRAM
f T
VbD:  VDD2 Vee
F—— AmPil A Ais
I AMP10 A13 A3
i | | =
i | -
AMP2| ! ' 7]
' | <
A1 A1 o
N
FILIN Ao Ao =
~
wn
N
-
FILO D7 Ios 0
[j Ds I 1107 5
% ADIN ' | ! =
§ D1 ! 1102
O RESET @ D 116
. -—O/c = ___0 _‘
O O START tsh WE WE
I_ - — — — 1T — —I -C_E‘256‘__— ! -C‘E.
L—o/c CSEL1 OE
I ! veK Vss
—Q O+ CSELe T
| o NCR 1
| —0 o — car BUSY }
] 0 0 O—+—{ CA2 RFC/PLAY ”)
| : | i
FIL1O AW
| | T
— SAM I
- 00— FCUTS xT 1 L L
| © | TEST: (|
TEST2 XT —11
| i 1 ,E . Vss2 1
l - - |— Vss: S6C s6 Following circuit is recommended
o 11 if enhanced volume and sound
| quality are desired.
1 L I
AMP
FLIO LPF —M)))
Becomes fixed ‘‘H’’ level or “L” level by selection.
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Interface with 4 64K SRAMs
1 1 1 [
VpD: VDD2 Atz a2z Ve b—ae Voo —]a Vece A2 Vee
' | ) i
%——1 —— AMP1I : ! 1 - ! : -
3 s s
£ AMP1O | : 2 f E i = H <
Ao Ao % —— Ao g Ao c Ao g
AMP2! D7 W0s (V0 x [—{UOs v e x
: b3 P8 Pog Pooe
FILIN H ! w L o ! 0 i 0
Do w: e ——uor € wr  © —uen
FIL2O W we Pi—we 2w bf—w D
[ OE o O & | []OE w | % @
Y ADIN = = = H
CE Vss CE Vss CE Vss CE
I __oo—{meser E: T 1 I 1 1
i T, (fZ
5 ——| START CEs
CEas
CA1 J
REC/PLAY
4 2 amp SP
- FIL1O >—(m
XT =
=
Vss. X7
Vss:  SGC SG
£
. < T
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OKI semiconductor

MSM6258/MSM6258V

ADPCM SPEECH PROCESSOR FOR SOLID STATE RECORDER

GENERAL DESCRIPTION

The MSM6258 is a complex and highly integrated ADPCM speech processor, implemented in CMOS
technology for low power consumption. The integrated AD and DA converters make the chip more
self-contained, relieving the need of an external conversion circuitry. The device comprises internally a
DRAM controller permitting the use of DRAMs alternatively to SRAMs and ROMs to store speech data. In
other words, less periphery, thus less system vulnarability. A voice detector circuit and a phrase select
provision are succesfully added features for more performance.

The ADPCM analysis and synthesis block is identical to the popular OKI MSM5218, that is, the bit
overflow protection is included in the interest of improved reproduction quality. The device is offered in
two basic versions, each of which comes in two package types. One is the version designed to be
interfaced with an 8-bit CPU like the OKI MSM80C85, and comes in a 40-pin DIP or in a 44-pin flat
package; the other operates as a stand-alone solution that includes 19 pin-programmable output lines for
memory addressing and chip select in a 60-pin flat package or in a 68-pin PLCC, respectively, to permit
fully surface mount implementation.

MSM6258 accepts 4 to 8MHz master clocks, out of which two sets of sampling frequencies can be
derived. Additionally, the ADPCM bit number is pin-selectable between three or four bits per sample.
When using 256k or TMb DRAMs, the maximum /O time is approximately 17 minutes at a bit-rate of
16kbit/s, while 256k SRAMs offer a little more than a minute of speech, both in their maximum memory
configurations. At the higher bit-rates, 21.2 and 32 kb/s, the I/O times are reduced proportionally.

In case of DRAMSs, the OKI MSC2304 (2-Megabit. module) or MSC2305 (4-Megabit module) are
recommendable for space and cost saving benefits and in the interest of simplified handling. In the
external mode, the built-in 8-bit ADC is looped in that a separate ADC can be connected to MSM6258,
while the accuracy may be between 8 to 12 bits for ‘recording’ speech. When the playback mode is set,
the internal 10-bit DAC will be disabled to permit the connection of an external device at 10 to 12 bits of
resolution.
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FEATURES

¢ On chip analog /O circuits: 8-bit ADC and
10-bit DAC

e ADC and DAC can be looped to connect
external devices

e External conversion from 8 to 12 bits

e Analog or PCM data input

¢ Analog or PCM data output

¢ Selectable voice detector function

e On-chip complex memory timing & control

¢ SRAM interface: 64 to 256kbit (128kbyte max)

* Power-down mode possible with SRAM

interface

DRAM interface: 64K to 1Mbit (2Mbyte max)

Internal DRAM controller/refresh circuit

Playback from programmed EPROMs

Master clock 4 to 8MHz (typically 4.096MHz)

Sampling frequencies 4.0, 5.3, and 8.0kHz

@4.096MHz clock

Selectable ADPCM bit numbers: 3 or 4-bit

¢ Recording and playback monitor outputs

* Momentary pause function during recording
and playback

e o o o o

e 7 phrase channels with individual length
e Two versions: For stand-alone operation
For CPU interface (8-bit)
e Four packaging options for flexible device
mounting
¢ Single power supply + 5Volts (10%)
e Current comsumption: 4mA (@4.096MHz)

10uA during standby

‘ (SRAM interface)
e Operational temperature —40 to +85°C
(Stand-alone version)
e Operational temperature —40 to +85°C
(MPU I/F version)
e Stand-alone version
60 pin plastic FLAT
68 pin PLCC (upon request only)
e MPU interface version
44 pin plastic FLAT
40 pin plastic DIP
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BLOCK DIAGRAMS

A. STAND-ALONE VERSION

CA1 O~ o213 [ pam |13 [G]21|8 Bl=0 40
CA2 O SEH s z {
T <oy 13x16b 8 Q% S
CA3 (- 5323 5x8b 3 2 al=0as
VOICE
VDS DETECTOR ] _5‘1,
VISICK) O— SswiTchl—=] 8-8ITADC ADPCM N 08T DAC |—=0 DAOUT
VR(ADS!) —> Nl ANALYSIS [ b bASO
|AD/%C SYNTHESIS > SOCK
AC Q- 1 T PN @ le———=0 Do
—_— fe—————————(]
WE Q=—ro i 31
_ le———=(
___CASO=— 4 STATUS 8 j’) 5 o4 D§
RAS(OE) 0=~—{ & REGISTERS e |l ~da
D/SRAM Q—> 5 X l=——=%0Ds
PAUSE O— 8’ COMMAND <——_: % f~——>0Ds
4838 O—={ & REGISTERS 9 J«—>0p7
SAM1 O——> § —
SAM2 O- = >0 RECM
VCK P=—o D PLAYM
XT O - RAMS1
XT O » RAMS2
FRST { I\ Iy i ] Msmezse
A A4 Ay A4 A4 A\
ST-SP  OVF(FST) VSS2VSS1 VDO
REC/PLAY
B. MPU INTERFACE VERSION
VIN(SICK) p——=]
(SICK) switcHl—] 8-BITADC ADPCM \ 10-8mpac —=¢) paouT
VR(ADS!) (p——>1 _T\ ANALYSIS DASO
A
=
|AD/EAD #F,_J SYNTHESIS A,g SOCK
AC O—>] Tj‘ 9 =900
s 0—> o D
RD O—={ = STATUS 5
RD o] 8 82 k——=0D3
WR O—= & REGISTERS e |l (D4
DC O—>1 2 < [=—=0Ds
PAUSE 0—> © COMMAND <_: E f~——>bns
483 O—= & REGISTERS S e b7
SAM1 O——>] § -
SAM2 O = D RECM
MPU O—= > PLAYM
XT O——= >0 OVF
XT Pe—o —>D MCK
T | D D U O O G
A A4 cl A4 T~ T A4 A4 A4
'ST-SP VCK  TDS TRS1TRS2 VDS VDO VSS1 VSS2
REC/PLAY
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AN a0

PIN CONFIGURATION

Stand-Alone version MSM6258GSK (GS-K)
60-LEAD PLASTIC FLAT PACKAGE (bottom)

5
5
D3
[ 1REC/PLAY
— .

 JRECM
[ 1vek
—.Y)
D4
A3
—bs
a2
— )

1Al
— 74
— 7Y/
[ 1IAD/EAD
[__1vbs

w

30
D2 [C—IVKSICK)
D1 ———1VR(ADSI)
LN w— [—vss2
{2 I — [cat
LY m— ——cA2
vsst ] —ca3
SAM1 ] MSM6258GSK [ 1FRST
SAM2 [ ——_1vbD
FY: 3 — 1 PAUSE
A ] ST*SP
A0 [ 1 RAS(OE)
XT ] — T
XT ] I—1CAs
D/SRAM | a7

3
N m— O
A2
RAMS2 ]
RAMST [
OVF(FST) ]

MPU interface version MSM6258VRS

A13
4B/3B
YN T 3 —
DASO ]
sock [
N[ e—
PLAYM [

40-LEAD PLASTIC DUAL-IN-LINE PACKAGE (top)

1

17
16

A6 [
AC
DAOUT [

WE

40

D4 [
VeK
RECM ]
REC/PLAY []
D3 ]
p2 [J
D1 [
Do [
vsst []
sAam1 []
saM2 [
Mck [
xT [
xT ]
mpu [
108 ]
TRS2 [
TRS1
OVF E

N 4838 []

o U

MSM6258VRS

] D5

] Dé

] o7
] IAD/EAD
1 vbs
[l visICK)
[} VR(ADSI)
0 vss2
[] voD
[] PAUSE
1] sT-sP
[l oic
] RD
1 cs

WR
g DAOUT
0 AC
[] PLAYM
1 sock

[] DASO

20

21
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MPU interface version MSM6258VGS (GS-K)
44-LEAD PLASTIC FLAT PACKAGE (top)

—— 1w
w
S

33

S

O |[E=—/wr
] RECM
— Yo
— )
—
[ voD
__1INC
[ 1D6
— 7
[ IAD/EAD

D3 [ I INC

D2 ] 1 vI(ADSI)

D1 ] [ 1 VR(ADSI)

|2 ) m— [ vss2
vsst [ [—— 1 vbD
sam1 MSM6258VGS-K [ PAUSE
sam2 1 1sp
MCK [ —

b L — — )

b4 e—— — T
MPU ] | e— ]

1 | 23
SlHTHHNTTE
N N~ L@ OX S ok

Note: Since 17, 39 pin (VDD’) is substrate continuity, short-circuits with VDD in
the outside.

ABSOLUTE MAXIMUM RATINGS
STAND-ALONE & MPU interface version

PARAMETER SYMBOL CONDITIONS VALUE UNIT
Power supply voltage Voo Ta = 25°C —03t0 7.0 Volts
Input voltage Vv Ta=25C |—0.3to VDD+0.3 Volts
Storage temperature T e —55 to +150°C deg C
Maximum permissable loss Py e e 1 Watt

NOTE: Permanent device damage may occur if ABSOLUTE MAXIMUM RATINGS are exceeded. Functional operation
should be restricted to the conditions as recommended. Expomre to ABSOLUTE MAXIMUM RATINGS for
extended periods may affect device reliability.

RECOMMENDED OPERATING CONDITIONS

PARAMETER SYMBOL CONDITIONS VALUE UNIT
Power supply voltage Voo —)— 3.510 6.0 Volts
Ambient range Top —/— —40 to +85 deg C
Oscillation frequency fosc —/— 4108 MHz
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DC CHARACTERISTICS i
(Voo = 5V/10%, Ta = —40 TO +85°C) STAND-ALONE VERSION

(Vop = 5V/10%, Ta = —30 TO +70°C) MPU I/F VERSION

PARAMETER SYMB CONDITIONS MIN MAX UNIT
Operating current Ibp @4MHz 4 mA
Stand by current lps With SRAM, AC = H 10 rA
H input voltage Vine 3.6 \
H input voltage (Note 1) Vinz 0.8 x VDD "
L input voltage Vi 0.8 \")
H output voltage Vou IOH= —40 A 42 \"
L output voltage VoL IOL= 2mA 0.45 v
H input current L Wlt\f}tl)#t puyodswn 10 uA
H input current (Note 2) lin2 W\I/tlthp__l!“ \?ggn 20 400 rA
L input current " VIL = OV —10 5 rA -
Output leakage current o OV < VO < VDD -10 10 uA
DA-output relative error Vbae No-load 40 mvV
AD conversion precision Vaoe VSSIVE XS\%; ov -1 40 mV
ok DS Selacted SV lvsst'S Ve - ov| ® ®
AD S/N ratio* Sn2 12-Bit, full scale 66 dB

Ext ADC oonnected VSS1 ='VSS2 = OV

DA output impedance Roba 12 22 kOhms
VR input impedance Rvr 35typ kOhms
VR input voltage Vyr 09 x VDD| VDD \"
VI input voltage Vui 0 Vvr \
VI input impedance Ry 10 kOhms

*SN=(Mn—1)x6
n = ADC bit number

NOTE 1: Applies to XT
NOTE 2: Applies to ST/SP and PAUSE and MPU
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PIN FUNCTIONAL DESCRIPTION

TERMINAL NUMBER LSI VERSION
PIN NAME 110
40DIP 44FLT 60FLT 68PLCC SA MPU
IAD/EAD 37 35 32 62 ! ©] ©]

In the recording (analysis) mode, this pin selects either the internal ADC or an externally connected
converter.
“H” = internal, “L” = external.

