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Applications Information (See Internal Schematic) 

OSCILLATOR 

The Colpitts type oscillator is internally biased with a regu­
lated current source which assures proper operation over a 
wide supply range. The collector, base, and emitter termi­
nals are at pins 4, 1, and 2 respectively. The crystal, which 
is used in the parallel resonant mode, may be replaced with 
an appropriate inductor if the application does not require 
the stability of a crystal oscillator. In this case, the resonant 
frequency will be determined by the inductor in parallel with 
the series combination of C1 and C2. 

r I T OVs 

c,..L I 

r--_' f.... L 
I -=::-

C2=r I ------... 

I 1 

MIXER 

PIN 1 "'lII 

PIN 6 

TUH/5586-4 

so Ct=(Cl)(C2)/(Cl +C2) 

and fo=.159/,1[(Cij 

The mixer is double balanced to reduce spurious responses. 
The upper pairs are switched by the oscillator while the RF 
input is applied to the lower pair (pin 16). R43 sets the mixer 
input impedance at 3.6 kG. The mixer output impedance of 
1.8 kG will properly match the input impedance of a ceramic 
filter which is used as a bandpass filter coupling the mixer 
output to the IF limiting amplifier. 

IF LIMITER 

The IF amplifier consists of six differential gain stalles, with 
the input impedance set by R2 at 1.8 kG to properly termi­
nate the ceramic filter driving the IF. The IF alone (without 
mixer) has a - 3 dB limiting sensitivity of approximately 50 
p.V. The system bandwidth is limited to about 5 MHz due to 
high impedances in the IF which are necessary to meet low 
power requirements. The IF output is connected to the ex­
ternal quad coil at pin 8 via an internal 10 pF capacitor. 

FM DEMOD AUDIO OUT 

A conventional quadrature detector is used to demodulate 
the FM signal. The Q of the quad coil, which is determined 
by the external resistor placed across it, has multiple affects 
on the audio output. Increasing the Q increases output level 
but because of nonlinearities in the tank phase characteris-

tic, also increases distortion (see Typical Performance 
Characteristics). For proper operation, the voltage swing on 
pin 8 should be adequate to drive the upper rank of the 
multiplier into switching (about 100 mVrms). This voltage 
level is dependent on the internal 10 pF capacitor and the 
tank Rp voltage divider network. After detection and de-em­
phasis, the audio output at pin 9 is buffered by an emitter 
follower. 

OPAMP 

The op amp inverting input (pin 10) which is internally refer­
enced to .7V, receives dc bias from the output at pin 11 
through the external feedback network. Because of the low 
D.C. bias, maximum swing on the op amp output with 10% 
distortion is 500mVrms. This can be increased when operat­
ing on supplies over 2.3V by adding a resistor from the op 
amp input to ground which raises the quiescent D.C. at the 
output allowing more swing (see figure below for selection 
of added resistor). The op amp is, normally utilized as either 
a bandpass filter to extract a specific frequency from the 
audio output, such as a ring or dial tone, or as a high pass 
filter to detect noise due to no input at the mixer. The latter 
condition will generate a Signal at the op amp oput, which 
when applied to pin 12 can mute the external audio amp. 

for max swing: VOUT=(VS-VBEl/2 (from internal circuit) 

so (VS-VBE)/2=.7( 1 + 

d' R2 _ (VS-VBE) 
an R3- 1A -1 

H2 -
I I HI O.7V r-.... R3 

V. """""--ll--r-AJvv-..--tII-) () .....---. • VOUT • 0,7 1 V 

R3V 

Increasing OP Amp Swing 

SQUELCH TRIGGER CIRCUIT 

TUH/5586-5 

The squelch trigger circuit is configured such that a low bias 
on the input (pin 12) will force pin 13 high (200 mV below 
supply), where it can support at least a 1 mA load, and pin 
14 to be a low impedance, typically 150 to ground. Con­
necting pin 14 to a high impedance ground reference point 
in the audio path between pin 9 and the audio amp will mute 
the audio output. Pulling pin 12 above mute threshold (.65V) 
will force pin 13 to an impedance of about 60 kO to ground 
and pin 14 will be an open circuit. There is 100 mV of hyster­
isis at pin 12 which effectively prevents jitter. 

S 12-125 
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Semiconductor. 
LMC835 Digital Controlled Graphic Equalizer 

General Description Features 
The LMC835 is a monolithic, digitally-controlled graphic • No volume controls required 
equalizer CMOS LSI for Hi-Fi audio. The LMC835 consists • Three-wire interface 
of a Logic section and a Signal Path section made of analog • 14 bands, 25 steps each 
switches and thin-film silicon-chromium resistor networks. • ±12 dB or ±6 dB gain ranges 
The LMC835 is used with external resonator circuits to • Low noise and distortion 
make a stereo equalizer with seven bands, ± 12 dB or ± 6 

• TTL, CMOS logiC compatible dB gain range and 25 steps each. Only three digital inputs 
are needed to control the equalization. The LMC835 makes Applications it easy to build a ,.,.P-conlrolled equalizer. 

The signal path is designed for very low noise and distor- • Hi-Fi equalizer 

tion, resulting in very high performance, compatible with • Receiver 

PCM audio. • Car stereo 
• Musical instrument 
• Tape equalization 

• Mixer 
• Volume controller 

Connection Diagram 

Dual-In-Llne Package 

AUI! ...! '-" .!!: UND 

AIHI..l !!. AIHS 

. AIM3 ..J ~ AINI 

AIH. ~ ll. AIHl 

Order Number LMC835N 
LCI ...! a Lca 

See NS Package N28B LCZ ...! ~ tCg 

LC3 ..2 ~ LCIO 

LC4 ...! rn- LC11 
, 

LC5..! ~ LCIZ 

LC6 .l!! ~ LCl3 

LC7 ..ll ~ LCl4 

Vss ..!! ~ Vou 

D.GND ..!! ~ DATA 

.. CLOCK ..!! ~ STROBE 

TLlH/6753-1 
Top View 
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:12dB 
Sb 
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RbO 
7.3k 
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Rb2 
7.3k 
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DO 
01 

I~~ 
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05 
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1 
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Absolute Maximum Ratings 
Supply Voltage, Voo-Vss 
Allowable Input Voltage (Note 1) 

Storage Temperature, T stg 

18V 

Vss-0.3V 

Operating Ratings 
Supply Voltage, VOO-VSS 

Digital Ground (Pin 13) 

Digital Input (Pins 14, 15, 16) 

5Vt016V 

Vssto Voo 

V!lstoVoo 

Lead Temperature (Soldering, 10,sec), TL 

tOVOO+0.3V 
- 60·C to + 150·C 

+300·C 

Analog Input (Pins 1, 2, 3, 4, 25, 26, 27) 

(Note 1) 

Operating Temperature, Tope 
VsstoVoo 

-4O"Cto +85·C 

Electrical Characteristics (Note 2) Voo= 7.5V, Vss= -7.5V, A.GND=OV 
LOGIC SECTION 

Symbol Parameter 

IDOL Supply Current 
ISSL 
IOOH 
ISSH 

VIH High-Level Input Voltage 

VIL Low-Level Input Voltage 

fo Clock Frequency 

tw(,STB) Width of STS Input 

!setup Data Setup Time 

thold Data Hold Time 

tcs Delay from Rising Edge of CLOCK 
toS'fB 

liN Input Current 

CIN Input Capacitance 

Test Conditions Typ 

Pins 14, 15,16 are OV 0.01 
Pins 14,15, 16 are OV 0.01 
Pins 14, 15,16 are 5V 1.3 
Pins 14,15,16 are 5V 0.9 

@Pins 14, 15, 16 1.8 

@Pins 14, 15, 16 0.9 

@Pin14 2000 

See Agure 1 0.25 

See Agure 1 0.25 

'See Agure 1 0.25 

.See Figure 1 0.25 . 

@Pins 14, 15, 16 OV<VIN<5V ±0.01 

@Pins 14, 15, 16 f= 1 MHz 5 

Nole 1: Pins 2, .3 and 26 have a maximum input voHage range of ± 22V for ihe typical applicalion shown In Rgure 7. 

Tested Design 
Unit 

Limit Limit 
(Limit) 

(Note 3) (Note 4) 

0.5 0.5 mA(Max) 
0.5 . 0.5 mA(Max) 
5 5 mA(Max) 
5 5 mA(Max) 

2.3 2.5 V (Min) 

0.6 0.4 V (Max) 

500 500 kHz (Max) 

1 1 ,...S(Min) 

1 1 ,...S(Min) 

1 1 ,...S(Min) 

1 1 ,...S(Min) 

±1 ,...A(Max) 

pF 

Note 2: Bold numbers apply allemperature '!XIremes. All other numbers apply al T A = :we, Voo;;' 7.5V, Vss = -7.5V,D.GND= A.GND= OV as shown in the lesl 
circuil, Figures 3 and 4. 

Nole 3: Guaranteed and 100% production 1~led. 

Nole 4: Guaranleed (bul noll00% production lasted) over Ihe operallng lamperature range. These limRs are nol used to calculale outgoing qualHr levels. 

Timing Diagram 
5V 

\ CLOcK INPUT . 

ov 

5V ---. 
DATA INPUT 

OV ---
5V 

STRoiE INPUT 
OV 

TUH/61S303 

TLlH/6753-3 

Note: To change the gain of the presenlly selected band, His nol necesssry to send DATA 1 (Band Selection) each time. 

FIGURE 1 

S12-128 



r-
. Electrical Characteristics (Note 2) VDD= 7.5V. VSS = -7.5V. O.GNO,:"A.GNO= OV == 0 

CD 

SIGNAL PATH SECTION w 
CI1 

Tested Design Unit Symbol Parameter Test Conditions Typ Limit Limit (Limit) (Note 3) (Note 4) 

AAv Gain Error Av=OdB@ ± 12dBRange 0.1 0.5 0.5 dB (Max) 
Av= 0 dB @ ± '6 dB Range 0.1 1 1 dB (Max) 
Av= ±1 dB@ ± dB Range 0.1 0.5 0.6 dB (Max) 

(RbS or Rcs is ON) 
Av=±2dB@±12dBRange 0.1 0.5 0.6 dB (Max) 

(Rb4 or Rc4 is ON) 
Av= ±3 dB @± 12 dB Range 0.1 0.5 0.6 dB (Max) 

(Rb3 or RC3 is ON) 
Av= ±4dB@± 12dB Range 0.1 0.5 0.7 dB (Max) 

(Rb2 or Rc2 is ON) 
Av= ±5dB@±12dBRange 0.1 0.5 0.7 dB (Max) 

(Rb1 or RC1 is ON) 
Av=±9dB@± 12dBRange, 0.2 1.3 dB (Max) 

(RbO or Rco is ON) 

THO Total Harmonic Av=OdB@±12dBRange 0.0015 % 
VIN=4Vrms• 1= 1 kHz 

Av=12dB@ ± 12dBRange 
VIN= 1Vrms• 1= 1 kHz 0.01 0.1 % (Max) 
VIN= lVrms• 1=20 kHz 0.1 0.5 % (Max) 

Av= -12 dB @ ±12 dB Range 
VIN = 4Vrms• 1= 1 kHz 0.01 0.1 % (Max) 
VIN=4Vrms• 1=20 kHz 0.1 0.5 % (Max) 

VOMax Maximum Output Voltage Av=OdB@ ±12dBRange 5.5 5.1 5 Vrms(Min) 
THO <1%.1=1 kHz 

SIN Signal to Noise Av=O dB @ ±12 dB Range 114 dB 
Vref=l Vrms 

Av= 12 dB @ ±12 dB Range 106 dB 
Vref=lVrms 

Av=-12dB@ ±12dBRange 116 dB 
Vref=lVrms 

ILEAK Leakage Current Av=OdB@ ±12dB Range 
(All internal switches are OFF) 

Pin 2+3. Pin 26 500 nA(Max) 
Pin 5- Pin 11. Pin 18- Pin 24 50 nA(Max) 

Note 1: Pins 2, 3 and 26 have a maximum input voltage range of ±22V for the typical application shown in Figure 1-

Note 2; Boldface numbers apply at temperature extremes. All other numbers apply at TA=25'C, Voo=7.5V, Vss= -7.5V, D.GND=A.GND=OV as shown in the 
test cirouH, Figures 3 and 4. 
Note 3: Guaranteed and 100% production tested. 
Note 4: Guaranteed (but not 100% production tested) over the operating temperature range. These limits are not used to calculate outgoing quality levels. 

Timing Diagrams 
~--------------------------------DMAsns------------------------------------~ 

~----------DATA IIBAND SELECTIDNI----------~-----------DATA II (GAIN SElECTIONI-------------i 

• DATA 

u u 
TLlH/6753-4 

Note: To change the gain of the presently selected band, H is not necessary to send DATA 1 (Band Selection) each time. 

FIGURE 2 
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Truth Tables 

OATA I (Band Selection) 

07 06 05 04 03 02 01 00 
(Ch 1\: Band 1-7, Ch B: Band 8-14) 

H X L L L L L L 
H X L L L 
H X L L L 

L L 
L H 

H 
L 

Ch A ± 12 dB Range, Ch B ± 12 dB Range, No Band Selection 
Ch A ± 12 dB Range, Ch B· ± 12 dB Range, Band 1 

H X L: L L L H' H Ch A ± 12 dB Range, Ch B ± 12 dB Range, Band 2 

H X L L L H L L Ch A ± 12 dB Range, Ch B ± 12 dB Range, Band 3 

H X L L L H L H Ch A ± 12 dB Range, Ch B ± 12 dB Range, Band 4 

H X L L L H H L Ch A ± 12 dB Range, Ch B ± 12 dB Range, Band 5 

H X L L L H H H Ch A ± 12 dB Range, Ch B ± 12 dB Range, Band 6 

H X L L H L L L Ch A ± 12 dB Range, Ch B ± 12 dB Range, Band 7 
Ch A ± 12 dB Range, Ch B ± 12 dB Range, Band 8 
Ch A ± 12 dB Range, Ch B ± 12 dB Range, Band 9 

H X L L H L L H 
H X L L H L H L 
H X L L H L H H Ch A ± 12 dB Range, Ch B ± 12 dB Range,.Band 10 

H X L L H H L L Ch A ± 12 dB Range, Ch B ± 12 dB Range, Band 11 
Ch A ± 12 dB Range, Ch B ± 12 dB Range, Band 12 
Ch A' ± 12 dB Range, Ch B ± 12 dB Range, Band 13 

H X L L H H L H 
H X L L H H H L 
H X L L H H H H Ch A ± 12 dB Range, Ch B ± 12 dB Range, Band 14 

Ch A ± 12 dB Range, Ch B ± 12dB Range, No Band Selection 
H X L H Valid Binary Input 

Ch A ± 12 dB Range, Ch B ± 6 dB Range, Band 1-14 
H X H L Valid Binary Input 

Ch A ± 6 dB Range, Ch B ± 12 dB Range, Band 1-14 

Ch A ± 6 dB Range, Ch B ± 6 dB Range, Band 1-14 
H X H H Valid Binary Input 

t t t t Band Code -(i) @ ® (!) 

(i) DATA 1 

@ Don't Care 

® Ch A ±6 dB!±12 dB Range 
(!) Ch B ±6 dB! ± 12 dB Range 

This is the gain if the ± 12 dB range is 
selected by DATA I. If ~he ± 6 dB 
range is selected, then the values 
shown must be approximately halved. 
See the characteristics curves for 
more exact data. 

-

Flat 
1 dB Boost 
2 dB Boost 
3 dB Boost 
4dBBoost 
5 dB Boost 
6dB Boost 
7dB Boost 
8 dB Boost 
9dB Boost 

10dB Boost 
.11 dB Boost 
12dB Boost 
1 dB-12 dB Cut 

@ DATA II 

@ Boost/Cut 

S 12-130 

07 06 

L X 
L H 
L H 
L H 
L H 
L H 
L H' 
L H 
L H 
L H 
L H 
L H 
L H 
L L 

t t 
@ @ 

OATA II' (Gain Selection) 

05 04 03 02 01 

L L L L L 
H L L L . L 
L H L L L 
L L H L L 
L L L H L 
L L L L H 
L H L L H 
H L H L H 
L H L H H 
L L L L L 
H L H L L 
H L H H L 
H L H H H 

Valid Above Input - Gain Code -

DO 

L 
L 
L 
L 
L 
L 
L 
L 
L 
H 

'H 
H 
H 



Test Circuits 

>-4>--.y,f�r-----------------o()VaUTB 

r--, 
~------=D~A~U~ I 

WDRD I 
GENERATDR I 

D.GND I 
L.. __ .J 

>~ ..... .y,fIr-----------------o()VauTA 

FIGURE 3. Test Circuit for AC Measurement 

Vl24 V123 V122 Vl21 Vm Vl19 Vl1B + 7.5V 

rl,,1,rl,rY,rl,rl,rl, 
I" .......... ' 
,IIYII"V li"Y .. "Y lillY IIIIV lillY' 
11111111111111 
~ ~. ~~ .. ~. ~. ~. . 

LMCB35 

DATA r - -, ...-----=="'" I 
WDRD I 

GENERATDR I 

D.GND I 
L.. __ .J 

FIGURE 4. Test Circuit for Leakage Current Measurement 
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C") 
CD 
(,) 

:3 
Test Circuits (Continued) 

r------, 

ILlNo-+---...... ~ .... 
>-.-+<> VLOUT 

I 
I I 

lk 

I lOOp I L ____ ...:...J 
VLOUT -ILlN)( 107 

TUH/6753-7 

FIGURE 5. I to'V Converter 

o-~~~~,--_,------------_,--1r--------------~i:HC;OO~ CLOCK 

STAHT 

+V 

10 

HC74 
12 0 

1-:-~1-4--.::.tCK HC74 

10 

DATA 

tD~ __ -!~~-----t------o~ 

+VD7 D6 05 D4 D3 D2 Dl DD 

TUH/6753-8 

FIGURE 6. Simple Word Generator 

Typical Performance Characteristics 

2,0 

c1.& 
!.1.4 
i 1.2 

= 1.0 G 
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Supply Current VB 
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!t:~~~-STO-5V 
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1 
I 
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I 
--i- !-'Iss 

T .;-
i./ I 
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1234567 •• 10 

SUPPlY VOLTAGE (:tV) 

2.0 
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c1.l 
!. 1.4 

j 1.2 
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~ 0,8 
E 0.1 
lil 0.4 
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o 

Supply Current VB 
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~-:t7.5V 
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TEMPERATURE ('C) 

S 12-132' 
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o 

Input Capacitance VB 

Input Voltage 

PINS 14. 15. 16 I 
VI. :t7,5V, TA-25'C r-r-r--
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I 
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Typical Performance Characteristics (Continued) 

4 -
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Distortion vs Frequency 
@ ± 12 dB Range 

10 
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Nominal Resistor 
vs Temperature 
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('I) g Typical Applications 
... 

27k 
YIN. o-JIt,IIo\oo-.... -,N Uk 

Z1 

Zl 
Z2 
Z3 
Z4 
Z5 
Z6 
Z7 

27k 

21k 

1+-----::;:==:;::---0 VOUla 

P-.P-.. -.P-.• -.P-.. -~ 11111111111111 
I Zl II Z2 II Z3 II Z4 II Z5 .. Z6 .. Z7 I 
111111111 .. 11. 

HP---+ + 15VoCIN 

11111111111111 
I ZlI1Z211Z3I1Z411Z5I1Z6I1Z7' 

+ 41~ + 41~ I II .. II II II .. I 
lOOp L_~L_~L_JL_JL_JL_JL_J 

IOn 

+15V -15V 

H~--. -15¥oCIN 

>::-9-'Mrl 1-:--------------0 VoUlA 

TLIH16753-11 

FIGURE 7. Stereo 7-Band Equalizer 

TABLE I: Tuned Circuit Elements 

Qo=3.5, Q12dB= 1.05 

fo (Hz) Co(F) CL(F) 

63 lp. 0.1p. 
160 0.47p. 0.033p. 
400 0.15p. 0.015p. 
lk 0.068p. 0.0068p. 

