
































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































input by connecting a control key (n.o. SPST switch) from 
this pin to V- (Pin 6). This feature allows the * and # key 
entries to be interpreted simply as DTMF signals. When not 
used as a key input, this pin should be connected to V+ 
(Pin 1). (See 13-Key Tone Mode) 

In the Pulse mode, the make/break ratio may be selected by 
connecting this pin to either the V+ or V- supply. Table 1 
indicates the two popular ratios from which the user can 
choose. 

KEYBOARD CONFIGURATIONS 
Figure 3 

FORM A TYPE KEYBOARD 

v- I t: ____________ · Col 

�~� �~�.�-�R�O�W� 
2-0F-7 MATRIX KEYBOARD 

± NEGATIVE COMMON 

' ...... OPEN �~� OPEN ... 
�V�-�'�/�"�"�~�~� �"�"�,�~� 

[ 

�~�C�O�L� �~�'� II ... cor 

�~�R�O�W� �~� �~�i�f�f�i�W� 
2-0F-7 MATRIX KEYBOARD V- �~�,�q�,�,�!�~�~�~� ... �g�~�~�~�~� 

ELECTRONIC INPUT 

MAKE/BREAK RATIO SELECTION 
Table 1 

Input to Make/Break Pin 

V+ (Pin 1) 
V- (Pin 6) 

MUTE/DO, Pin 10 

Pulse Output 

MAKE 
40% 
32% 

BREAK 
60% 
68% 

Pin 10 is the output of an open-drain N-channel transistor. 

In the Tone mode, Pin 10 is used to provide the tone dialer 
with a Dialer-Disable signal. This signal is used to inhibit the 
generation of tones by pulling to V- when command entries 
are being made. 

In the Pulse mode, Pin 10 is the Mute output. It provides the 
logic necessary to mute the receiver while the telephone 
line is being pulsed. A typical method of interfacing this 
output is shown in the application diagram in Figure 6. 
Figure 4 shows the timing characteristics of the Mute 
output. 

HKS, Pin 15 

Pin 15 is the hook switch input pin. Pin 15 requires an 
external pull-up resistor to the positive supply. A V+ input 
sets the circuit in its on-hook mode, while a V- input sets it 
in the off-hook or dialing mode. 

PULSE/13-KEY, Pin 16 

In the Tone mode, a V+ level at Pin 16 sets the MK5175 in a 
mode in which a control key (n.o. SPST) connected from 
CNTL (Pin 9) to V- is used to initiate control functions. With 
Pin 16tiedtoV-, the MK5175 is set inthe 12-key mode and 
the * and # keys are used in control functions. 

In the Pulse mode, Pin 16 is the Pulse output. It consists of 
an open-drain N-channel transistor designed to drive an 
external transistor. These transistors are typically used to 
pulse the telephone line by controlling the loop current 
through the network, as shown in Figure 6. The timing 
characteristics of the Pulse output are shown in Figure 4. 

STANDARD 12-KEY OPERATION 

During normal dialing, each digit is stored in the LND (Last 
Number Dialed) buffer, location O. The telephone number 
dialed can be left in this temporary LND buffer for later use 
or it can be copied into any of the other nine permanent 
memory locations. 

STORAGE 

Telephone numbers to be automatically dialed by the 
MK5175 may be entered into the LND buffer while either 
on-hook or off-hook. However, the MK5175 must be in the 
on-hook mode for a number to be copied into a permanent 
memory location. A number may be copied and stored by 
entering the key sequence * *, followed by the address 
(1-9) of the memory location in which the number is to be 
stored. This operation requires 300 ms before going off­
hook or reinitiating the store function and does not change 
the data in the LND buffer. Information present in the LND 
buffer when new data is entered is replaced and cannot be 
recalled. 

AUTOMATIC DIALING 

The automatic dialing function is implemented by going 
off-hook and entering a *, followed by the address (1-9) of 
the desired telephone number. Dialing will begin with the 
release of the address key and can be interrupted by 
initiating a new redial command. The LND buffer will 
contain the information last entered. A key sequence of * 0 
will cause the last number entered to be redialed. More 
than one number sequence may be automatically dialed 
from memory without returning on-hook. 

PAUSE/CONTINUE COMMAND 

The MK5175 has a feature which allows an indefinite 
pause to be programmed into the first 15 digits of a number 
sequence by entering a # key at the point in the sequence 
where a pause is desired. When the number is 
automatically dialed, the circuit will stop dialing when the 
pause is encountered. Any key entry, except for a * key, will 
cause the MK5175 to continue dialing the remainder ofthe 
number. If more than one pause was originally 
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programmed into the number sequence, a corresponding 
number of continue commands must be made in order for 
the number to be completely dialed. 

The continue input will not be recognized until one lOP 
period following the signalling of the digit preceeding the 
pause. This is approximately 800 ms in Pulse mode and 100 
ms in Tone mode. 

NORMAL DIALING 

When dialing manually in the Pulse mode, the key entry rate 
may exceed the dialing rate. The memory has a FIFO (first­
in-first-out) architecture and any length number sequence 
may be dialed as long as the key entered is not more than 16 
entries ahead of the digit being outpulsed. 

In order to dial a * or # OTMF signal when in the 12-key 
Tone mode, the * or # key must be depressed twice 
consecutively. This will cause the MK5175 to enable the 
tone dialer to generate the corresponding tone. However, 
the MK5175 will not store a * or # as a OTMF signaling 
digit. 

Examples: 

1. On-Hook, enter 323-1000 
Then enter * * 5 
323-1000 is stored in location 5 
• 
• 
• 
Come off-hook 
Enter * 5 
323-1000 is automatically dialed 

2. Off-Hook, dial 42 (PBX access code) 
While waiting for dial tone, enter # 
OiaI1-214-323-1000 
Busy/Hang up 

Enter * * 3 
(Number is stored in location 3) 
• 
• 
• 
Come off-hook 
Enter * 3 
42 is dialed 
Wait for dial tone 
Enter 3 (continue command) 
1-214-323-1000 is dialed 

13-KEV TONE MODE 

An extra feature available on the MK5175 is the ability to 
use the entire keyboard for normal signaling such that 
when any key is depressed once, including * and #, the 
proper OTMF signal is generated. This feature is activated 
by connecting Pin 16 to V+. In order to utilize this function, 
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an extra control key (n.o. SPST) connected from Pin 9 
(M-B/CNTL) to V- is required. 

All digit entries, except * and #, are stored in the LNO 
buffer, as they are entered, whether off-hook or on-hook. 
However,the MK5175 must be in the on-hook mode for a 
number to be copied from the LNO buffer into a permanent 
memory location. A number may be copied and stored into a 
permanent memory location by entering the key sequence 
C N (where C is the control key and N is the location, 1-9, in 
which the number is to be stored). An indefinite pause may 
be programmed into a number by entering a C # key 
sequence at the point desired. 

In order to automatically dial a number in memory, the key 
sequence C N must be entered after going off-hook, where 
N is the address of the number to be dialed. Last-number 
redial is accomplished by dialing CO. If a pause has been 
programmed into the number to be automatically dialed, the 
number will be dialed up to the point where a pause is 
encountered. Any key entry (except the C key) will cause the 
MK5175 to continue dialing the remainder of the number. If 
more than one pause was programmed into the number, a 
corresponding number of continue commands must be 
made in order for the number to be completely redialed. 

Examples: 

1. On-hook, enter 555-2525 
Enter C 5 (C is a control key) 
555-2525 is stored in location 5 
• 
• 
• 
Come off-hook 
Enter C 5 
555-2525 is automatically dialed 

2. Off-hook, dial 9 (PBX access code) 
Enter C # (a pause is programmed in, with no tones 
emitted) 
Once dial tone is established 
OiaI1-214-323-1000 
Busy/Hang up 
Enter C 2 
(Number is stored in location 2) 
• 
• 
• 
Come off-hook 
Enter C 2 
9 is dialed 
Establish dial tone 
Enter 2 (continue command) 
1-214-323-1000 is dialed 



ABSOLUTE MAXIMUM RATINGS* 

DC Supply Voltage, V+ ........................................................................... 10.5 Volts 
Operating Temperature ...................................................................... -30°C to +60°C 
Storage Temperature ........................................................................ -55°C to +85°C 
Maximum Power Dissipation (25°C) ................................................................. 500 mW 
Maximum Voltage on any Pin ........................................................ (V+) +0.3; (V-) -0.3 Volts 
"Stresses above those listed under "Absolute Maximum Racings" may cause permanent damage to the device. This is a stress rating only and functional operation of the device at 
these or any other condition above those indicated in the operational sections ofthis specification is not implied. Exposure to absolute maximum ratings for extended periods may 
affect device reliability. 