VI (SICK) [ 8 [ 8 | 3 | e ] o | ©

If the internal ADC is selected (IAD/EAD = H), the analog signal coming from a pre-amplifier/low pass
filtter configuration can be input through this terminal.

If an external ADC is selected (IAD/EAD = L), the PCM data clock can be input here.

SICK = [S]erial [lJnput [Clloc[k], as in the case of MSM5218.

VR (ADSI) | 84 | 3 | 2 | 59 | I o | o

If the internal ADC is selected (IAD/EAD = H), this pin accepts the reference voltage for the internal
converter. Nominally, the reference voltage is VDD. thus derivale from the power supply rail.

In the external ADC mode (IAD/EAD = L), this pin functions as the imput for PCM data.

ADSI = [A]nalogue/[DJigital [S]erial [I]n, as in the case of MSM5218.

SOCK ]22|19T1o]38|o|o[o

The terminal provides the serial output clock to shift out the PCM data available at DASO.

DASO | 2o | w8 | 9 [ s | o [ o | o©

The recuperated PCM data is output here in the record and the playback (synthesis) mode.
DASO = [D]igital/{A]nalogue [S]erial [O]ut.

DAOUT L25|22l15|43|o]o|o

Voice signal output terminal. DAOUT provides ground level during stand by (AC = H), in order to minimize
the current through an eventual transistor amplifier stage. Note, that a “pop’’ noise appears when the
level goes to ground. In case of the SA version, when AC is changed from H to L, DAOUT raises from
GND to VDD/2 within 16 msec. In case of the MPU version, when recording or playback is suspended
by stop command, this terminal maintains the level when suspended. By start command, recording
or playback is started. At the same time this terminal changes 1/2 VDD level. During recording (analy-
sis), trllis terminal monitors the analog input with a slight delay, being useful to measure with a scope
in real time.
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PIN FUNCTIONAL DESCRIPTION, continued

TERMINAL NUMBER LS| VERSION
PIN NAME /0
40DIP 44FLT 60FLT 68PLCC SA MPU
AC 24 21 14 42 [ O O

A “H” level applied to this pin initializes the entire internal circuitry (reset function), and causes the
DAOUT output to return to ground level. MSM 6258 provides power-on reset, setting AC initially H.

SAM1 10 6 53 18 ! @) ©)
SAM2 11 7 54 19 | O O

The logic levels on these two pins determine the sampling frequency as follows:

SAM1 SAM2 SAMPLING @fosc =
FREQUENCY 4.096MHz
L L fs1 = fosc/1024 4.0 kHz
H L fs2 = fosc/768 5.3 kHz
L H fs3 = fosc/512 8.0 kHz
H H invalid invalid

The maximum recording playback times are calculated by:

disposable memory capacity [kbit]
fsample x ADPCM bit number [kb/s]

VCK 2|42L42|5ToioLo

Outputs the sampling frequency (Voice Clock) selected at SAM1 and SAM2 for further control tasks to
peripheral circuits, if required. The dW ratio is 50%, while VCK is output during AC = L, when interfaced
with DRAMs and the MPU version. When the SA version is interfaced with SRAM, VCK is output during
recording and playback and not during standby. During AC = H, VCLK is $.

[sec]

PLAYM ]23]20]12[4010[00

During the activated playback (synthesis) state, this pin outputs an “H” level for the duration of the
operation. During recording (analysis), a “L” is provided.

RECM T3[43|43 6 o) o )

This terminal outputs L, H, or a 2 Hz pulse depending on the state of operation:
1. During playback = L
2. Stand by during recording = L
3. During recording = H
4. During pause or voice detection = 2 Hz pulse

RECPLAY [ - [ - [ 4 | 8 [ o | x

Selects recording (analysis) or playback mode (synthesis). “H” = recording, “L” = playback.
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PIN FUNCTIONAL DESCRIPTION, continued

PIN NAME TERMINAL NUMBER o L1 VERSION
40DIP 44FLT 60FLT | 68PLCC SA MPU
OVF(FST) 19 15 5 ™ 5 = S

1. OVERFLOW INDICATOR. During recording and playback, an H is output if frequency of waveform
exceeds 80% of dinamic range.

2. FLAG STATUS INDICATOR. This is a monitor output related to the phrase channels, operable in stand
by only. If a selected channel does not contain voice data, an L is output. If data is present, an H is
provided. Since the MPU I/F version omits the phrase channels, this function applies to the stand-alone
version exclusively.

D/SRAM | - [ - ] e [ 22 | 1 [ o ] x

Selects the DRAM or SRAM interface. “H” = DRAM, “L” = SRAM (EPROM).

%(ﬁ)(—[—[zo]4a|o]o|x

This is the Row Address Strobe signal for the DRAM interface (D/SRAM = H), or the Output Enable
signal for the SRAM interface (D/éRAM =L).

CAsS | - | - ] =8 [ 4 | o | o | x

CAS on MSM6258 is output monitor pin for column address strobe timing. Please do not connect
the CAS pin of DRAM directly to this pin. Only high order address bits are connected to DRAM
CAS signal.

WE | - [ = ] % [ 4 | o [ o [ «x

Provides the Write Enable signal either to the DRAM or to the SRAM memories.

VDS I—’—(31L61|IlO|X

The level at this pin selects or deselects the Voice Detector Function, “H” = on, “L” = off. The voice
detector. may be compared with an auto-start recording upon detection of a sufficient voice signal level.

FRST [ - [ - 24 [ s [ 8 X

Resets the flag of a selected phrase channel when the flag status is H. Only operable during stand by.
Also refer to OVF (FST) description.
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PIN FUNCTIONAL DESCRIPTION, continued

TERMINAL NUMBER LSI VERSION
PIN NAME o
40DIP 44FLT 60FLT 68PLCC SA MPU

DO 8 4 50 15 YO @) O
D1 7 3 48 13 /1O ©) @)
D2 6 2 47 12 /o] O @)
D3 5 1 46 10 /0 (@] O
D4 1 M 40 5 [/[e] O (@]
D5 40 40 38 1 /o O @)
D6 39 37 36 66 7{e] (@] O
D7 38 36 34 64 /0 O @)

This bi-directional data bus conveys the ADPCM-coded data to and from the memory. One byte consists
of two nibbles in the 4-bit ADPCM data format. Also in case of 3-bit data format two nibbles are
presented, but the LSB of each is always externally pulled-down. The MSB of every nibble indicates
whether the input waveform is ascending (MSB = O), or descending (MSB = 1). DO to D7 output or
input a pair of ADPCM nibbles during every sampling period, which is VCK.

The MPU I/F version additionally uses the data bus to call and send command and status data.

ST-SP - | - ] a2 ] s | 1 | o [ x

This is a pulse input commencing START and STOP of either recording or playback. When the LSl is
reset, and a pulse applied, recording or playback commerce at the raising edge of this pulse. Any
operation is cancelled at the raising edge of another pulse applied to this terminal. In applications, this pin
is connected to VDD via a momentary switch. If not, the pulse width should be at least 2usec long. The
input is internally pulled-down.

PAUSE [ - | - [ = T s ] 1 o | x

When momentarily connected with VDD, the recording or playback operation is temporarily suspended.
The input is internally pulled-down.

XT 14 10 59 25 o) e O
XT 13 9 58 24 I o) e)

#*
These are the crystal connectors. When the clock is to be applied from an external source, XT is used to
input the signal while XT remains open.

119




PIN FUNCTIONAL DESCRIPTION, continued

PIN NAME TERMINAL NUMBER " LS VERSION
40DIP | 44FLT | 6OFLT | 68PLCC SA MPU
RAMS1 n = | = <
RAMS2 - - 3 0 | S X

In connection with terminal D/S, the logic levels on RAMS1 and RAMS2 (RAM SIZE) determine the type
and capacity of the memory chips as follows:

D/SRAM RAMS1 RAMS2 MEMORY
H L L 64k DRAM (including 41464)
H H L 256k DRAM (including 414256)
H L H 1Mb DRAM
H H H prohibited
L L L 64k SRAM
L H L 256k SRAM
L L H AO TO A18 BINARY
L H H prohibited
4B/3B [ 20 [ 1 | 7 [ 3 [ 1 0 1)

The logic levels on this pin determine the ADPCM data format:
“H” = 4-bit ADPCM, “L” = 3-bit ADPCM.

CA1 27 57 I o} X
CA2 - - 26 56 ! O X
CA3 25 55 | @) X

The address inputs to select the recording and playback phrase channels. Up to 7 channels can be
selected, while the code LLL, corresponding to channel 0, is reserved for reading data from EPROMs, or
for use of the memory attached without channel separation.

The condition that permits recording on a channel n with FST = L is that the flag of the upper priority
channel n-1 is H.

Priorities: CHANNEL 1 > 2 >3 >4>5>6>7

CHANNEL CA1 CA2 CA3
0 L L L
1 H L L
2 L H L
3 H H L
4 L L H
5 H L H
6 L H H
7 H H H

The MPU I/F version omits the phrase channel provision.
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PIN FUNCTIONAL DESCRIPTION, continued

TERMINAL NUMBER LSI VERSION
PIN NAME /10
40DIP 44FLT 60FLT 68PLCC SA MPU

A0 33 63 o O X
A1 35 65 0] O X
A2 37 67 o} O X
A3 39 2 (@) (@] X
A4 41 4 o @] X
A5 44 7 (¢} (@] X
A6 49 14 o (@] X
A7 51 16 o (@] X
A8 55 20 o (@) X
A9 — — 56 21 (o} (@] X
A10 57 23 o (@] X
A1 1 28 (@) O X
A12 2 29 (o) O X
A13 6 33 o (@] X
A14 8 35 (e} O X
A15 1 39 (o} O X
A16 13 41 o O X
A17 17 45 o (@) X
A18 19 47 (o} (@] X

Address outputs to external RAM. Depending on which type of RAM and RAM capacity is used, the bus
provides the number of required addresses, while not required lines operate as chip select outputs
(Active = 0). In other words, the pins RAMS1 and RAMS2 program the address bus AQ to A18

MEMORY TYPE ADDRESSES CHIP SELECT
DRAM 64k AQ TO A7 A8 TO A18
DRAM 256k A0 TO A8 A9 TO A16
DRAM 1Mb A0 TO A9 A10 TO A1
SRAM 64k A0 TO A12 A13 TO A18
SRAM 256k A0 TO A14 A15 TO A18
Maximum configuration of memory chips:
MEMORY TYPE 4-BIT ADPCM 3-BIT ADPCM
DRAM 64kx1 11SETS OF 8PCS [88] 11SETS OF 6PCS [66]
DRAM 64kx4 11SETS OF 2PCS [22] 11SETS OF 2PCS [22]

DRAM 256kx1
DRAM 256kX4

8SETS OF 8PCS [64]
8SETS OF 2PCS [16]

8SETS OF 6PCS [48]
8SETS OF 2PCS [16]

DRAM 1Mbx1 2SETS OF 8PCS [16] 2SETS OF 6PCS [12]
SRAM 64k 6 PIECES 6 PIECES
SRAM 256k 4 PIECES 4 PIECES

The MPU I/F version omits the address bus A0 to A18.
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PIN FUNCTIONAL DESCRIPTION, continued

TERMINAL NUMBER R LSl VERSION
PIN NAME /o] -
40DIP 44FLT 60FLT 68PLCC SA MPU
VDD 32 29 23 52 | O O
Power supply pin, nominally 5 Volts.
VSS1 | 9 | s 52 17 ] ] O 3
Digital ground pin, nominally 0 Volts.
VSS2 | 8 | 3 [ 28 58 I ¢ ¢

Analog ground pin, nominally 0 Volts.



PIN FUNCTIONAL DESCRIPTION FOR MPU I/F ORIENTED 1/0Os

TERMINAL NUMBER LS| VERSION
PIN NAME /0
40DIP 44FLT 60FLT 68PLCC SA MPU
MPU 15 1 - - I X (@]

Selects the MPU intérface. When H, the internal circuitry is set to communicate with an external CPU.
Since the input is internally pulled-down, make sure to ‘apply a H.

cs 27 s | - [ - I | x ] ©

A chip select input. When receiving a L, the MSM6258 can communicate with the CPU. When set to H,
the data bus goes on high impedance, thus disabling read & write functions.

MCK [ 2 | 8 | - [ - [ o |J x ] o

rSIynchronization signal to the CPU. During recording and playback, a frequency of fsample/2 is output
ere.

RD | 28 | 24 | - ] 4 | 1 ] x | O

When this pin is L, the CPU can read the ADPCM coded data or status data of the MSM6258.

WR ]26|25|-|48]||x|o

At the L to H transition, the CPU can write ADPCM data or command data into the MSM6258.

D/C [29T26—[—|—]I]X|O

When Zglected H, the data bus provides ADPCM data; when L, command or status data can be
accessed.

TDS 16 12 | X O
TRS1 17 14 ! X O
TRS2 18 13 | X O
TSP 30 27 - - | X O
TRP 4 44 | X O
TVD 36 34 | X O

These are test inputs for factory testing. The three terminals must be grounded during normal operation.
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HOW TO CONTROL EXTERNAL ADC & DAC

Internal and external modes are related to signal conversion:

MODE IAD/EAD = H (INTERNAL) IAD/EAD = L (EXTERNAL)
VI(SICK) VI (Voltage Input) SICK (Serial Input Clock)
VR(ADSI) VR (Reference Voltage) ADSI (Analog/Digital Serial Input)

External DAC

The straight binary (PCM-coded) data is fed into the MSM6258 through terminal ADSI, while the data
clock must be applied to SICK. As a result, every bit coming from the external ADC is shifted into the
speech chip at the raising edge of every clock-in pulse. In case less than 12 bits are provided, the
remaining lower order bits (LSB) must be clocked in as zeros. However, usually an external ADC of more
than 8 bits will be employed to boost up the speech quality.