2.5k 0.022p. 0.0033p. 
6.3k 0.01p. 0.0015p. 
16k 0.0047p. 680p 

RL(O) Ro(O) 

lOOk 680 
lOOk 680 
lOOk 680 
82k 680 
82k 680 
62k 680 
47k 680 

PIN "LC" PIN 2. 3 OR 26 

rBd--' Ico lOOk I 
I I 
I~ I 
I , I 
I I 
L~. ____ .J 
t159D1lo=55k#16k#11k#Bk#3 kill 

l.o=CL RL,Ro 

1 
10= 2".Jt;;c;; 

00=~Co~2 
RoOo 

Q'2dB=Ro+1590 

TLlH16753-12 

FIGURE 8. Tuned Circuit for Stereo 
7-Band Equalizer (Figure 7) 
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Typical Applications (Continued) 
Performance Characteristics (Circuit of Figure 7) 

LM835 Gain vs Frequency LM835 Gain vs Frequency 
@ ± 12 dB Range @ ± 12 dB Range 
(All Boost or Cut) (1 kHz Boost or Cut) 

12l1li. 12 

-8 

-12 

-16 

8 

6 

10 100 lK 10K lOOK 

FREOUENCY (Hz) 

LM835 Gain vs Frequency 
@ ±6dBRange 
(All Boost 'or Cut) 

! 1111111111111111111 

~-2 
-4 

-6 

-8 
10 100 lK 10K lOOK 

FREQUENCY (Hz) 

+15V 

28 27 26 

A,GNO AINS AIHI 

25 

fqN7 

iii 4 

i" 0 

~-4 
-8 

-12 

-16 

... 
'" ;!E 
c 

10 100 lK 10K lOOK 

FREOUENCY (Hz) 

LM835 Gain vs Frequency 
@ ±6 dB Range 
(1 kHz Boost or Cut) 

.. -211_ -4 

-6 

-8 
10 100 lK 10K lOOK 

FREQUENCY (Hz) 

> ........ 'W ...... ------------OOVOUT 

24 23 22 21 20 

LC8 LCS LCIO LCI1 LC12 

LMC835 

LCI LC2 LC3 LC4 LC5 

5 8 9 

"=' 

lOOk 

19 18 17 

LC13 LC14 Voo 

LC6' LC7 Vss 
10 11 12 

+7,5V 

DATA 

STROBE 

CLOCK 

'---.O,GNO 

-7,5V 

11111"111111 1 
I ZI II Z2" Z3 " Z4 .. Z5 .. Z6 II Z7 I 
I II .. .. .. II II I .-.. -~.-~.-~.-~.-~.-~ 

FIGURE 9. 12-Band Equalizer 
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Typical Applications (Continued) 

TABLE II. Tuned Circuit Elements 

00=4.7, Q12 dB= 1.4 

fo (Hz) Co(F) CL(F) Rdo) 

Z1 16 3.3,.,. 0.47,.,. 100k 
Z2 31.5 15,.,. 0.22,.,. 110k 
Z3 63 1,.,. 0.1,.,. 100k 
Z4 125 0.39,.,. 0.068,.,. 91k 
Z5 250 0.22,.,. 0.033,.,. 82k 
Z6 500 0.1,.,. 0.015,.,. 100k 
Z7 1k 0.047,.,. 0.01,.,. 82k 
Z8 2k 0.022,.,. 0.0047,.,. 91k 
Z9 4k 0.01,.,. 0.0022,.,. 110k 
Z10 8k 0.0068,.,. 0.001,.,. 82k 
Z11 16k 0.0033jl. 680p 62k 
Z12 32k 0.0015,.,. 470P. 68k 

Ro(O) 

680 
680 
680 
680 
680 
680 
680 
680 
680 
680 
680 
510 

PIN "LC" PIN 26 

r 
ICo 
I 
ICl 

A-_"-' 

I Rl 

I 
L~ ____ J 
(15900-55k#16k#11k#8kn kO) 

FIGURE 10. Tuned Circuit for 
12·Band Equalizer (Figure 9) 
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Performance Characteristics (Circuit of Figure 9) 

12 Band Equalizer Application 
LM835 Gain vs Frequency 
@ ±6 dB Range 
(All Boost or 

! 
! -2 

-4 

-6~. -8~ 
10 100 lK 10K lOOK 

FREQUENCY (Hz) 

12 Band Equalizer Application 
LM835 Gain vs Frequency 
@ ± 12 dB Range 
(All Boost or Cut) 

16~m1 
12 rP.tII 

! 
z 0 

:iI -4 

-8 

-12~E1 
-16 f!!tWII 

10 100 lK 10K lOOK 

FREQUENCY (Hz) 
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LM835 12 Band E.Q. Application 
Gain vs Frequency 
@ ± 12 dB Range 
(1 kHz Boost or Cut) 
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LM835 12 Band E.Q. Application 
Gain vs Frequency 
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Typical Applications (Continued) 

VDD 

lOOk 

47. 
+ 

VDD 

5.lk 

5.lk 

'::' 

lOOk 

"> ..... ---w\t-...:..j 1----------0 VDUTB 

r-,r-,r-1r-,r-,r-1r-' 
11111111111111 
I ZI II Z2 II Z3 II Z4 II Z5 II Z6 II Z7 I 
11111111111 .. 1 

• 11111111111111 
I ZI II Z2 .. Z3 II Z4 .. Z5 II Z6 II Zl I 
,111111 .. 11111 
~_JL_JL_JL_JL_JL_JL_J 

.----_ VDD BV TO 15V 

..... -_OATA 

STROBE 

CLOCK 

L...--_D.GND 

> ..... -""'I'r-:.t 1-----------0 VOUTA 

TL/H/6753-17 

FIGURE 11. Single Supply Stereo Equalizer 
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~ Typical Applications (Continued) 
:IE 
-' 

VOUTS 

TLlH/6753-18 

FIGURE 12. Stereo 7-Input/1·0utput Mixers 
(THO Is not as low as equalizer circuit) 

+5V 

TLlH/6753-19 

FIGURE 13. Stereo Volume Control, Very Low THO 

DATA 

I-----t ffiiiii 
D.GND 

LMC835 

TL/H/6753-20 

FIGURE 14. LMC83S·COP404L CPU Interface 
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------------------------------------------------------------ir 
Typical Applications (Continued) 

Sample Subroutine Program for Figure 14, LMC83S-COP404L CPU Interface 

HEX 

CODE LABEL 

3F LMC835: 

05 SEND 

22 

335F 

4F 

05 

07 

05 

4F 

05 

07 

32 

4F 

335D 

335B 

4E 

43 

48 

80 

RAM 

ADDRESS 

3C DATA 

3D DATA 

3E DATA 

3F DATA 

Application Hints 
SWITCHING NOISE 

MNEMONICS 

LBI 3F 

LD 

SC 

OGI 

XAS 

LD 

XDS 

LD 

XAS 

LD 

XDS 

RC 

XAS 

OGJ 13 

OGI 11 

CBA 

AISC 3 

RET 

JP SEND 

COMMENTS 

;GAIN DATA D4-D7 

;GAIN DATA DO-D3 

;BAND DATA D4-D7 

;BAND DATA DO-D3 

The LMC83S uses CMOS analog switches that have small 
leakages (less than 50 nA). When a band is selected for flat 
gain, all the switches in that band are open and the resona­
tor circuit is not connected to the LMC835 resistor network. 
It is only in the flat mode that the small leakage currents can 
cause problems. The input to the resonator circuit is usually 
a capacitor and the leakage currents will slowly charge up 
this capacitor to a large voltage if there is no resistive path 
to limit it. When the band is set to any value other than flat, 
the charge on the capaCitor will be discharged by the resis­
tor network and there will be a transient at the output. To 
limit the size of this transient, RLEAK is necessary. 

COMMENTS 

;POINT TO RAMADDRESS 3F 

;RAMDATA TO A 

; SET CARRY 

;SET PORT G= 1111, OPEN THE AND GATES 

; SWAP A AND SIO, CLOCK START 

;RAMDATA TO A, MAKE SURE A = DATA 

; SWAP A AND RAMDATA, RAMADDRESS=RAMADDRESS-1 

;RAMDATA TO A 

; SWAP A AND SIO 

;RAMDATA TO A, MAKE SURE A=NEWDATA 

; SWAP A Aim RAMDATA, RAMADDRESS=RAMADDRESS-1 

;RESET CARRY 

; SWAP A AND SIO, CLOCK STOP 

;SET PORT G=1101, MAKE STROBE LOW 

;SET PORT G=lOl1 , MAKE STROBE HIGH, CLOSE THE 

GATES 

;BDTOA 

;RAMADDRESS < 3C "THEN RETURN 

HOW TO AVOID SWITCHING NOISE DUE TO LEAKAGE 
CURRENT (Refer to Figures 7 and 8) 

To avoid switching noise due to leakage currents when 
changing the gain, it is recommended to put RLEAK= 100 
KO between Pin 3 and Pin 5-11 each, Pin 26 and Pin 12-
24 each. The resistor limits the voltage that the capacitor 
can charge to, with minimal effects on the equalization. The 
frequency response change due to RLEAK are shown in Fig­
ure 15. The gain error is only 0.2 dB and Q error is only 5% 
at 12 dB boost or cut. 
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B Application tiints (Continued) 

:I 
> .... -OOVOUT 

lOOk 

, 
I 
I 

N~ 
MODEL TUH/6753-21 

t2 dB r---I"---.-----......,. __ ---
11.8 d8 I-~__._-I---+_._M._ 

o dB 

"'0110 "'0 
RESULT 

10"'0 

TLlH/6753-22 

FIGURE 15. Effect of RLEAK 

REDUCING EXTERNAL COMPONENTS 
The typical application shown in Figure 7 is switching noise 
free. The DC-coupled circuit in F/{/ure 16 is also switching 
noise free, except at 12 dBIS dB switch tum ON/OFF. This 
switching noise is caused by the Ibias and Voffset of the op 

tOOk 

·".r 
LMCB35 

TLlH/6753-23 

ACCOUPLING 

amps. Selecting a low Ibias and Valise! op amp can minimize 
the switching noise due to the 12 dBIS dB switch. The DC· 
coupled application can also eliminate the RF= 100k resis· 
tors with only a 0.5 dB gain error at 12 dB boost or cut. 

tOOk 

LMC835 

TLlH/6753-24 

DC COUPLING 

FIGURE 16. Reducing External Components 
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~National 
~ Semiconductor 

microCMOS 

TP3020/TP3020-1/TP3021/TP3021-1 
Monolithic CODECs 

General Description Features 
• Low operation power-45 mW typical 
• Low standby power-1 mW typical 
• ± 5V operation 
• TTL compatible digital interface 

The TP3020 and TP3021 are monolithic PCM CODECs im­
plemented with double-poly CMOS technology. The TP3020 
is intended for flo-law applications and contains logic for flo­
law signaling insertion and extraction. The TP3021 is intend­
ed for A-law applications. • Time slot assignment or alternate fixed time slot modes 

• Internal precision reference 
• Internal sample and hold capacitors 
• Internal auto-zero circuit 

Each device contains separate DI A and AID circuitry, all 
necessary sample and hold capacitors, a precision voltage 
reference and internal auto-zero circuit. A serial control port 
allows an external controller to individually assign the PCM 
input and output ports to one of up to 32 time slots or to 
place the CODEC into a power-down mode. Alternately, the 
TP3020/TP3021 may be operated in a fixed time slot mode. 
Both devices are intended to be used with the TP3040 
monolithic PCM filter which provides the input anti-aliasing 
function for the encoder and smoothes the output of the 
decoder and corrects for the sin xIx distortion introduced by 
the decoder sample and hold output. 

• TP3020-flo-law coding with Signaling capabilities 

Simplified Block Diagram 

5V, 

Vcc 

• TP3021-A-law coding 
• Synchronous or asynchronous operation 

_ .... """\jMr ..... IMI.LE AID HOLD .... _____ .....fr-;;;-,.---I-. Tiic 
VfX AID ... Dx 

scz ... - ..... 
SC11---, 

VfR +-+---____ < 

OIDA -5V 
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Absolute Maximum Ratings 
Operating Temperature - 25'C to + 125'C Voltage at Any Analog 

Storage Temperature -6SOCto + 150'C Input or Output Vee-0.3V to Vee + 0.3V 

Vee with Respect to GNDD 7V Voltage at Any Digital 

Vee with Respect to GNDD -7V Input or Output GNDD-0.3V to Vee + 0.3V 

Lead Temperature 

(Soldering, 10 seconds) 300'C 

DC Electrical Characteristics Unless otherwise noted TA=O'C to 70'C, Vee=5.0V±5%, 
Vee = - 5.0V ± 5%. Typical characteristics are specified at Vcc= 5.0V, Vee = -5.0V and T A = 25'C. All digital signals are 
referenced to GNDD. All analog signals are referenced to GNDA. 

Symbol I Parameter I Conditions I Min I Typ I Max I Units 

DIGITAL INTERFACE 

II Input Current O<VIN<Vee -10 10 p.A 

Vll Input Low Voltage 0.6 V 

VIH Input High Voltage 2.2 V 

VOL Output Low Voltage Ox. 10l = 4.0 mA 0.4 V 

SIGR, 10l = 0.5 mA 0.4 V 
TSx, 10l = 3.2 mA, Open Drain 0.4 V 
PDN, 10l = 1.6 mA 0.4 V 

VOH Output High Voltage Dx,IOH=6mA 2.4 V 
SIGR,IOH=0.6 rnA 2.4 V 

ANALOG INTERFACE 

ZI VFx Input Impedance when Resistance in Series with 2.0 kO 
Sampling Approximately 70 pF 

Zo Output Impedance at VFR -3.1V<VFR<3.1V 10 20 0 
-
Vos Output Offset Voltage at VFR DR = PCM Zero Code (TP3020) -25 25 mV 

or Alternating ± 1 Code (TP3021) 

liN Analog Input Bias Current VIN=OV -0.1 0.1 !LA 
R1 x C1 DC Blocking Time Constant 4.0 ms 

C1 DC Blocking Capacitor 0.1 p.F 

R1 Input Bias Resistor 160 kO 

POWER DISSIPATION 

lceo Standby Current, Vee 0.1 0.4 mA 

leeo Standby Current, Vee 0.03 0.1 mA 

leel Operating Current, Vee 4.5 8.0 mA 

leel Operating Current, Vee 4.5 8.0 mA 

Note: rp3020·1 specifications are the seme as those for TP3020 except where noted. Similarlly. TP3021·1 specifications are the seme as TP3021 except where 
noled. 
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AC Electrical Characteristics Unless otherwise noted, the analog input is a 0 dBmO, 1.02 kHz sine wave. 
The digital input is a PCM bit stream generated by passing a 0 dBmO, 1.02 kHz sine wave through an ideal encoder. All output 
levels are sin x/x corrected. 

Symbol Parameter Conditions Min Typ Max Units 

Absolute Level The nominal 0 dBmO levels for 
the TP3020 and TP3021 are 
1.520 Vrms and 1.525 Vrms 
respectively. The resulting 
nominal overload level is 3.096V 
peak for both devices. All gain 
measurements for the encode 
and decode portions of the 
TP3020/TP3021 are based on 
these nominal levels after the 
necessary sin x/x corrections are 
made. 

GRA Receive Gain, Absolute T=25·C, Vcc=5V, Vee= -5V 
TP3020, TP3021 -0.125 0.125 dB 
TP3020-1, TP3021-1 -0.175 0.175 dB 

GRAT Absolute Receive Gain T = COC to 70·C -0.05 0.05 dB 
Variation with Temperature 

GRAV Absolute Receive Gain Vcc=5V±5%, -0.D7 0.07 dB 
Variation with Supply Voltage Vee'= -5V±5% 

GXA Transmit Gain, Absolute T=25·C, Vcc=5V, Vee= -5V 
TP3020, TP3021 -0.325 -0.075 dB 
TP3020-1, TP3021-1 -0.375 -0.025 dB 

GXAT Absolute Transmit Gain T = O·C to 7COC -0.05 0.05 dB 
Variation with Temperature 

GXAV Absolute Transmit Gain Vcc=5V ±5%, -0.D7 0.07 dB 
Variation with Supply Voltage Vee=-5V ±5% 

.GRAL Absolute Receive Gain CCITI Method 2 Relative 
Variation with Level to -10dBmO 

o dBmO to 3 dBmO -0.3 0.3 dB 
-40 dBmO to 0 dBmO -0.2 0.2 dB 
-50 dBmO to -40 dBmO -0.4 0.4 dB 
-55 dBmO to -50 dBmO -1.0 1.0 dB 

GXAL Absolute Transmit Gain CCITI Method 2 Relative 
Variation with Level to -10dBmO 

o dBmO to 3 dBmO -0.3 0.3 dB 
-40 dBmO to 0 dBmO -0.2 0.2 dB 
-50dBmOto -40dBmO -0.4 0.4 dB 
-55dBmOto -50dBmO -1.0 1.0 dB 

S/DR Receive Signal to Distortion Sinusoidal Test Method Input 
Ratio Level 

- 30 dBmO to 0 dBmO 35 dBc 
-40dBmO 29 dBc 
-45dBmO 25 dBc 

S/Ox Transmit Signal to Distortion Sinusoidal Test Method Input ., 

Ratio Level 
-30 dBmO to 0 dBmO 35 dBc 
-40dBmO 29 dBc 
-'-45dBmO 25 dBc 

NR Receive Idle Channel Noise DR = Steady State PCM Code 6 dBrncO 

Nx Transmit Idle Channel Noise TP3020, VFx=OV (No Signaling) 13 dBrncO 
TP3021, VFx=OV -66" dBnOp • HDR Receive Harmonic Distortion 2nd or 3rd Harmonic -47 dB 

HDx Transmit Harmonic Distortion 2nd or 3rd H·armonic -47 dB 
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AC Electrical Characteristics (Continued) Unless. otherwise noted, the analog input is a 0 dBmO, 1.02 kHz 
sine wave. The digital input is a PCM bit stream generated by passing a 0 dBmO, 1.02 kHz sine wave through an ideal encoder. 
All output levels are sin xIx corrected. 

Symbol Parameter Conditions Min Typ Max Units 

PPSRx Positive Power Supply Input Level=OV, Vcc=5.0Voc 50 dB 
Rejection, Transmit. + 200 mVrms, 1 = 1.02 kHz 

PPSRR Positive Power Supply DR = Steady PCM Code, 40 dB 
Rejection, Receive Vcc=5.0Voc + 200mVrms, 

F=1.02kHz 

NPSRx Negative Power Supply Input Level = OV, Vee = - 5.0 Voc 50 dB 
Rejection, Transmit + 200 mVrms, 1=1.02 kHz 

NPSRR Negative Power Supply DR = Steady PCM Code, 45 dB 
Rejection, Receive Vee = - 5.0 Voc + 200 mVrms, 

1= =1.02kHz 

CTXR Transmit to Receive Crosstalk DR = Steady PCM Code -75 dB 

CTRX Receive to Transmit Crosstalk Transmit Input Level = OV 
TP3020 -70 dB 
TP3021 -65" dB 

"Theoretical worst-case for a perfactfy-zeroed encoder with alternating sign bit, due to the decoding law. 

Timing Specification Unless otherwise noted, T A = O·C to 70·C, Vcc= 5.0 ± 5%, Vee= -5.0 ±'5%. All digital 
signals are referenced to GNDD and measured at VIL-and VIH levels as indicated in the Timing Waveforms. 