RECOMMENDED OPERATING CONDITIONS 

POWER DISSIPATION DERATING CURVE 

TA::1 ~ 
(OC) 2~+_--r __ r-_-r-_""""_--li.-_ 

---1 I I 
o 100 200 300 400 600 

ELECTRICAL CHARACTERISTICS 
DC CHARACTERISTICS 
-30°C:::; T A :5 60°C 

SYM PARAMETER 

V+ DC Supply Voltage 

IS8 DC Standby Current 
V+=2.5V 

lop DC Operating Current (Tone Mode) 
V+ = 2.5 V 

lop DC Operating Current (Pulse Mode) 
V+ = 2.5 V 

IML Mute Sink Current: 
V+ = 2.0 V, Vo = 0.5 V 

Ip Pulse Sink Current: 
V+ = 2.0V, Vo = 0.5 V 

ILKG Mute and Pulse Leakage: 
V+ = 10.0 V, Vo = 10.0 V 

RKI Keyboard Contact Resistance 

CK1 Keyboard Capacitance 

KIL "0" Logic Level 

KIH "1" Logic Level 

KRU Keyboard Pull-Up Resistance 

KRD Keyboard Pull-Down Resistance 

RCNTL CNTL Pull-Up Resistance 

mW 

MIN 

2.0 

0.5 

1.0 

V-

80% ofV+ 

"TYPical values are to be used as a design aid and are not subject to production testing. 

NOTES: 

TYP* 

1.0 

50 

100 

2.0 

4.0 

0.001 

100 

0.5 

100 

MAX 

10.0 

2.0 

100 

200 

1.0 

1.0 

30 

20% ofV+ 

V+ 

DERATE AT 9 mW/oC 
WHEN SOLDERED INTO 
PC BOARD. 

UNITS NOTES 

V 

iJ,A 1 

iJ,A 2 

iJ,A 2 

mA 

mA 

iJ,A 

kO 

pF 

V 

V 

kO 3 

kO 3 

kO 

1. All outputs unloaded. On-hook mode. 
2. Current required for proper circuit function with a valid key input, off-hook or 

on-hook. 

3. Keyboard to be scanned at 250 Hz when oscillator enabled Rowand Column 
to alternately pull high and low. 
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AC CHARACTERISTICS (The timing Relationships are shown in Figures 4 and 5) 

SYM PARAMETER MIN TYP* MAX UNITS NOTES 

foscp Oscillator Frequency(antiresonant mode) 
(Pulse Mode) 480 kHz 1 

tOB Keyboard Debounce Time 32 ms 2 

tKO Valid Key Down Time 40 ms 

tos Oscillator Start-Up Time 8.0 ms 

PR Pulse Rate (Pulse Mode) 10.0 pps 

tB Break Time: Pin 9 Tied to V+/Tied to 
V- (Pulse Mode) 60/68 ms 

t lOP Interdigital Pause (Pulse Mode) 840 ms 

fOSCT Oscillator Frequency (Tone Mode) 8.0 kHz 3 

TR Tone Out Rate fOSCT/1600 tones/sec 3 

tROLL Rollover Overlap Time 4 ms 4 

tMOL Mute Overlap Time 2 ms 

tpop Predigital Pause 170 ms 

"Typical values are to be used as a design aid and are not subject to production testing. 

NOTES: 
1. Ceramic resonator should have the following equivalent values: R < 20 0. 3. fOSCT = 1/1.25 R2C1. nominal fOSCT = 8 kHz. 200 pF:5 C1 :5 550 pF. 

RA ;:: 70 kO. Co :5 500 pF. 
2. A key entry must be present after 32 ms to be valid (oscillator on). 

4. Rollover is the period of time keyboard inputs must be invalid for successive 
entries to be recognized. 

TIMING CHARACTERISTICS PULSE MODE 
Figure 4 

DIGIT 

DI~IT ---.1 4 j.- tKD ADDRESS 

KEYINPUT~~----------------------~~~-------------------------------
--., ~tos I 

C01UMN~__ _ __ ~ ___ -----..:JlJl..fl.J 
SCAN I I 

RciWSCAN~1 --- ---~--------=l1lfLIL 
oN-~~~~1 rl\ I 

MUTE 
OUTPUT 

II ~ ____ ~II __________ ~ 

I DIGIT 4 I! 
I 

DIGIT 2 /IL.. _____ D_IG_IT_4 ____ ~1 r 
~ ~I------I-I------------~ 

OUTPUT I I I I I I I ~ ________ =-,,--___ -:-::-::-__ ....,..,...,..-______ --. 

OSCILLAT~~--I.---.~r-I -tP-D~-;-o-:S-:-. ~=:"""LA"""~T=t"""R'-::R=U""":=:=lj"""G~----~:mli....---,;l1 [~~~III OSelUATOR RUNNING HII" 

OFF-HOOK MODE ----------.... -~ ....... t__-i .. ~. OFF-HOOK MODE ____________ ....... 1 

(NORMAL) ON-HOOK (REDIAL) 

NOTE: 
After the first key entry there is typically 100 ms prior to the time iiiiUie 
becomes active. 
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TIMING CHARACTERISTICS TONE MODE (12 KEY) 
Figure 5 

----.-+I ..... ---IDIGIT STORE------l ... II-oI .. f---------AUTO DIAL--------II-..l1 
STORE CONTINUE 

HKS 
INPUTlL _____________________ ~ 

NOTES: 
1. Keyboard inputs are high impedance when not low or scanning. 
2. Rows and columns are alternately pulled high and low for scanning. 
3. After the address key is released there is typically 100 ms (tpDP) before RoW 

and Col information becomes active. 

TYPICAL APPLICATIONS 

REPERTORY PULSE DIALER 
The schematic diagrams in Figures 6 and 7 show two 
methods which can be used to interface the MK5175 with 
the telephone line. In the approaches shown, the MK5175 
is in the Pulse-dialer mode; the pulsing circuitry is shown in 
series (see Figure 6) and in parallel (see Figure 7) with the 
speech network. 

A current source of some type is desired to present a high 
impedance to the telephone line while guaranteeing 
sufficient current to power the MK5175 while off-hook and 
dialing. The current source is constructed using current­
regulator diode CR1 and diode 09. Other implementations, 
such as the the alternate current source shown in Figures 6 
and 7, may be considered. 

A diode bridge is used to insure the proper voltage polarity 
forthe MK5175, and hook switch S1 is used to connect the 
circuit to the telephone line. VR1 provides transient 
protection for the circuit. Hook switch S2 is used to provide 
the logic necessary at Pin 15 to set the MK5175 in its 
off-hook mode. 

Pin 2 (Mode) is connected to V- to set the MK5175 in the 
Pulse dialer mode. In this mode, Pins 7 and 8 are defined as 
the oscillator pins and Pins 9, 10, and 16 are defined as 
M-8, Mute, and Pulse, respectively. 

~------~~ 

f~~ ______ ~ ____ r-__ tp_DP ______ ~~----__ ___ 
- !J 

The Pulse and Mute outputs drive external transistors to 
perform the outpulsing function. In Figure 6 the receiver is 
connected to the speech network through transistor 04. 
Mute causes the transistor to be held on until outpulsing 
begins. When Mute switches low, the receiver is removed 
from the network. The transients caused by breaking the 
line are then isolated from the receiver. The Pulse output 
drives transistor 03 to make and break the line until the digit 
has been completely outpu!sed. Mute then switches high, 
returning the receiver to the speech network. 

I n Figure 7 the speech network is connected to the telphone 
line through transistor 03. Mute causes the transistor (03) 
to be held on until outpulsing begins. When Mute switches 
low, the speech network is removed from the telephone 
line, and the loop current is then maintained through II 
resistors R5 (since diode 01 0 no longer holds transistors 04 
and 05 off) until outpulsing begins. The Pulse output drives 
transistors 04 and 05 to make and break the line until the 
digit has been completely outpulsed. 

A 3-V battery has been included in the circuits to provide 
power to the MK5175 to retain the numbers stored in 
memory and to provide the power necessary for the on­
hook entry a nd/ or storage of n umbers. If the battery were to 
fail or be removed, the circuit would still function as a 
regular Pulse dialer with no memory. 
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TYPICAL APPLICATION PULSE MODE (SERIES PULSING) 
Figure 6 

220.1 W 
R9 

S1 c 

ZNR 10DK820 
VR1 (Panasonic) 

TELEPHONE 
LINE 

R3 
470k 

R4 
1 M 

R5 

3k 

R2 
820 k 

PIN 15 PIN 1 I 
_...1 

MUTE/L1~0~-+__ Q2 
It---~--+----~V- Do r 2N5550 I 

S2 

.--_-+ ___ .....:1~5 HKS MK5175 

.....-____ .=.t3 COL 1 

.....------'-I
4

COL2 

456 

7 8 

5 COL 3 

2500 - TYPE SPEECH NETWORK 

G N 

* 0 # 
FORM A KEYBOARD 

14
ROW1 

13 ROW2 

12 ROW 3 

11
ROW4 

PULSEI 16 
13-KEY F--+--+----' 

OSC 
OSC/RC INC 

7 8 

C2 C3 

100pF 4BOkHz 100pF 

NOTE: 

Memory retention cannot be guaranteed if battery is not used. 