Timing charts (fosc = 4.096MHz)

External Analogue-to-Digital converter

] 1 DATA LATCHED
Ve INTO MSM6258
| INT

ADSI MSB, LSB
25B 35B4SB 10SB11SB

SICK 4 I
N l—{}@

>2us >2us

External Digital-to-Analogue Converter

VCK ‘ 1
DASO LSB
MSB2SB 3SB 10SB11SB
SOCK
7.8us t<—3.9Us
(fosc = 4.096 MHz)
External DAC

During playback, recugerated straight binary PCM coded data is output by terminal DASO, while the data
clo'ck is available at SOCK. Every bit of the PCM pulse train is valid upon the falling edge of the clock-out
pulses.

The effort that an external DAC involves is worth while only under the condition that an external ADC of a
higher resolution than 8 bits is used at the input.

MSM6258 does not accept u-LAW or A-LAW companded PCM data, and also does not satisfy CCITT
G.721 recommendation. Therefore, the device cannot fully replace an ADPCM CODEC.
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RECORDING INSTRUCTIONS (For Stand-Alone Version)

1. Select the desired sampling frequency at pins SAM1 and SAM2.

2. Set the REC/PLAY pin to “H” to determine the recording mode.

3. Set the phrase select pins CA1 to CA3 in accordance with the channel priority.
4. The flag of the selected channel is outgut at pin OVF(FST) (Note).

5. Commence recording by pressing the ST-SP momentary button.

NOTE: When the selected channel flag if “H”, it is indicated that the channel is already recorded. The
available recording time for a new input is identical to the duration of the previous recording length, and
ends automatically when the pre-recorded data boundary has been reached, followed by an internal
reset.

The ST-SP input has no effect during recording. In other words, the recording operation cannot be
suspended intermediately once commenced.

When the selected channel flag is “L”, (can also be set to L by applying a H pulse to the input), recording
time is freely available until ST-SP is pressed again. However, if the recording merges into another
alr)eady recorded channel, playback of this intruded channel becomes impossible since its flag is reset

In brief:
FST=H FST=L
RECORDING 1 2
PLAYBACK 3 4

1 = The recording time is the same as the previous.

2 = Recording time is variable.

3 = Playback time as previously recorded.

4 = Playback impossible when data from previous channel has merged.

PLAYBACK INSTRUCTIONS

1. Set REC/PLAY to ‘L.

2. Select the desired channel to be reproduced.

3. Make sure that the OVF (FST) pin outputs ‘H'. If ‘L’, playback is not possible (see table above).

4. Input a pulse through ST-SP to commence playback.

5. Playback stops automatically when the time of the recording has elapsed, or can be interrupted any
time by another pulse to ST-SP.
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START/STOP/PAUSE TIMINGS

1.) RECORDING (FLAG = L)

a: STARTand STOP

START STOP
ST-SP L

FLEXIBLE RECORDING TIME

b: TWICE PAUSE DURING OPERATION

START STOP
ST-SP 1 !
PAUSE 1 -
' TEMPORARY » RESTART
¢: ONCE PAUSE DURING OPERATION
START STOP (PRIORITY)
ST-SP 1
PAUSE 1
‘ STAND BY
' TEMPORARY STOP

d: PAUSE DURING STAND BY

START STOP
ST-SP Il 1
PAUSE 1 __ |
INVALID INVALID
2.) REC/PLAY = H (recording), FLAG = H
STOP
ORIGINAL LENGTH OF SELECTED CHANNEL AUTO-RESET
- f—] STOP & RESET
TOP
START 1 L STo
INVALID
3.) REC/PLAY = L (PLAYBACK), FLAG = H
START ORIGINAL LENGTH OF SELECTED CHANNEL END OF PLAY
ST-SP 1 STOP
START STOP
ST-SP L
STANDBY MODE

NOTE: PAUSE timings at 2.) and 3.) are idenfical with 1.) b,c,d.

4) REC/PLAY = L (PLAYBACK), FLAG = L

The LSl is in Stand by condition,
and does not permit playback.
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POWER-DOWN REDUCTION MODE

During stand by, the internal oscillation circuit automatically stops the operation and validates the
power-saving mode. This mode can be entered under the condition that the SRAM interface is set (D/S
= L).When the master clock is 4.096MHz, the start-up period after cancellation of the power-saving
mode by a START pulse lasts 20 to 30 ms until the oscillator stabilizes.

HOW TO USE PHRASE CHANNEL “0” (Stand-Alone Version)

[1]. Phrase channel “0” is effective for reading EPROM resident ADPCM coded speech data into the
MSM6258. The EPROMs may have been programmed previously by a SAS1A or AW101 development
system.

When channel “0” is selected (CA1 to CA3 = L L L), all address outputs from AO to A18 are initialized to
all “0”, and commence counting up the binary addresses upon receipt of a pulse to the START input.
Condition: RAMS1 = L, RAMS2 = H, D/SRAM = L, refer to pin descriptions. Playback of certain words
or word groups can be implemented by external individual control of the CE inputs of the EPROMs.
However, this demands adequate editing of speech data prior to writing the EPROMs. In the interest of
best reproduction, the MSM6258 should be set at the same sampling rate at which the data was recorded
and stored in the memories.

When channel “0” is selected VDS (voice detector) input goes to L.

PLAYBACK INSTRUCTIONS:

a. Set “REC/PLAY” to “L”.

b. Select channel 0 by setting CA1 to CA3 to “L L L”.

c. Make sure that “OVF/FST"” output is H, otherwise playback is impossible. If necessary, reset the chip.
d. Apply a pulse to “ST-SP”, and playback commences.

e. Suspend playback with another pulse to START/STOP.

[2]. When DRAM or SRAM memories are interfaced with MSM6258, the selection of channel 0 gives the
user the totally available memory area without channel separations.

SPEECH DEVELOPMENT SYSTEMS

Right top: SAS1A records, replays, edits speech DO D1D2D3 D4 D5 D6 D7

data, and writes ADPCM coded data into 64 to

128k EPROMs. It also copies written EPROMs. l n | | n+1 | Me2ss
A microphone and a line input are provided. [ n+2 IR n+3 ]

Right bottom: The latest development system
AW101 performs the same functions as SAS1A,
but can be linked with a floppy drive, and has a
HEX keyboard for comfortable operation. It .
writes EPROMs from 64k to 512k.

n+1

} SAS

—
S -

n+3 n+2
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SWITCHING CHARACTERISTICS

MPU I/F VERSION

(VDD =4.5V to 5.5V, Ta = —40 to +85°C, fosc = 4.096MHz, fsample = 8.0kHz)

PARAMETER SYMB MIN TYP MAX UNIT

VCK high period note 1 tVH - 1/fs x 0.5 - us
VCK low period note 1 tvL - 1/fs x 0.5 - us
MCK high period note 2 tMH - 39.1 - us
MCK low period note 3 tML - 210.9 - us
VCK raise to MCK raise time note 2 tvM - 19.5 - us
Set up time in respect to MCK fall tRMS 15 - - us
(when reading ADPCM data) note 2

Hold time in respect to MCK fall tRMH 55 - - us
(when reading ADPCM data) note 2

Set up time in respect to MCK fall tWMS 70 - - us
(when writing ADPCM data) note 2

Hold time in respect to MCK fall tWMH 2 - s - us
(when writing ADPCM data) note 2

RD pulse width tRR 250 - - ns
D/C set up time in respect to RD fall tDCR 50 - ns
D/C hold time in respect to RD raise tRDC 100 - - ns
CS setup/ hold time in respect to RD tCR 50 - ns
Data stabilization time after RD fall tDRE - - 200 ns
Data floating time after RD raise tDRF 10 - 200 ns
WR pulse width tww 250 - - ns
D/C set up time in respect to WR fall tDCW 50 - - ‘ns
D/C hold time in respect to WR raise twDC 100 - - ns
CS setup/ hold time in respect to WR tcw 50 - - ns
Data set up time in respect to WR raise tDWS 100 - - ns
Data hold time in respect to WR raise tDWH 150 - - ns
AC fall to START command input note 2 tAS 16 - - ms
START command input set up time tWVS 4 - 120 us
in respect to VCK raise note 2

STOP command input hold time tWVP 4 - 120 us
in respect to VCK raise note 2

VCK fall to RECM raise tVRR 0 - 2 us
VCK fall to RECM fall tVRF 0 - 2 us
AC fall to DAOUT = 1/2vDD note 2 tDAS - 15.6 - ms
START command input to PLAYM raise tWPR 0 - -4 us
"STOP command input to PLAYM fall note 2 tWPF 0 - 2 »s
Time from STOP command input to note 1 tspt 260 _ _ 8

START command input

NOTES:
1.) Directly proportional to fsamp
2.) Directly proportional to fosc

3.) Sampling frequency x 2 — tMH
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STAND-ALONE VERSION

(VDD =4.5V to 5.5V, Ta = —40 to +85°C, fosc 4.096MHz, fsample = 8.0kHz)

PARAMETER SYMB MIN TYP MAX UNIT
AC pulse width tACP 2.0 - - us
ST-SP pulse width tSTP 2.0 - - us
PAUSE pulse width tPAP 2.0 - - us
FRST pulse width tFRP 2.0 - - us
ST-SP input to RECM raise (DRAM I/F) tDRR - 16.3 - ms
Oscillation start to RECM raise (SRAM) tSRR 56:2 - 70 ms
Oscillation start to DAOUT active (SRAM) tXDS - 40 - ms
STOP input to RECM fall tSRF 0 - 32 ms
VSS to 1/2VDD transition time at DAOUT tDAR - 16 - ms
RECM/PLAYM “L" to DAOUT = VSS tDAF 0 16 32 ms
START pulse input to PLAYM raise tSPR 0 - 4 us
STOP pulse input to PLAYM fall tSPF 0 - 4 us
PLAYM “L” to next replay START pulse tPRS 35 - - ms
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TIMING CHARTS

MPU interface version

VCK

MCK
ADPCM DATA
FROM MSM6258

bic

RD

cs

(4]

WR

DO~D7

VCK

MCK

ADPCM DATA
TOMSM 6258

D/C

WR

tvMm TMH T—L——_‘l——l-
T tRMS tRMH ' |
TN v X—
T
tCR \'ti'a" tC:i

///////////////////////////////7))\‘—

R AYA

WRITE TIMING (playback or command data input)

H {DRE tDRF
o
ZZZ%'L Valid ﬁ/]//}yy/l}////////////b(va'w
- w)‘ _ X
o \_/
[T T TN /
H ows | owH
-O—
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AC — AS
= 1\
v LML mUmL Ly sigigigigigininliy!
oic
— wysLf {we T U U
- T Es !
b START ! I \\ STOP | START U SJOP
1}
I — ﬂ__Lﬂ n_n.
tVRR TVRF
FECM I | U
o s 0 ~—
D1 S C (JL / Q.I_"_\J G {A—
D2 S G \; ”\I' T \I} a.l*
03~-b7 s {0 : Ot O—AO——
VoD 1/2VDD
DAOUT ‘/\/\‘
GND|
tDAS DAOUT vaiid IDAOUT valiid
RECORDING TIMING
J— tAS
AC . i
VCK
g I Ay l|_ L qmmm_
D/
W u tWVs tWVP U——LJ L_|
|f U |- ] [
B START STOP_START U‘]é’TOP
H
MCK Mn___J1 M m___n m
tWPR_[ | — " weF
PLAYM LWPF [
Do Y, N r——_O—
D1 M\ 0 0 0
b2 A 00— 'y,
\Wg -
gt
D3~D7 v, O O—10 Ov
VDD
DAOUT — W
GND
1DAS DAOUT valid DAOUT valid
PLAYBACK TIMING
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Stand-alone version

1.Recording Timing, DRAM I/F, VDS = “L”

ST*SP l START

tSTP
pLd BT
ST*SP ﬂ START ﬂ sToP
1SRF —=f—e—
RECM tDRR
VCK ------”"" ----------------------------- I“ ” ---------
vDD
Ir- N N
DAOUT —|— — Jna £ VL \—/e — — — — = = _\/i\ﬂf____
N
\\ N N
. N
GND > =
tDAR tDAF
NOTE: When “VDS” 1s H, the pin RECM outputs a 2-Hz pulse during voice
detection.
2. Playback Timing (DRAM I/F)
tSTP
_.!_4__
STOP RE-START

tSPF

e—1tSPR
PLAYM

tPRS '.___.