Symbol Parameter Conditions Min Typ Max Units 

tpc Period of Clock CLKc, CLKR, CLKx 485 ns 

tRC, tFC Rise and Fall Time 01 Clock CLKc,CLKR,CLKx 30 ns 

tWCH Width of Clock High CLi<c, CLKR, CLKx 165 ns 

tWCL Width of Clock Low CLKc,CLKR,CLKx 165 ns 

tAlO AID Conversion Time From End 01 Encoder TIme 16 Time 
Slot to Completion of Slots 
Conversion . 

tOIA DI A Conversion Time From End of Decoder TIm~ 2 Time 
Slot to Transition 01 VFR Slots 

tsoc Set-Up TIme, Dc to CLKc 100 ns 

tHOC Hold Time, CLKc to DC 100 ns 

tsFC Set-Up'Time, FSx or CLKx 100 ns 

tHFX Hold Time, CLKx to FSx 100 ns 

tozx Delay Time to Enable Dx on CL=150pF 25 125 ns 
TS Entry 

toox' Delay Time, CLKx to Dx CL=150pF 125 ns 

toxz Delay Time, Dx to High CL =OpF . 50 165 ns 
Impedance State on TS Exit 

tOTsL Delay to TSx Low O:;-;:CL';; 150 pF 30 185 ns 

tOTSH Delay to TSx Off CL =OpF 30 185 ns 

tssx Set-Up Time: SIGx to CLKx 100 ns 

tHSX Hold Time, CLKx to SIGx 100 ns 

tSFR Set-Up Time, FSR to CLKR 100 ns 

tHFR Hold Time, CLKR to FSR 100 ns 

, tSOR Set-.Up Time, DR to CLKR 40 ns 

tHOR Hold Time, CLKR to DR 30 . ns 

tOSR Delay Time, CLKR to SIGR CL =100pF 300 ns 
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Timing Waveforms 

CLKC 

iil~ DC 

- -tHDC 

CLKX 

- l-tHPX 

- ---~ SIGNALING FRAME (TP3DZO ONLYI 

SIGX ----------------------------------------------~~ 
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Connection Diagrams 
Dual·ln·Line Package 

SCI 24 ClKC 

SC2 23 DC 

VFX 22 Vaa 

HC 21 SIGx 

GHOA 20 FSx 

SlGR, 19 CLKX 

Order Number 
muzo 

TP302OJ, TP3020J·1 
NC I. FSR 

See NS Package J24A DR 11 ClKR 

PON 16 vCC 

'VFR 10 15-TSx 

NC 11 14 Ox 

NC lZ 13 GNDD 

TOP VIEW 

TLlH/5538-3 

Description of Pin Functions 
TP3020 
Pin No. 

1 
2 

3 

4 
5 

6 

7 
8 

9 

Name 
SC1 
SC2 

VFX 

NC 
GNDA 

PDN 

Function 
Internally connected to GNDA. 
Connects VFx to an external sample/ 
hold capacitor if fitted for use with pin­
compatible NMOS CODECs. E[ldures 
gain compatibility. 
Analog input to the encoder. This 
signal will be sampled at the end of the 
encoder time slot and the resulting 
PCM code will be shifted out during 
the subsequent encode time slot. 
Unused 
Analog ground. All analog Signals are 
referenced to this pin. 
Receive signaling bit output. During 
receive sign~ling frames the least sig­
nificant (last) bit shifted into DR is in­
ternally latched and appears at this 
output-SIGR will then remain valid 
until changed during a subsequent 
receive signaling frame or reset by a 
power-down command. 
Unused 
Serial PCM data input to the decoder. 
During the decoder time slot, PCM 
data is shifted into DR, most signifi­
cant bit first, on the falling edge of 
CLKR· 
TTL output level which goes high when 
the CODEC is in the power-down 
mode. May be used to power·down 
other circuits associated with the 
PCM channel. Can be wire ANDed with 
other PDN outputs. 

S13·6 

Dual·ln·Line Package 

SCI 

SCZ 

VFX 

NC 

GNDA 

NC 

PDN 

NC 10 

Order Number 
16 ClKR TP3021J, TP3021J·1 

See NS Package J22A 
15 VCC 

14 TSx 

13 
DX 

NC 11 12 GNDD 
'------~ 

TDPVIEW 
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TP3020 (Continued) 
Pin No. Name 

10 VFR 

11 
12 
13 

14 

15 

16 
17 

18 

NC 
NC 
GNDD 

Ox 

TSx. 

Vee 
CLKR 

Function 
Analog output from the decoder. The 
decoder sample and hold amplifier is 
updated approximately 15 /J-S after the 
end of the decode time slot. 
Ullused 
Unused 
Digital ground. All digital levels are ref· 
erenced to this pin. 
Serial CM TRI·STATEIII> output from 
the encoder. During the encoder time 
slot, the PCM code for the previous 
sample of VFx is shifted out, most 
significant bit first, on the rising edge 
ofCLKx· 
Time slot output. This TTL compatible 
open-drain output pulses Iqw during 
the encoder time slot. May be used to 
enable external TRI-STATE bus driv· 
ers if highly capacitive loads must be 
driven. Can be wire ANDed with other 
TSx outputs. 
5V (±5%) input. 
Master decoder clock input used to 
shift in the PCM data on DR and to 
operate the decoder sequencer. May 
operate at 1.536 MHz, 1.544 MHz or 
2048 MHz. May be asynchronous with 
CLKx or CLKc. 
Decoder frame sync pulse. Normally 
occurring at an 8 kHz rate, this pulse is 
nominally one CLKR cycle wide. 
Extending the width of FSR to two or 
more cycles of CLKR signifies a 
receive signaling frame. 
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." Description of Pin Functions (Continued) (0) 
0 TP3021 (Continued) /\) TP3020 (Continued) 
0 Pin No. Name Function Pin No. Name Function ..... 

Analog output from the decoder. The -t 19 CLKx Master encoder clock input used to 9 VFR ." 
decoder sample and hold amplifier is (0) shift out the PCM data on Dx and to 

0 operate the encoder sequencer. May updated approximately 15 J.LS after the /\) 
0 operate at 1.536 MHz, 1.544 MHz or end of the decode time slot. I ..... 

2.048 MHz. May be asynchronous with NC Unused -10 -t CLKR or CLKe. 11 NC Unused ." 
(0) 20 FSx Encoder frame sync pulse. Normally 12 GNDD Digital ground. All digital levels are 0 

occurring at an 8 kHz rate, this pulse is 
referenced to this pin. 

/\) ..... 
nominally one CLKx cycle wide. Ex-

Serial PCM TAl-STATE output from ..... 13 Dx -t tending the width of FSx to two or 
the encoder. During the encoder time ." 

(0) more cycles of CLKx signifies a 
slot, the PCM code for the previous 0 

transmit signaling frame. /\) 
sample of VFx is shifted out, most ..... 

Transmit signaling input. During a I 21 SIGx 
significant bit first, on the riSing edge ..... 

transmit signaling frame, the signal at 
SIGx is shifted out of Dx in place of the ofCLKx· 
least significant (last) bit of PCM data. 14 TSx Time slot output. This TTL compatible 

22 Vee -5V (±5%) input. open-drain output pulses low during 
23 Dc Serial control data input. Serial data the encoder time slot. May be used to 

on Dc is shifted into the CODEC on the enable external TAl-STATE bus 
falling edge of CLKc. In the fixed time drivers if highly capacitive loads must 
slot mode, Dc doubles as a power- be driven. Can be wire ANDed with 
down input. other TSx outputs. 

24 CLKe Control clock input used to shift serial 15 Vee (5V ± 5%) input. 
control data into Dc. CLKc must pulse 16 CLKR Master decoder clock input used to 
8 times during a period of time less shift in the PCM data on DR and to 
than or equal to one frame time, operate the decoder sequencer. May 
although the 8 pulses may overlap a 

operate at 1.536 MHz, 1.544 MHz or 
frame boundary. CLKe need not be 

2.048 MHz. May be asynchronous with synchronous with CLKx or CLKR. 
CLKx or CLKe. Connecting CLKe continuously high 

17 FSR Decoder frame sync pulse. Normally places the TP3020/TP3021 into the 
occurring at an 8 kHz rate, this pulse is fixed time slot mode. 
nominally one CLKR cycle wide. 

TP3021 18 CLKx Master e(1coder clock input used to 
Pin No. Name Function shift out the PCM data on Dx and to 

1 SCl Internally connected to GNDA. operate the encoder sequencer. May 
2 SC2 Connects VFx to an external samplel operate at 1.536 MHz 1.544 MHz, or 

hold capaCitor if fitted for use with pin- 2.048 MHz. May be asynchronous with 
compatible NMOS CODECs. Ensures CLKR or CLKe. 
gain compatibility. 19 FSx Encoder frame sync pulse. Normally 

3 VFx Analog input to the encoder. This occurring at an 8 kHz rate, this pulse is 
signal will be sampled at the end of the nominally one CLKx cycle wide. 
encoder time slot and the resulting 20 Vee -5V (±5%) input. 
PCM code will be shifted out during 21 Dc Serial control data input. Serial data 
the subsequent encode time slot. on Dc is shifted into the CODEC on the 

4 NC Unused falling edge of CLKe. In the fixed time 
5 GNDA Analog ground. All analog Signals are slot mode, Dc doubles as a power-

referenced to this pin. down input. 
6 NC Unused 22 CLKe Control clock input used to shift serial 
7 DR Serial PCM data input to the encoder. control data into Dc. CLKe must pulse 

During the decoder time slot, PCM 8 times during a period of time less 
data is shifted into DR, most signifi- than or equal to one frame time, 
cant bit first, on the falling edge of although the 8 pulses may overlap a 
CLKR· frame boundary. CLKc need not be 

8 PDN Open drain output which turns off synchronous with CLKx or CLKR. 
when the CODEC is in the power-down Connecting CLKe continuously high 
mode. May be used to power-down places the TP3020/TP3021 into the 
other circuits associated with the fixed time slot mode. 
PCM channel. can be wire ANDed with 
other PDN outputs. 
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Functional Description 
POWER-UP 
Upon application of power, internal circuitry initializes the 
CODEC and places it into the power-down mode. No se­
quencing of 5V or -5V is required. In the power-down 
mode, all non-essential circuits are deactivated, the TRI­
STATE PCM data output Dx is placed in the high impedance 
state and the receive signaling output of the TP3020, SIGR, 
is reset to logical zero. Once in the power-down mode, the 
method of activating the TP3020/TP3021 depends on the 
chosen mode of operation, time slot assignment or fixed 
time slot. 

TIME SLOT ASSIGNMENT MODE 
The time slot assignment mode of operation is selected by 
maintaining CLI<c in a normally low state. The state of the 
CODEC is updated by pulsing CLKc eight times within a 
period of 125 ,...S or less. The falling edge of each clock 
pulse shifts the data on the Dc input into the CODEC. The 
first two control bits determine if the subsequent control bits 
83-88 are to specify the time slotforthe encoder (81 =0), 
the decoder (82=0) or both (81 and 82=0) or if the CO­
DEC is to be placed into the power-down mode (81 and 
82=1). The desired action will take place upon the occur­
rence of the second frame sync pulse following the first 
pulse of CLKe. Assigning a time slot to either the encoder or 
decoder will automatically power-up the entire CODEC cir­
cuit. The Ox output and DR input, however, will be inhibited 
for one additional frame to allow the analog circuitry time to 
stabilize. If separate time slots are to be aSSigned to the 
encoder and the decoder, the encoder time slot should be 
aSSigned first. This is necessary because up to four frames 
are required to assign both time slots separately, but only 
three frames are necessary to activate the Dx output. If the 
encode time slot has not been updated the PCM data will be 
outputted during the previously assigned time slot which 
may now be assigned to another CODEC. 

FIXED TIME SLOT MODE 
There are several ways in which the TP3020/TP3021 may 
operate in the fixed time slot mode. The first and easiest 
method is to leave CLKe disconnected or to connect CLKe 
to Vee. In this situation, Dc behaves as a power-down input. 
When Dc goes low, both encode and decode time slots are 
set to one on the second subsequent frame sync pulse. 
Time slot one corresponds to the eight CLKx or CLKR cy­
cles starting one cycle from the nominal leading edge of 
FSx or FSR respectively. As in the time slot assignment 
mode, the Dx output is inhibited for one additional frame 
after the circuit is powered up. A logical "1" on Dc powers 
the CODEC down on the second subsequent FSx pulse. 

A second fixed time slot method is to operate CLKe continu­
ously. Placing a "1" on Dc will then cause the serial control 
register to fill up with ones. With 81 and 82 equal to "1" the 
CODEC will power-down. Placing a "0" on Dc will cause the 
serial control register to fill up with zeroes, aSSigning time 
slot one to both the encoder and decoder and powering up 
the device. One important restriction with this method of 
operation is that the rising transition of Dc must occur at 
least 8 cycles of CLKc prior to FSx. If this restriction is not fol­
lowed, it is possible that on the frame prior to power-down, the 
encoder could be assigned to an incorrect time slot (e.g., 
1, 3, 7, 15 or 31), resulting" in a possible PCM bus conflict. 

S 13-8 

SERIAL CONTROL PORT 
When the TP3020/TP3021 is operated in the time slot as­
signment mode or the fixed time slot mode with continuous 
clock, the data on Dc is shifted into the serial. control regis­
ter, bit 1 first. In the time slot assignment mode, depending 
on 81 and 82, the data in the RCV or XMT time slot regis­
ters is updated at the second FSR or FSx pulse after the 
first CLK<; pulse, or the CODEC is powered down. In the 
continuous clock fixed time slot mode, the CODEC is pow­
ered up or down at every second FSR or FSx pulse. The 
control register data is interpreted as follows: 

Bl B2 Action 

0 0 Assign time slot to encoder and decoder 
0 1 Assign time slot to encoder 
1 0 Assign time slot to decoder 
1 1 Power-down CODEC 

B3 B4 B5 B6 B7 B8 Time Slot 

0 0 0 0 0 0 1 
0 0 0 0 0 1 2 
0 0 0 0 1 0 3 
0 0 0 0 1 1 4 

1 1 1 1 1 0 63 
1 1 1 1 1 1 64 

During the power-down command, bits 3 through 8 are ig­
nored. Note that with 64 possible time slot aSSignments it is 
frequently possible to assign a time slot which does not 
exist. This can be useful to disable an encoder or decoder 
without powering down the CODEC. 

SIGNALING 
The TP3020 ,,:-Iaw CODEC contains circuitry to insert and 
extract Signaling information for the PCM data. The transmit 
signaling frame is signified by widening the FSx pulse from 
one cycle of CLKx to two or more cycles. 

When this occurs, the data present on the SIGx input at the 
eighth clock pulse of the encode time slot is inserted into 
the last bit of the PCM data stream. A receive signaling 
frame is indicated in a similar fashion by widening the FSR 
pulse to two or more cycles of CLKR. 

During a receive signaling frame, the last PCM bit shifted in 
is latched into a flip-flop and appears at the SIGR output. 
This output will remain unchanged until the next signaling 
frame, until a power-down is executed or until power is re­
moved from the device. Since the least significant bit of the 
PCM data is lost during a signaling frame, the decoder inter­
prets the bit as a "W' (i.e., half way between a "0" 
and a "1"). This minimizes the noise and distortion due to 
the Signaling. 



Functional Description (Continued) 

ENCODING DELAY 

The encoding process begins immediately at the end of the 
encode time slot and is concluded no later than 17 time 
slots later. In normal applications, this PCM data is not shift­
ed out until the next time slot 125 p.S later, resulting in an 
encoding delay of 125 p.S. In some applications it is possi­
ble to operate the CODEC at a higher frame rate to reduce 
this delay. With a 2.048 MHz cloc;:k, the FS rate could be 
increased to 15 kHz reducing the delay from 125 p.S to 67 
p.S. 

DECODING DELAY 

The decoding process begins immediately after the end of 
the decoder time slot. The output of the decoder sample 
and hold amplifier is updated 28 CLKR cycles later. 

Typical Application 

FROM slie ----1~ VFXI+ 

VFXI-

GSx 
R3 

TP3D40 
NRO-

NRO' TO slie {+---4 
NRI 

VFRO 
R5 

.D.IPFi 

The decoding delay is therefore approximately 28 clock cy­
cles plus one half of a frame time or 81 p.S for a 1.544 MHz 
system with an 8 kHz frame rate or 76 p.S for a 2.048 MHz 
system with an 8 kHz frame rate. Again, for some applica­
tions the frame rate could be increased to reduce this delay. 

TYPICAL APPLICATION 

A typical application of the TP3020/TP3021 used in con­
junction with the TP3040 PCM filter is shown. The values of 
resistor R1 and DC blocking capacitor C1, are non-critical. 
The capacitor value should exceed 0.1 p.F, R1 should not 
exceed 160 kO, and the product R1 x C1 should exceed 4 
rms. 

VFX PON 
iix TSx 
Ox Ox 

SC2 CLKX CLKx 

TP3D2DI 
FSx 

TP3D21 
GNDA 

DR 

~O.'PF 

"-----------_ ..... ---+-.... _-5V 

XMT gain = 20 X log (R3 :2 R2) + 3 dB 

RCV gain = 20 x log (R2 :4 R5) tv< each power ampliler 

""~." 

TL/H/5538-5 

The power supply decoupling capacitors should be 0.1 p.F. In order to take advantage 01 the exCellent noise performance 01 the TP3020ITP3021/TP3040, care 
must be taken in board layout to prevent coupling 01 digital noise Into the sensHlve analog lines. 

"The extemal sample/hold capaCitor required lor use with pin·competible NMOS COOEC. introduces attenuation due to the capacitive divider formed with Cl. The 
SC pin ccnnects VFx to this sample/hold capecitor (via a 300n resistor) to ensure gain compatibilHy. The TP3020/TP3021 Hoell does not require an external 
sample/hold capaCitor. 
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~ Semiconductor 
TP5700/TP5700-1/TP5710 
Telephone Speech Circuits 

General Description 
The TP5700 is a linear bipolar device which includes all the 
functions required to build the speech circuit of a telephone. 
It replaces the hybrid transformer, compensation circuit and 
sidetone network used in traditional designs. When used 
with an electret microphone (with integral FET buffer) and 
dynamic; receiver, superior audio linearity, distortion and 
noise performance are obtained. Loop attenuation compen­
sation is also included. 

The TP5710 provides additional gain and differential inputs 
for use with a dynamic microphone. 

The low voltage design enables the circuit to work over a 
wide range of operating conditions, including long loops, ex­
tension' telephones and subscriber carrier applications. 
Operating power is derived from the telephone line. 

Simplified Block Diagram 

PRELIMINARY 

Features 
• 5 mA-120 mA loop operation 
• Voltage swing down to 1.0V 
• Transmit amplifier for electret 

microphone - TP5700,-1 
• Transmit amplifier for dynamic microphone - TP5710 
• Receive amplifier with push-pull outputs 
• Automatic gain compensation for loop length 
• Sidetone impedance independent of input impedance 
• DTMF interface with muting 
.' Voltage regulator outputs for DTMF generator etc. 
• Works in parallel with a standard phone on 20 mA loop 

TO POLARITY GUARD 
AND SUBSCRIBER'S UNE 

TL/H/5201-1 
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Absolute Maximum Ratings 
V+ with Respect to v- 20V Storage Temperature, T S - 65'C to + 150'C 

Voltage at Any Other Pin V+ + 0.3V to V- - 0.3V Junction Temperature 150'C 

Operating Temperature, T A - 25·C to + 70·C Lead Temperature (Soldering, 10 seconds) 300'C 

Power Dissipation 1W 

DC Electrical Characteristics 
Unless otherwise specified, all tests based on the test circuits shown in Figure 1, all limits apply for T A = O·C to 60'C, typical 
values apply at T A = 25·C. 