REPERTORY TONE DIALER 

In the application shown in Figure 8, tone mode operation of 
the MK5175 is selected by connecting Mode (Pin 2) to V+ 
(Pin 1 ). In the tone mode, only resistor R2 and capacitor C1 
are needed to provide for the frequency reference for 
MK5175. The oscillator frequency is given by the following 
equation: 

fOSCT = 1/1.25 R2 C1 

A nominal frequency of 8 kHz will provide a tone rate of 
100 ms on and 100 ms off, when automatically dialing a 
number. This tone rate is directly proportional to the 
oscillator frequency. 

Q3 
2N6660 

R7 
330 !l 

C4 

In the tone mode, the MK5175 provides the user with the 
option of selecting whether the * and # keys or a 13th key 
(a control key) is used to initiate control functions. In this 
application, Pulse/13-Key(Pin 16) is connected to V-(Pin 6), 
thus selecting the 12-key mode. Therefore, the * and # 
keys are used in control functions and must be depressed 
twice consecutively in order for their corresponding DTMF 
tones to be produced by the MK5380. 

In the circuit shown in Figure 8, the MK5175 and MK5380 
are powered directly from the telephone line. A 3 V battery 
provides power for on-hook operation and memory 
retention. (Without a battery, the circuit will function as a 
non-repertory dialer). 
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TYPICAL APPLICATION PULSE MODE (PARALLEL PULSING) 
Figure 7 

220 
1W 

S1 '-----

1N270 

R9 

VR1 
ZNR 10DK820 

(Panasonic) 

TELEPHONE 
LINE 

R6 R6 

[ALTERNATE CURRENT - - - - "I 
SOURCE TO REPLACE 

\CR1 & 09 I 

01 1N914 

02 1N914 

R2 

I 
820 k 

I 
PIN 16 

+OF BRIDGE 

R1 
1.5 k 

Q1 
2N6401 

PIN 1 

I 
I 
\ 

L -.J R4 R3 150n 100k 
J600 

+ 
3V -

BATT. -

S2 

NOTE: 

03 (Siliconix) 470k 

1N270 
+ C1 

V+ 10l'F 
R8 16V 
100 k 2 MODE 

6 V- PULSE/16 
13-KEY 

15 HKS MK5175 

3 COL 1 

4 COL2 

5 COL3 

MUTE/ 10 

14 ROW1 DO 

4 5 6 13 ROW2 

7 8 9 12 ROW3 
11--· 

* 0 # ROW4 

FORM A KEYBOARD OSC OSC 
INC 

C2 
100 pF 

IRC 
7 8 

o 
480 kHz 

C3 
100 pF 

Memory retention cannot be guaranteed if battery is not used. 

470k 

010 

The MK5175, in the tone mode, features a bidirectional 
keyboard scheme that passively monitors key inputs and 
simulates key closures so that a tone dialer will perform the 
repertory tone-dialing function. Thus, the MK5175 and 
MK5380 keyboard inputs are connected together and share 
the same keyboard. The repertory dialer disables the tone 
dialer(Mute/DD(Pin 10 ofthe MK5175) pulls Chip Disable 
(Pin 2 of the MK5380) low) and scans the keyboard 
whenever a command entry is detected. To prevent the 
keyboard input circuitry of the MK5380 from interfering 
with the scanning process of the MK5175, the chip disable 
feature of the MK5380 was designed to place the MK5380 

2500 - TYPE SPEECH NETWORK 

keyboard inputs in a high-impedance state when Chip • 
Disable (Pin 2) is pulled low. 

During keyboard entries tothe MK5380(from the keyboard, 
or the MK5175), the MK5380 Mute output (Pin 10) 
switches high, activating the switching circuitry (composed 
oftransistors 01-04, resistors R5-R11 ,and capacitor C2) to 
mute the receiver and disconnect the transmitter. The 
receiver is muted so that only a low level DTMF signal is 
provided to the user. The transmitter .is disconnected to 
increase the dc resistance of the speech network to allow 
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for tone generation and to eliminate distortion of the OTMF 
signal due to noise present at the transmitter. The MK5380 
produces tones on the telephone line by modulating the 
loop current through resistor R4 which is connected from 
Tone Out (Pin 16) to V- (Pin 6). 

A diode bridge, composed of 01-04, is used to protect the 
circuit from telephone line polarity reversals. AZNR (VR1), a 
resistor (R1), a zener diode (05), and a standard 2500-type 
speech network provide overvoltage and line-surge 
protection. 

TYPICAL APPLICATION TONE MODE (12 KEY) 
Figure 8 

2211 
1W 

NOTE: 

06 
~ 

+ 
BATT-":'- R2 

v 240 
kll 

47~PF 

R3 

f 
PHONE 
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v+ MODE 

ROW1 14 

~ M.BI 
ROW2

13 

CNTL 12 
ROW3 

ROW4 11 
8 OSC '--
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7 OSC MK5175 

IRC COl3 5 

S1 
R1 

HOOK 
VR1 

SWITCH ZNR ~ 

100K220~ ~01 1N4004 02~+ 
(4x) 

03 04 

r,---;-, 
1 2 3 A 

I I 
I 4 5 6 B 

I 
7 B 9 C 

I I 

* 0 # 0 
L.:: - -l-L ~ 

I j.--, 100 k 

W 52 tl..--+-_...:.;15::.jHKS 

HOOK 
SWITCH 

W 
~------------------~------------~~----2-50-0--TY--P-E-S-PE-E-C-H-N-E~TW~O-RK-------0.-0-04-7~~~Fllri--+---. 

2N3904 

R8 

h I ~; :;:: -1f ~ - - - ~:~>--'-I--t-t-----. 

RCVR I r =.~\: ~ ~ B ~~ : 

Q3 

~ l!02_1~0~1~_I ____ '-~~R~ __ ~ __ ~ __________ -4-J~~~~~~~ __ ~~RB>---I~_I-J 
OJ. fis L _ _ _ _ _ _ _ _ _ _ _ _ _ _-1 

---c; Q4 

R9 
200 k 

R7 

300k 

R6 
3.3 k XMTR 

0-
51 k R10 Ol R5 

'N'r 20k 
R12 
20 k 

20 k 

Memory retention cannot be guaranteed if battery is not used. 
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IBUNITED 
TECHNOLOGIES 
MOSTEK 

TELECOMMUNICATION 
PRODUCTS 

TEN NUMBER REPERTORY DIALER 
WITH PACIFIER TONE 

MK5177(N), MK5176(N) 

FEATURES 

o Silicon Gate CMOS process for low-voltage (2 to 10 V) 
and low-power operation 

o Low memory-retention current of 300 nA typical 

o Auto-dials ten 16-digit numbers including Last Number 
Dialed (LND) 

o Pacifier Tone Output 

o Oscillator Selectable in pulse mode (RC or ceramic 
resonator) 

o Stand-alone pulse dialer 

o Interfaces with Mostek's tone dialers 

o PABX pause key input 

o Last number dialed memory 

o Last number dialed may be copied into anyone of nine 
other locations. 

o Make/Break ratio is pin selectable in pulse mode 

o Uses either the inexpensive Form-A type keyboard or the 
standard 2-of-7 matrix keyboard with common V-

o Optional use of 13th key input to control repertory 
functions in tone mode 

DESCRIPTION 

The MK5177 and MK5176 are monolithic, integrated, ten­
number repertory dialers manufactured using Mostek's 
Silicon Gate CMOS process. The circuit accepts keyboard 
inputs and provides the pulse and mute logic levels required 
for loop-disconnect signaling. In addition, the MK5177/6 
interfaces with the MK5380 or MK5389 tone generator 
circuits for DTMF signaling. The MK5177 is functionally 
similar to the MK5175 except for pins 9 and 10, which 
provide the additional features of Oscillator Select and 
Pacifier Tone Output. The MK5176 is the same as the 
MK5177, but has continuous mute timing on its Mute 
output (see Figure 5b). 