VCK ------”I”l ----------------------------- ' ”" -------------------
vDD
‘DAOUT __,\/VZ\/:/_\ ______ ___V][Wl\______
N
'I N
N N
GND B N
tDAR tDAF
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3. Recording Timing, SRAM I/F, VDS = L

tSTP
rn
ST*SP I ISTART | ISTOP
, OSC START
b
XT.XT T - -
— 7S OSCILLATION ! ! OSCSsTOP
SRR >l le— tSRF
RECM _J
VCK ”l" ------------------ m—- --t
tXDS
vDD
oAOUT — — — — |- — AL - - — NS e
lAAAf\ ~
N <
GND
tDAR {DAF
4. Playback Timing, SRAM I/F
tSTP
——
r"
ST*SP START |1 STOP RE-START
OSC START
le—
XTXT — L -
<] OSCILLATION H + OSCSTOP I<
tSPR tSPF e
A tPRS

PLAYM ] J——
N - AL

VvDD*

/

~
z ~
DAOUT - * [q 7‘ \7\\\\\ - /\
GND =

tDAR tDAF




HOW TO USE THE DATA BUS (MPU I/F Version)

1. The data bus designations are explained by the following table:

cs D/C RD WR Operation
L H L H ADPCM data output
L H H L ADPCM data input
L L L H Status data output
L L H L Command data input
- H X X X High impedance
2. ADPCM data composition on the bus:

BUS LINES: Do D1 D2 D3 D4 D5 D6 D7
4-BIT ADPCM: BOn Bin B2n B3n | BOn+1 | Bin+1| B2n+1 | B3n+1
3-BIT ADPCM: XX BOn B1in B2n XX | BOn+1|Bin+1 | B2n+1

4-BIT ADPCM 3-BIT ADPCM

B3 = Sign Bit B2 = Sign bit

B2=MSB B1=MSB

B1=2S8B BO=LSB

BO=LSB

Sign bit = 1: Waveform descending

Sign bit = 0: Waveform ascending

3. Command input structure on the data bus:

Do D1 D2 D3 D4 D5 D6 D7
SP PLAY | REC P4 P3 P2 P1 PO
ST ST

CONDITION: CS =L, D/C =L, RD=H, WR =L

SP: terminates recording or playback
PLAY ST: commences playback
REC ST: commences recording
PO to P4: set the initialization pointers. (Normaly setto “L”)

NOTE: Do not input SP command during PAUSE.

4. Command data direction:

command
CPU MSM6258
5. Status output structure on the data bus: X
Do D1 D2 D3 D4 D5 D6 D7
P2 P3 P4 XX VOICE | REC/

) P1

PLAY

CONDITION: CS =L, DIC =L RD=L WR=1L
PO to P4: set initialization pointers

VOICE: L = mute
= voice present

%

REC/PLAY: H = during recording operation
L = during playback operation

6. Status data direction:
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HOW TO MEASURE IDD

VDD
A \DD
VIH
(36V) VDD
A VR
. A18 |
vi A7 |
A16
A5 |
Ata -
A13
REC/PLAY A2~
@ sT-sP { -
PAUSE A0 -
AC [
o7 |
® = > Open
g WE
VDS @ -
© -
IAD/EAD é Do |-
M _
D/SRA set
RAMS1 WE
RAMS2
FRST
DAOUT |~
CA1
cA2
CA3
I»—_L—— XT
a
[ 5
SAM1
SAM2
vSS1  VSS2
' =
VIL (0 8V) =
I.——l ------- 36V
AC
J———[ —————— 3.6V
ST-SP

J

PERIOD TO MEASURE IDD

08V

o8v




PACKAGE DIMENSIONS

68-pin QUAD PLCC (MSM6258JS)

2,29
e 1,07 PIN1 —*3,30
° —
1.48 INDEX MARK 5,51 MIN
1,53 MIN — 033
® % @ = @B BC | 04177
bhoopnoondodonnnad 1,07 & 0,53 @“--
¥ b® e Il
: T b =
g b e
q b
q 1 = {_11_,56
q b =
d b =
: —— e ;_ = 22,61
d b — 23,62
d 1 =
q h =
g b =
g b — 11,56
j o b =
g ' b 0,66 =
| F® 0,81 ‘t_ ==
WUUIJU'UUUIF‘HUUHIJUU "
420 | APEX|REF
—:%% e f— 505°| APEXOFLEADSTOBE
7| [BLal Bc Joss]
25020 ——
12,510
12,635
| 24,130
24,332
12,085
12,166 FOOT-PRINT LAYOUT 68-LEAD PLCC
0,25 MIN.
0,6-0,76 1,27
= —E | l[l 3“]
= 24,130 = i
24,332 g ’ g
20 ]
TYP 25,020 ‘
T 25,270 o —— — Y
] | &
12065 | 42510 & l
12,168 | 92635 P !
l r::ln nn '
oot 0aa
23,12 l
1
Rth (JA) 53°CW
Lead frame:CulAoy ALLDIMENSIONS ARE IN MILLIMETERS %‘&
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CONNECTION DIAGRAM AND CONTROL TIMING FOR DRAM
A. How to connect DRAM

The are 5 kinds of DAM’s that can be connected to the MSM6258:
64K x 1-bit, 64K x 4-bit, 256K x 1-bit, 256K x 4-bit and 1M x 1-bit.

However plase connect as follows:

Type of ADPCM bit length Input/Output X 4-bit DRAM 1-bit DRAM
4-bit Use pin 8 Every even number A multiple of 8
3-bit Use pin 6 — A multiple of 6

B. DRAM REFRESH — The way to referesh DRAM is by RAS only refresh, and so almost
all DRAM’s can be used with the MSM6258.

The MSM6258 has A0 to A18 address pin and if a specific type of DRAM is selected, upper order address bits (A8 to
A11) are used as CAS signal. They also play a role of chip select.

DRAM driving timing of selection of 64K DRAM is shown below.
(diagram 1 to 3)

Timing for DRAM memory

Ao TUu gy
Ao U000 00O
he OUOoU  U0O
STAND BY * 16.8 SEC. 16 8 SEC \1/ 16.8 SEC ;i

64K DRAM SELECTION
tOSC = 4.0MHZ
tSAM = 7 8KHZ

DIAGRAM 1, TIMING OF HIGHER RANK ADDRESS

e 54 <« 4
A10
e I
As
oy I
he a ]
50 4
*‘—’”‘—‘ UNIT.U SEC.

DIAGRAM 2, ENLARGED TIMING OF DIAGRAM 1
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VCK

A8

I_4_2_I

—l—

N I I R I I s e e e L

4
-

AQ~A7 X RN X RAN+1 X RN+2 X

X Rrow X coLuMN X RN+3 X

WE

REFRESH ADDRESS CHANGE

' 8 12

(WHEN RECORDING)

INTERNAL TIMING

i)

(WHEN PLAYING BACK)

REFRESH

N

DATA READ/WRITE \] REFRESH

/r

DIAGRAM 3, DATA READ TIMING OF MSM6258

C. RAM selection and DRAM type that can be used.

Following chart shows the combination between DRAM
Type and addresses when D/SRAM terminal is “‘H’’ level and DRAM is selected.

Oki’'s equivalent Address Chip Select
RAMS1 RAM2 DRAM Type parts No. Terminal Terminal
64K x 1-bit MSM4164
L L Ao~ A7 As~Ais
64K x 4-bit MSM41464
256K x 1-bit MSM41256
H L Ao~ As Ao~Ais
256K x 4-bit MSM414256
L H 1M x 1-bit MSM411000 Ao~ A9 Ato~A11
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CONTROL TIMING FOR SRAM

Timing for SRAM Memory

Ny

A15

A1s

A13

STAND BY .| 2sEc _L 2 SEC. _L 2 SEC. J
64K SRAM SELECTION
DIAGRAM 4, CHIP SELECT TIMING fosc = 4.0MHz

fsam = 7.8kHz
| 64 I 64 |
‘._10___[

i X X

(WHEN RECORDING)

- oo
|

MSM6258
DATA READ
TIMING
52
52
-_— UNIT: MICROSEC
OE “H* WHEN RECORDING

“L” WHEN PLAYING BACK

DIAGRAM 5, DETAILED TIMING
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HOW TO RE-RECORD

MSM6258 has protection function for each recorded channel. So to re-record, and to extend the length of recording,
the protection function has to be turned off for each subsequent channels. For example, if CH-1 is to be extended then

CH-2 protection flag is cancelled by activating, the ‘‘flag reset” pin (FRST =H).

Below is a sequence to record over and change the recording lengths 6f channel 2-4 after the channel links and lengths
had been established. Please note that each channel has an override priority. That is, if CH-2 protection flag is reset
and the new length of CH-2 is longer than before, it will extend into CH-3 area even if CH-3 protection flag is set.

1. Select channel 2 and reset the ““flag” of channel-2 by “FRST” ((b))

2.

Record again on channel 2. At this time, FST is low and so input beginning and ending pulse for ST/SP pin is need-

ed. At this stage, recording time of channel 2 is prolonged, FST signal of channel 3 will automatically be low but

at the same time, channel 3 will not be able to be recorded, ((c)).
(2) is an example where channel 3 was selected and that it was recorded again so as not to extend into channel-4.

EXAMPLE SHOWING CHANGE OF RECORDING LENGTH

(a)

(b)

(O]

(e)
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. (e) is an example where channel 4 is reset and recorded over.

EXTERNAL RAM CAPACITY

CH.1 2 3 4
FST=“H" oy aH apr
RESET FLAG OF CH.2
CH.1 2 3 4
EST = “H" ooy “qr ap
RECORD AGAIN TO CH.2
CH.1 2 3 4
FST=“H" ayn apr ap
RECORD AGAIN TO CH.3
CH.2 2 3 4
FST="H" g oy “hr
RESET CH.4 FLAG AND RECORD
AGAIN TO CH.4 '
CH.2 2 3 4
FST = “H" oy “H wyr




As shown above, all channels of MSM6258 can be used for external RAM efficiently.

OVF PIN OF MSM6258

OVF pin of MSM6258 outputs ‘‘H’’ level when input signal exceeds 80% of dynamic range. However, human voice peak
has extremely large amplitude as compared with the average, so even if ““H” level is outputed from OVF pin, average
power of voice is occasionally too small and the playback signal is noisy. Therefore, usage off OVF pin be avoided.

GND

PIN CONNECTION FOR MPU INTERFACE
Following pins Must Be Grounded for MSM6258VRS

1. ST.SP 5. TRS1
2. REC/PLAY 6. TRS2
3. VDS 7. PAUSE
4. TDS
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REMARKS TO THE APPLICATION CIRCUITS
1. All by-pass capacitors (C)0.1uF; should be mounted in close proximity to the relevant IC.

2. If the 4.096 MHz crystal were replaced by an 8MHz type, the samplinfg frequency adjusted at pins S1
and S2 is proportionately increased up to the possible maximum of fs = 15.6kHz.

3. When various sampling frequencies are to be used, the cut-off frequency of the LPF’s must be related
individually to fs: fc = fs/2 x 0.85.
For sampling fre(txencies up to 8.0 kHz, the hybrid filters, type number ALP3B (fc = 2.6kHz) and
ALP4B (fc = 3.5kHz) manufactured by SOSHIN may used.

TIME TABLE for application circuits @fosc = 4.096MHz, 4=Bit ADPCM

T
s1 s2 fsample BIT-RATE OTAL I/O TIMES OF APPLICATION CIRCUITS

SRAM DRAM x 1 DRAM x 4 EPROM
L L 4.0kHz 16.0kb/s 23 sec. 128 sec. 64sec. 40 sec.
H L 5.3kHz 21,2kb/s 18 sec. 97 sec. 48sec. 30 sec.
L H 8.0kHz 32.0kb/s 12 sec. 64 sec. 32sec. 20 sec.
H H invalid —/— —/— —/— —/— —/=

4. The analog ground shall be separated from the digital and bonded together at a well chosen system
ground position. Use VSS1 and VSS2! The power rail to VDD/VIN (MSM6258) and the memory
supply line should as well be separated in the interest of improved noise immunity, especially when
using DRAMs. High level and low level signal lines should be located as far from each other as

possible.
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OKI semiconductor

MSC1161

SPEAKER DIRECT DRIVE AMPLIFIER

GENERAL DESCRIPTION

MSC1161 is a speaker drive amplifier IC designed specifically for watches and also for similar small
system having a limitted space and power supply restriction. This IC is used together with a speech syn-
thesizer LSI. It receives a high impedance analog signal generated from D-A converter section of the
voice synthesizer LS| and directly drives a low impedance voice coil of a speaker.

FEATURES

¢ Driven by a single power supply of +3 V. * Bi-CMOS device technology.

¢ Input impedance higher than 1 MQ. e Class B amplification

e Output impedance lower than 10 Q. ¢ Input terminal pins and levels are compatible
e Speaker output enable function. with those of MSM6202.

¢ Two built-in voltage doublers for —Vpp and ¢ Chip, 18-pin plastic DIP, 24-pin plastic flat
2 Vpp. (Four external capacitors higher than
0.1 pF are required.)