Symbol Parameter Conditions Min Typ Max Units 

iLOOP = 5mA 2.8 V 

VT.R Tip-Ring Voltage = 20 mA, TP5700 4 
including nominal1.4V = 20 mA, TP5700-1 5 V 
polarity guard = 20 mA, TP571 0 4.7 V 
(See Figure 1) = 50mA 7 V 

= 80mA 10.5 V 
= 120mA 15 V 

VI Minimum Instantaneous V+ toV- 1.0 V 
Voltage Swing iLOOP = 5mA 

TRANSMIT AMPLIFIER TP5700, TP570Q-1 

RXIN Input Resistance From Pin 7 to V- 15 30 50 kO 

GXA Gain at 1 kHz, T A = 25·C RAGe = 00 to V-, . 
ILOOP = 20 mA, TP5700 33 35 37 dB 

TP5700-1 32 38. dB 

GXT Gain Variation v. T A TA = O·Cto 60·C ±1 dB 

GXI Gain Variation v. iLOOP ILOOP = 20 to 100 mA -6 dB 

Nx Transmit Noise MICINl = OV 12 18 dBrnC 

TP5710 

RXIN Differential Input From Pin 7 to Pin 11 1.2 kO 
Resistance 

GXA Gain at 1 kHz, T A = 25'C RAGe = OOtoV-, 
'LOOP = 20 mA, T A = 25·C 57 dB 

GXT Gain Variation v. T A TA = 0'Ct060'C ±1 dB 

GXI Gain Variation v. ILOOP ILOOP = 20 to 100 rnA -6 dB 

Nx Transmit Noise MIC INl = MiC IN2 = OV 18 dBrnC 

ALL DEVICES 

S/Dx Signal/Total Harmonic ILooP;;' 20mA 
Distortion VL = 800 mVrms 2 10 % 

GXM Gain Change when MUTED MUTE IN ;;, VMON -55 dB 

DTMF AMPLIFIER 

ROIN Input Resistance From Pin 8 to V- 20 kO 

GXO Gain at 1 kHz RAGe = 00 to V-
ILooP = 20 mA, T A = 25'C 6 dB 

GXOT Gain Variation v. T A TA = O'Ct060'C ±1 dB 

GXOI Gain Variation v. 'LOOP ILooP = 20t0100mA -6 dB 

MUTE INPUT 

IMIN Input Current Pin9 = 1.5V 40 /loA 

VMOFF MUTE OFF Input Voltage 0.5 V 

VMON MUTE ON Input Voltage 1.5 V 

S 13-11 
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DC Electrical Characteristics (Continued) 
Unless otherwise specified, all tests based on the test circuits shown in Figure 1, all limits apply for TA = O·C to 60·C, typical 
values apply at T A = 25·C. 

Symbol I Parameter I Conditions I Min I Typ I Max I Units 

RECEIVE AMPLIFIER . 

RRIN Input Resistance From Pin 12 to V- 20 35 55 kO 

GRA Gain at 1 kHz, T A = 25"C RAGC = 00, MUTE IN oS: VMOFF 
ILOOP = 20mA -5.5 -4 -2.5 dB 

GRT Gain Variation v. TA TA = 0·Ct060·C ±0.5 dB 
GRI Gain Variation v.ILOOP ILOOP = 20 to 100 mA -6 dB 

GRM Gain Change when MUTED MUTE IN :<! VMON -15 -20 -23 dB 

NR Receive Noise VRCVIN ='OV 0 10 dBrnC 

S/DR Signal/Total Harmonic VR = 400 mVrms .2 10 %, 
Distortion ILOOP:<! 20mA 

VRC Output Clipping Level 1.2 2 Vp-p 

VROS Output Offset Voltage 100 mV 

SIDETONE CHARACTERISTICS 

STC I Sidetone Cancellation at 1 kHz I 20 rnA oS: ILOOP oS: 100 mA, Note 2 I I 15 I I dB 

VOLTAGE REGULATOR OUTPUTS 

VREGI Output Voltage, Pin 10 ILOOP:<! 20 rnA 
MUTE IN oS: VMOFF 2 V 
MUTE IN :<! VMON 3 V 

IREGI Maximum Output Current, MUTE IN oS: VMOFF 200. p.A 
Pin 10 MUTE IN :<! VMON 2.7 mA 

VREG2 Output Voltage, Pin 11 ILOOP:<! 20mA 1.1 1.2 V 

IREG2 Maximum Output Current, Pin 11 ILOOP:<! 20 rnA 300 500 p.A 

3OD±I\', loo ± 1% 
ILOOP 2W IlOOP 2W 

RCVO+ Revo' [Em ~VS 200 

1 I· t:; ~5D ,F 
CIRCUIT RCVO- V" 50,F CIRCUIT RCVO-

Voe t ~ VL OF 

~.~ 
(NOTE 11 "-

OF B .. ,· (NOTE 11 FIGURE 2 MIC IN, 
FIGURE 2 MIC IN, 

lOO±I% MIC IN, (TP57101 
30o±1% 2W 

2W V- (TP5700) V-
MIC IN,(TP571D) 

TL/H/5201-3 
TLlH/5201-2 1 b. Test Circuit for Receive 

1a. Test Circuit for Transmit and Sidetone 

FIGURE 1. Test Circuits for Electrical Characteristics 
Note 1. Adjust Voc 10 set specified ILooP ""rrenl. 
Note 2. To measure SidelOne Cancellation. set oscillator in Fig. 18 for VL = 100 mVrrns; measure Vs. Then in Fig. 1b set oscillator = 100 mVrms; measure VR' 
STC= 20109 VRlVs. 

Functional Description distortion, linearity and noise performance compared to a 
The TP5700, TP571 0 Telephone Speech Circuits are pow- traditional carbon microphone. The electret should be ca-
ered· from the telephone Tip and Ring terminals via a full- pacitively coupled to the amplifier input. The acoustic sensi-
wave rectifier bridge to protect against loop polarity rever- tivity of the microphone is intended to be in the range of 
sals. The devices provide the fOllowing functions: -60 to -70 dBVlp.Bar. 

LINE REGULATOR Loss can be inserted if required by adding a resistive poten-

A DC regulator sinks current from the loop in order to main- tiometer either at MIC INI or the connection between the 

tain a DC slope resistance similar to that of a standard phone. pre-amp output and driver stage input. The driver stage pro-

Roc provides an adjustment for the slope resistance. 
vides automatic gain compensation to reduce the gain as 
loop length decreases. The AGC range can be adjusted by 

MICROPHONE AMPLIFIER means of RAGC to limit the maximum loss on a short loop 

A single-ende<;l input amplifier on the TP5700 enables a low from 0 to 6 dB. 

cost electret microphone to be used. This provides superior 
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Functional Description (Continued) 

The TP571 0 provides additional gain and balanced differen­
tial inputs for use with a dynamic microphone. 

RECEIVE AMPLIFIER 

This buffer amplifier provides the necessary gain or loss for 
the receive signal. RCV IN should be AC coupled to SIDE­
TONE (pin 4). Automatic gain control is built into the amplifi­
er to reduce the gain as loop length decreases. The AGC 
range is adjusted in common with the transmit AGC range 
with a range of adjustment for maximum loss from 0 to 6 dB. 
Push-pull complementary outputs provide balanced direct 
drive to a dynamic transducer, which may have an imped­
ance as low as 100n. The effective receive gain can be 
reduced by adding a resistor in series with the transducer. 
The receive gain is automatically reduced by 20 dB when 
the MUTE input is pulled high. 

SIDETONE CIRCUIT 

The level of Sidetone cancellation may be adjusted by con­
necting an external balance impedance to SIDETONE (pin 
4) and coupling this point to V+. For good sidetone cancel­
lation the balance impedance should be approximately 10 
times the subscriber line input impedance. Some typical 
component values to match a precise 600n termination for 
test purposes are shown in Figure 2. Use the component 
values shown in the Applications Section for better results 
over a wide range of telephone line impedances. 

RO 
620 

TIP----I--_ 

RING 

22.F 

• See Figure 3 

I.Bk Uk 
13 L ___ ...J 4 

V+ SIT 

15 VilAS VOLJAGE 
REGULATOR 

Roc 
14 

56 
lW 

RAGe 
16 

RAGe· 

DTMF AMPLIFIER 

An additional transmit amplifier is included to enable the 
open-emitter output of a conventional DTMF generator to 
be connected to the line via the transmit output stage. This 
path includes the transmit AGC section. When the MUTE 
input is pulled high, the DTMF input is enabled and the MIC 
input disabled. When MUTE IN is open-circuit or pulled to 
V- the DTMF input is switched off and the MIC input is 
enabled. 

VOLTAGE REGULATOR OUTPUTS 

A precision band-gap voltage reference on the TP5700 and 
TP5710 controls a regulator to provide bias for internal cir­
cuits. Two auxiliary outputs are also available (one on the 
TP5710). VREGI is provided specifically for powering a low 
voltage pulse dialer or DTMF generator. In order to protect 
this output in low voltage situations where the instanta­
neous voltage across the Speech Circuit may swing below 
the VREGI output voltage, an internal switch controls the 
maximum available output current. In speech mode, MUTE 
IN is low, VREGI output will track approximately % the Tip­
Ring voltage and the available output current is limited to 
200 /LA. This is adequate to power a DTMF generator in 
standby mode. When MUTE IN is pulled high to switch the 
Speech Circuit to the DTMF dialing mode, VREGI is 
switched to a 3V regulated output and up to 2 mA may be 
drawn from it to power the active DTMF generator. 

On the TP5700 only, a 1.2V regulated output is also provid­
ed at VREG2 to power a low voltage 2-wire electret micro­
phone such as the Primo EM80-PMI2. 

0.22.F 

RCVO+ 1 

RCVO- 2 

V,,,,, 10 

V'EG! 
(TP57DD ONLY) (11) 

TLlH/5201-4 

Note: ZeAL circuit shown is for test purposes with a resistive line termination. See Applications Information for suggested component values for normal reactive line 
applications. 

FIGURE 2. TP5700, TP5710 Telephone Speech Circuits 
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Connection Diagrams 
Dual-ln-L1ne Package Dual-In-Llne Package 

RCYO' 1. IIAac RCVO+ 16 RAGC 

RCVO- 15 VIlAS RCVO- 15 VSIAS 

V- 14 Roc V- 14 Roc 

SIT 4 13 V' SIT V+ 
TP5700 Order Number TP5700, xm 12 RCVIN 

TP5710 
XOI RCV IN 

TP5710 
xpo & 11 Vaal2 See NS Package N16A xpo VREGI 

MltlNl 

OTMFIN 

TOP VIEW 

Pin Descriptions 
Pins 1, 2 RCVO+ and RCVO-

10 ¥tall 

MUTE IN 

TLlH/5201-5 

The push-pull complementary outputs of the receive amplifi­
er. Dynamic transducers with a minimum impedance of 100 
o can be directly driven,by these outputs. 
Pin 3V-
This is the negative supply input to the device and should be 
connected to the negative output of the polarity guard. All 
other voltages on the device are referred to this pin. 
Pin 4 SIT 
This is the output of the Sidetone cancellation Signal, which 
requires a balance impedance of approximately 10 times 
the subscriber's line impedance to be connected from this 
pin to V+ (pin 13). . 
Pin 5XDI 
The input to the line output driver amplifier. Transmit AGC is 
applied in this stage. 
Pin 6 XPO 
This is the transmit pre-amp output which is normally capac­
itively coupled to pin 5. 
Pin 7 MIC IN1 
This is the inverting input to the transmit pre-amplifier and is 
intended to be capacitively coupled to' an FET -buffered 
electret microphone (TP5700). 
Pin 8 DTMF IN 
The DTMF input which has an internal resistor to V- to 
provide the emitter load resistor for a CMOS DTMF genera­
tor. This input is only active when MUTE IN (pin 9) is pulled 
high. 
Pin 9 MUTE IN 
The MUTE Input, which must be pulled at least 1.5V higher 
than V- to mute MIC IN and enable DTMF IN. 
Pin 10 VREGI 
The regulated output for biasing a pulse dialer or DTMF 
generator. A 4.7 .... F decoupling capacitor to V- should be 
fitted if this output is used. 
Pin 11 VREG2 (TP5700, TP5700-1 only) 
A 1.2V regulated output suitable for powering a low-voltage 
electret microphone. A 1 .... F decoupling capacitor to V­
should be fitted if this output is used. 

MICIN, MUTE IN 

MICIN2 OTMFIN 

TOP VIEW 

TLlH/5201-6 

Pin 11 MIC IN2 (TP5710 only). 
The non-inverting input to the transmit pre-amplifier for dy­
namic microphones. 
Pin 12 RCV IN 
The receive AGC amplifier input. 
Pin 13 V+ 
This is the positive supply input to the device and should be 
connected to the positive output of the polarity guard. The 
current through this pin is modulated by the transmit signal. 
Pin 14 RoC 
An external 1 W resistor is required from this pin to V - to 
control 'the DC input impedance of the circuit. The nominal 
value is 560 for low voltage operation. Values up to 820 
may be used to increase the available transmit output volt­
age swing at the expense of low voltage operation. 

Pin 15 VBIAS 
This internal voltage bias line must be connected to V+ via 
an external resistor, Ro, and decoupled to V- with a 22 .... F 
capacitor. Ro dominates the AC input impedance of the cir­
cuit and should be 6200 for a. 6000 input impedance or 
9100 for a 9000 input impedance. 

Pin 16 RAGC 
The range of transmit and receive gain variations between 
short and long loops may be adjusted by connecting a resis­
tor from this pin to V- (pin 3). Figure 3 shows the relation­
ship between the resistor value and the AGC range. This pin 
may be left open-circuit to defeat AGC action. 

\ 
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Applications Information 
The TP5700 and TP571 0 are flexible circuits designed with 
several user adjustments to enable the performance to be 
optimized for different applications. The choice of transduc­
er types and the cavities in which they are mounted will also 
greatly influence the acoustic performance of the tele­
phone. Some of the consequences of circuit adjustments 
are as follows: 

ROC ADJUSTMENT 

56n is the recommended value for Roc if it is required to 
meet a maximum Tip-Ring voltage of 4V on a 20 mA loop 
(assuming no more than 1.4V is dropped across the polarity 
guard). If a higher Tip-Ring voltage is acceptable, Roc may 
be increased, which will provide a small increase in the 
available transmit output voltage swing before clipping oc­
curs. Roc should be less than 82n to avoid exceeding the 
maximum rated voltage on a .short loop. 

RAGC ADJUSTMENT 
The available AGC range is more than adequate to compen­
sate for the loss of most loops. RAGe should be chosen 
only to partly compensate for the antiCipated maximum loop 
loss, as over-compensation may tend to exaggerate the var­
iations of sidetone with loop length. 

SIDETONE ADJUSTMENT 

The component values used for ZBAL should be selected to 
provide a clear sidetone sound without excessive "hollow­
ness." The capacitor value and ratio of the two resistors will 
fix the pole location. To avoid reducing the low voltage per­
formance of the circuit the sum of the two resistors should 
not exceed 10 kn. 

POWERING ELECTRET MICROPHONES (TP5700 only) 

Electret microphones with integral FET buffers are available 
in both two-wire and three-wire versions and a range of op-

10 
TIP-

R. 
620 

10 nF 

15 V81AS 

TP5700 
MUTE 

OTMFIN 

0.01 

100~F 
16V 

470 ~~ lk 
0.22 ~F 

erating voltage ranges. There are four methods of powering 
the microphone. 

1. The 1.2V VREG2 output provides the lowest voltage meth­
od for microphones rated down to W. VREG2 must be 
decoupled with· a 1 IlF capacitor to ground. 

2. If VREGI is not required for DTMF generator operation, it 
may be used to provide up to 200 /LA for microphone 
power. 

3. VBIAS (pin 15) may be used as a decoupled, but unregu­
lated, supply for electrets requiring a higher operating 
voltage than VREGI or VREG2' The additional current 
drawn through Ro Will, however, raise the minimum oper­
ating voltage of the Speech Circuit. If this method is used 
the decoupling capacitor must be increased to at least 
100 IlF to maintain good low frequency return loss. 

4. An electret type with a good power supply rejection ratio 
can be pdwered from V+, or a regulated and decoupled 
supply dropped from V + . 

TONE DIALING TELEPHONE 

Figure 4 shows the TP5700 directly interfacing to a low volt- . 
age DTMF generator. VREGI supplies the necessary 2V 
minimum bias to enable the TP5380 to sense key closures 
and pull its MUTE output high. VREGI then switches to a 3V 
regulated output to sustain the Tone Dialer during tone gen­
eration. The TP5700 DTMF input incorporates the neces­
sary load resistor to V- and provides gain plus AGC action 
to compensate for loop length. A muted tone level is heard 
in the receiver. For DTMF generators with a higher output 
level than the TP5380, a resistive potentiometer should be 
added to reduce the level at the speech circuit DTMF Input. 
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FIGURE 4. Typical Tone Dialing Telephone 
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Applications Information (Continued) 

PULSE DIALING TELEPHONE 
The TP5700 or TP5710 can red.uce the number of compo­
nents required to build a pulse dialing telephone, as shown 
in F/{lure 5. The usual current source can be eliminated by 
using the VREGI output to power a TP50982A low-voltage 
(1.7V) pulse dialer via a blocking diode. A low forward-volt­
age drop diode such as a Schottky type is necessary be­
cause VREGI is used in its non-regulated mode and its out­
put voltage may fall to 2V on a 20 rnA loop. A 100 /LF de­
coupling capacitor is required to hold up the pulse dialer 
supply voltage during dialing. This capacitor will take about 

one second to charge up when the telephone is first con­
nected to the line, but thereafter the 20 MO resistor required 
to retain the last-number dialed memory will keep this ca-

. pacitor charged. Partial muting is obtained by directly con­
necting the N-channel open-drain MUTE output of the pulse 
dialer to the RCV IN pin on the Speech Circuit. 
A fully muted pulse dialer design requires the use of a shunt­
mode dialer such as the TP50981A or TP50985A. Suitable 
interface circuits are shown in the TP50981A data sheet. 

~----t---~' #67,....._ .... ___ ... _ .... 
HISI 

20M 

10 
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• Select as necessary to sull mic sensitivity 

t Low leakage type 
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FIGURE 5. Typical Pulse Dialing Telephone 
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~National 
~ Semiconductor 
TP53190 Push-Button Pulse Dialer 

General Description 
The TP53190 is a low threshold voltage, ion implanted, met­
al-gate CMOS integrated circuit that provides all the logic 
required to convert a push-button input into a series of puls­
es suitable for simulating a telephone rotary dial. The circuit 
works with both calculator type keypad (single-contact) or 
standard 2-of-7 type keypad. An inexpensive ceramic reso­
nator is used as a frequency reference. When not actually 
outpulsing, or if there are no keypad entries, the TP53190 
consumes only microamperes of current and does not allow 
any internal oscillators to run. 
The TP53190 contains a 16-digit first-in-first-out memory 
that allows the user to enter digits faster than they are out­
pulsed. Numbers up to 16 digits may be dialed. After 16 
digits have been entered, no more entries will be accepted. 
The outpulsing rate can be externally selected as either 
10 pps or 20 pps. An interdigit pause of 4, 6, 8 or 10 times 
the dial pulse period is also externally selectable. The 
break/make ratio (ratio of the time the line is broken to the 
time the line is looped during outpulsing) is externally select­
able to 1/1, 1.5/1, 1.6/1 or 2/1. A mute output is provided 

Block and Connection Diagrams 
Vss Vou 

to mute receiver noise during outpulsing. No muting occurs 
during the inter-digit pause, thereby allowing the user to 
hear any busy or invalid condition arising during the call. The 
TP53190 provides a pacifier tone of 632 Hz every time a key 
is depressed. The last number entered may be redialed by 
use of the '" key. 

Features 
• Powered directly from the telephone line 
• Uses standard calculator type keypad 

or 2-of-7 type keypad 
• Uses inexpensive ceramic resonator for 

a frequency reference 
• Pin-selectable outpulsing rate 
• Pin-selectable interdigit pause 
• Pin-selectable break/make ratio 
• 632 Hz pacifier tone 
• Redial of last number 
• 2 digit overwrite for PABX access 

r--L------------~--, Dual-In-Line Package 
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Absolute Maximum Ratings Operating Voltage Range 
Voltage at Any Pin VSS-0.3toVOO+0.3V' VSS=GND, Voo=2.5V min, 5.5V max 

Current into DP 

for Voltages Exceeding Voo S:500 p,A 

Operating Temperature Range -30·Cto +70·C ' 

Storage Temperature Range -40·C to + 70·C 

Voo-Vss 6.5V 

Lead Temp. (Soldering, 10 seconds) 300·C 

Electrical Characteristics Vss=GND, 2.5VS:VooS:5.5V, -30·CS:TAS: + 70·C unless otherwise specified. 