PIN CONNECTION 
Figure 1 

V+ --.1 18 ..... PUlSE/13KEY 

MODE --.2 17-+- HKS 

cor; ..... 3 16 ..... ROW1 

COl2 ....-. 4 15 ...... ROW2 

COl3 ...... 5 14 ...... ROW3 

v- --.6 13 ...... ROW4 

OSC/RC --. 7 12 ----. MUTE/DD 

OSC/NC --.8 11-+- MB/CNTl 

OSC 
SELECT 

----. 9 10--. PACIFIER TONE 

Pin 2, the "Mode Select" input determines whether signaling 
will be pulse or tone. The interpretation of several inputs 
and outputs is dependent upon the mode selected. 

In the pulse mode, the time base for the circuit is selectable 
between a ceramic resonator and an RC oscillator. In Tone 
mode, the circuit can use only the RC oscillator. 

An on-chip RAM is capable of storing ten 1 6-digit telephone 
numbers, including the last number dialed. When used in a 
PABX system, a pause (# key) may be stored in the number 
sequence. The repertory dialer will recognize this pause 
when automatically dialing and stop until another key input 
is received. 

The MK5177 /6 repertory dialer uses a standardized pinout, 
shown in Figure 1 , common to other Mostek tone and pulse 
dialers. This facilitates the design of a family of telephone 
products using common PC boards and circuit components. 
The block diagram in Figure 2 illustrates the general 
internal structure of the MK5177/6. 

FUNCTIONAL DESCRIPTION 

V+, Pin 1 

Pin 1 is the positive supply input to the part and is measured 
relative to V- (Pin 6). The voltage on this pin should not 
exceed 10 volts. A low voltage detect circuit will perform a 
power-up initialization whenever the supply voltage at this 
pin falls below a level necessary to guarantee proper circuit 
operation. 
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MK5177/6 BLOCK DIAGRAM 
Figure 2 

MB /CNTL >,-'.:...;' I __________ ---J 

I 
I 

MODE~2~1--~.r-------' 
I 

OSC SEl >-,9~1---"'"l ........ ___ ...J 
I 
I 

MANUAL/AUTO· DIAL 
CONTROL lOGIC 

I 

I 
I 
I 
I 

I 
L_ -- -:;--- iI-------- ~---16-----------w------~ 

OSC IN OSC OUT HKS 

MODE, Pin2 

The MK5177 /6 will function in either tone or pulse mode, 
dependent upon the logic level presented to pin 2. For pulse 
mode operation, this pin must be tied to V- (pin 6). For tone 
mode, it should be tied to V+ (pin 1). The interpretation of 
pins 7, 8, 11, 12, and 18 is dependent upon the mode 
selected. 

KEYBOARD CONFIGURATIONS 
Figure 3 

COL » ________ A .. h. ___ ---« ROW 

FORM A TYPE OF KEYBOARD 

.,h. ____ < ROW 

c .. h. ___ --« COL 

2 OF 7 MATRIX KEYBOARD 

PACIFIER 
TONE 

KEYBOARD INPUTS, Pins 3, 4, 5,13,14,15,16 

The MK5177/6 incorporates a keyboard scheme that 
allows either the standard 2-of-7 keyboard with negative 
common or the inexpensive single-contact (Form A) 
keyboard to be used, as shown in Figure 3. 

v_£ -~~------~< RONV 

.. h. ___ --« COL 

2-7 MATRIX KEYBOARD 

NEGATIVE TRUE COMMON 
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A valid key entry is defined by either a single row being 
connected to a single column or byV- being simultaneously 
presented to both a single row and column. 

In the tone mode, the MK5177/6 features a bidirectional 
keyboard scheme. As the MK5177/6 passively monitors 
the key inputs (using the scan provided by the tone dialer), 
they are debounced, decoded; and stored in the on-chip 
LND (Last Number Dialed) buffer. The keyboard inputs in 
tone mode normally have high impedance, allowing the 
tone chip to scan the keyboard lines and begin signaling 
immediately upon detecting a key entry. A command key 
entry disables the tone chip, and scanning is then controlled 
by the repertory dialer until the key is released. In tone 
mode, auto-dialing is performed by the MK5177/6, which 
simulates key-contact closures. The tone generator accepts 
these inputs as valid keyboard information and generates 
the proper DTMF frequencies. 

In the pulse mode, the MK5177/6 keyboard inputs are 
static until an initial valid key input is sensed. The oscillator 
is then enabled, and the rows and columns are alternately 
scanned (pulled high, then low) to verify that the input is 
valid. Keyboard bounce is ignored for 32 ms after the initial 
key down is detected. A key input is accepted if it is valid 
after this initial debounce time. This scheme guarantees 
any valid key inputto be recognized in less than 40 ms after 
the initial key closure. 

V-, Pin 6 

Pin 6 is the power supply return pin and is the reference for 
all input levels and the V+ supply (pin 1 ). 

OSCILLATOR, Pins 7 and 8 

The RC oscillator (Figure 4a) requires a resistor and 
capacitor to provide the frequency reference for the 
MK5177/6. The resistor should be connected from Pin 7 
(Osc/RC) to pin 1 (V+) and the capacitor from Pin 7 to Pin 6 
(V-). Pin 8 should be connected to V+ for normal operation. 
The nominal frequency for standard operation is 8 kHz. This 

OSCILLATOR CONFIGURATIONS 
Figure 4 

A. RC OSC 

v+ 

7 

v-

NOMINAL FREQUENCY 8 kHz 

provides for a tone rate of 100 ms on and 100 ms off and a 
pulse rate of 10 pps. The frequency of oscillation is 
approximated by the equation: 

Fosc = 1/(1.45 RC). 

The value suggested for the capacitor (C) should be 410 pF 
or lower, and resistor (R) may be adjusted for the desired 
signaling rate. 10 PPS and 5 TPS operation is achieved by 
selecting a 390 pF capacitor and a 220K Ohm resistor. 

A more accurate and constant frequency reference in pulse 
mode is obtained using a 480 kHz ceramic resonator, as 
shown in Figure 4b. The ceramic resonator is connected in 
parallel with an on-chip inverter. Two external capacitors to 
ground also are required. 

OSCILLATOR SELECT, Pin 9 

This pin determines the mode of oscillation used by the 
repertory dialer when in pulse mode. The ceramic resonator 
is chosen by tying this pin to Pin 1 (V+). The RC oscillator is 
chosen by tying this pin to Pin 6 (V-). 

In tone mode, this input must be tied either high or low; 
however, it will not affect the mode of oscillation, which is 
always RC. The timing of the repertory dialer is independent 
of the tone chip that uses a 3.5795 MHz crystal as its 
frequency reference. 

PACIFIER TONE, Pin 10 

The pacifier tone consists of a burst of a 5OO-Hz square 
wave. The burst is initiated with the acceptance of a valid 
key input (following the debounce time) and terminates 
after 28 ms or with the release of the key, whichever comes 
first. The output has high impedance when not active. 

MB/CNTL, Pin 11 

The level on pin 18 determines the control-key inputs 
required to implement the repertory-dialer function. In the 

B. CERAMIC RESONATOR 

7 

CR 

o 1----.-_8
--t 

v-
FREQUENCY 480 kHz 
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Table 1 
13-key tone mode, pin 11 can be used to control the 
repertory-dialer functions of the phone with a momentary 
SPST switch to the negative supply connected to th is input. 
This feature allows the basic keyboard to operate the same 
as in a standard telephone, and only the closure ofthe 13th 
key will initiate a repertory dialer function. The "*" and "#" 
key inputs will be accepted as normal DTMF inputs 
~however, they will not be stored in the LND buffer). In 12 
key mode, this pin should be connected to the positive 
supply (V+). 

MB Input %Break %Make 

V+ 60 40 
V- 68 32 

In pulse mode, the make/break ratio may be selected by 
connecting this pin to either the V+ or V- supply. Table 1 
indicates the two ratios available. 

Dialer Disable signal which inhibits the generation of tones 
during command key entries. The timing characteristics in 
tone mode are shown in Figure 5a. 