BLOCK DIAGRAM

Vop
2Voo L%% Speaker
);four @out -
>> )) wound)
~Voo oout
or

2Vpp

i

LOAD] @ouT

T

-V QouT
DD 2vop
V,
ss 2Vpp C v
? 2Vpp sS
Vss r ‘Generator vep
Co
Vi
i >
Co
> \{2Y
~Vop
Generator -Vpp €0 v
DD

~Vop

Co = 0.1 yF or higher.
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(0.0)

Note: ¢ Chip size: 2.95 mm x 2.65 mm

PIN CONFIGURATION

PAD LOCATION

Pad No. Symbol Position
X Y
1 DAL -1325 —-655
2 DAU -1325 -835
3 MSB -1325 -1175
4 S/D - 865 -1175
5 Vco +365 -1175
6 Vep +925 -1175
7 VcMm +1325 -1175
8 2 Vpp +1325 —-755
9 Vss +1325 -295
10 VpD +1325 +23
1 -Vpp +1325 +203
12 SPO +945 +1173
13 SP@® +325 +1173
14 BD -925 +1173
15 LD -1125 +1173
16 LouT -1325 +1173
17 VoK -1323 +355
18 SPE —-1323 +133

(Top View) 18 Lead Plastic DIP

S
oAL [1] 18] spe
DAU [2] 17} Vex
S8 [3] [16] LouT
sm [4] [15] LD
Veo [5] 3] 8D
Ver (6] : 13] SP@®
Vem [7] [12] sPO
2Vpp [8} 11] -VoD
vss [o] [19] Voo

(Top View) 24 Lead Plastic Flat Package

©

DAL C——
DAU C—
NC ——
MSB ———
S/ID ]
NC ——
Voo ——]
Vep —
Vom ——
NC ——j10
2Vpp —— 11
Vgg —] 12

© ® N O K d N

24
23
22
21
20
19
18

16
15

13

—— SPE
— Vek
——— LOUT
——3 LD
[—— BD
[— NC
= SP®
— SPQ®
F——=a NC
———3 NC
F——— -Vpp
——3 Vpp
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ELECTRICAL CHARACTERISTICS

Absolute Maximum Ratings

Characteristics Symbol Test Conditions ) Ratings Unit
Power Supply Voltage Vbb Ta = 25°C -0.3t0 +5 \
Ta = 25°C
Digital Input Voltage VIND MSB, S/D, SPE, -0.3to Vpp v
VCK, BD, LD
Analog Input Voltage VINA TB A=LJI§/5\T.C -0.3to Vpp V.
Output Current lout Ta = 25°C 0 to 150 mA
Storage Temperature Tstg — -55to +150 °C
Power Dissipation Pp Ta = 25°C 200 max mw

Operating Ranges

Characteristics Symbol Test Conditions Range Unit
Power Supply Voltage VbD — +2.4to0 +3.3 \
Operating Temperature Topr — -10to +60 °C
Analog Input Frequency fin - Oto8 kHz
Effective Analog Input v Load dependent
Voltage CL per graphs of Fig. 1 0 to Vpp v

and 2
Output Current lout VAIN = 0to Vpp 0 to 80 mA
VCK Input Frequency fvck — 2t08 kHz
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DC Characteristics

(Ta = —10to +60°C, Vpp = 3.0 V, Typ is at 25°C)

Characteristics Symbol Test Conditions Min | Typ | Max Unit
Input High Voltage ViH MSB SPEVCK | 25 | — | — v
Input Low Voltage ViL M B’nglE_bVCK’ — — 0.5 \
Input High Current IH MSB’BSDPE’DVCK’ — | = | 1 WA
input Low Current L MSBBSDPEbVCK’ - — -1 HA
- Input vs. Output Error VIN < VoL _ _
Analog Input Current IINA VIN = VDD - - 3 HA
Switching Transistor Serial
Resistance s - - - 10 Q
LOUT
ON Output Voltage VoL ISINK = 10 mA — 0.4 \
LOUT
OFF Output Leak Current 1 — 1 A
p OR Vo = Vpp K
c . Active at
urrent Consumption 1 Ipp (1) 8 kHz fyck — 1 mA
Current Consumption 2 Ipp (2 \s/tggibéPE =0V — 1 pA
PIN DESCRIPTION
Terminal Number o
Pin N
n vame CHIP 18 DIP 24 FLT /
VpD 10 10 13 l
Vgs 9 9 12 |

Power supply

In general, a 3 V line is connected to pin Vpp and a 0 V line to pin Vgs. Note that the power supply
current needed is determined in most part by the current flowing through the external load. It should
be also noted that the internal impedance of the power supply must be sufficiently smaller than the load

impedance.
DAU 2 2 2 o
DAL 1 1 1 o
MSB 3 3 4 110

The former two pins correspond to the positive half wave and negative half wave of the analog signal
output of the D-A converter in a speech synthesizer LSI (for example, Oki’'s MSM6202) respectively. It
should be stressed to note that in using any LSI, the Vpp and Vgg must be in common with the preced-
ing LSI. The DAU means the positive half wave of the output analog signal and the DAL is the negative
half wave. The following illustration shows a relationship of the MSB pulse with the DAU and DAL waves.

151




Negative

Original Signal

Positive /\ /\ /l
NA

N

- s = —— ]

|
|
|
|
|
|
i 1
|
|
|
|

|
I
I
I
|
I
I
I
|

| I
| b
o
: o
| 1
1 [
| l, |
| [
DAU | | : I,
(Positive ! 4/1
. T —T 1 T M T
half side) | | | | Lo :
b e Loy
| [ | by ! |
DAL ! : ! : o I
(Negative L m M
half side) | | | I [N T
I [ bl !
| |
MSB |
| | I————

/.

MSB — “H”
{MSB - “L")

Center

Vbp

Vbb

Vss

MSB — “L”

{MSB - “H™)

SPE

18

18

| 24

Speaker enable input

Used to make the internal circuit active when voice is produced. This feature is so effective for power
saving that the internal circuit is designed to fairly reduce power consumption when no voice is produced.
To enable the speaker at all times, make the pin level high by connecting pin SPE to Vpp or “H’’ as
shown in the truth table below.

Truth Table
IC state
High Active
Low Standby
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) Terminal Number o
Pin Name CHIP 18 DIP 24 FLT
VCK 17 17 23 |

Voltage doubler clock input )
Has a 2 to 8 kHz pulse input. This input is not needed when no voice is produced. It, however, is required
for a period of time for at least eight VCK pulses before starting voice input from the pins DAU and DAL.
The reason is that the 2 Vpp and - Vpp voltages of the internal voltage double circuit should be stabi-
lized previously.

LL

)
SPE
s Input start ' —End
] — #
Min i —
| 8 VCK

2Vpp 8 8 11 I
Vep 6 6 8 I
Vco 5 5 7 |
vcm 7 7 9 I
-VpD 1 11 14 I

Two voltage doublers
Additional capacitors should be externally connected as shown in the preceding ‘‘Block Diagram and
18-Pin Terminal Identification’’ figure. With a specific frequency input from the pin VCK, a doubled vol-

tage (2 Vpp) and negative voltage (— Vpp) will be obtained. It should be noted that the both voltages
are for internal use only.

BD 14 14 20 |

Buzzer drive input

Has a usual square waveform input when no voice is produced, to make the voice speaker sound as
a buzzer. For this purpose, should be as follows.

SPE Input: Low (standby state) ® |’| I—I l"‘l
BD Input: ©

S{:cufic frequency when buzzer mode

Normal (no buzzer) level

Connection Diagram (for single-wound speaker)

Vgs —» MSC1160

spE - L
VoK wr

s0 —0 NI
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Pin N Terminal Number o
in Name CHIP 18 DIP 24 FLT
D 15 15 21 I
LouT 16 16 22 0

Lamp drive input, lamp drive output
A simple independent lamp drive circuit for watch is built in. If a high signal is applied to pin LD, it turns
on the NPN transistor, the open collector of which makes low output signal at pin LOUT, thereby turning

on the lamp.
‘ VbD
Vss
/ —0
LouT
\ 9,
LD [
[ ON
Vss
SP® 13 13 18 o
SPO 12 12 17 (¢}
S/ID 4 4 5 |

Speaker output single/double wind select
The former two pins are connected to the speaker to directly drive in class B amplification. For a speaker
having double-wound voice coil with a center tap, a voltage of Vgg is applied to pin S/D as shown in
the preceding figure of the ‘“Internal Block Diagram and 18-Pin Terminal Identification’. The voltage lev-
el to be applied to pin S/D is charted below.

Speaker Used

Voltage Input Level at S/D

Single-wound type

High (or open)

Double-wound type

Low
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RELATION BETWEEN INPUT VOLTAGE AND VOICE COIL CURRENT

~ @ouT
DAU . O
; —_— (Vout) LOAD (Voice conl)
(Vin)
|
: % : v coil (DC impedance)
leol —F-
s @ouT

+s: Internal serial resistance

M8 of the switching transistor

Vss

STEP 1: Relation between Vin and Vout

The class B amplifier shown in the equivalent circuit above can satisfactorily follow up the input sig-

nal because its frequency is relatively low.

a.

If Vin is lower than Vpp

Vin = Vout + Voffset .......c.ccoevevniriieiieceececeeeeee, (1)

where Voffset represents the offset voltage of the amplifier which is lower than 10 mV. In view of
the fact that ILSB (input least significant bit level) of Vin (D-A converter output) is 10 mV, the offset
voltage, Voffset, can be ignored. (The ILSB is given as ILSB = 2.5 V/2® = 10 mV.) Hence, Eq. 1
can be regarded as

VIN = VOUL oo s s s e 7

. If Vin approaches to Vpp

As long as Vin < Vg, Eq. 2 can be held. If Vo = Vin = Vpp, the following relationship is given.
Vin corresponds almost to Vout in the amplification as described in a. If Vin is made to approach
VDD, the upper limit of the output voltage, Vout, of the ampilifier fixes to the clipped value, V¢ . Hence,
in the region of Vg = Vin = Vpp

VOUL = VOL coiiiiiiiiiiie ittt e s ns et (3)

This equation means that Vout has no relation to Vin.
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c. Graphical illustration

The two operational cases, a and b, mentioned above are illustrated in graph below.

Vout

VoLt — — ———-, A=8B

VcL Vbp Vin

d. Relation between Vpp and Vg

The clipped voltage, VgL, for a specific power voltage, Vpp, can be determined according to
the characteristics of the driver elements in the amplifier. The MSC1160 is designed to have
such load characteristic lines as in Figs. 1 and 2. According to the load characteristic lines, VoL
can be determined uniquely together with Icoil (denoting the current flowing the voice coil) with
a serial resistance of the voice coil as part of a parameter. The designer should take the condi-
tion for Icoil and Vout in designing the voice coil. The condition will be explained in the follow-
ing paragraphs.

Step 2: Relation between Vout and Icoil
a. If Vout is lower than Vg ,.i.e., Vout < VgL

If Vin is rather small, Vout is not clipped by Vg yet. Relationship between Vout and Icoil is
given as

VOUL et )

looll = — ol + 75~

\

Where vs is the internal serial resistance of the switching transistor, and ~coil is the serial
resistance of the voice coil. Since vs is around 5 Q as the switching transistor characteristic, if
~coil can be ignored in comparison with ys, then Eq. 3 can be modified as

VOUL e ees e s )

Icoil = ~coil

b. If Vout is clipped to VgL, i.e., Vout = VoL

The voice coil current, Icoil, can be given by

160H = _YCL oo )
ycoil
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c. Graphical illustration

The two operational cases, a and b, are shown in Figs. 1 and 2 for obtaining the voice coil cur-
rent, Icoil. For using the graphs, refer to the illustration below.

Icoil /

Load characteristic line

lcL

\@ Vo @ VpD Vout

Region 1 corresponds to Eq. 3 or 4.

Region 2 is a range where Vout and Icoil are clipped to Vo and IgL.
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mA
[lcoil]
100 4

70 4

Example 1 For 50 Q load

Vout = Vg = 25V
lcoll = IgL = 50 mA
50 * Example 2 For 66 Q load

Vout = Vg = 26V

Icoll = Ig. = 393 mA
40 1

30 4

20 4

Fig. 1 Determination of Icoil vs. Vout with parameter of
ycoil plus ys at 2.4 V of Vpp
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mA
[Icor)

100 4

Example 1 For 50 Q load
Vout = Vg = 19V

lcall = lcl = 38 mA

Example 2 For 66 Q load
Vout = Vg = 20V

Icoll = Ilcc = 30 mA

24 —=V
[Vout]

Fig. 2 Determination of Icoil vs. Vout with parameter of
ycoil plus vs at 3.0 V of Vpp
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APPLICATION NOTES

®  MSM5205 Voice Synthesis Circuit Example

An example where four 2764 devices are used linked together is shown in
Figure 1. The timing chart for this example is provided in Figure 2.

MSM 2764 (4)

EEG—‘\
Ao~A10An A2 000401 05 02 06 0307
11 8
10 1
. B2 1098
MSM 2764 (3) B L LA4100
CEf~ - (by SANYO Co)
Ap ~ A A11 Az 000401 05 0206 03 O7 123 4567
+ L
11 8 220uzzZ =
+
3w
‘47P
MSM2764 (2) j— |
CE 680P 470
Ao ~ A0 A1 Ar2 0o 04 01 050206 0307 (MSM4556) +470 1
" =
11 8 Qs E——]—
Q2 = []
MSM2764 (1) . Qi BfE
CE] o e
Ao ~ Ao Aro Az 0o 040105 02060307 =
11
O1 ~ O12 B1A1B2A2 B3A3BaAyg
MSM4040 CL KB MSM4019
RESET H3ka D1 D2 D3 D4
384kHz
220P
S1 Q2 D2Q: Do Di D2 D3TT (Low-pass filter)
MSM4013 cLi[—e VCK
RiDIS2Q1R2 CL2 MSM5205 = ALP -4
DA XT
RESETS2S14/3 OUT
T 220P L T3
= LUy N _L
1K 10n O =
R 100
1000p +
I L
20K
‘—ﬁ_———+
4T
START SW ENAQ1AENBQi8 Q28 =
MSM4520
RARB CKa CKB QsB
Note: The 2764 data conforms with

the data analyzed and written by
speech analyzer.

] The power supply is 5 V for the
S—— 4000 series, and for 5205 and

= 2764.