Parameter Conditions Min Typ Max Units 

Input Voltage 
Logical "1" Voo-0.25 Voo V 
Logical "0" Vss Vss+0.25 V 

Output Current Levels: 
Dial Pulse 

Logical "0", Sink Voo=3V, VOUT=0.7V 500 p,A 
Mute 

Logical "0", Sink Voo=3V, VOUT=0.7V 500 p,A 
Tone 

Logical "1" Voo= 3V, VOUT=2.75V 4 p,A 
Logical "0" Voo=3V, VOUT=0.25V 4 p,A 

C1-C3 
Logical "1" Voo=3V, VOUT=2.75V 1 p,A 
Logical "0" Voo=3V, VOUT=0.25V 18 p,A 

Keypad Resistance 1 kn 

Operating Current Voo=3V 
Quiescent 1 p,A 
Oscillating 300 p,A 

Outpulsing Frequency Osc=488 kHz 9.5 10.5 Hz 

Input Leakages: 
Pins 3,8,9, 17, 18 Voo=5.5V, VIN=VSS 5 p.A 
Pins 11,12,13,14 Voo=5.5V, VIN=VSS 30 p,A 
Pin 4 (Hookswitch) VOO=5.5V, VIN=VSS 1 p,A 
Pins 3, 8, 9,17,18 Voo=5.5V, VIN=VOO 1 p,A 
Pins 11, 12, 13, 14 Voo=5.5V, VIN=VOO 1 p,A 
Pin 4 (Hookswitch) Voo=5.5V, VIN=VOO' 5 p,A 

Functional Description Frequency stability of ± 5% can be maintained for all devic-
A block diagram of the TP53190 integrated circuit is shown es over the voltage and temperature ranges. When the cir-
in Figure 1 and a package connection diagram is shown in cuit is not outpulsing, or no keys are depressed, the oscilla-
Agure2. tor will be shut down to eliminate noise and minimize dissi-

Oscillator (Pins 15 and 16): The precision time base of the pation. 

TP53190 pulse dialer is provided by an internal oscillator Keypad (Pins 5-7 and 11-14): Three column scan output 
circuit which utilizes an inexpensive ceramic resonaior as a pins and four row input pins are provided to utilize a stan-

frequency reference. Two external capacitors, as shown in dard Single-contact keypad or 2-of-7 type keypad (Agure 4). 
Figure 3, are needed to load the resonator to operate in the A valid key closure is recorded when a single row (Rx input) 
anti-resonant mode. A 455 kHz series resonance ceramic is connected to a single column (Cx output) or when a sin-
resonator will result in a frequency of oscillation of 480 kHz. gle row and a single column are brought to Vss. Key clo-
Ceramic resonators are available from Vernitron Corpora- sures are protected from contact bounce for 6 ms. Roll-over 
tion, Murata Corporation, and Radio Materials Company. keyboard inpuls will be considered valid. 
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Functional Description (Continued) 

Dial Pulse Output (Pin 2): The Dial Pulse output drives an 
external bipolar transistor that sequentially opens (breaks) 
the telephone loop a number of times equal to the input digit 
selected. For example. key 5 will generate 5 loop current 
breaks. The Dial Pulse output is an open drain transistor 
that sinks current only during a break. 

Break/Make Select (Pins 8-9): The break/make ratio of 
the TP53190 can be externally selected by the 2 break/ 
make select pins to be 1/1. 1.5/1. 1.6/1 or 2/1. This allows 
applications in a wide variety of telephone systems (Table I). 

DP Rate Select (Pin 3): The dial pulse rate select input is 
used to select an outpulsing rate of either 10 pps or 20 pps 
(Table II). 

lOP Select (Pins 17 and 18): The lOP select inputs are 
used to select an interdigit separation of 400 ms. 600 ms.· 
800 ms or 1000 ms when the outpulsing rate is 10 pps; and 
200 ms. 300 ms. 400 ms. or 500 ms when the outpulsing 
rate is 20 pps (Table III) 

Mute (Pin 19): The Mute output is used to drive an external 
bipolar transistor that is used to mute the receiver during the 
outpulse period. The Mute output is an open drain transistor 
that only sinks current while muting. System timing between 
key closure. mute and dial pulse are shown in the timing 
diagram in Figure 5. For initial key entries. and subsequent 
key entries made 1 lOP period after the last digit has been 

.outpulsed. mute will occur 1 IDP period before outpulsing 
begins. 

TABLE I 

Break/Make Ratio 

BIM Select 1 Select 2 

1.5/1 0 0 
2/1 0 1 
1/1 1 0 

1.6/1 1 1 

For key entries made during outpulsing. or during an lOP. 
there will be a pre-dial mute of 100 ms when the outpulsing 
rate is 10 pps, and a pre-dial mute of 50 ms when the out­
pulsing rate is 20 pps. The post-dial mute is 50 ms when the 
outpulsing rate is 10 pps and 25 ms when the outpulsing 
rate is 20 pps. 

Tone (Pin 10): The TP53190 provides a pacifier tone output 
to provide audio feedback to the user that a key has been 
depressed. The output is a 632 Hz tone that can be capaci­
tively coupled in to the telephone receiver. 

Redial: This feature allows the user to automatically dial the 
last number that was dialed. This is accomplished by push­
ing the "" key on the next dial attempt. The number to be 
redialed may be 3 to 16 digits long. If an access code is 
required. as in a PBX system, up to 2 digits may be entered 
before the dial tone is established and the redial key is 
pushed to automatically dial the remainder of the number. 
To maintain memory information. power must be present to 
the part while in the ON-HOOK condition. To detect the ON­
HOOK condition. the hookswitch ilJput (pin 4) must be left 
floating. Hookswitch is used to reset the internal control cir­
cuitry and memory pOinters. To detect the OFF-hook condi­
tion. hookswitch must be at a logical "1". An example olthe 
redial operation is shown below. 

Key Inputs Outpulses Memory 

First Try 85P4087375000 854087375000 854087375000 
Second 

85P"" 854087375000 
Try 

854087375000 

Third Try 85P"" 854087375000 854087375000 

Note: P indicates' a user pause 

TABLE II 

Dial Pulse 
Rate 

pps SELECT 
10 0 
20 1 

TABLE III 

Interdlgital Pause 

lOP Length Dial Pulse Rate Select 1 Select 2 

800ms 10 pps 0 0 
400ms 20pps 0 0 
1000 ms 10pps 0 1 
500ms 20pps 0 1 
400ms 10 pps 1 0 
200ms 20pps 1 0 
600ms 10 pps 1 1 
300ms 20pps 1 1 
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;; Functional Description (Continued) 

~ 
455 kHz Ceramic Resonator 

CRI 

C1..L 

IDI IIII 
...L.C2 

COL----+ "+---ROW 
SINGLE CONTACT 

CLASS A KEYBOARD 

T OSC OSC ~ EXTERNAL 

,!!. _O.!!!. COMPONENTS --- ------
RI TP5319D 

10M ...... .... 

Lt> 
'u ~ I :~--COL 
~ A----ROW 

TO COUNTERS 
2-0F·7TYPE OTMF KEYBOARD 

TL/H5130-2 

Cl=C2=80pF 

FIGURE 3. FIGURE 4. 

Output Timing Waveforms 
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Functional Description (Continued) 

+ 

L1VJI--------.-.t--..-cr 

LZVJI------.. -4-+IIt--+-cr 

Note 1: All resistances in ohms and capacitanc­
es in JoLF unless otherwise noted. 

Note 2: OP Rate. 81M and lOP select pins must 
be tied to the appropriate logic level for desired 
operation. 

Note 3: Diode bridge must be added to tele­
phone set. 

0.1 lk 

AA + 

S.IM 
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FIGURE 6. Using the TP53190 Pulse Dialer with Redial Option 
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~National 
~ Semiconductor 
OTSW-500 OIGITALKER® Vocabulary Selection System 
(OVSS) 

Product Description 
The DIGITALKER Vocabulary Development System (DVSS) 
is a CP/MTM software package which provides 500 highly 
intelligible English words in a male speaking voice. These 
words are intended for users of National Semiconductor's 
DIGITALKER MM54104 Speech Processor Chip. The pack­
age provides a complete software environment that allows 
users to create speech PROMs containing a vocabulary of 
words, phrases, or sentences put together from the 500 
words supplied. 

The DVSS package consists of 2 floppy disks and a user's 
manual. The first disk contains the speech data archive and 
the second contains the system software. Both floppy disks 
are standard 8" single-sided, single density disks written in 
CP/M format. 

In a typical application, a user would start by developing a 
vocabulary for his envisioned talking product. This vocabu­
lary could be composed of a list of Single words, phrases, or 
sentences. A standard CP/M text file is created containing 
the vocabulary list using any CP/M based text editor or the 
editor provided with the DVSS. This vocabulary list is 
checked to assure that all words on the list are contained in 
the current archive. Missing or misspelled words are flagged 
and the user must then return to the text editor to make 
corrections. 

The DVSS software creates what is called a work file for the 
vocabulary from an error-free vocabulary list. This work file 
can then be submitted to the ROM image building routine. 
The output is a ROM image file in binary format. This file in 
turn can be used to program PROMs. 

In order to use the DVSS software, a user needs a computer 
system that runs CP/M-80 and that has two 8" single densi­
ty floppy disk drives. Also necessary is a CRT terminal with 
both upper and lower case capability. (Note that this config­
uration can actually be thought of as a model of the comput­
er system on which DVSS will operate. There are however 
computer systems which don't exactly match this model 
that will run DVSS.) 

The DVSS programs are easy to use. A complete instruction 
manual and tutorial examples ensure that even a person 
unfamiliar with speech or programming will have little diffi­
culty in prodUCing vocabulary lists and speech PROMs. 

The speech ROM images produced by the DVSS system 
will be nearly as memory efficient as speech ROMs pro­
duced at the National Semiconductor Speech Lab. The data 
rate for ROMs containing more than 50 words will be ap­
proximately 1200 bits per word. (Smaller speech ROMs're­
suit in a slightly higher data rates.) 

Features 
• Create your own speech EPROMs 
• Choose words from a large database 

...,.. 500 words to start 
- Future library expansion 

• Build sentences and phrases 
• No previous knowledge of synthetic speech required 
• Runs on most CP/M machines 
• Supports MM54104 Digitalker Speech Processor Chip 

Functional Description 
THE SPEECH DATA ARCHIVE 
The speech data disk supplied with the system contains 500 
words. (Consult Table 1 for a listing of these words.) Each 
word stored on the floppy is a self-contained, stand-alone, 
playable entity. Adding further standard vocabulary or even 
custom words to the archive is a simple operation which is 
discussed in the software section below. 

THE SOFTWARE 
The DVSS software is a CP/M 2.2 applications program 
written in BDS C which will execute on most CP/M 2.2 com­
patible computers. The software requires the service of a 
CRT terminal. 

OPERATING ON SPEECH DATA ARCHIVES 
The speech data archive is the basic unit on which all the 
software operates. The system, as it is shipped from the 
factory, consists of a single speech data archive containing 
500 words. The archive architecture, however, makes it very 
easy- to add to or create new archives from existing ones. 
This capability is useful in a number of situations. For in­
stance, as more standard words are released by National 
Semiconductor, a user may wish to make a new archive that 
contains the entire standard word library. Or, if the full 
speech data archive has become too cumbersome or tQo 
large for storage on a single floppy, a subset of the full 
archive can be selected to create a new more manageable 
archive. 

The word archival software allows the user to obtain a vari­
ety of information about the contents of any archive. For 
example, the user can generate an alphabetical listing of all 
words in the archive. All of the lists generated by the DVSS 
can be output to any of the standard CP/M devices such as 
CON:, the system console, LST:, the system printer, or a file 
residing on any system supported disk. 
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C) r-----------------------------------------------------------------------------------------

! PREPARING VOCABULARY LISTS 
The central purpose of the DVSS system is building speech 
ROM images which (after conversion to some physical me­
dia such as EPROM or RAM) can be played by the 
MM54104. The first step in building a ROM image is to list 
the messages, i.e. the words and phrases, that are to be 
contained in the image. In order to create, and if necessary, 
correct, such a message list, any CP/M text editor (for ex­
ample, WORDSTARTM in "non-document" mode) may be 
used to create a file of the proper format (format specified ,in 
detail in the manual). The DVSS package includes a simple 
but powerful text editor that may be used in lieu of other 
CP/M editors. 

COMPILING VOCABULARY LISTS 
After a vocabulary list has been entered into a file, it must 
be compiled. The compiler checks for existence of words in 
the archive and prepares a workfile for the image builder. 
Any missing words are pOinted out for the user. 

BUILD SPEECH DATA ROM IMAGES 
Once the user has successfully compiled the vocabulary 
list, a ROM image 'can be made of these words and/or 
phrases by using the'ROM image builder. This function re­
trieves the raw speech data for each word in the vocabulary 
list, finds all redundancies; eliminates them; and packs the 
remaining data into a playable image. 

PROGRAM SPEECH DATA EPROMS 
When the user 'has built a speech ROM image, he can pro­
gram a physical PROM (or set of PROMs) to contain this 
image. The DVSS will ditectly support PROM programming 
on the local PROM programmer in STARPLEXTM systems. 
Speech ROM images are 'nothing more than CP/M files in 
binary format They may easily be converted (with user sup­
plied software) to other formats for use with other user sup­
plied PROM programming hardware (for example, with a re­
mote programmer connected, to a serial port). 

AUDITIONING SUPPORT 
Customers who are using the DVSS to experiment with 
DIGITALKER speech, can easily obtain a speech system in 
which to play their EPROMs. National sells a simple board 
(DT 1058) and a software upgrade (DT 1060) that enables 
the original DIGITALKER demonstration board (DT 1000) to 
play up to eight 16k EPROMs (or 4 32k EPROMs) (see the 
DT data sheets for more information on these products.) 
There are also vendors who build DIGITALKER based add­
ons to various computers which can accep~ speech EP­
ROMs. These boards allow a user to play speech EPROMs 
under computer control (users of these boards might also 
want to use the DT 1058 PROM boa:rd). A list of such vend­
ors is available on request from National. 

DTSW- 500 Word List 
0 add, blocking converter 
1 address blue cool 
2 adjust brake copy 
3 after budget correct 
4 again building cost 
5 air buoy count 
6 aisle busy cross 
7 alarm button customer 
8 alert by cut 
9 all c d 
10 alternate (adjective) call d. c. 
11 amp cancel danger 
12 ampere capacitance data 
13 an car date 
14 and case day 
15 announcement caution december 
16 answer cease decrease 
17 april celsius default 
18 arrival cent degree 
19 ask centi- (prefix) delay 
20 assistance centigrade demonstration 
30 astern centimeter deposit 
40 at change depth 
50 attention channel dial 
60 august check did 
70 authorize circuit disable 
80 auto clear divide 
90 available close dollar 
100 average code door 
1000 away cold down 
a b comma e 
a. c. back command east 
a.m. barometric common ed (suffix) 
able basement communication electric 
abort bath complete electriCity 
accumulate battery condition else 
acknowledge been configuration emergency 
activate before connect enable 
active between continue end 
activity black control enter 
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entry july operator sensor -I 

U) 
equal june optical september 

== er (suffix) just or sequence U1 
error k other service 0 

evacuate key out set 
0 

examine keypad over short 
exit kilo- over-range should 
extreme I p side 
f leave p. m. sight 
fail left pair sink 
failure less pan slow 
far level parent smile 
farad lie pass smoke 
fast light past sound 
february lime per south 
feet limit percent space 
fifth line phone span 
fight link phone number spare 
fire listen pica speed 
first load place spell 
floor lock play squad 
flow loop please ss (suffix) 
forward low plus stair 
friday m point star 
from march pound start 
frontal mark power station 
fuel may program status 
fuse meg- (prefix) present steam 
g mega- (prefix) press stem 
gallon message pressure stop 
gas meter pull store 
get micro pulse storm 
gOing mile push stream 
good milli- (prefix) put street 
gram millimeter Q sub 
gray million quarter subscriber 
great minus r sunday 
green minute rain supervisory 
group miss range switch 
h model rate system 
half modem re- (prefix) t 
have module reach tank 
hello monday ready tape 
help monitor receive target 
here more receiver tear 
hertz move record teen 
high my red temperature 
hit n· remove temporary 
hold nano- (prefix) repair terminate 
home near repeat test 
hour need replace th (suffix) 
house next reset than 
hurt night resistance thank 
i no response thank-you 
if normal restore that 
in north return the 
inactive not reverse thee 
inches notice right then 
incorporated november ring there 
incorrect number room therm 
increase 0 route thermal 
ing (suffix) o'clock run third 
insert october s this • interface of safe thursday 
intruder off saturday tide 
invalid (not valid) ohm seco!1d time 
is okay secure tip 
it on security today 
j onward select tone 
january open send total 
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0 
0 

touch unit • wake up wind (long i) II) 

3: tracking unknown warm wish 

~ 
traffic unlock warning with 
transfer up was within 
trip use water word 
true uth (suffix) watt work 
trunk utility wave x 
try v wear y 
tuesday voice wednesday yellow 
tum volt week yes 
type voltage welcome you 
u vote west your 
un- (prefix) w what z 
unable wait will zone 
unattended wake wind (short i) 
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~National 
~ Semiconductor 
MM54104 DIGITALKER® Speech Synthesis System 
General Description Features 
The DIGITALKER'is a speech synthesis system consisting 
of multiple N,channel MOS integrated circuits. It contains an 
MM54104 speech processor chip (SPC) and speech ROM 
and when used with external filter, amplifier, and speaker, 
produces a system which generates high quality speech in­
cluding the natural inflection and emphasis of the original 
speech. Male, female, and children's voices can be synthe­
sized. 

The SPC communicates with the speech ROM, which con­
tains the compressed speech data as well as the frequency 
and amplitude data required for speech output. Up to 12Bk 
bits of speech data can be directly accessed. This can be 
expanded with minimal external logic. 

With the addition of an external resistor, on-chip debounce 
is provided for use with a switch interface. 

An interrupt is generated at the end of each speech se­
quence so that several sequences or words can be cascad­
ed to form different speech expressions. 

Encoding (digitizing) of custom word or phrase lists must be 
done by National Semiconductor. Customers submit to the 
factory high quality recorded magnetic reel to reel tapes 
containing the words or phrases to be encoded. National 
Semiconductor will sell kits consisting of the SPC and 
ROM(s) containing the digitized word or phrases. 

II Designed to be easily interfaced to most popular micro-
processors 

II 256 possible addressable expressions 
II Male, female, and children's voices 
II Any language 
II Natural inflection and emphasis of original speech 
II Addresses 12Bk of ROM directly 
II TTL compatible 
II MICROBUSTM and COPSTM compatible 
II On-chip switch debounce for interfaCing to manual 

switches independent of a microprocessor 
II Easily expandable to greater than 12Bk ROM 
II Interrupt capability for cascading words or phrases 
II Crystal controlled or externally driven oscillator 

, II Ability to store silence durations for timing sequences 
II Standard vocabulary sets available 

Applications 
II Telecommunications 
II Appliance 
II Automotive 
II Teaching aids 

II Consumer products 
II Clocks 
II Language translation 
II Annunciators 

Typical Applications Minimum Configuration Using Switch Interface 
l-I1V 

NO 

"Single pole 2 position 

momentary switch 

""4.0 MHz crystal Electro 

DynamiCS Corp. 20 pF HCIS 

1M 

---- -, 
VSS VSS VCC I 

AOR ADDRESS BUS I 0-13 
SPC ROATA DATA BUS SPEECH I SWt-l MM54104 1-1 ROM DIGtTALKER 

INTH KIT 

CMS 

SPEECH 

I 
DSC OSC I IN OUT _______ J 

1M 

FILTER AND 
AMPLIFIER 

t.5k 
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"The recipient of these products automatically receives a non-exclusive 
license under U.S. Patent Applicalion 432,859 and any patent or pat· 
ents issuing thereon to use such products, to assemble or otherwise 
incorporate tham into furthar products which may be covered by said 
patent application, or any patent or patents issuing thereon, and to usa, 
sell, or otherwise dispose of such products." 
Protected by U.S. Pat. No. 4124125. F.M. Mozer licenses available. 