MUTE/DIALER DISABLE, Pin 12 

In the pulse mode, pin 12 is the Mute output. It provides the 
logic necessary to mute the receiver while the telephone 
line is being pulsed. A typical method of interfacing this 
output is shown in the application diagram in Figure 8. 
Figure 5b shows the timing characteristics of the Mute 
output for both the MK5177 and MK5176. The continuous 

Pin 12 is the output of an open-drain, N-channel transistor. 
In the tone mode, it is used to provide the tone dialer with a 

TONE MODE TIMING 
Figure 5a 

DIGIT PAUSE DIGIT DIGIT STORE LOCATION AUTO DIAL LOCATION CONTINUE· 
9 It 41 * * 6 * 5 5 ~ 

MANUAL KEY ENTRY "- ON HOOK STORE "- AUTO·DIAL 'I 
KEYINPUT~~~ 
HKSINPUT 'L.-________ --Jr>--------L--__________ _ 

0'iAffii5iSABLE ------.,L...Jr--------{~~ 

CQ[1----If'J'"1fc~~~~ 

EOr2 lfUlJlJU2!)OHlSCANFReaUENCY~ 

ROW2~~~ 

ROW3~~~ 

ROW4 L-.J ~~Jr-----

PACIFIER TONE ---------1-------1--------1-------1-----< ·---mID------I-- -----1--- -< !------I- -- -- --I-L- -- ---1- ---- --- - --­

(MK6380)TONE~ ~ 
·.h.D...... -.l /T A ~ 

PULSE MODE TIMING 
Figure5b 

DIGIT STORE LOCATION LOCATION 
2 3 * 1 1 

KEY INPUT ~I---------' 

COLUMN SCAN -AAJlJUl SCANA"'V, I I lIlJlJlJU 

ROW SCAN U. SCAN Acnv, II II I1JU1JlL 

PACIFIER TONE ----1---- --l1li---- ---< .. ------- ------ ----------111-----.----11--------11------8---------------f f----- ----------- ----

*MUTE OUTPUT -----,1-___ ...., r-----1-----------L-----1; t-) _____ ..Jr 

II I 
**MUTEOUTPUT ~I--"""JL---1----------lltl,~~ 

PULSE OUTPUT ~I II I ~TIDP. TM -I 1-
HOOKSWITCH I I I -, -

II I II I II I I 

oscmmR ~t;',-J,~C · u u a:::::wILJ,"j~r~ :r~ 
"-, 1.'::-NORMAL DIAL ~ co"'" m AlTERNATE AlITO-DIAl ~ 

LOCATION 
* MUTE OUTPUT FOR MK5176 

** MUTE OUTPUT FOR MK51n 
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Mute timing provided by the MK5176 is particularly useful 
in applications sensitive to noise generated during dialing, 
such as in cordless telephones. 

HKS, Pin 17 

The HKS (hook switch) input determines how the repertory 
dialer will handle key entries. When in the off-hook state 
(pin tied to V-), signaling is enabled, and all entries will be 
stored in the LND buffer. A control-key input in this state 
initiates the AUTO-DIAL function. 

In the on-hook state (pin 17 tied to V+), the dialer stores key 
information in the LND buffer as they are entered but will 
not pulse out or allow the DTMF generator to tone. A 
control-key input is interpreted as a STORE command, 
causing the information present in the LND buffer to be 
copied into the indicated location. 

A hook-switch transition terminates all dialer operations 
immediately and initializes all counters and latches. The 
dia ler is then ready to accept a key entry wh ich wi II be stored 
over previous data in the LND buffer. 

PULSE/13KEY, Pin 18 

In the tone mode, a V+ level at pin 18 allows the MK5177 /6 
to accept inputs from a control key (n.o. SPST) connected 
from CNTL (Pin 11) to V-. It is used to initiate all repertory 
functions. This is referred to as 13-key tone mode. With Pin 
18 tied toV-, the MK5177 /6 is set in the 12-keytone mode, 
and the "*,, and "#" keys are used in control functions. 
Pulse mode defaults to 12-key mode. Both 12- and 13-key 
tone modes are discussed in more detail in the Operations 
section of this data sheet. 

In the pulse mode, Pin 18 is the Pulse output. It consists of 
an open-drain, N-channel transistor and provides the 
necessary timing for make, break, interdigital delay, and 
pulse rate to meet dialer specifications worldwide. The 
timing charcteristics' of the Pulse output are shown in 
Figure 5b. 

GENERAL OPERATION 

During normal dialing, each digit is stored in the LND (Last 
Number Dialed) buffer, location O. The telephone number 
dialed can be left in this temporary LND buffer for later use, 
or it can be copied into any of the other nine permanent 
memory locations (1-9). 

The wrap-around feature of the buffer allows more than 16 
digits to be dialed. Entries following the sixteenth input will 
be stored beginning with the first buffer location, replacing 
the information originally stored there. Any number of digits 
maybe entered and dialed correctly. In pulse mode, the user 
should not get more than 15 entries ahead of the digit being 
pulsed. 

Keys entered while auto-dialing in pulse mode will be 

ignored and not affect the number dialed. In tone mode, if a 
key is entered while auto-dialing, it will interfere with the 
keyboard outputs generated by the MK5177/6. The key 
entry is detected and auto-dialing is interrupted until the key 
is released. The keyboard entry generates a DTMF Signal if 
valid. 

The MK5177 /6 repertory dialer will not store either a "*,, or 
"#" entry in the buffer but will allow the tone generator to 
signal these digits as described below. 

12-KEY OPERATION 

NORMAL DIALING 

In pulse mode, digits 0-9 will result in the pulsing of that 
digit at the standard rate of 10 pps. If the RC oscillator is 
utilized, this rate can be varied, achieving a pulse rate of up 
to 20 pps. The "*,, and "#" keys enable the repertory 
functions listed below. 

In tone-mode operation, digits 0-9 cause the generation of 
respective DTMF signal. In order to tone a "*,, or "#" key, it 
must be entered twice. The second entry will generate the 
desired DTMF tone, although it will not be stored in 
memory. 

STORAGE 

Telephone numbers may be entered into the LND buffer 
while either on-hook or off-hook. However, the MK5177 /6 
must be in the on-hook mode for a number to be copied into 
a permanent memory location. The LND is copied by 
entering the key sequence "**", followed by the address 
(1-9) of the desired memory location. This operation requires 
300 ms before going off-hook or initiating another store, 
and does not change the data in the LND buffer. Information 
present in the LND buffer when new data are entered is 
replaced and cannot be recalled. 

The storage operation may be performed with the telephone 
off-hook. It requires the addition of an additional switch 
(Figure 7), providing an excellent "scratchpad memory". 
Numbers may be entered and copied without signaling the 
line, making use of line current rather than battery current. 
Scratch pad memory is useful whenever the user has a need 
to record a te~:ephone number. 

AUTOMATIC DIALING 

The automatic dialing function is implemented by going 
off-hook and entering a "*", followed by the address(1-9)of 
the desired telephone number. Dialing will begin with the 
release of the address key and can be interrupted by 
initiating a new redial command or with a transition on the 
HKS pin. The LND buffer will contain the information last 
entered. A key sequence of "*,, 0 will cause the last number 
entered to be redialed. More than one number sequence 
may be automatically dialed from memory without 
returning on-hook. 
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PAUSE/CONTINUE ENTRIES 

The MK5177/6 has a feature that allows an indefinite 
pause to be programmed into the first 15 digits of a number 
sequence by entering a "#" key at the point in the sequence 
where a pause is desired. As the number is automatically 
dialed, the circuit will stop dialing when the pause is 
encountered. Any key entry, except for a "*,, key, will cause 
the MK5177/6 to continue .dialing the remainder of the 
number. If more than one pause was originally 
programmed into the number sequence, a corresponding 
number of "continue" commands must be made in order for 
the number to be completely dialed. 

The "continue" input will not be recognized until one IDP 
period following the signaling of the digit preceding the 
pause. This is approximately 940 ms in pulse mode and 
100 ms in tone mode. 

13-KEY MODE OPERATION 

NORMAL DIALING 

An additional mode of operation (tone mode only) is the 
ability to use the entire keyboard for normal signaling such 
that when any key is depressed once, including "*,, or "#", 
the proper DTMF signal is generated. This feature is 
activated by connecting Pin 18 to V+. The repertory-dialer 
functions are then initiated by an extra control key (n.o. 
SPST) connected from Pin 11 (MB/CNTL)to V-. This key will 
be referred to as "C". 

STORAGE 

The information in the LND buffer may be "copied" or stored 
into one of the nine perma nent memory locations when the 
input to HKS is high. The control sequence for this function 
is CoN. The information will be copied, yet the LND buffer 
information will be left intact. 

AUTOMATIC DIALING 

Information stored in any of 10 memory locations may be 

FUNCTIONAL SUMMARY 
Table 2 

FUNCTION 

Store in permanent memory 
Redial from memory 
Enter PABX Pause 
Redial Last Number 
Tone * 
Tone # 
C is a control-key entry 
N is a digit entry (0-9) 

• indicates HKS input is high 
• indicates HKS input is low 

13-KEYTONE 

• C N 
t C N 

C# 
t CO 
t * 
t # 

autodialed by entering CoN when the input to HKS (pin 17) is 
low. Autodialing may be initiated immediately following a 
hookswitch transition or manual key entries, or after the 
completion of a previous auto-dial number. 