Fig. 1 MSM5205 voice synthesis circuit example

(MSM4025)

163




164

M5205 VCK ”HHH ___________________________ J‘U‘U‘

START SW ! |
M4013 S, ——[

M4013 Q

(M5205 RESET)

M4013 Q,

(4 low order bits)

2
(4 high order bits)

M4040 O,

M4520

M4556

Fig. 2 MSM5205 application circuit example time chart
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2000P
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Fig. 3 MSM5218 Voice analysis/synthesis circuit example
(when MSM5204 is used)
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Power ON __/f i

I-Reset N s

Internal res?t_r—'*’_ﬂ_
5218Reset_ [ 3
VCK R N SRR 1 J 1 I ] I L ] 1 —
Start ;M[—_
Q S
Q2 ¢
Qs ] —5f 1
@ ] —¥ T
Qs ” e T e A o
Q+VCK [ L | L J S N
SeoN@RT U U u U 1] 1 u
5204 conversion &> " | — e Je > | >| e >
INTR ] Ly U I ! ! I
D g I T 1 i ll
4014 P/S ([ M| | 1L | n

o 12 pulses
40148 & im0 kHz) |- Il--] -1 I
SICK T " Tz puses [T =1 =1 =T
Dy ~Dj i 0000 L X X X
$ e S = - Y= 1
g T —F I s v S s n— N
WE ] —iF 7 r 1 —
Address
Count “ 0 T 1 | -

Fig. 4 MSM5218 Voice analysis time chart
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Power ON ,

INITIAL
Reset

Internal reset I I
£
)’

5218 Reset l l

Start J
e

[ R e O e A e O

& {(. I
—
Q2 ,/ l
Q | S

% e 1L

RAM 0 | \
Address . J¢d

Do ~ D WA, X X

DAOUT t Output

i
AEI t !
AE2 /f\ L

Fig. 5 MSM5218 Voice synthesis time chart
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® MSM5218 Voice Analysis/Synthesis Circuit Example (When 12-bit AD

Converter is Used) '

An example of an application circuit for voice analysis and synthesis using
MSM5218 and a 12-bit AD converter (ADC-80AG is manufactured by *MN Co.)
is shown in Figure 6.

The time charts for these circuits are given in Figures 5 and 7.

* Micro Network Corp.
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~rr P +5v 100K } 1 e —E—-—[ﬂ»}
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K A 1,06 1,04 V026, VsS
i 0014 /)7 f 05 103 ! _-‘5
: < <27 J)]))
t A
GND HOLD V+ VDD S152 4¢ ANA/SYN E _Y
HA 2435 ADS1 DA OU
INZINHADJ V- OUT Range ADC ~80 AG 1 D; WEZEY VE MSM5128 (2) -
|d A =
o LRl P San MSMS5218RS D2 h: e e e J)) )"
] ps 3 Baf T I IS T
—-15V A5 E Bs J
he = o MSM5 128 (3)
jAs = Bg{A V1 Ll
SD = P =
B I7 1777 )7
VS5 g ARRARRARRARLNY _Y
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_ ] MSM5 128 (4)
R ] 1
Q2 Tj H JI 2T
— ]
D Q Q4 L, VoD Blt: you
el B
o [ he RN [Py
o 4 2 By MSM5128 (5)
s 2 Bs - .]-
>~ B
o S 57 ML TTTT T JT =
hs & Bg VT
to MSM5128CS i?s sl BEARLLNRE Y
(1)(2)(3)(4 X5)(6)(7)(8) VsSag g || MSM5128 (6)
({707 777 d 1
5 1234567 =
VOIJD MSM4515 INHIBIT J r)J ) ) ) /‘ J
STROBE = IRRARRARARRRRN
S e Y
T ‘ MSM5128 (7)
= "l pi
L2 2V ) JJJ =
AgA Az A3 AgAs A AT AgAoATo IL T IO
10,0504 050607 010205 MSM5 128 (8)

o
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D

MSM4040 Vb

R

2z MSM4040
GND R

Vbn

| —

= ]

Fig. 6 MSM5218 Voice anélysis/synthesis circuit example
(when 12-bit AD converter is used)
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Power ON {
Ini1tial
Reset /\

Internal reset l

{¢
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Start
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Fig. 7 MSM5218 Voice analysis time chart
(when 12-bit AD converter is used)



8 Example of Interface between MSM5218 and an External DA Converter

An example of an interface circuit between MSM5218 and an external DA
converter is shown in Figure 8.

The time chart for this circuit is given in Figure 9.

Connected to 12-bit external DA converter Note 1
MSB ~ | LSB
] MSMs 21 8
UQ Q@ Q T—QsQQerQquQzQx
Voo Voo, O E :
OE  MSM4094 S. IN QS MSM4 094 S.IN MSB,/SO
GND
J__ STROBE cL —l T1SNP_ sTROBE CLK | SOCK
+ = |
]
500p
© }
10k —— (b) Reset
@ |
Voo Q& Q CL VCK
MSM4 015
RESET
E GND DATA] Reset input

Note 1. The 12-bit output is in regular straight binary code.
Fig. 8 MSM5218 to external DA converter interface example

Reset input —l “ J

VCK S I T U I |

5218 Reset | / 2

(x) Qs | J
(b) OR output | ( |

(c) STROBE __| l | L l | I l

Expanded time chart for interval A
XT@84k) J'lﬂJ'IJ'U'U'U'!Jlﬂ.I'LI'}.ﬂJ'U'L“—--
VCK ] I
SCON L
MSB/SO Citss

K&>External DA converter
operation interval

L

SOCK

Fig. 9 MSM5218 and external DA converter time chart
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m  Example of MSM6258 Application Circuit
An example of an application circuit which MSM6258 is used with six 64K SRAM

devices for voice recording and reproduction is shown in Figure 10.

FF
VppVssiVss2
VR Al8

VIN §
A3

?
1{ Jg.—REC/mw Az
‘%’—START/S’[OP !
I
T _IPAUSE 0
D/ SRAM b7

VDS s
IAD IS0 o

MSM5165
MSM5165
MSM5165
MSM5165
MSM5165

®Do ~D7A) ~ A g
43 MSM5165

-
|

o
RAMS1 WE
RAMS2

[ -

FLAG
RESET DAOUT|

CAl
CA2
CA3

S

L
fiod
MSM6258

XT
XT

Fig. 10 MSM6258 application circuit example

The time chart for Figure 10 is given in Figure 11.

CA1~CA3 X o
START.’STOP n o N H| .
REC/PLAY L .
! Recording \ Reproduction J
[ ] l -

Fig. 11 MSM6258 time chart
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m MSM5248 and LM380ON (Power Amplifier) Interface Example
An example of interfacing with LM380N to achieve a high volume output from
MSM5248 is outlined in Figure 12.

3v
M
Ao Vrefy, 18 12V
PoH 10k 310k
i 9 1u 6
0——LOAD SP+ . {lr _L
5248 5k 50p LM380N
SP- 4 2 D:]
TEST 0ln
AC
Al
A2
GND =
XT___XT
T
= Eul‘fsmeskﬂz
22pI Izzp ‘

Fig. 12 MSM5248 and LM380 interface example

Note 1. The MSM5248 and LM380N ground pins are connected to a common ground terminal.

2. Use SP and SP- pull-up resistances of about 20 kohm when an external Vref resistance of 500
kohm VR is used.

3. LM380N is manufactured by the National Semiconductor Co.
4. The MSM5248 outlined in Figure 12 shows LOAD input activated with no AO pull-down resistance.
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m  MSM6243 Switch Input Interface Example
An example of MSM6243 switch input interface is shown in Figure 13, and the time
chart for repeated vocalization of a single word is shown in Figure 14.

VDD Vpp
) l l

\& Ay Vpp T,
é Al M Tg
A, SDj
v > N A3 SD2
Ss & N SD,
N A4 SDO
N As S/P
Vbp
i o SPE
o—b3 LOAD VCK
= BUSY,/NAR
P—>

Y""D s AL

A

Py \/ »

° % XT XT VgsSLA "PSLB

. ol Y

When A class is selected
Note: Unused input pins from among A0 thru -[ I-
A6 are to be connected to Vss.

Vss
Fig. 13 MSM6243 Switch input interface example

(L (A
Ac~24s _X ),i J"L

(L .
LOAD 1 LOAD applied| LOAD not applied

{
Approx. 1.1 msec. 1 o

(4
NAR —tj i / 0.15m sec ';[
BUSY [ | : 11 »

Approx. 1.0 msec -
SPE
‘ﬂ ({ \No sound P

ot i ati Standby
DAU or DAL output Standby:)_'eVocallzat|on>l<_:ﬂF—Vocal|zat!|o_n:‘—:__

>

Approx. 1.5 msec Approx. 0.4 msec
(equivalent to three samples)

N A
SMN N

4

Fig. 14 MSM6243 Switch input timing diagram
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B Example of MSM6243 and MSM5055 (Watch CPU) Interfacing with MSC1161
An example of MSM5055 interfacing when MSM6243 is used in time
announcing watches is outlined in Figure 15.

I
32768kHz o

5~35pF

LCD |
PANEL

OPEN

1[0

COM1 Ny~N24 TT2T3T4Ts5
CoM2

LD

BD
= Bonding =
S|
MSMS0S5L—18 Ao XIS 0208 af~ option
M3 A1 VDD
M2 a2 SLB{— "
M, A3 BD LD SP@SP
L2 Ay MSM6243-02 ©sP6
L A5 SPE SPE
T Lo LOAD VCK VCK
s o 5B MSE MSC1161
xT 52 BUSY,NAR DAU DAU
Vpp 2Ut XT DAL DAL MD vcg  Lout
Snszsasu\wﬂ:v(r Vss Vssz l— A6ysg Vpp Tj T2S P Vss2Vpp Ve Vem-Vob
WL [ L o
0 lu.Fl' _st
= 15uF L 1T ]—
T 0 TuFx4

Note: If bonding on chip, make sure that MSC1161 is
(begin-ind) isolated from MSM5055 and MSM6243.
(See accompanying diagram.)

COB example

44
e
HED

i

Fig. 15 Example of MSM6243 and MSM5055 interfacing with MSC1161
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u MSM6243 Microcomputer Interface Examples

MSM6243 has been designed with due consideration given to microcomputer
interfacing, thereby enabling simple voice editing etc. The method for interfacing
MSM6243 to a microcomputer is described here using the well-known Centronics
parallel interface as an example.

Normal Centronic interfaces consist of “handshaking” by BUSY and STROBE
lines where seven or eight bits of data are passed via the D0~D7 data line for
accurate transfer from microcomputer to external device (such as a printer). That
is, the microcomputer first places the data to be sent on the D, ~ Dy line, and after
checking that the external device is not busy (BUSY line at L level), applies positive
pulses to the STROBE line. The external device subsequently detects pulses on
the STROBE line and proceeds to accept that data. An H level signal is passed to
the BUSY line until the external device completes acceptance of the pulses and is
prepared to accept the next set of pulses. In this way, a single item of data is
transferred, and where necessary the next item of data is transferred in the same
way. :

MSM6243 is equipped with a LOAD pin and a BUSY/NAR pin (user selecta-
ble) which correspond to the above STROBE and BUSY pins. Furthermore,
MSM6243 is equipped with Ao — As pins which correspond to the above data
line. Vocalized syllable codes are applied to the Ao ~ As pins. The microcomput-
er is notified whether this input code has been enabled or disabled at this time
via the BUSY/NAR pin (enabled when H, and disabled when L if NAR has been
selected). When enabled, a positive input pulse is applied to the LOAD pin.
Upon input of this code, the BUSY/NAR output is switched to L (if NAR has
been selected) thereby disabling subsequent input. And almost at the same
time, the sound corresponding to that syllable code is vocalized. And if input of
the next code during vocalization of that syllable is enabled, the BUSY/NAR
output is switched to H (if NAR has been selected) in readiness for input of the
next code.

Dy~ Dy X DATA >< DATA ><

STROBE

B

Fig. 16 Centronic interfaces in/out timing
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In this way, sounds can be vocalized by MSM6243 in much the same way that
characters are printed by a printer. The flow for vocalization of a single syllable
code is outlined in Figure 17. And since MSM6243 is equipped with two buffers
for storing syllable codes, editing without interrupting syllables is possible.

Single syllable vocalization output routine flowchart Assume that RESET has
been cancelled by main routine. Assume that syllable codes are obtained from the
main routine.

( START )

NAR output monitoring
(1/0 status input)

> Wait until NAR becomes H

NO
NAR = “H"?

Yes

Syllable code output to
Ao~ A pins

“H” applied to LOAD pin
(STROBE output to
control board)

> Load pulse application

“L” applied to LOAD pin
(STROBE output to
control board)

( RETURN ) )

Fig. 17 Single sound output routine flow chart
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m  Example of MSM6212 Interfacing with an OP amp. (Class B Operation) ‘
An example of MSM6212 interfacing with an OP amp. Used in class B operation is
shown in Figures 18 and 20.

1) Example of circuit where the OP amp. *=power supply is uséd apart from
the MSM6212 power supply

10k 10k

~ 10k ~ 104F
DAL +

Connection to LPF
+
Vss

Fig. 18 MSM6212 and OP amplifier interface example 1

2) DAU and DAL output waveforms and the LPF input waveform in the above
example

o NN N
DAL ov /\ /\/\

| 7N\
Al

Fig. 19 Class B operation output and input waveforms
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3) Example of 5 V single phase power supply circuit for both MSM6212 and
OP amp.

10uF
10k hH———O LPF

Ok

Fig. 20 MSM6212 and OP amp interface example 2

Note: Ensure that the OP amp is operated in this case (begin-end) with an input voltage above 0 V.
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m MSM6212 Switch Input Interface Example
An example of MSM6212 switch input interfacing is shown in Figure 21, and the
time chart for repeated vacalization of a single word is shown in Figure 22.