SPEAKER 
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Absolute Maximum Ratings 
Storage Temperature Range -65·Cto + 150"C Voltage Any Pin 12V 
Operating Temperature Range -40·C to 85·C Operating Voltage Range. Voo-Vss 7Vt011V 

Voo-Vss 12V Lead Temperature (Soldering. 10 seconds) 300·C 

DC Electrical Characteristics T A = O·C to 70"C. voo = 7V-11V. vss = OV. unless otherwise specified. 

Symbol Parameter Conditions Min Typ Max Units 

Vll Input Low Voltage -0.3 0.8 V 

Vll Input Low Voltage TA= -40·Cto 85·C -0.3 0.6 V 

VIH Input High Voltage 2.0 Voo V 

VIH Input High Voltage TA= -40·Cto 85·C 2.2 Voo 'V 

VOL Output Low Voltage IOl=1.6mA 0.4 V 

VOH Output High Voltage IOH= -100 J£A 2.4 5.0 V 

VILX Clock Input Low Voltage -0.3 1.2 V 

VIHX Clock Input High Voltage 5.5 Voo V 

VOLX Clock Output Low Voltage Typical Crystal 1.2 V 
Configuration and 10M 
Load on Pin 2 

VOHX Clock Output High Voltage Typical Crystal 5.5 Voo V 
Configuration and 10M 
Load on Pin 2 

100 Power Supply Current 45 mA 

100 Power Supply Current TA = -40"C to 85·C 50 mA 

III Input Leakage ±10 /LA 

IILX Clock Input Leakage ±10 /LA 

Vs Silence Voltage 0.45Voo V 

VOUT Peak to Peak Speech Output Voo=11V 2.0 V 

REXT External Load on Speech REXT Connected Between .50 kO 
Output Speech Output and Vss 

AC Electrical Characteristics T A = O"C to 70·C. Voo= 7V-11V. Vss= OV. unless otherwise specified. 

Symbol Parameter Min Max Units 

taw CMS Valid to Write Strobe 350 ns 

tcsw Chip Select ON to Write Strobe 310 ns 

~ Data Bus Valid to Write Strobe 50 ns 

twa CMS Hold Time after Write Strobe 50 ns 

twd Data Bus Hold Time after Write Strobe 100 ns 

tww Write Strobe Width (50% Point) 430 ns 

tred ROMEN ON to Valid ROM Data 2 /Ls 

twss Write Strobe to Speech Output Delay 410 /Ls 

ft External Clock Frequency 3.92 4.08 MHz 
Note: Rise and fall times (10% to 90%) of MICROBUS sign8rs should be 50 ns maximum. 
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Timing Waveforms Command Sequence 

: =-1el--~.~ t -!~ 
DATAB: -----}::=.;.----'----:--~~-~ ~.:tWj.-

1~1-~I) _______________ =tC~ . ~ 

ROM Data Timing 

ADR 0-13 X VALID ADDRESS ~ ___ --' "'-_______ A-

mm\ / \ I 
. -I ... dl- -I'"d!-
RDMDATAI-'~ 

Nolel: ROM dala 1-8 can go valid any lime afte' ADR 0-13 changes, howeve, It.musl be valid wlth)n Ihel,ed specilicalions and ,emaln valid unlll ROMEN 
goes high .. 

Crystal Circuit Information 
Typical Crystal Oscillator N~twork 

SPC 

"'-"''''"'IN~+-----''''+~~RCUIT 

Cryslal RI R2 CI C2 
4.0 MHz 1M I.Sk 10-30 pF 40-60 pF 

Block and Connection Diagrams 

SW1-8 

ROM 
DATA I-a 

e! 

Wii 

CMS 

'NTH 

TL/B/56"-2 

External Clock Input (4.0 MHz) 

~
V:D 

EXTERNAL.....! __ 
CLOCK-

SPC 

TO 
CIRCUIT 

Timing Min UnU. 
"=" 

1-----. 'OR 0-13 OSCIN 
OSCOUT 

e! 
n' 

IIlIm 
lNTR 

eMS 
SWI(MSII 
SW7 

swa 
SW5 

SW4 

SW3 

oselN SW2 

SW IILSBI 

USC OUT ROATA. (LSI) 

RDMEN 
RDATA2 

ADATA3 

ROATA4 
SPEECH our vss 
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IXH 100 ns 
IXL 100 ns 

TL/B/5611-3 

Order Number MM54104D 
See NS Package D40C 

Order Number MM54104N 
See NS Package N40A 

Dual-In-Llne Package 

SPC 
11 MM541 04 
IZ 

13 

• 4 

15 

16 

17 

11 

TOP VIEW 

ADR4 
21 ADR3 

27 ADR2 

28 ADR1 

25 'OR 0 (LSI) 

za RDAlAS (MSII 

: ROATA7 
RDATAI 

ROATA5 

TL/B/561'-4 
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:E 

Functional Description 
The following describes the function of all SPC input and 
output pins. 

Note: In the following descriptions, a low represents a logic 
o (O.4V nominal), and a high represents a logic 1 (2.4V nom­
inal). 

INPUT SIGNALS 

Chip Select (CS): The SPC is selected when CS is low. It is 
only necessary to have CS low during a command to the 
SPC. It is not necessary to hold CS low for the duration of 
the speech data. 

Data Bus (SW 1-8): This is an 8-bit pafallel data bus which 
contains the starting address of the speech data. Unused 
inputs must be tied to Vss. 

Command Select (CMS): This line speCifies the two com­
mands to the SPC. 

CMS Function 
o Reset interrupt and start speech sequence 

Reset interrupt only. 

Write. Strobe (WR): This line latches the starting address 
(SW1-SW8) into a register. On the rising edge of the WR, 
the SPC starts execution of the command specified by 
CMS. The command sequence is shown in the timing wave­
form section. If a command to start a new speech sequence 

Applications Information 

is issued during a speech sequence, the new speech se­
quence will be started immediately. When connecting WR to 
a switch it must be a single pole 2 position switch as shown 
on page 1. 

ROM Data (RDATA 1-8): This is an 8-bit pafallel data bus 
which contains the speech data from the speech ROM. 

OUTPUT SIGNALS 

Interrupt (INTR): This Signal goes high at the completion of 
any speech sequence. It is reset by the next valid com­
mand. It is also reset at power up. 

ROM Address (ADR Cl-ADR 13): This is a 14-bit parallel 
bus that supplies the address of the speech data to the 
speech ROM. 

ROM Enable (ROMEN): For low power applications, this 
line can be used to drive a transistor that switches the sup­
ply for static speech ROMs. See ROM data timing. 

Speech Output (Speech Out): This is the analog output 
that represents the speech data. See frequency response 
section. 

INPUT/OUTPUT SIGNALS 

Clock Input/Output (OSC IN, OSC OUT): These two pins 
connect the main timing reference (crystal) to the SPC. 

Frequency Response of Combined Amplifier and Speaker 

/i ~ .... ..... 20 dB/DECADE 

/./ ..... 1 .. 
NOTE I 

~ 

o 

.............. 60 dB/DECADE 

,1< ~ 
~ 

NOTEr 

1I 40 dBIOECADE 
~, 

1/ NOTE 2 " 
/ \ 

iii -20 
:!! 

'" C .. ... 
~ 
Ie .. 

-40 ... 
a: 

-60 
10 100 1k 10k 

FREQUENCY (Hz) 

Note 1: This curve is the desired response of the entire audio system Including speaker. Minimum response is a low pass fiRer 
with a cutoH frequency of 200 Hz. For an audio system with a natural cutoH frequency eround 200 Hz, this fiRer can be 
eliminated. This cutoff frequency may be tuned for the particular voice being synthesized. For a low pitched male voice ij may 
be 100 Hz. while for a high pitched female or child's voice it might be 300 Hz. 

Note 2: This is optional fiRering that can be eliminated by proper selection of the speaker. If this 2 pole response is 
electronically produced, It should be adjusted as described In Nole 1 • 

. Note 3: This Is optional filtering that can be eliminated for simpler systems. The acceptable range for this cutoH frequency is 
6000 Hz-8000 Hz. 
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Typical Applications (Continued) 

• I 
U 
S 

Minimum Filter Circuit 

VDD 

SPEECH (FROMSPCI rrr.R O.I.F 
OUT • 

~ TC 

VDD 

:OOH11 SPEAKER 

10 

~0.05.F 
200Hz =_1-

2".RC 

°LM346 or equivalent 

Filter Circuit to Produce Maximum Frequency Response 

SPEECH (FROM SPCI 
OUT 

VDD 

~ 0.05.F 

1 1 
7000 HZ = 2".R1Cl = 2".R2C2 

1 1 1 
200 HZ = 2,;R3c3 = 2".R4C4 = ~ 

°lM346 or equivalent 

DIGITALKER System Utilizing MICROBUS Interface Low Power Configuration Using Static ROM 

l-\1V 
l-\1V 

r-- -, 
DO-Dl I VDD VCC I 

SWI-B I Wi! IIiR ADR 0-13 
ADDRESS BUS r. VOD I AD 

CMS SPC ROATAI ... 
DATA IUS SPEECH DIOITALKER ROM INTR INTR MM54104 I 

KIT 

I SPC IIlIImI 
3k CI 

C1spEECH OSC 
SPEECH 

I ose ROM 
OUT IN OUT 

I 
I I I L __ -- _ ______ J L.: ________ J 
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~ Typical Application$ (Continued) 

:E 
:E DIGITALKER System UsIng COP420 Interface 

SYSTEM 
liD 

"CI 

,. 
a 
U 
S 

'7' 

Vee 

LPORT 

01 

eOP4Z0 DZ 

DO 

IN3 

Vee 

7V-llV 

VOO 

SWI-8 ROATA 
1-8 

SPC 
WI! MM54104 

CMS 
ADR 
0-12 

'C! 
I!lTR 

Vee = 5V 

J+--~ ... ooofDATA 

Vee 

64k 
ROM 

64k 
RDM 

Vss 

FILTER 
AND 

AMPLIFIER 

Speech ROM Expansion for Requirements Greater Than 128k Bits 

lSTMDDULE ZNDMDDULE , . " , • 
SWI-8 RDATA 1-8 

ADR 0-12 

1 1 1 1 INTR 
ADR 13 r-SPC WI! 

MM541 04 
R 64i. 64. 64k 64k 

ROM ROM ROM ROM 
eMS 

CI CI R fS 

X X X X 
YO Yl YZ Y3 

.... A (LSa) 
00 

D Q a 

-r>eK 
DECODER 

Dl 
Q C D 

WlI_ . 
en) CK -
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Implementation of a 
Speech Synthesizer 

The marriage of extensive speech research and large scale 
integration has made possible substantial end product en­
hancement with the implementation of low cost speech syn­
thesis integrated circuits. Although driven by a very large 
and obvious telecommunications market, present day voice 
synthesizer solutions produce qualities of stored solid state 
speech at prices attractive to a myriad of consumer, indus­
trial, and military products. It is reasonable to believe that 
low cost speech synthesizer circuits, such as the National 
Semiconductor DIGITALKER® system could provide signifi­
cant product enhancement to many low, medium and high 
end appliance products. 

The typical integrated circuit speech synthesis system uti­
lizes raw speech that has been highly compressed and digi­
tized. This digitized, or synthetic speech is stored in low cost 
read only memory (ROM). This ROM data is controlled by 
and fed into a speech processor chip (SPC) which also per­
forms the digital-to-analog conversion and consequent re­
constructed speed output. Most synthesizers require only 
simple filtering and amplification to output intelligible and 
natural human speech. 

The selection of the appropriate phrase or word to be spo­
ken from the synthesizer is generally controlled by an exter­
nal microprocessor. This microprocessor is typically pro­
grammed to monitor various sensing devices, and address­
es the appropriate message for a given situation. Some syn­
thesizers, however, will operate without the control of a mi­
croprocessor, depending on switch closures or simple logic 
activation. Figure 1 shows a typical speech synthesis inte­
grated circuit analysis. 

INTERFACE TO --+ 
EXISTlNG--+ 

APPLICATION 

SPEECH 
SYNTHESIZER 

SPEECH 
ROM 

SPEECH OUT 

TUH/5610-1 

FIGURE 1_ Typical Speech Synthesis System 

DIGITALKERI!I is a registered trademark of National Semiconductor Corp. 
MICAOBUSTM is a trademark 01 National Semiconductor Corp. 

National Semiconductor 
Technical Paper 18 
Fred M. Wickersham 
September 1982 

FACTORS DETERMINING SPEECH SYNTHESIS 
QUALITY 

SyntheSiS Technique 

With the specific goal of generating speech, using low data 
rates to be attractive to consumer products, several ap­
proaches to solving the problem have been tried. Perhaps 
the most obvious approach was the straightforward analog­
to-digital conversion of the raw human speech waveforms. 
This approach is satisfactory for storing very high quality 
speech, but the memory requirements are not cost effective 
for any consumer products. (However, products such as 
mainframe computers, where large quantities of mass mem­
ory are available, could conceivably utilize this approach.) 
Initial research into the compressing of the raw speech prior 
to digitizing revealed that the quality is degraded substan­
tially, with only minor compressions and reductions in data 
rate. 

A second approach stemmed from thoughts and strong be­
liefs that speech could be artificially created, using noise 
sources and filters. Experiments with this theory proved its 
feasibility and, in fact, low cost circuitry produced reason­
ably intelligible but inhuman speech at very low data rates. 
Further research in this technology evolved and provided 
human vocal tract. models, relying on parametric data ex­
tracted from raw human speech waveforms, but highly ana­
lyzed by extensive computer software algOrithms. The final 
set of digitized and compressed speech data, under micro­
processor or computer control, stimulates noise and im­
pulse sources and creates speech by channeling the noise 
and impulses through time varying filters. The data rates 
experienced by the vocal tract model approach proved very 
promising for consumer product applications, but voice 
quality still left something to be desired. Typically, the vocal 
tract model algOrithms could be optimized for a Single voice, 
but the difficulty arose in developing a universal algorithm 
which did a good job in analyzing and reconstructing any 
voice submitted for synthesis. 

The quality of the speech produced by an optimized voice 
model, however, is typically good, for the most part sound­
ing like natural human speech and is largely intelligible. 
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co r---------------------------------------------------------------------------------.... d.. During this period of heavy research in the vocal tract model 
t- approach, there remained a small community of research-

ers who continued to believe that raw human speech wave­
forms could be highly compressed prior to analog-to-digital 
conversion, without seriously degrading the quality and nat­
,uralness of the speech. One particular inventor, Dr. Forrest 
Mozer, made significant progress in this area, and conse­
quently made possible the DIGITALKER speech synthesis 
system. This technology again takes raw human speech ini­
tially, but then, through a series of processes, compresses 
the original speech by a factor of 100. Thus it is affordable, 
and lends itself very nicely to a myriad of consumer prod­
ucts, including appliances. 

Unlike the vocal tract model approach, the Mozer technolo­
gy is capable of reproducing any voice with high quality be­
cause it compresses only the raw speech waveform. No 

/ attempt at modeling the human vocal tract is made with this 
process. 

The raw human speech waveforms contain all speech data 
such as pitch, amplitude, inflections, articulation, plus all of 
the resonances and other features which tend to make a 
voice unique. By nature of the Mozer process, which is 
merely, but uniquely, tracking and compressing the original 
waveform, all of these qualities are retained, thus producing 
highly intelligible and natural stored speech. 

Understanding the synthesis process may not be crucial in 
determining the appropriate synthesizer for an application, 
but certainly a thorough listening test is. Extreme care ought 
to be exercised in evaluating intelligibility, naturalness, clari­
ty, crispness, different voices and foreign languages, in that 
order. 

Certainly for a speech product to be successful in the mar­
ketplace, intelligibility of the speech is of prime importance. 
The testing of intelligibility should be performed by a large 
set of listeners in the natural environment in which the pro­
posed end product will be utilized. For example, if the syn­
thesizer is to perform a paging function in a department 
store, the intelligibility ought to be measured in the environ­
ment with the usual amounts of background noise of peo­
ple, commotion, music, cash registers ringing and so on. 

Crispness and clarity are important factors governing the 
degree of intelligibility and, in particular, control the intelligi­
bility within relative distances from the output transducer or 
loudspeaker. Naturalness is a feature which can enhance a 
product by adding personality to the product, as opposed to 
a computerlike voice which can be monotonous, unrealistic, 
and even offensive. 

The idea of different voices for different products is interest­
ing: celebrity voices, "name brand" or even "trademark" 
voices could segregate competing products. The ability to 
easily synthesize different voices could protect a Ford from 
sounding like a Chevy and vice versa. It is expected that 
manufacturers of competing talking products will take care 
that the devices will not speak in the same voice. In fact, 
each manufacturer can select his favorite voice and submit 
it for synthesis and feel confident his competitor will do the 
same, therefore alleviating the possibility that both products 
will sound the same. 

Many foreign languages contain complex combinations of 
sounds which some speech synthesizers have difficulty in 
reproducing. Samples of the desired language ought to be 
obtained prior to expending large amounts of money 

for encoding custom vocabularies. Once again, by nature of 
the process, the Mozer technology reproduces foreign lan­
guage waveforms without difficulty. , 

Single Words vs Complete Phrases 
Having decided on the synthesis process desired, ample 
thought should be given to the acceSSing approach to the 
vocabulary which will ultimately be spoken from the end 
product. 

Synthesizer ICs are designed with the capability of access­
ing address locations. The contents of an address location 
can be either Single words, phrases, or complete sentences. 

A potential user's first conclusion is, that since a vocabulary 
of phrases or sentences is made up of individual words, that 
it should be necessary to synthesize only each new and 
different word in the vocabulary, as opposed to all words in 
the vocabulary. 

Each different word could be located at a Single address 
location for concatenation by the microprocessor program,­
or, each word could be concatenated into phrases or sen­
tences as a par.t of the speech ROM program. In the latter 
case, each constructed phrase or sentence would be as­
signed a single address location. This approach is feasible 
and can feature tremendous flexibility, in that libraries of 
singly addressed, synthesized words could provide unlimit-
ed phrases or sentences for a~ end product. ' 

The disadvantage to the single word approach is the poor 
quality of the actual phrases or sentences constructed. (To 
appreciate the effect using this approach, think about slicing 
words from recorded messages on a tape, then placing 
these clipped words into different phrases or sentences. 
Words in the context of a sentence have cast intonations 
and inflections which would be improper in other 
sentences.) , 

As a solution to this problem, and not having the ability to 
arbitrarily blend single words together naturally, it is neces­
sary to speak, record and synthesize each single word in a 
monotone, or some other consistent intonation so that, 
when the words are concatenated, there is at least some 
consistency to the words. 

As we humans speak phrases or sentences, we automati­
cally contour the words together with smooth transitions. In 
fact, we carefully slur words together to provide smooth and 
flowing speech. The effect that this has to the syntheSis 
process is that it produces an unbroken waveform, from be­
ginning to end. While we speak phrases or sentences, we 
also add energy to express our state of mind. This energy is 
also evident in the waveform of the spoken phrase. It should 
be obvious that waveforms of single words do not look like 
those waveforms of the same words when spoken in com­
plete sentences. 

If natural flowing sentences would be a feature in the end 
product, the proper approach is to synthesize complete sen­
tences. The result can be compared to playing back a re­
corded message from a tape recorder. The entire message 
of the speaking person can be obtained completely, even to 
retain his state of mind which might be denoting sadness, 
happiness, urgency; or whatever the relevant situation might 
require. 

Since sentences are, in fact, no more than groups of words 
slurred together consequently producing a Single continu­
ous waveform, the Mozer synthesizing process merely 
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tracks and compresses the same waveform, thus producing 
high quality natural stored phrases. Memory requirements in 
the stored phrase approach may be somewhat larger than 
the single word approach, but not extensively so. The in­
crease in quality more than outweighs any increase in mem­
ory. 

It is always advisable to synthesize and store complete and 
natural phrases and sentences to produce the highest quali­
ty of synthesized speech and possibly insure the success of 
the end product 
It is, however, possible to synthesize a combination of com­
plete phrases and individual words for applications such as 
a talking clock where "the time is" is a complete phrase and 
single numbers properly sequenced speak the appropriate 
time of day. 