PAUSE/CONTINUE 

An indefinite pause may be inserted into the number 
sequence with a C-# entry. This feature is quite useful 
when dialing through a PABX. When a number sequence 
with a pause is autodialed, signaling will stop when the 
pause is reached and will continue only when a valid key 
input is detected. 

EXAMPLES 

I. Pulse and 12-Key Tone Mode 

CALL FRIEND AT MOSTEK, 
i) Off-hook, dial 42 (PBX access code), and # (PAUSE) 
ii) Dial 1-214-466-1 000. 
ii) CALL COMPLETED, PARTY NOT IN. 
iii) On-hook, enter * * 3 (stores number into permanent 

memory location 3) 
SOME TIME LATER ... AUTO-DIAL LOCATION 3. 

iv) Off-hook, enter * 3, receive dial tone, enter 3 to 
continue. 

NUMBER IS AUTO-DIALED, PARTY ANSWERS. 

II. 13-KeyTone Mode 

CALL "INFORMATION" TO GET THE NUMBER FOR 
MOSTEK'S MARKETING DEPARTMENT. 

i) Off-hook dial 1-214-555-1212, 
SET TELEPHONE TO "SCRATCHPAD" 

ii) Enter 1-214-466-1241; the information is stored in the 
LND buffer. 
HIT THE HOOKSWITCH; AUTO-DIAL MOSTEK 

iii) Enter CoO, autodial of the LND buffer begins. 
CALL COMPLETED, ORDER SOME MK5177 REPERTORY 
DIALERS FOR YOUR NEW TELEPHONE DESIGN. 

12-KEYTONE PULSE 

• * * N • * * N 
t * N t * N 

# # 

t * 0 t *0 
t * * , # # -
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ABSOLUTE MAXIMUM RATINGS* 

DC Supply Voltage, V+ ........................................................................... 10.5 Volts 
Operating Temperature ...................................................................... -30°C to +60°C 
Storage Temperature ....................................................................... -55°C to +125°C 
Maximum Power Dissipation (25 C) ................................................................. 500 mW 
Maximum Voltage on Any Pin ............................................................. (V+) +0.3, (V-) -0.3 
'Stresses above those listed under "Absolute Maximum Ratings" may cause permanentdamagetothe device. This is a stress rating only and functional operation of 
the device at these or any other conditions above those indicated in the operational sections of this specification is not implied. Exposureto absolute maximum ratings 
for extended periods may affect device reliability. 

OPERATING SPECIFICATIONS 

ELECTRICAL SPECIFICATIONS 

SYM PARAMETER MIN 

V+ DC Operating Voltage 2.0 

lop Operating Current (Tone) 

lop Operating Current (Pulse) 

IS8 Standby Current (V+ = 2.5 V) 

IMR Memory-Retention Current 

VMR Memory-Retention Voltage 1.5 

IML Mute-Sink Current 0.5 

Ip Pulse-Sink Current 1.0 

IpT Pacifier Tone Source/Sink 200 

ILKG Mute And Pulse Leakage 

RKI Key Contact Resistance 

CK1 Keyboard Capacitance 

KIL "0" Logic Level V-

KIH "1" Logic Level 0.8V+ 

KRU Keyboard Pullup 

KRD Keyboard Pulldown 

ReNT CNT Pullup (pin 11 ) 

NOTES: 
1. The memory will be retained at a lower voltage level than that required for 

circuit operation. If either IMR or VMR is maintained, the memory contents 
will not be cleared. 

2. Operating current with a valid key input at 2.5 volts. 
3. Standby current on-hook or off-hook with all inputs unloaded. 

TYP* MAX UNITS NOTES 

10.0 Volts 1 

50 100 J.lA 2 

100 200 /-LA 2 

1.0 2.0 /-LA 3 

0.3 1.0 /-LA 1 

1.3 V 1 

2.0 mA 4 

4.0 mA 4 

500 /-LA 4 

.001 1.0 /-LA 5 

1.0 k-Ohms 6 

30 pF 6 

0.2V+ Volts 

V+ Volts 

100 k-Ohms 7 

1.0 k-Ohms 7 

100 k-Ohms 8 

4. For V+ = 2.5, Sink Va = 0.5 Volts, Source Va = 2.0 volts. 
5. Leakage with V+, Va = 10.0 Volts 
6. Keyboard contact resistance and parasitic capacitance, maximum values. 
7. Keyboard 1/0 pins will scan 250 Hz with oscillator-enabled pulse mode and 

during 55 in tone mode. 
a. Tone mode only. 
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OPERATING CHARACTERISTICS (cont) 

AC CHARACTERISTICS 

SYM PARAMETER 

FCR Oscillator (Cer. Res.) 

FRC Oscillator (RC) 

.6.FRC Oscillator Stability 

TOB Debounce Time 

TKO Valid Key-Down Time 

Tos Oscillator Start-Up Time 

TROL Key-Rollover OVLP Time 

PR Pulse Rate 

TB Break Time (pin 11 V+/V-) 

T,op Interdigital Pause Time 

Tpop Predigital Pause Time 

TMOL Mute Overlap Time 

TR Tone Rate 

TpT Pacifier-Tone-Burst Time 

FPT Pacifier-Tone Frequency 

NOTES: 

MIN 

-3% 

40 

4 

1. Ceramic Resonator should have the following equivalent values: R < 20 
Ohms, RA > 70k Ohms, Co < 500 pF. 

2. The RC values chosen determine frequency. The nominal frequency is 8 kHz. 
To accelerate dialing, the frequency may be increased to twice the nominal 
value. This would double signaling rate and halve most timing specifications. 

3. Voltage range of 2.5 to 6.0 volts, over temperature, and unit-to-unit 
variations. 

4. Key entry must be present after 32 ms to be valid. 

TYPICAL APPLICATIONS 

PULSE/TONE SWITCHABLE APPLICATION 

This application circuit, shown in Figure 6, allows the user 
to switch between tone and pulse modes with the use of a 
single SPOT switch. Standby current for the MK5177/6/ 
MK5380 pair will typically be less than 1.5 pA when on­
hook, during which time the circuit will be in tone mode. 
When on-hook, there is no real difference in functionality 
between tone and pulse mode. Current is supplied by the 
battery when on-hook and by the line when off-hook. Diode 
06 serves to prevent current flow from the battery to the 
network or to the line. Diode 01 prevents charging of the 
battery and clipping of the generated tones. In tone-mode 
operation, the MK5380 should never be forcibly disabled or 
removed from the circuit, since initial detection of any key 
input depends upon the scan circuitry of the tone chip. 

TYP* MAX UNITS NOTES 

480 kHz 1 

8 16 kHz 2 

+3% 3 

32 ms 4 

ms 

8 ms 

ms 5 

10 PPS 

60/68 ms 

940 ms 

170 ms 6 

2 ms 

5 TPS 

28 ms 7 

500 Hz 8 

5. Rollover is the time key inputs must be invalid for successive entries to be 
recognized. 

6. Time from initial key input till first break or tone output. 
7. Tone burst will terminate if key released before 28 ms. 
8. This is a square-wave output. 

*Typical values are not subject to production testing; typical timing values 
assume a nominal frequency reference of 8 KHz. 

In pulse-mode operation, the MK5177/6/MK5380 pair is 
isolated from the line and pulsing transients by constant 
current diode Q1. The tone generator is always disabled in 
pulse mode (except for the on-hook state). In tone mode, Q1 
is bypassed allowing the OTMF tone generator to modulate 
the line directly. The time base for the repertory dialer is an 
RC oscillator circuit using R8 and C2, and the frequency 
reference for the tone generator is supplied by a 3.5795 
MHz crystal. 

Common circuitry is used to mute the transmitter and 
receiver in both modes of operation. Mute (MK5177/6) 
removes the transmitter and receiver in pulse mode by 
cutting off Q3 and Q4 through 02. With these elements 
removed, pulsing is accomplished by switching Q6 on 
(MAKE) and off (BREAK). Pulsing through the network in 
this way is termed "series pulsing". Mute (MK5380) 
operates similarly in the tone mode; the CMOS logic level is 
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inverted through 02, which provides base drive for 03 and 
04. During Mute, 02 is off, thereby cutting off 03 and 04. 

Also shown is a piezo resonator that is driven directly by the 
pacifier-tone output (MK5177/6). This resonator may be 
dedicated to the repertory dialer or shared with the ringer 
circuitry for increased economy. 

TONE-ONLY APPLICATION 

The tone-only application (Figure 7) is much like the 
switchable application (Figure 6), but since it is tone-only, it 
uses a minimum number of external components. It 
consists primarily of a standard tone-application circuit with 
some additional supply considerations. 