Vop
IVDD T

\? \° Ao Vop T,
A T
3 A SD,
p. A, SD,
f < - SDy
:
Vop JIVQS s
> MSB
z ? SPE
6 VCK
Vss | NAR
BUSY DAU
Vb DAL
e
L AC L Vpp’
% XT XT Vss SLA SLB
Vss }‘D YVDD
J I G
\Y
Vss
Fig. 21 MSM6212 Switch input interface example
JL e
n~ a3 f f
{C
LOAD [ LOAD appliedl | e » LOAD not applied

2
(€
NAR | ] { ~$5 /
f (c
BUSY I f v
wea {
SPE [ RY \ !
{ ¢ X
DAU or DAL output Standby:l;v(,canzaﬁon;] EVocaliz! ation;l:)_s"a"dby

€«
Approx. 1.1 msec (equivalent to nine samples)

Fig. 22 MSM6243 Switch input timing diagram




SRS U U

i
i
k

®  Example of MSC1161 Interfacing with Voice Synthesis LSI

An example showing how Oki voice synthesis LSls (MSM6212, MSM6243) are
connected to MSC1161 (speaker driver IC) is given in Figure 23. Note that a speaker
with mpedance of at least 30 ohms should be used.

\%
v DD
Vbp ——[1]paL SPE E——,
VoK r-—-[é:: DAU VCK E——J
3 LO [22]
MSB [5lresT @  BD[W}—y
DAU (5 = 19]
MSM6212 DAL —
o S [T]ved — sp ol 3
MSM6 24 3 C 8 Ver 9 S,
O Vvem = 16] (%0 °)hm
min.
c Lo L1 '
— 1T} 2Vpp Vo [1aH}
r—{i2] Vs Vop [13}—

'ss SLA Vpp SLB

I 7
DD

Note: All capacitors are 0.1 uF min.

Fig. 23 Example of interface between MSC1161

and voice synthesis LSI
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®  Examples of Inexpensive Voice Synthesis LS| Output Circuits
The following circuits are examples of inexpensive voice synthesis LSI
systems constructed with fewer components in the output circuit.

(1) MSM5248 output circuit example
An output circuit example is shown in Figure 24, and the waveform of the output
from the SP(+) pin is shown in Figure 25. A good degree of clarity is obtained with
the waveform shown in Figure 26.

7

Vbp

1k
SP @—AM—{ 2SA1015 / 2SA952 etc.

MSM52438

. =L |

SS

i
=

Fig. 24 Output circuit example

Vbp

/\/Jl /\ /\/\ /\/\AVsS

Fig. 25 Output waveform from SP (+)

Vpp
/W /(/l’\ Ve
Fig. 26 Output waveform from SP(+) when DA converter
accuracy is set to 9 bits
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(2)

(3)

Example of voltage type DA converter output circuit

An MSM6243 output circuit is shown in Figure 27 as a typical example of a voltage
type DA converter. The LPF cut-off frequency (see Q10) can be changed by
changing resistance and capacitance.

v
Vpp [ﬂ
MSM6243
DAU
Vss T
_ \"‘ﬂ’_—’

LPF
Fig. 27 MSM6243 output circuit example (for class A operation)

Example of interfacing with regular audio amplifiers

An interface example where the speaker is driven by a regular audio amplifier
(to achieve volume levels greater than that achieved by MSC1161) is shown in
Figure 28. Although the circuit shown here includes a CR type LPF
(see Q10), resistance in excess of 500 kohm is to be inserted beteween DAU
and the audio amplifier input terminal even if the filter is removed. The reason
for this is that the DAU output impedance varies considerably from -50% to
+100% of the typical value due to ambient temperature conditions etc. The
purpose of the resistance is to protect the audio amplifier output volume level
from the effects of these changes.

The gudio amplifier used should have a voltage gain of at least 40 dB.

Audio amplifier examples

LA4140 / LA4180 /
M51501L / M51180L

VbD etc.
MSM6 243
330k 330k
DAU AN J- Audio amplifier
220p % [ﬂ

©

;__V___l
CR type LPF
Fig. 28 Example of interfacing with regular audio amplifier
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VOICE SYNTHESIS LSI LIBRARY

Apart from custom-order devices for specific user requirements, the following
library of general-purpose voice synthesis LSlIs (with built-in ROM) is available
from Oki. Oki plans to further expand this library, and welcomes suggestions from

its customers.

Voice synthesis LSI library (as of August 1987)

Device Vocalized phrase
MSM5248-01 Happy Birthday (English)
(all [o)
MSM5248-04 Fanfare (ot oy o or — L F—
sound O¥—Fd 11 i
Merry Christmas And A Happy New Year
“Irasshaimase — Arigato gozaimashita”
MSM5248-09 (Japanese) (Welcome — Thank you)
MSM6243-02 Time announcement in Japanese.

MSM6243-21 (under development)

Time announcement in English
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Q&A

1 What is the relationship between the vocalization time and quality in built-
Q in ROM voice synthesis LSIs ?

A1 Parameters involved in determining vocalization time and quality include

the sampling frequency, ADPCM word length, and the degree of data
reduction when a compressed ADPCM method is used. These parameters are
described below.

(1) Sampling frequency:
The vocalization bandwidth where voice can be synthesized is determined by
the sampling frequency. According to the sampling theorem,

faano= fsamee X 172
where fganp i the upper limit of the frequency passband and fsayee is the
sampling frequency
The effective bandwidth (fgao eff) where the ADPCM method response (see
Figures 33 and 34) and the LPF used are considered can be stated as:
fBAND eff = fSAMPLE X 1/2 x 0.85

The hearing evaluation for different fo,e c Values are listed in Table 1.

Table 1
fsamPLE Bandwidth Hearing evaluation
8.2 kHz DC ~ 3.49 kHz Very clear sound including almost all vocalized sounds
6.55 kHz DC ~2.78 kHz High tone female voices sound as if the nose is blocked up
- Both male and female voices sound as if the nose is
4.1 kHz DC ~ 1.78 kHz blocked up

The “blocked up nose” sound is due to elimination of high frequency
components normally included in the human voice. Since high frequency
components are prevalent in constants (and in the “i” vowel), the effect is
stronger at lower sampling frequencies.

In determining the sampling frequency, it is better to decide the most suitable
value after listing to the source voice passed through a LPF.
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(2

(3)
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‘Quality of sound

ADPCM word length:
The ADPCM word length is related to the S/N ratio. The 4-bit ADPCM

method is better than the 3-bit ADPCM method by about 6 dB.

Degree of data reduction in compressed ADPCM methods:

The quality of sound varies according to the degree of compression in
compressed ADPCM methods. In compressed ADPCM, data can be
compressed to 1/3 of the data used in straight ADPCM. Needless to say, the
greater the degree of compression, the poorer the quality of sound becomes.
The degree of compression is selected according to the intended purpose.

Vocalization duration and quality of sound
An example of the relationship between vocalization duration and the quality
of sound as determined by the above parameters when MSM6243 is used is

outlined in Figure 29.

8.2 kHz sampling in straight
ADPCM method

8.2 kHz sampling in compressed
ADPCM method

/

[ 2 R U U G

SN ]
ot-—-

vocalization duration (sec.)

Fig. 29 Relationship between vocalization duration and quality of sound

The quality of sound is depicted as a range in the compressed ADPCM method
in Figure 29. This is because the quality of sound is also dependent on the quality of
the source sound vocalized statement specifications. And since the quality of sound
cannot be expressed in absolute terms, it is shown here in relative terms.
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(5) Examples of calculating the vocalization duration:
An example of calculation of the maximum vocalization duration in straight
ADPCM for MSM6243 at a sampling frequency of 8.2 kHz is given below.

193,584 [bits] + (8.2 [kHz] x 4 [bits]) = 5.90 [sec.]

! ! 1

Built-in ROM fSAMPLE ADPCM word Iength
capacity

The reason why the built-in ROM capacity is not 196,608 bits = 192 kbits x 1,024

bits/kbits is because the user will have a certain amount of area where use is
disabled.
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2 Although there is a certain amount of variation in the precision of the
Q MSM5205 and MSM5218 DA converters, are there any methods for
improving the S/N ratio?

A2 Yes. In terms of configuration in the above two DA converters, it is possible

for the voice waveform precision to fall in the vicinity of the center
waveform. Therefore, the S/N ratio can be improved by displacing the center of
the waveform either up or down. This method is particularly effective in improving
the S/N ratio for low level signals and in minimizing the residual noise during silent
periods (such as the intervals between successive words). In practice, the
waveform center can be shifted by adding additional data before or after the
current ADPCM data (voice data) as indicated in Figure 30.

Section (A) Section (B)
00 00 100 0 )

0 0 0O 1 0 0 0
: : ¢ 100 items of data

(Example where the ADPCM bit length is 4 bits)

Since an offset of about 5 mV per 2 items of data can be obtained in this case, shifts
case, shifts of about 250 mV will require input of some 100 items of data.
The shift is upwards in (A), and downwards in (B). The number of data items
should be equal in (A) and (B). The output waveform obtained when (A) isadded at
the start of the voice data and (B) is added at the end is shown in Figure 30.

Note that in since the dynamic range is compressed in the shifted sections,
overflow may occur in some cases depending on the data, and this can result in
clipping of the output sound. Reduce the sound pressure by about20% and repeat
the analysis. (See Q3 for additional information about overflow.)

> Voice data section N ]
Fig. 30 DA converter output waveform

Note: There must be less voice data immediately prior to section (B). Input of some 20 to 30 msec of
silence prior to the beginning of the voice is recommended.
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When ADPCM data analyzed by MSM5218 was used in voice synthesis by
03 MSM5205, noise was generated in the synthesized voice. How can this be
overcome? There was no noise in the output from the MSM5218 DAOUT pin.

A3 The analysis must be repeated.

This is because MSM5205 is not equipped with the overflow prevention
circuit featured in the MSM5218 internal computing circuits. Although sound
synthesized by MSM5218 may be normal, overflow can occur during synthesis by
MSM5205 resulting in the generation of noise. In this case, the data must be re-
analyzed and the ADPCM data regenerated.

An example of a waveform where overflow has occurred, and a method for
avoiding this overflow are outlined below.

(1) Waveforms where overflow occurs
Observation of the MSM5205 DA converter output waveform by oscilloscope
shows the occurrence of an overflow.
(see Figure 31).

Vbp

1
= VoD

ov

Overflow section

Fig. 31 Output waveform when overflow occurs

(2) Method used to avoid overflow
Even where the input waveform does not exceed the dynamic range when
analyzed by MSM5218, output overflow can be generated by internal
calculation error. Therefore, even if the input amplitude level reaches a
maximum when analyzed by MSM5218, keeping the level within 80% of the
dynamic range (see Figure 32) will ensure that no overflow occurs in the
MSM5205 output and no noise is generated in the synthesized sound.
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Fig. 32 Waveform with amplitude kept within 80% of the dynamic range
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What kind of frequency response is achieved in the output waveform in
04 respect to Oki ADPCM input waveforms?

A 4 The frequency response achieved in output waveforms when sinewave
input waveforms are applied is outlined in Figures 33 and 34.

Since these diagrams show the frequency response when 4-bit ADPCM data is

used with an 8 kHz sampling frequency, an increase in the sampling frequency will

result in a shift of the frequency response to the right.

(1) When input waveform is a 1/2 scale sinewave (1/2VDD Vp-p)

0
3
~ _2
(]
[%2]
c
o
Q
g —4
o
_6 y
T

100 200 300 500 700 1k 2k 3k 4k
Frequency (Hz)

Fig. 33 Oki ADPCM frequency response (1)

(2) When input waveform is a full scale sinewave (VDD Vp-p)

. N\

Response (dB)

[{¢
)

100 200 300 500 700 1k 2k 3k 4k
Frequency (Hz)

Fig. 34 Oki ADPCM frequency response (2)
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Q 5 What does it mean to say that the DA converter output from MSM6243 etc
is a “class A output” or “class B output”?

A5 MSM6243 and other devices are equipped with two DA converter output

pins DAU and DAL. In class A output mode (the normal mode), the output
waveform only appears at the DAU pin with the VDD/2 potential at the amplitude
center to obtain maximum amplitude for Vss thru VDD. Class B output mode is
used in interfacing with MSC1161 (note). The upper half of the waveform above
the class A output amplitude center appears at the DAU pin and the lower half of
the waveform appears at the DAL pin with the main amplitude direction as the
positive direction. The comparative waveforms are shown in Figure 35.

Where class B is multiplied by 1, the amplitude scale istwice the class A level, and
likewise class B multiplied by 2 and 4 result in class A multiplied by 4 and 8
respectively.

In waveforms where the VDD level is exceeded, however, the outputis clamped at
Voo

Note: The method described in MSM6212 Switch Input Interface Example at page 174.
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1
Class A DAU

Vou
3/ 4 Voo
7 2Nvo
1/4 Voo
Vss 0V

Voo

DAU

—

ClassBx1 Vs
(9-bit DAC)  viw

DAL

—

DAU

—

Class B x 2
(8-bit DAC)

DAL

/

DAU

T

Class B x 4
(7-bit DAC)

DAL

/

I

MSB "1°

MSB "0 "

MSB "1 "7

MSB "1”

Fig. 35 Comparative waveforms
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06 What is the best way to form a sinewave with MSM52057?

A6 By input of the following data values. The corresponding output
. waveforms are also shown. The data used is 4-bit data (in hexadecimal
notation).

(1) To obtain an output of 1.5 Vp-p
Use the following input data.

0,0,0,3,3,3,7,F,7,F,4,C,4,C
Then 4,0,9,C,8,1 repeatedly.

%Vpp

Fig. 36 1.5 Vp-p output

(2) To obtain an output of 0.85 Vp-p
Use the following input data.

0,0,0,B,B,B,7,F,7,F,4,C,0,0
Then 4,0,9,C,8,1 repeatedly.

VN WA AW WA WAl
A" AVAVAVAVAVAVAY

Fig. 37 0.85 Vp-p output

(3) To obtain an output of 2.6 Vp-p
Use the following input data.