There are some special cases where a single synthesized 
word can appropriately fit as a part of many phrases. These 
are words that are typically used in the same place in each 
phrase and have the same intonation each time such as 
"check oven time" and "check oven temperature" and 
"check turn off time." 

Voice Qualities 

The typical process of any synthesizer relies initially on a 
selected human speaking the actual phrases to be spoken 
from the end product. Usually, a high quality tape recording 
is made of the favorite person speaking the required mes­
sages. The tape is then submitted to the synthesizer manu­
facturer for analysis, compression, and digitizing. 

Even though some synthesizers reproduce any voice quite 
nicely, there are still suggestions and guidelines to be ob­
served in selecting a desired voice which would probably 
apply to any manufacturer's speech synthesizer. 

The best voice in either male or female is a solid, non­
breathy, crisp, clear, medium pitched voice. Some products 
might suggest a "sexy" connotation but sexiness in a voice 
is usually associated with extensive breathiness. Breathi­
ness tends to expand memory requirements quickly and sig­
nificantly, and usually does not duplicate or synthesize with 
good quality. Deep pitched male voices tend to get raspy, as' 
sub·100 Hz frequencies are approached, or else become 
exceedingly breathy, and can, in fact, excede the lower fre­
quency limits of synthesizers. 

Because women's voices are higher in frequency, they usu­
ally require more memory for synthesis and storage. Similar­
ly to the male voice, a high pitched female or child's voice 
can excede upper frequency limits of the synthesizer circuit. 
In these cases, the synthesizing process clamps or flattens 
the frequency to its upper and/or lower frequency limit, 
which tends to make the synthesized speech not totally rep­
resentative of the original person. 

Once again, a medium pitched clear, crisp, non-breathy 
voice will yield the most pleaSing results. 

Filters, Baffles, and Speakers 

The reader of this paper should begin to appreciate how 
each part of the synthesis process depends on the next. 
Having gone through great effort to understand the synthe­
sizer circuit which will provide the best quality, having cho­
sen the best voice for the job, and having produced the tape 
recording for synthesis, one should understand that no less 
effort should be put into filtering, baffling and choosing the 
appropriate output transducer or speaker which, in the end, 
"speaks" the synthesized messages. 

The typical speech synthesizer requires only a simple filter, 
but care and some experimentation should be performed to 
understand appropriate frequency cutoffs. These cutoffs are 
high or lowpass filters or combinations of high and lowpass 
filters which contour the output speech waveform. Sugges­
tions for proper filter cutoff frequencies are given, but, by 
and large, these frequencies can be determined by varying 
the filter values while actually listening to the speech output. 
In this way, the filter values are decided by what sounds 
most pleasant to the ear. 

Baffles, or the speaker enclosures are also a pertinent part 
of the entire system. The output transducer or speaker 
stand alone, without any sort of enclosure, although perfect­
ly capable of outputting audio, actually depends on some 
type of enclosure to faithfully reproduce the original required 
sounds. Speakers without baffles or enclosures tend to 
sound empty and generally lose the majority of the low fre­
quency components of the audio. For this reason, most 
quality audio product manufacturers have paid ample atten­
tion to the design of the enclosure which houses the output 
speaker. 

A speech synthesizer is no different than any other product 
requiring a quality audio output, in that the quality of speech 
output is very much dependent on having and designing an 
appropriate baffle. 

The final section of the speech synthesis audio system is 
the output transducer itself. Speakers come in thousands of 
varieties to include wattage values, frequency response, 
physical size, and price. Unfortunately, for most consumer 
products the tendency is to choose a speaker based on 
price and 'physical size only. Again, not unlike any other 
quality audio system, the speaker used in the speech syn­
thesis system ought to be chosen in such a way as to com­
plement and/or enhance the actual synthesized vocabulary. 
In particular, to reproduce the human voice frequency re­
sponse, one needs to choose a speaker which has a band­
width from 60 Hz to about 7000 Hz. Although most ordinary 
speakers feature this range, physical size (speaker diame­
ter) can impact quality severely. Extremely small speakers in 
the 1.5 inch to 5 inch diameter range tend to lack bass 
response that is critical when reproducing a male voice. 
True, the small speakers will respond to the male frequen­
cies but fullness and robustness is not included. On the. 
other hand, large speakers, unless compensated, do not 
enhance high frequencies typical in a female voice. Large 
uncompensated speakers tend to have a muffled effect on 
higher frequency female or children's voices. This is not to 
indicate that a small speaker would be perfect for a female 
voice because, as in the male voice, it depends on a certain 
amount of low frequency response to maintain fullness and 
robustness. 

The recommendation is that the product deSigner actually 
test different sizes of baffled speakers with the speech syn­
thesizers and make decisions based on the combination 
most pleasing to the ear. 

Having selected an appropriate speaker, and having an un­
derstanding of baffling effects, the synthesizer ought to be 
"tuned" to the actual speaker and baffle to be used in the 
actual production prototype by once again performing listen­
ing tests with a variable filter bank between the synthesizer 
and speaker. In this way, filter cutoff values can be deter­
mined based on the combination most pleasing to the ear. 
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~r---------------------------------------------------------------... 
f!: APPROACHES TO INTERFACING TO MECHANICAL 

AND ELECTRONIC SYSTEMS 
Before discussing the interfacing of a speech synthesizer 
into a specific application, it is necessary to have an under­
standing of all input and output functions of the particular 
synthesizer desired. 
The particular synthesizer of interest in this paper looks like 
a typical peripheral on an a-bit microprocessor bus. The 
SPC relies on a chip select to activate the entire circuit )og­
Ic, an a-bit code which corresponds to some word or phrase 
applied to the SW1-SWa address lines, and a write strobe 
to begin the selected speech output. At the end of any ad­
dress speech output, an interrupt is provided to the bus to 
indicate that the previously selected message is completed. 
While the variety of synthetic speech applications are nu­
merous, the actual implementation in any single application 
is usually limited to one of the following three techniques: 
(a) single channel, hardware control logic 
(b) single channel, software control logic 
(c) multichannel, hardware or software control logic. 
Each of these circuit approaches for the SPC will be dis­
cussed in this section. 
Certain applications require a relatively small number of 
sentences or announcements with very little similarity be­
tween the different sentences. An example of this applica- , 
tion might be a talking elevator controller where the mes­
sages are brief and non-redundant, such as "going up", 
"first floor", "second floor", etc. In this application, certain 
words are used repeatedly but the number of messages is 
short. This application and others just like it do not require 
the assembly of short phrases into complete sentences, nor 
do they require a dynamic message structure as would be 

7V-l1V-1-----_t--...... I 
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required with an automatic bank teller speaking "your 
change is ten dollars", where a monetary amount may 
change from message to message. This fixed message ap­
plication, therefore may require only the minimum control 
circuit as shown in Figure 2. 

In Figure 2, the SPC receives a separate coded input for 
each complete sentence or word that is synthesized. This 
input code is received by the SPC through the SW1-SWa 
ports. The circuit' shown in Figure 2 uses a mechanical 
switch group to interface to the SPC. These mechanical 
switches could be toggle switch banks, relays, micro­
switches, or even rotating thumbwheel switches that put out 
coded outputs. In the simplest of applications, and if the 
application only requires up to eight discrete messages, the 
speech ROM could be coded such that a positive voltage 
on anyone of the SW lines would cause anyone of the a 
messages to be spoken. 
After the proper message address is established on the SW 
ports, a momentary pulse must be applied to the WR line. If 
this Signal is applied with a momentary action switch, as 
.shown in Figure 2, then an external pull-up resistor should 
be used to pull the WR line up to logic high and complete 
the on-chip debounce circuitry. The WR input signal will 
latch the coded message address into the SPC on the rising 
edge of WR and initiate the speech message. Since each 
complete message uses a unique address code of the SW 
ports, no further control action is required after this point. 
The SPC will speak the requested message and return to 
the idle state. If a new inpu1 command signal is received, 
either during or after a me!;sage is spoken, the SPC will 
immediately abort the' curren.! message and begin the new 
message. This is a priority override, if you will, to allow su­
perseding the present speech output with a more important 
message. 

":' 

OIGITALKER 

5V 

Vee 

SPEECH 
OUT 

T CI T C2 

FIGURE 2. Speech Synthesizer wIth Mechanical Switch Interface TL/H/5610-2 
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In Figure 3, a message is initiated whenever a valid address 
code is detected by the combinational logic decoder and 
timed to insure that all transitions have died. Once the valid 
code is timed, a set/reset latch is set and a WR rising edge 
is generated to start the SPC. The circuit in Figure 3 shows 
a lockout circuit to prevent the aborting of a current mes­
sage, so that all messages must be completed before a new 
message can be initiated. Once the message has ended, 
the SPC will set the INTR line to the high state and a reset 
pulse will be generated to reset the lockout latch. A new 
speech message can now be started by momentarily apply­
ing an idle address code for the next message of interest, 
followed by a valid code on the SW input ports. 

While the simple control schemes discussed so far can be 
used in many applications, a far more important group of 
applications will take advantage of the SPC's ability to con­
struct sentences from cast phrases and groups of words. 
This type of application uses an intelligent controller or a 
microprocessor to string together a group of synthesized 
phrases, or combinations of phrases and individual words. 
The electronic bank teller previously mentioned is a good 
example of this application. The microprocessor controls 
the stringing of SPC address codes and applies them, one 
at a time, to the SW address ports of the SPC. Handshake 
timing between the microprocessor and the SPC is provided 
with the interrupt line. This microprocessor interface ar­
rangement is shown in Figure 4. 

The use of a microprocessor controller expands the versatil­
ity of the SPC significantly. Messages that are composed of 
numerical responses or fixed phrases in random sequence 
can easily be constructed from a library speech memory. In 
addition, various tones or warnings can be synthesized and 
added before, during, or after an announcement to identify 
the urgency of each message. For example, an automobile 
message may state that "oil pressure is low". Alone, that 
message may mean only that pressure has dropped but no 
immediate hazard exists. If, however, pressure has dropped 
below a critical value, the message could be compounded 
to say "warning-oil pressure is low, pull over and stop the 
engine". In this latter case, phrases of high urgency are 
added to the initial message to inc~ease its level of impor­
tance. Of course, the second message is not completely 
separate from the first but is, instead, an expansion of the 
first. This technique allows fewer input address codes to 
initiate a larger number of messages without assigning a 
separate address code for each message and for each of its 
derivatives. This would be particularly important to an elec­
tronic bank teller, since a large number of monetary 
amounts must be synthesized for a relatively small number 
of finished sentences. 
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FIGURE 3. Speech Synthesizer with Logic Control Interface 
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Although the SPC works typically in an 8·bit microprocessor 
system, it will work equally as well in a 4·bit microprocessor 
system. 4-bit systems are usually very low cost solutions for 
lower end consumer and industrial products. Figure 5 shows 

5V 

VDD VCC 

SWl-B 

iii 
B 

OIGITALKER 

**{ 
INTR 

a typical interface approach to a common low cost 4-bit 
microprocessor. 
The final application technique to be covered is the multi­
channel configuration. The previous arrangements used an 
SPC and dedicated speech ROMs to provide a single chan­
nel of synthetic speech. Appliances, autos, toys, terminals, 
etc., would probably use a single channel SPC arrangement. 
But an entirely different group of products could take advan­
tage of a multiple channel approach to reduce the ROM 
requirements. This group of products includes multiple ele­
vator controllers, electronic bank tellers, multiple pupil 
learning centers, voice response telephone answering cen­
ters, etc. In this application, each channel would use a sepa­
rate SPC and amplifier circuit, but several channels would 
share a common speech library ROM. A typical configura-
tion is shown in Figure 6. , 

The library ROM of Figure 6 is shared over eight SPC chan­
nels. Through a series of octal buffers and registers it is 
possible to interface up to 8 SPC devices to a common 
speech ROM. The hardware and timing requirements in this 
application are rather uncomplicated and straightforward as 
shown in the diagram. The system can be further expanded 
to as many as 16 lines with the addition of a 4-to-16 line 
decoder. The entire application hardware and wiring can 
then be even further simplified by multiplexing address and 
data over the same parallel bus. This system is demonstrat­
ed by Figure 7. 
This approach is particularly attractive whim each SPC 
channel is located on an individual circuit card. A telephone 
central office or PABX announcement system is a typical 
example of a single channel per card per channel arrange­
ment, but the idea is certainly not limited to just that applica­
tion. 

REFERENCES 
Smith, Jim and Weinrich, David W., AN-252 Speech Synthe­
sis, National Semiconductor Corporation, December 1980. 
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~National 
~ Semiconductor 

PRELIMINARY 

LP395 Ultra Reliable Power Transistor 

General Description 
The LP395 is a fast monolithic transistor with complete 
overload protection. This very high gain transistor has in­
cluded on the chip, current limiting, power limiting, and ther­
mal overload protection, making it difficult to destroy from 
almost any type of overload. Available in an epoxy TO-92 
transistor package this device is guaranteed to deliver 100 
mAo 
Thermal limiting at the chip level, a feature not available in 
discrete designs, provides comprehensive protection 
against overload. Excessive power dissipation or inade­
quate heat sinking causes the thermal limiting circuitry to 
turn off the device preventing excessive die temperature. 

The LP395 offers a significant increase in reliability while 
simplifying protection circuitry. It is especially attractive as a 
small incandescent lamp or solenoid driver because of its 
low drive requirements and blowout-proof design. 

Features 
• Intemal thermal limiting 
• Internal current and power limiting 
• Guaranteed 100 mA output current 

• 0.5 IJA typical base current 
• Directly interfaces with TIL or CMOS 
• + 36 Volts on base causes no damage 

• 2 ,,"S switching time 

The LP395 is easy to use and only a few precautions need 
be observed. Excessive collector to emitter voltage can de­
stroy the LP395 as with any transistor. When the device is 
used as an emitter follower with a low source impedance, it 
is necessary to insert a 4.7 KO resistor in series with the 
base lead to prevent possible emitter follower oscillations. 
Also since it has good high frequency response, supply by­
passing is recommended. 

. Areas where the LP395 differs from a standard NPN transis­
tor are in saturation voltage, leakage (quiescent) current 
and in base current. Since the internal protection circuitry 
requires voltage and current to function, the minimum volt­
age across the device in the on condition (saturated) is typi­
cally 1.6 Volts, while in the off condition the quiescent (leak­
age) current is typically 200 IJA. Base current in this device 
flows out of the base lead, rather than into the base as is 
the case with conventional NPN transistors. Also the base 
can be driven positive up to 36 Volts without damage, but 
will draw current if driven negative more than 0.6 Volts. Ad­
ditionally, if the base lead is left open, the LP395 will tum on. 

The LP395 is rated for operation over a -40·C to + 125·C 
range. 

Connection Diagram 
TO-92 Package 

EMITTEH~COLLECTOH 

Typical Applications 

BASEKJ 

BonOM VIEW 

TI./H/5525-1 

Order Number LP395Z 
See NS Package Z03A 

CompOSite PNP 

4.7k .M'---+-- EMITIER 
BASE --'WH~-t 

L.. __ ..... ___ COLLECTOR 
TUH/5525-2 

Fully Protected Lamp Driver 

V+ 

TH/H/5525-3 
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Absolute Maximum Ratings 
Collector to Emitter Voltage 36V Collector Current Limit Internally Limited 
Collector to Base Voltage 36V Power Dissipation Internally Limited 
Base To Emitter Voltage (Forward) 36V Operating Temperature Range -40"C to + 125·C 
Base to Emitter Voltage (Reverse) 10V Storage Temperature Range -65·C to + 150·C 

Base io Emitter Curr:ent (Reverse) 20mA Lead Temperature (Soldering, 10 seconds)" 260·C 

Electrical Characteristics 
Tested Design 

Units 
Symbol Parameter Conditions Typical Limit Umlt 

(Umlt) 
(Note 2) (Note 3) 

VCE Collector to Emitter 0.5 rnA :S: Ic :S: 100 rnA 36 36 V(Max) 
Operating Voltage (Note 1) 

ICL Collector Current Limit VeE = 2V, VCE = 36V 45 ~5 20 mA(Min) 
(Note 4) VeE = 2V, VCE = 15V 90 60 50 mA(Min) 

VeE = 2V,2V :S: VCE :S: 6V 130 100 100 mA(Min) 

Ie Base Current O:S: Ic :S:,100mA -0.3 -2.0 -2.5 pA(Max) 

10 Quiescent Current VeE = OV,O :S: VCE :S: 36V 0.24 0.50 0.60 mA(Max) 

VCE(SAn Saturation Voltage VeE = 2V, Ic = 100 rnA 1.82 2.00 2.10 V(Max) 

BVeE Base to Emitter Break- o :S: VCE :S: 36V, Ie = 2 p.A 36 36 V(Min) 
down Voltage (Note 4) 

VeE Base to Emitter Voltage Ic= 5mA 0.69 0.79 0.90 V(Max) 
(Note 5) Ic - 100 mA (Note 4) 1.02 1.40 V (Max) 

ts Switching Time VCE = 20V, RL = 2000 2 p.sec 
VeE = OV, + 2V, OV .. 

(JJA Thermal Resistance 0.4" leads soldered to 150 180 ·C/W 
Junction to Ambient printed circuit board (Max) 

.0.125" leads soldered to 130 160 ·C/W 
printed circuit board (Max) 

Nole 1: Parameters identified with boldface type apply at temp. extrames. All other num~ers, unless noted apply at + 2S'C. 

Note 2: Guaranteed and 100% production tested. 

Note 3: Guaranteed (but not 100% production tested) oyer the operating temperature and supply voltage ranges. These limits are not used to calculate outgOing 
quality levels. 

Note 4: These numbers apply for pulse testing with a low duty cycle. 

Note 5: Base positive with respect to emitter. 
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Typical Performance Characteristics 
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Typical Applications 
Note: 

One failure mode incandescent lamps may experience is one in which ·the 
filament resistance drops to a very low value before It actually blows out. 
This is especially rough on most solid-state lamp drivers and in most cases a 
lamp failure of this typa will also cause the lamp driver to fall. Because ollis 
high gain and blowout·proof design. the LP395 is an ideal candidate lor 
reliably driving small Incandescent I~mps. Additionally, the current limiting 
characteristics of the LP395 are advantageous as.it serves to limit the cold 
filament inrush cU/Ten~ thus increasing lamp lile. 
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~National 
~ Semiconductor All dimensions are in inches (millimeters) 
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0.016-0.019 --11-- ~ 
. (0.406-0A83) (0.7621 

DIATYP MAX 
0.100 

1---+---(2.540) TYP 

HIl3Ii(llEVCJ 

NS Package H03H 

516-4 



SEATING PLANE 

0.400 '_--l* ___ ~_~0:::.2=24~-::.:0:::.2~34 
(10.161 (5.6911 -5.9441 

MIN 

0.016-0.019 
(0.408-0.4831 

OIA TYP 

0.165-0.185 

(4.191-4.6991 

REFERENCE PlANE--f---..-

0.100 TV 
(2.5401 p 

NS Package H04D 

0.195-0.205 IDIA 
1----~(4.953-5.2011; P.C. 

NS Package HOle 

S 16-5 

HOBC(AEV~ 

0.201-0.217 
(5.528-5.5121 

H04DfREVD) 

II 



0.545-0.555 
, !--(13.843-14.097)------j 

1_ . DIA 1 
0.148-0.181 

(3.759~.597)J '-I~ t-' , 
0.500 . 0.030 

T ~~~~~ (~Z~) 
. ---II-- 0.016-0.019 

(0.406-0.483) 

0.595-0.605 
(15.113-15.367) 

DIA --'----'1.----

~ '< 
~A 
(0.610-0.914) 

NS Package H12B 

rr~ll" . (2t.6ltO.HI) 

0.100 . r 0.470±0·005 1 (2~) (ll.94±0.127) 

t 

0.030 MAX 
(0762) UNCONTROLLED . i LEAD DIA , 

0.026-0.036 
(0.660-0.914) 

H12BIREVA) 

t 2 LID 0.490±0.005 
(12.45±0.127) 

. . 