'The MK5177/6 repertory dialer shares the keyboard with 
the MK5380 and controls the activity of the tone chip 
through the keyboard and Dialer Disable. When on-hook, 
the load resistor on the tone output is connected to the 

TONE - PULSE SWITCHABLE 
Figure 6 

3V 
BATIERY 

HKS2 
ON HOOK 

R1 
R2 
R3 
R4 
R5 
R6 
R7 
R8 

C;; 

i5"i57M'iffE12 

_18 
PULSE 

100 R9 
390K R10 
10K R11 
51K R12 
390K R13 
20K C1 
20K C2 
220K Z1 

M 
K 
5 
3 
8 
0 

supply to eliminate any sudden current flow from on-hook 
key entries. 

PULSE-ONLY 

The application of the MK5177/6 repertory dialer in a 
pulse-only circuit is identical to that ofthe MK5175 (shown 
in the MK5175 data sheet), except for the ability of the 
MK5177/6 to use an RC oscillator. The RC oscillator not 
only costs less but provides a means to accelerate the 
signaling rate from 10 pps to 20 pps. 

The application shown in Figure 8 uses parallel pulsing and 
illustrates how storage can be accomplished off-hook with 
the addition of a single programming switch. When 
switched to a program mode while off-hook, pulse signaling 
is inhibited, but numbers may be entered into the LND 
buffer and then stored into any of the nine permanent 
memory locations, providing a versatile "scratchpad" 
feature. 

TIP. 
RING 

_1. 
ST! 

10K 01-6 1N914 
10K 01 J500/CR022 
100K 02 2N5401 
10K 03 2N5550 
390K 04 2N5550 
.005 IlF 05 2N5550 
390 pF 06 2N5550 
10K220 Z2 1N753 

X2 Piezo Resonator 
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MK5177/6/MK5380 TONE MODE APPLICATION 
CIRCUIT 
Figure 7 

r- - - - - - - --, 
: SCRATCHPAO ·'""0+-<0--.:...1----.----1 

1 

1 NO 

: e~OK i 
L ____ ..: __ 

R1 
R2 
R3 
R4 
R5 
R6 
R7 

OSC 
SEL 

M 
K 
5 , 
7 
7 

Dli t-'2 _____ -12 CD 

PAC 10 
TONE 

220K C1 
390K C2 
10K 01 
3.3K 02 
390K 01 
100 02 
22 03 

M 
K 
5 
3 
8 

02 

o esc 7 
IN X, 

~3.6795 
MH, 
CRYSTAL esc 8 

OUT 

390 pF 
.005 ",F 
1 N914 
1 N914 
2N5401 
2N5550 
2N6660 

Z1 
Z2 

HKS1 

10K220 
1N753 

DIODE 
BRIDGE 

MK5177/6 PARALLEL PULSE MODE - NO BATrERY 
Figure 8 

N.C. ON HOOK 

R1 10K 
R2 200K 
R3 2.2 M 
R4 150 
R5 470K 
R6 100K 
R7 3K 
RS 390K 

. 
I

C2 

':" '000 pF 

DIODE 
BRIDGE 

1- - - - - - - --l 

~ ____ ~I ~~~ I 
I 
I 

N.O. ON HOOK I 

r HKS2 

: ___ ':'" ______ J 

R9 220K 01 2N5401 
R10 240K 02 2N5550 
C1 390 pF 03 2N5550 
C2 1000 ",F 04 2N5550 
01-3 1 N914 
Z1 10KS20 
Z2 1N753 

XIV-20 

~ 
NO 
ON 
HOOK 



mUNITED 
TECHNOLOGIES 
MOSTEK 

FEATURES 

o CMOS Technology provides low-voltage operation 

o Converts push-button inputs to both DTMF and loop­
disconnect signals 

o Stores ten 16-digit telephone numbers, including last 
number dialed 

o Pacifier tone and PBX pause 

o Last-number-dialed (LND) privacy 

o Manual and auto-dialed digits may be cascaded 

o Ability to store and dial both "*,, and "#" DTMF 
signals 

o Variable dialing rate 

DOn-chip power-up-clear guarantees data integrity 

DESCRIPTION 

The MK5375 is a monolithic, integrated circuit manufac­
tured using Mostek's proprietary Silicon Gate CMOS pro­
cess. This circuit provides the necessary signals for either 
DTMF or loop disconnect dialing. It also allows for the 
storage of ten telephone numbers, including as many as 
16 digits each, in on-chip memory. 

The MK5375 accepts rapid keypad inputs (up to 25 key 
entries per second) and buffers these inputs in the FIFO 
(First-In-First-Out) LND (Last-Number-Dialed) register. 
Each digit entry is accompanied by a pacifier tone, which 
is activated after the digit has been debounced, decoded, 
and properly stored. Signaling occurs at a rate determined 
by externally connected components, allowing the dial­
ing rate to be adjusted for any system. 

The flexibility of the dialer makes possible a variety of ap­
plications, such as "scratchpad" number storage. In 
"scratchpad" applications, the MK5375 inhibits signaling 
during entry, without interrupting a conversation. 

TELECOMMUNICATIONS 
PRODUCTS 

TEN-NUMBER REPERTORY 
TONE/PULSE DIALER 

MK5375 

PIN CONNECTION 
Figure 1 

v+ 
MODE SELECT 

COL 1 

COL 2 

COL 3 

v-
RATE CONTROL 

OSC1 8 

OSC2 9 

18 PULSE OUTPUT 

17 HKS 

16 ROW1 
15 ROW 2 

14 ROW 3 

13 ROW 4 

12 MUTE 

11 PACIFIER TONE/CHIP DISABLE 

10 DTMF OUTPUT 

Privacy is also an important feature. The MK5375 allows 
the LND (Last-Number-Dialed) buffer to be cleared follow­
ing a call, without affecting data stored in other perma­
nent memory locations. The memory in the permanent 
locations may be easily protected from inadvertent key 
entries with the addition of a simple "memory lock" switch 
to the application. 

All of these options plus additional features are discussed 
in more detail in the following sections. The first section 
contains a brief detailed description of each pin function. 
The second section describes the device operation. This 
is followed by the DC and AC Electrical Specifications, 
and a few application suggestions. 

FUNCTIONAL PIN DESCRIPTION 

V+ 
(Pin 1) 

Pin 1 is the positive supply for the circuit and must meet 
the maximum and minimum voltage requirements as 
stated in the electrical specifications. 
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MK5375 FUNCTIONAL BLOCK DIAGRAM v+ v-

Figure 2 r-___________ .l!_ J.s ___________________ ., 
I I 
I I 

I 
I 
I 
I 
I 
I 
I 
I 

PT/CD o--t+--.j 

CMOS 
RAM 

(840 BITS) 

LND REGISTER 

PULSE/MUTE 1--_+-'8-o;;um 

O~~~T 1'2 

1--4---0 O~~~T 
I 
I 
I 
I 

I I L ________________________________ ~ 

MODE SELECT 
(Pin 2) 

In normal operations, Pin 2 determines the signaling 
mode used; a logic level 1 0J + ) selects Tone Mode opera­
tion, while a logic level 0 0J -) selects Pulse Mode opera­
tion. This input must be tied to one of the supplies to 
guarantee proper dialing. This pin can also be used to 
force the device into a test mode; this mode of operation 
is not suitable for normal dialing. 

KEYBOARD INPUT: COL1, COL2, COla, ROW4, ROW3, 
ROW2, ROW1 
(Pins 3,4,5,13,14,15,16) 

The MK5375 keypad interface allows either the standard 
2-of-7 keyboard with negative common or the inexpen­
sive single-contact (FORM-A) keyboard to be used (Figure 
3). A valid key entry is defined by either a single Row be­
ing connected to a single Column or by V - being 
presented to both a single Rowand Column. In standby 
mode either all the rows will be a logic 1 0J +) and all 
the columns will be a logic 0 0J -), or vice versa. 

The keyboard interface logic detects when an input is 
pulled low and enables the RC (Rate Control) oscillator 
and keypad scan. Scanning consists of alternately strob-
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ing the rows and columns high through on-chip pullups. 
After both valid row and column key closures have been 
detected, the debounce counter is enabled. Breaks in 
contact continuity (bouncing contacts, etc.) are ignored 
for a debounce period (T db) of 32 ms. At this time the 
keypad is sampled, and if both row and column informa­
tion is valid, this information is buffered into the LND 
location. 