0,0,0,0,7,F,7,F,7,F,4,C,0,0
Then 4,0,9,C,8,1 repeatedly.

CAARAAR
WUV

Fig. 38 2.6 Vp-p output
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Q7 How should the MSM5205 and MSM5218 reset input timing be best set?

A7 The MSM5205 and MSM5218 reset should be input according to the
following timing.

S e W A e B e B B P B B A B e A
' ! H . i '
RESET — | | R A ]
' At least twice TO T o
e e e 7 . o i
Internal IC [ i
RESET timing | L l
35
Fig. 39 MSM5205 reset timing
Ie—— 1254 sec ﬁ'
VCK
1 78 usec (3X1,384kHz) 1 |
. .
Reset latch timing :"’f Note : l : l ‘l'
| : I
1 1
1 ]

1

|

Reset I !
]

1

1

Internal reset \ ' Note

Fig. 40 MSM5218 reset timing (8 kHz sampling example)

Note: The reset signal is latched within the LS| by the reset latch timing. Analysisis
commenced by switching the external reset signal from H to L before this
timing. Switching is probably best achieved by the leading edge of the VCK
signal.
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Q8 Why is a low-pass filter required in the voice synthesis output?

A8 Low-pass filters (LPF) are designed to pass only those frequency

components below a certain frequency when the input contains a number
of different components. Since the voice synthesis output is obtained from a DA
converter output, the output waveform is a stepwise waveform as indicated in
Figure 41.

Fig. 41 DA converter voice output waveform

This waveform contains certain high frequency noise components, and since the
sampling theorem states that sampling is not effective unless only frequency
components below half the sampling frequency are obtained, the unwanted high
frequency components are removed by the LPF. The LPF output waveform is as
shown in Figure 42

Fig. 42 LPF output waveform
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Q9 | How is the LPF cut-off frequency best determined?

A9 In an ideal LPF, all frequencies above a certain level are filtered out. In
practice, however, frequencies are attenuated ata certain rate (slope) from
a particular level. This slope is usually expressed in terms of dB per octave
(dB/oct). For example, in afilter with a slope of -12 dB/oct, the outputis attenuated
by -12 dB (that s, reduced to 1/4) for each octave increase of the frequency (thatis,
each time the frequency is doubled).
The frequency where the attenuation commences is called the cut-off frequency
(note). The best cut-off frequency for any situation will depend on the sampling
frequency, the attenuation slope, and the frequency components in the source
sound. The usual design criteria is the degree of attenuation (that is, how many
dB) at half the sampling frequency (fsaw)-
A number of reference values are listed in Table 2. Since the optimum value as
determined for the frequency components in the source sound varies considerably, ddit
is best to decide on the basis of actual listening.

Table 2 Relationship between filter attenuation characteristics,
cut-off frequency, and sampling frequency

Filter attenuation g Gain at .
o och froquency 0.5 fou (dB) uaber
-12 0.3 fsam - 87 ®
18 0.33 fspm T =
-24 0.35 fgam 125 ®
-48 0.38 f5am -19 —

Although high frequency noise components are attenuated more efficiently when
the attenuation characteristics are “sharper”, a larger number of structural
elements are required, making such a filter uneconomical. The filter frequency
response when fg.e. e is 8 kHz is outlined in Figure 43 for reference purposes.
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~20 N
300 500 1k 2k 3k 4k 5k 7k

Frequency (Hz)

Fig. 43 {5, 8 kHz filter frequency response

Note: Strictly speaking, the cut-off frequency is not defined as the point where
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attenuation is commenced. In Butterworth type filters, the cut-off frequency
is the “point -3 dB below the overall characteristics”, while in Chebyshev
type filters itis defined as the “point where the maximum ripple width within
the set passband first appears”. Where strict adherence to either definition is
not required, the cut-off frequency can be assumed to be the point where
attenuation is commenced.



Q1 0 What is the configuration of low-cost filters designed for voice synthesis
applications? )

Al 0 The most common types of active filters (filters with active elements)
used are the Butterworth, Bessel, and Chebyshev filters. Each type is

used for different purposes.

The Butterworth filter puts emphasis on the flatness of the passband and is less

strict in terms of attenuation characteristics and transient response performance

than the Bessel and Chebyshev filters.

In the LPF used for voice synthesis where the passband attenuation charac-

teristics do not need to be perfectly flat, a Chebyshev filter capable of achieving

sharp attenuation characteristics with a small number of component parts

should be considered. Chebyshev filters can be designed with suitable ripple

width and attenuation characteristics.

Note that if the frequency response of the speaker rolls off at the desired cut-off

frequency, the LPF will not be required.

Configuration

A 1-pole RC LPF where no active elements are used is shown in Figure 44, and
the corresponding transmission characteristics can be expressed in the follow-
ing way. |

¢*’W_[¢

3 —_— AO 1 ............... Li LO
FOjed)=—/—=7713 e @) T |

where Fig. 44 1-pole RC LPF

(wo=27fo)
fo: cut-off frequency

1
CR
An F(jw) plot is shown in Figure 45.

The frequency response shown in this diagram is cut off at -6 dB/oct above
frequency wo where w, is the -3 dB value.

0
N
P——
\\

PR —
g N
<
s —10

—15 0.3 05 07 1 2 3 4 5

w / wo
Fig. 45 CR1 stage LPF frequency response
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The circuit configuration of a 2nd order Chebyshev filter is shown in Figure 46.

5

Fig. 46 2nd order Chébi(shev type filter

_ The transmission characteristics for this circuit can be expressed in the following
way.

1
w . v
- (2 i G,
Q- v'Ri G Ry Cy o = — b
02(R4_+ R2) 'I/BJICJ‘l Rz()z

The active element used in this circuit is assumed to be an OP ampilifier voltage
follower with a gain of 1.

'\ — 2Q Y, — 1
Cr= o0k Cr=3que R
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Higher order Chebyshev filter design
Even numbered higher order filters such as 4th and 6th order filters can be divided
into 2nd order elements. And odd numbered higher order filters such as 3rd and
5th order filters can be divided into 2nd order and 1st order (CR1 stage passive

filter) elements.

A 4th order filter, for example, can be divided into two 2nd order element stages as

shown in Figure 47. And by determining the fn and gn factors in each stage, the filter

configuration can be easily achieved.

INPUT

©r

2nd order 2nd order
f1 f2
qi qz2

Fig. 47 4th order LPF

OUTPUT

e

The attenuation characteristics of Chebyshev filters can be changed depending
on the ripple tolerance within the passband. The fn and gn settings will also vary
according to the tolerance.
A list of fn and gn values for Chebyshev filters is given in Table 3 below.

Table3 Chebyshev LPF and HPF fn and gn values

Ripple =01 dB Ripple =02 dB Ripple = 0.25 dB Ripple =03 dB Ripple =05 dB
fn qn fn qn fn qn fn an fn qn
g?c?e r 18204497 | 07673593 | 15351966 | 07966418 | 14539722 | 08092536 | 13911667 | 08210811 | 1231418 | 08637210
3rd 12999029 | 13490276 | 11889612 | 14595033 | 11569921 | 15080264 | 11321861 | 15524768 | 10688535 | 17061895
order 09694057 05 08146341 05 07672227 05" 07292773 05 0 6254565 05"
4th 11532699 | 21829303 | 10948338 | 24350125 | 10779389 | 25361100 | 10648159 | 26279020 | 10312704 | 2 9405542
order 07892557 | 06188010 | 07011094 | 06458968 | 06744223 | 06572494 | 06532428 | 06677803 | 05970024 | 0 7051102
5th 10931318 | 32820141 | 10570753 | 37068586 | 10466301 | 38756825 | 10385110 | 40283601 | 10177347 | 45449633
order 07974460 | 09145215 | 07472558 | 10009079 | 07324054 | 10359319 | 07207553 | 10678979 | 06904832 | 11778056
05389143 05 04614106 05" 0 4369509 05" 04171291 05 0362319 05
6th 10627261 | 46329012 | 10382299 | 52689021 | 10311242 | 55204164 | 10255981 | 57474076 | 10114459 | 6 5128456
order 08344903 | 13315707 | 08030621 | 14917187 | 07938542 | 15556533 | 07866630 | 16135959 | 07681212 | 18103772
05131875 | 05994600 | 04603216 | 06259511 | 04440628 | 06370268 | 04310754 | 06472924 | 03962290 | 06836390

The 05" in the gn column denotes CR1 stage 1st order
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Example

The following example shows how a 5th order Chebyshev filter would actually b_e
designed. A ripple tolerance of 0.5 dB is assumed. The circuit diagram is shownin
Figure 48.

L Lo,
RF
RF, RF, s ouT
IN RF, RF;
;o IQ T
1st stage 2nd order 2nd stage 2nd order  3rd stage 1st order

Fig. 48 5th order Chebyshev LPF

The fn and gn values have already been listed in Table 3. Where ripple 0.5 dB for a 5th
order filter, the 1st stage 2nd order fn=1.0177347 and qn=4.5449633 the 2nd stage
2nd order fn=0.6904832 and gn=1.1778056 the 3rd stage 1st order fn=0.3623196
and gn=0.5. The constants can thus be calculated using these values. (begin-ind) A
cut-off frequency of 2.8 kHz is selected. This value is then substituted in equations
introduced earlier for calculating 1st and 2nd order constants.

1st stage 2nd order
Assume Rg, = 51 kohm

fo =2800 X 1.0177347 = 2850 (Hz)

X 4. 33
o = 2Q _ 2qn _ 2 X 454496 - = 9953(ph)
@y RF 27ty RF 2w X 2850 X 51 X 10

_ 1 1 _ 1
G = 2Qu, R 2qn27foRF 2 X 45449633 X 27 X 2850 X 51 X 103

= 120(pF)
2nd stage 2nd order
Assume Rg, = 56 kohm

fo =2800X06904832=1933(Hz)

_ 2Q _ _2X1.1778056 _
C3 - wORF 27 X 1933 X 56 X 103 3463(pF)

¢ 2Qwe RF 2 X 1.1778056 X 27 X 1933 X 56 X 103 24(pF)
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3rd stage 1st order

Assume Rg; = 68 kohm

fo = 2800 X 0.3623196 = 1014 (Hz2)

1 1 1 _
= = = = 2308(pF)
Cs wy RF 2TfoRrs 27T X 1014 X 68 X 103 P

In this case, the RF value can be changed to approach the value of a real capacitor.
If the values of C1 and C2 are increased 1.5 times, RF1 is more or less divided by
1.5. By selecting values which approach capacitor values, the filter constants
finally selected are as shown in Figure 49.

3300p

L
68k

56k 56k Y

I I

Fig. 49 Designed filter (5th order)

T

2200p

The filter characteristics for this filter can then be plotted. The transmission
characteristics for the 1st and 2nd stage 2nd order filter elements can be
expressed in the following way.

1

F(jo) =

1(w0)2+jé._w_

(Uo

And the transmission characteristics for the 3rd stage 1st order filter element can
be expressed by

1

F(jo) = ——a—
e 1+ ()

When, for example, w wo in the 1st stage filter,

F(jw ) = 1 = —jQ=—45449633 ]
1—(12+j qgx1
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If the absolute input/output voltage ratio is expressed in dB,

That is, the level is 13.15 dB when the frequency is 2850 Hz. The plot obtained
Inserting successive values in this equation is shown as a dashed line in Figure 50. And
similar plots obtained for the 2nd and 3rd stages are shown as the dot-dash and

20 log 4.545 = 13.15 (dB)

?ouble—dot-dash lines. The overall characteristics are shown by the full line.
ine.

According to the overall characteristics, the use of values approaching actual
capacitors gives a maximum ripple of 0.6 dB and a cut-off frequency of about 2.9

kHz.
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Fig. 50 Frequency response of the designed filter (5th order)




The constants and frequency response for a 3rd order Chebyshev filter
designed in the same manner are shown in Figures 51 and 52.

The full line in Figure 52 represents the overall characteristics.

According to these overall characteristics, the use of values approaching
actual capacitors gives a maximum ripple of 3 dB and a cut-off frequency of
about 2.56 kHz.

Fig. 51 Designed filter (3rd order)
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. . -~ \
N ‘\
—15 . N

—20 A

—25
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Fig. 52 Designed filter frequency response (3rd order)
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Q1 1 How should the filter be connected where the MSM6243 voice output pin
output impedance is 60 kohm (typ)? ;

A1l An output impedance of 60 kohm is equivalent to connecting 60 kohms to
a 0 ohm output impedance pin (ideal constant voltage source).

If ambient temperature fluctuations and manufacturing tolerance spread are

considered, this 60 kohm output impedance can vary from -50% to 100%, making

filter constant settings impossible.

Hence, it is recommended that a voltage follower be inserted before the filter as

shown in Figure 53 to vary the impedance.

(A voltage follower should also be used when MSM5205 MSM5218, MSM6212,

MSM6258, and other devices are used.)

MSM6243 _.I_

mg 1 Cz
: .

Fig. 53 MSM6243 and filter interface
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Can the MSM5205 voice output be connected directly to an audio amplifier?

Q12

A12 Yes. But note that the amplifier input impedance and allowable input
amplitude must be considered.

With a preamplifier stage input impedance of about 47 kohm, the normal input
amplitude is 200 mVp-p. Since the MSM5205 voice output impedance is
approximately 100 kohm and the output amplitude about 4 Vp-p (Vp, = 5 V when
unloaded), a load has to be connected to reduce the amplitude to about 1/20.
Likewise with other devices, direct connection to an audio amplifier is enabled by
connecting a load to match the output impedance. See Figure 54.

5205 Analog output

470k
To preamplifier

100k

Fig. 54 Audio amplifier connection
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