EPOXY SEALANT 
0.130±0.005 ALL ARO~NO 

(3.302±0.127) 0.065±0.010 

=i=; =t ==p;:~=:::;:::~~O.Z54) 
0.030±0.004 ---If 
(0.7S2±0.102) l-r 

8ERG LEADS 14----=::::7.;:;;:. ---...,... T 
0.125 

(3.175) 
MIN 

NS Package HY08A 

. S 16·6 

~-
-l I.- 0.10II±0.0I0 

(2.540±0.254) 
TYP 

HYOSA(REVB) 



-----------------------------------------------------------------------.~ 

MAX GLASS 

0.025 
(0.635) RAD 

0.290-0.320 LI (7.366-B.12B) I" 
(::~~:)M~X 

0.00B-O.01211 __ .950 ±SO 

(0.203-0.305) 

--l 0.310-0.410 I-­
(7.874-10.41) 

0.290-0.320 

~ ~7.366-8.12B~ 

.!!:!!!!.MJ. I I I 
(4.572) 

0.010 
(0.254) 

RAO TVP 

0.005 I 1· 0.030-0.070 0.200 
(0.1271 M N (0.762-1.178) (5.0BO) 

MAX 

GLASS ~'~;:~~;;S~I----t SEALANT ~ 

860-;\ il.1 . 
T~;J '11 __ . ____ ;-__ ~ 

(1~~7~ --II-- (0.457 iO.076) (3.175-5.0BO) 
_0._05_5 ~ It. O.OlB ±II.OOl 0.125-0.200 

80TH ENDS 0.100 ±0.010 

(2.540 ±0.254) 

0.025 
(0.635) 

RAO 

NS Package J08A 

0.7B5 

(19.939)~ 
MAX 

12 11 10 9 8 

~ 
0.220-0.310 

(5.588-7.874) 

'--r:-r'"T':'T'"T";"T'""r,I~":T"'1'";"Ir--' ~ 

(2.489) 
MAX BOTH ENDS 

0.125-0.200 
(3.175-5.080) 

0.150 
(3.81) 

(0.50B-l.524) 

JOSA(AEV H) 

MIN JI4A IREV., 

NS Package J14A 

S 16-7 

:::F 

~ 
~ 
c 
3" 
CD 
;::, 
til 
0" 
;::, 
til 

• 



'0.310-0.410 
(7.174 10.41) 

0.025 
(0.635) 

RAIl 

0.001-0.012 J (0.203-0.385) 

O.GIG 
12.032) 

MAX 
BOTII 

. ENDS. 

~
D'01lfO'D03 II 

(0.457±D.078) --11-' 

0.1OO±D.010 
(2.540± 0.254) 

NS Package J16A 

0.020 . 
(0.508) HAD MAX TYP 

0.025 RAD---!:l 
(0.635) 

O.1OO±O.010 JI' . 
12.540±0.254) 

0.018±O.0/J3 TYI' 
IO.457±o.o78) 

NS Package J18A 

S16·8 

0.005-0.020 
(0.127 -0.508) 
RADTYP 

0.200 
(5.010) 

MAX 

J1IACREYJ) 

..!:!!!. MAX 
(5.0&11) . 

0.020 -8.GIG 
(0.508-1.524) 

0.125-0.200 
(3.175~5.080) 

0.150 
(3.810) 

MIN 

J1IA(REYK) 



----------------------------------------------------------------------,~ 

O.IBO 
(4.5721 
MAX 

0.290-0.320 
17.366-B.12BI 

I 0.310-0.410 I 
~ 17.874-10.41)-' 

0.025 
10.635) 

RAD 

0.030-0.055 
10.162-1.397) 

RAD TYP 

0.390-0.420 GLASS r 19.906-10.668)-j ~NT 
Ie ::11 0.180 MAX 

14.512) 
//'M" .......... _"lT 

~---------I~~~I MAX--------~~ 

0.200 

,.,_......L-,- 15.0BOi MAX 

--U150 

0.100 ±0.010 TVP 
(2.540 <0.2541 

NS Package J20A 

O.OIB 10.003 --.11-
10.457 lO.0761 

ITVPI 

(3.Bl01 0.125-0.200 

MiN 13.175tOBOI 

J20A(REVLI 

1--------------128.19)-------1 0.420 MAX I 1.110 I 
. r-~~u....L~=..I.!!:L.IM.:.:ALX=I_J..::L.=..L:: ..... ::..."'~(lO.668) GLASS 

0.400 
(10.16) 

~~~~~,.rr.~r.r~~~7rItM-m~~ 
..!:ill. 
15.715) 
MAX 

0.126 
ii.ffii 

MIN 

0.020-0.010 
10.608-1.118) 

MAX 80TH 0.100. 
~ ENOS 12.540) 

TY' J22AIREVF) 

NS·Package J22A 

S 16·9 

:::r 
':i 
[ 
o 
3· 
CD 
:::J 
UJ o· 
:::J 
UJ 



0.025 
. (0.6351 

RAD 

0.030-0.055 
(0.762-1.3971 

RAD TVP 

0.005 

1.290 

1-01-0--:--------(32.7661--------; ... ' 0.600 ... i~ 

0.514-0.526 

~ 0.590-0.620 ~ 

~Ir· ~ ~= ~5" l5" 0.008-0.012 J I 

+0.025 (0.203-lt.3051 I . 0.885 -0.080 .1 0.098 

( +0.635) (2.48111 
17.40 -1.524 MAX 

ID"MAX 

I::::' RAD 

0.OJO-I.155 
ii.iiH.ii11 

RAD TY' 

J24AIREVH) 

NS Package J24A 

I------------~;~'--'----------.-l, 
.. AX " 

:I 
O.IlI-USO 

113A&l-I3Jl0) 

~~~rr,~7nr.T~nr.TT~~~~~~~~~,;~~~~~~~S 

NS Package J40A 

S 16-10 

0.100 ! 0.010 I 
12.540 ! 1.254) --j 

TV' 

1.225 
15.115) 
MAX 



0.l1li7-0.010 
(0.178 -O.~I 

TYP 

0.160-0.115 
119.304-19.&151 ~-tf-----i 

UBO-G.925 ~ 
(22.35-23.501 

0.025 
(0.6351 ~ 
MAX 

0.220-0.210 ~ 
(5.588-1.1121 (2.159-2.541 

SEATING PLANE T~ ___ L+t __ ' __ N: : I 

UNCD,NTRDLLED 
LEAD 

l -II- 0.03&-0.044 ~ 
(0.914-1.1111 

TVP 

, 0.122 
(3.0911 
MAX 

(::!:=::~s:. r 
0.017 

!- (0..321 0'-8' 
I x45° TYPALLLEADS 

lfEo.020_0.D50==t)1J Q 
(0.5011-1.21111 
TYPALLWDS 

0.410-0.510 ~ 

(12.446-12.9541 
LEAD CIRCLE 

NS Package K08A 

40'(7.) 
KOaAIREYCI 

0.024-0.031 0.053-0.069 

~~ ~ t t (0.102-0.2541 6h =8b] AFTER LEAD AMISH 

t r- ~'---.l 
O,O~ J L J L o.olL.mg 

(1.2701 (0.356-0.4931 
TYP TYP 

N14A!REV0) 

NS Package M14A 

S 16-11 

"0 

~ 
[ 
c 
3' 
CD ::s 
(II o· 
::s 
(II 

• 



NS Packages N08A and NoaS have been replaced by NS Package N08E. 

0.280 
(7.112) 
MIN 

0.300-0.320 

{(:::=~O~I] 
0.090 

i2.2iii 
8 7 6 5 

.!!!!!!. DIA + 
(2.337) ~ 0.250±0.OO5 

PIN NO. IIOENT~\.:) (6.35±0.1271 

OPTION 1 --'-
1 2 3 4 

..!!:l!!!.TYP-l1-
(1.0161 ' 

0.125-0.140 
(3.175-3.556) 

NS Package N08E 

0.090 118.87 _ 19.56) 

0.092 (2:: 
1.Fm 0'743-0'770~' 

(2.337) 14 13 lZ 11 18 9 8 t 
DIA ~fT t::\ 0.250.0.005 

PIN NO.'IDENT~B 0 (6.350>0.127) 

1:+.:;=r.:r=;:;:i"'T.'Fffi"'F.iF"'f7~---.l 
OPTION 1 0.130 to.o05 

(3.302 '0.127) 

0.032+0.005 ~7 
(0.813±0.1271 

RAD 

PIN No.lIOENT~ 

1 

0.020 
(0.5081 

MIN 

NOSE IREV E) 

e!4 0.03UO.OOS 

(0.113 ±0.121) 
, RAo 

_PIN No.lIDENT 
, 2 

OPTIONS 2.3 

11.651) 0.145 - 0.200 

13.683 - 5.080) 

, II ~J ' , 
95"5' 0_-0.015 T 16'94' 

'-m.229~.311) II 
0.075.0.015 _11_ 0.018±0.803 I. .1 (1.905 .0.381) ~ L (OA57 '0.076) 

5 +0.025 0.100 <0.010 0.125 - 0.140 
0.32 -0.015 (2.540±0.254) (3.175 _ 3.556) 

(, +0.635) 
\8.255 -0.381 

NS Package N14A 

S 16-12 

Nl<tAIREVC) 



r---------------------------~--------------------------------------_,~ 

0.092 

(2.337) 
DIANOM 

(2X) 

(~:!~:) ~ 0.030 
MIN ---

0.300-0.320 (~~:) 
(7.620-8.128) ! 

... ~.~ ......... " 'J V ~(0.ZZ9-0.381) 
I· .. I 0.075 ±0.015 . I J 

0.325 ~::~~ (1.905 to.381) I-
0.100 ±0.010 

(8.255 +0.635) 
~ -tr.381 (2.540 ±0.254) 

]if' 0.020 I_" 0.018±0.003 0.125..:0.140 (~~) 
~ t-- (0.451±0.D76) (3.175-3.556) 

• 

N16A.IREYD) 

NS Package N16A 

~ 0'230~ (7.112) 
MIN 0.030 

0.300-0.320 (0.762) 

I~·-~:'i T 
6

~-

95'±5' t 
0.009-0.015 

(0.229-0.381) 

,Z ':::, :.:::::J ~ J 
~ +0635\ 0.100±0.010 
\8.255 -0:3811 (2.540±0.254) 

TYP 

NS Package N16E 

S 16·13 

0.125-0.140 
(3.175-3.556) 

MIN 

0.D32±0.OO5 :iJ4 (0.813±0.127) 

PIN N:.'IDENT~ 
1 2 

OPTION 2 

N11EIREVDt 

f. 
~ 
2 
3 
CD 
:I 
!!. 
o 
:I en 

II 



Ir----~--­
!I 
CD 
E 
is 

i 
Do 

0.843-0.870 
(21.41-22.10) ---.j 
15 14 13 IiiI IiiI IiOII 

0.092 
(2.337) 

DIANDM 
(2X) 

. .' PIN NO.1 IDENT ,f;'\ 0.250 ±0.005 

l!ifijrr=m=r.ff=ffi=r.;;=;:;;::;::;:V~J(6.350 ±0.127) I 9--1 
0.030 

(0.762) 
MAX 

950±50 __ 0.009-0.015 tj 
(0.229-0.381 ) 

I· . 
0.325 +0.025 ·1 0.025 ±0.015 . I J 
__ -D_.015 (0.635 ±0.381) t--
(8.255 +0.635) 0.100 ±0.010 

-D.381 (2.540 ±0.254) 
TVP 

I-..,H-- 0.018 ±0.003 I-- (0.457 to.o76) 

NS Package N18A 

0.092 

(2.331) 
OIA NOM 

PIN NO. I IDENT 

1.013-1.040 

~~~~~Jg~(2~5~'1b3_~26~'4~2~)Md~Jg~~1 
t 
0.260 to.005 

ifvm'TIftmm=r.;=;=;:;=;;:;:;:::;::::';:;d::L·1271 

0.040 

0.145-0.200 
(3.683-5.080) 

86°94° f 
TVP 0.020 

0.125:"0.140 (OM~~8) 
(3.175-3.556) 

t 

N18A (REV OJ 

0.032±o.o05 

(0.813±O"21)~D 19 
RAD 

PIN ND.lIDENT~ 

1 

OPTION 2 

I 0.130 ±D.005 

~:?;--tt----+~----] (3.302 ±0.127) 
-->.--.L.t_ -----t-----.L 

I 0.325 +0.025 ~ I- -0.015 

(1.255 +0.635) 
~ -0.311 

0.009_0.01r J 
(0.229-0254) 

TVP 
0.060 ±0.005 

(1.524 to.1271 

. - :1tl 
TVP 

0.018 ±0.D03 II 0.125-0.140 
(0.457 ±O.o76)-11-(3.175-3.556) 

NS Package N20A 

S 16-14 

I 
f 

0.020 
(0.508) 

MIN 

0.145-0.200 
(3.683-5.010) 

I 

N20A(REVE) 



0.062 

(1.5151 
RAD 

t-------(!i~~-!:~:I------~·-ll 
13 

11 
PIN NO. IIDENT 

c±> c±> I 0.540,0.005 

~~l~F.F~fT.rr=F.T9F.FT~r.rr~~ffiFTffi~~! ::Jl'0"211 

0.5BO 

DOTTED OUTLINES 
REFLECT ALTERNATE 

MOLDED BODY CONFIGURATION 

0.030 r.n4.131 
MIN 

0.600-0.620 
(0.1&21 
MAX 

F~ 

95',5' 

I-- 0.625:::~: _I 

(15B15+O·635)~ . -G.3BI 

D.D3~~ MAX I- 0.600-0.&20 ----j 
(O'lFtC~~1 

NS Package N24A 

PIN NO. IIDENT 

0.145-0.210 

•• -w. ._~-5'3341 
(0.229-0.381) 

D.D50±0.D15 I­
(l.fTO±0.3811 

NS Package N28B 

S 16·15 

N2.tAIREYEI 

0.125-0.145 
(3.115-3.683) 

N28B(AEVE) 

• 



\' 
1.1112 

(1.57&) 
RAD 

1 
C±> e ~ 

.,:;;=m==r.i"'r.i'firii"'ffi"F.'i"Tn=m="ir.iffiiFiiir'ffii''T.li'''T.fiT''ili'iffi9lin;;;=iii::lJ

1

•

,Zl

) 

PI. ND.llDEIfI 

DoOl5 ... ,5 
11.10 ... .3111) 

NS Package N40A 

I-- 0.385-0.428 --l I 110.03-10.67) I 0.151 ±0.002 
0.051) 

O.l80±O.Q05 
1----1- 14.5~±O.127) 

O:UO±D.Ol0 
(2.794±0.254) 

1.020 ±O.015 
125.91 ±0.381) 

13.835± 
D1~ 

-0 O. 
16. 

~ 

l 

O. 
lB. 

~ 
O.145±0.015 

13.l83±0.3Il) '-- 7" 

lG J 11 

540±0.015 
3.72±0.381) 

0.385 
110.03) 

lIEf 

! L 
!!:!!!!TYP ~~ .! (1.27) D.032±O.DD5 ~ 

0.100±0.D1D 10.113±0.127) . 

12.54±0.2fi4) 0.015 ::::~ 
O.200±O.01U (, +0254) 
15.0I±0.254) ,0.381 -0:051 

NS Package T03B 

S 16-16 

O.05Q±O.OO2 
i1.iffi05ii 

0.016:::: 

SEAlING PI.AIIE (0.311 :~:) 

0.032±0.Q05 - 1 I I-- ~ 
(O:iiiro:m)~ 

s.ctlon A-Alftt-;:-T 
T038-'.ncI-2~~ T 

O.032±0.OO5 ---l~.J:::.l 
iD.iii±o:ffi) ~_ 

0.105 :::::: 

(2.&&7 ::::~) 

s.ctIDII A-A ..;;;-T 
T038-30nIJ ,,..---- T 

0.02Z:::: 

(0.559 ::::) 

T03B(REV'" 



0.151 .0.002 
(l.8l5.0.051) olA 

I 
0.540.0.015 IT') 

TAPERED I' 
ZSloES 

lC 0.035.0.005 

0.015 ~:~~: ~ 
.-- .-
o lB1 .0254 --(. -11.051) 0.105.0·010 _ -0.015 

0.395-0.420 
(10.03 -10.67) 

10.889 !0.127) TVP 

0.067.0.0115 
11.702 iO.1Z7l TVP 

NS Package T05A 

0.151 ±0.DD2 
~ _ (3.835±0.051) 

(2.1~~.254) I .050±0.D10 

rt
~----.LJ·=±(t'·27D±tO'254) I 

D.250±0.0ID 
(6.350±0.254) 

t 

0.340±0.0ID 

~ 0.863 (8.636±0.254) 

~'T _I 

.(~ ,<"" -1I.l81 1 

T05A (REV 0, 

II (:::: ~::ili)- ~ L~.!.:!!!!. -0.051 (2.667) 

__ _ O.035±O.OO5 
(0.669±0.121) ~ TYP (4.394 -4.597) 

NS Package T05S 

516·17 

___ ~_L 0.321-0.335 

~ 
SEAnNG 
PlANE 

T05B(REVEI 

• 



! o 
"iii 
c 
CI) 

E 
is 
"5 
i 
Q. 

li±O.OI0 
lO±O.254) 

D.6 
-117-.1---

V. 

I~ 
O.410±O.OI0 

110•41Io.Z54) ~ 

ot. 
(0.610) 

NOM 

~ 

I:::;::~- I-

C ~ 

0.781 ± 0.01 0 
O.177±O.1III5 120.01S±O.Z54) 
IU9I±O.I27) 

~ t-,0.151±O.002 O.110±O.005 

1""" 
~(~::;~: 13.835±D.051) 11.79UO.I27) 

~ '\ + 
t-

-
O.III6±O.02O a.lOO±O.OI0 -~ 

. 111.19S±O.508) ~ 
o.8i1oH.020 - O.03IM±O.Ol00 

11.001 ±O.2S4) 
121.644±O.506) -.1 

0.166±D.010 .,.-
(4.21840.254) ~ ~ J 
t 

~ !--;D.D67±O.OlD 
O.ISO±D.Ol0 

11.702±O.2S4) (4.1164±0.2S4) 

.0.670 ±D.OID r 
(17.DII±0.154) 

0.021 ~::: I--. 
(0.533~::~~-

n=t: ~. R R l 

NS Package T11A 

0.175-0.185 0.175-0.185 5" 
(4.445-4.699) I" "I (4.445-4.699). NOM 

) I 0.065 ' 
I I (1.651) ~r---' ~ 

SEATING PlANE L ___ ..J -.-l. DlA J 
t' 5" NOM 

.!!:!!!!. .!!!!!!. 0.025 

(l~f (~:) ~ ~ ~ UNGifi~ED ~ 

J -LJ l--- 0014-0016 -II--0.0145-0.0155 
~ ~ (0:35~Yi4D6) ~3683-0.3937) 
(1.143-1.397) BEFORE LEAD 

.!!!!!!. 
(2.286) 0.045-0.055 

J~~. Jwt (3.429-3.683) 
10" NOM 10", NOM 

NS Package Z03A 

S 16-18 

FINISH 

Z03A(AEV D) 

- I-:D.1OO ±D.OO5 ' 
(2.540±0.127) 

a.169H.Ol0 
14.293±a.254) 

0.2OII±D.01D 
15.OBD±D.Z54) 

0.015±1I.005 
ID.381 ±0.127) 
RADIUSTYP 

TItA(AEV8) 



0.050-0.100 0.150-0.180 
11.270-2.5401-~~-----t-13 810-H721 

0.135-0.145 
13.429 - 3.6131 

0.190 -0.210 
~ 

OIA PC 

0.D9D 
12.216) 
R "OM 

0.0145 -0.0155 
10.368 -0.394) 

0.175-0.185 
14.445-4.699'·-+----

d- 10· "OM (~::=~:~) 

I:.~:=:.~~:) ~V::~I::~ 

NS Package Z03D 

S 16-19 

LEADS 1 AND 3 
AND DlA PI: 

ZOJDIREVIIII 
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I 
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