RATE CONTROL 
(Pin 7) 

The Rate Control input is a single-pin RC oscillator. An 
external resistor and capacitor determine the rate at which 
signaling occurs in both Tone and Pulse modes. An 8 kHz 
oscillation provides the nominal signaling rates of 10 PPS 
(Pulses per second) in Pulse Mode and 5 TPS (Tones 
per second) in Tone Mode; the Tone duty cycle is 98 ms 
on, 102 ms off. The RC values on this input can be ad­
justed to a maximum oscillation frequency of 16 kHz 
resulting in an effective Pulse rate of 20 PPS and a Tone 
rate of 10 TPS. 

The frequency of oscillation is approximated by the follow­
ing equation: 

Fosc = 1/(1.49RC). (1.0) 



The value suggested for the capacitor (C) should be a 
maximum of 410 pF to guarantee the accuracy of the 
oscillator. The resistor is then selected for the desired 
signaling rate. Nominal frequency (8 kHz) is achieved with 
component values of 390 pF and 220 kohms. Parasites 
must be taken into account. 

OSCIN,OSCOUT 
(Pins 8,9) 

Pins 8 and 9 are the input and output, respectively, of 
an on-chip inverter with sufficient loop gain to oscillate 
when used in conjunction with a low-cost television color­
burst crystal. The nominal crystal frequency is 3.579545 
MHz, and any deviaton from this standard is directly 
reflected in the Tone Output frequencies. 

This oscillator is under direct control of the repertory dialer 
and is enabled only when a tone signal is to be trans­
mitted. During all other times it remains off, and the in­
put has high impedance. The input OSCIN may be driven 
by an external source. 

DTMF OUTPUT 
(Pin 10) 

The DTMF Output pin is connected internally to the emit­
ter of an NPN transistor, which has its collector tied to 
V +, as shown on the functional block diagram (Figure 
2). The base of this transistor is the output of an on-chip 
operational amplifier that mixes the Rowand Column 
Tones together. 

The level of the DTMF Output is the sum of a single row 
frequency and a single column frequency. A typical single­
tone sine wave is shown in Figure 4. This waveform is 
synthesized using a resistor tree with sinusoidally 
weighted taps. 

The tone level of the MK5375 is a function of the supply 
voltage. The voltage to the device may be regulated to 
achieve the desired tone level, which is related to the 
supply by either of the following equations: 

T(O) = 20 LOG [(O.078V + )/0.775] dBm. (2.0) 
T(O) = 0.085(V+) VRMS. (2.1) 

PACIFIER TONE OUTPUT / CHIP DISABLE 
(Pin 11) 

This pin normally has high impedance. Upon acceptance 
of a valid key input, and after the 32 ms debounce time, 
a 500 Hz square-wave will be output on this pin. The 
square-wave terminates after a maximum of 30 ms or 
when the valid key is no longer present. The purpose of 
this pacifier tone is to provide to the user audible feed­
back that a valid key has been entered. This feature is 
useful particularly for on-hook storage and pulse-mode 
signaling. 

KEYPAD SCHEMATICS 
Figure 3 

3A. Calculator-1\tpe Keypad 

C1 C2 C3 

38. Standard Telephone-1\tpe Keypad 

r 
I 
I 

R'-{)-4 r - - -Q- -¢-~ 

R1 

R3 

¢- -cP- -cP- -
- -¢- -cP--¢ 

¢--dr-CP-

-..., 
--0- R2 

'---~--Cf--~~o------" COMMON 
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TYPICAL SINE WAVE OUTPUT - SINGLE TONE 
Figure 4A 

TYPICAL DUAL-TONE WAVEFORM (Row 1, Col 1) 
Figure 48 
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SPECTRAL ANALYSIS OF WAVEFORM IN FIG. 7 
(Vert-10 dB/div. Horizontal - 600 Hz/div.) 
Figure 4C 

OUTPUT FREQUENCY 
Table 1 

KEY STANDARD 
INPUT FREQUENCY 

ROW 1 697 

2 770 

3 852 

4 941 

COL 1 1209 

2 1336 

3 1477 

ACTUAL % 
FREQUENCY DEVIATION 

699.1 +0.31 

766.2 -0.49 

847.4 -0.54 

948.0 +0.74 

1215.9 +0.57 

1331.7 -0.32 

1471.9 -0.35 



The pacifier tone is not enabled when manually dialing 
in tone mode. This eliminates any confusion between the 
audible DTMF feedback and the pacifier tone, and 
prevents distortion of the DTMF signal by any of the 
pacifier tone frequency components. In both cases, the 
tone confirms that the key has been properly entered and 
accepted; whereas, without the tone, the user will not 
know if the keys have been properly entered. 

IMPORTANT: This pin also serves as a chip-disable pin. 
Pulling this input high through a resistor will disable the 
keypad (high impedance) and initialize all counters and 
flip-flops (memory remains undisturbed). Pulling the in­
put low through the same resistor enables the circuit. For 
the device to function properly, the resistor to V - (Pin 
6) is required. 

This feature is useful in several applications, as described 
in the application notes section. 

MUTE OUTPUT 
(Pin 12) 

This pin is the Mute output for both Tone and Pulse 
modes of operation. The timing is dependent upon which 
mode is being used. The output consists of an open-drain, 
N-channel device. During standby, the output has high 
impedance and generally requires an external pullup 
resistor to the positive supply. 

In Tone Mode, the Mute output is used to remove the 
transmitter and the receiver from the network during 
DTMF Signaling. The output will mute continuously while 
auto-dialing and during manual DTMF signaling until each 
digit entered has been signaled. 

In Pulse Mode of operation, the Mute output is used to 
remove the receiver or even the entire network from the 
line. These timing relationships are shown in Figure 5. 

HKSINPUT 
(Pin 17) 

This pin is a high-impedance input and must be switched 
high for on-hook operation or low for off-hook operation. 
A transition on this input will cause the on-chip logic to 
initialize, terminating any operation in progress at the time. 
Signaling is inhibited while on-hook, but key inputs will 
be accepted and stored in the LND register. The infor­
mation stored in the LND register may be copied into an 
alternate location only while on-hook. A logic level may 
be presented to this input, independent of the position 
of the hook-switch, allowing on-hook operations, such as 
storage, to be performed off-hook. 

PULSE 
(Pin 18) 

This is an output driven by an open-drain, N-channel 
device. In Pulse Mode operation, the timing at this output 

meets Bell Telephone and EIA specifications for loop­
disconnect signaling. The Make/Brake ratio is set to 40/60 
on the standard MK5375. The pulse rate is determined 
by the RC values selected for the Rate Control, Pin 7. 
Note: The standard make/break ratio may not be suitable 
if the Pulse dialing rate is accelerated. 

DEVICE OPERATION 

The MK5375 can be used in low-priced phones with basic 
3 x 4 matrix keypads. The block diagram in Figure 2 
shows the data and control signal flow between the 
various functional blocks. The keypad entries are decod­
ed, debounced, and if valid, they are stored into the LND 
(Last-Number-Dialed) buffer, which acts much like a FIFO 
(First-In-First-Out) register. Each subsequent entry is stack­
ed in the buffer. Typically, the dialing sequence begins 
172 ms after the first digit is accepted in Pulse Mode 
operation and 132 ms in Tone Mode operation. Each digit 
buffered into the RAM is dialed out with a 98 ms burst 
of DTMF and an inter-signal time of 102 ms. 

Buffering the data into the RAM prior to signaling is an 
important feature of the repertory dialer. It allows for the 
use of less expensive keypads, since the user cannot 
enter the digits too quickly for the system, and the pacifier 
tone can be used to provide audible feedback following 
each key entry not generating a DTMF signal. It also 
guarantees that the data stored in the RAM matches ex­
actly the digits actually dialed. 

Manual dialing and auto-dialing can be executed in any 
order, consecutively or cascaded. The dialer must com­
plete auto-dialing the previous entry before another key 
is entered. Digits should not be entered while the device 
is autO-dialing. Most digits would be ignored unless 
preceded by a control key; in which case, an error in dial­
ing may occur. 

KEYPAD CONFIGURATION 
Figure 6 

1 

4 

7 

* 
STORE 
DIAL 

2 3 

5 6 

8 9 

0 # 

LND PAUSE 
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MK5375 TIMING DIAGRAM - PULSE MODE 
OFF-HOOK OPERATION 
Figure SA 

MANUAL DIALING 

~----~~---------------11 ~f----------------------
KEYPAD INPUT 

ROW SCAN -----mnruuumni _250 Hz_ ~ ff-f _______ ---I~: f_ ___ _'IIlJU1J1JlJlJlJL 
COLUMNSCAN ~I { 1 ( t- nnnnnnnnr-

_250 Hz_ f f-( ------------------i( f hu uu u u u u u 
I 

PACIFIER TONE ____ ffinL _____ mnmL ______ ---11 ,.:.-------------------11 1-__________________ _ 

I rl I I s----------, ~ 
PULSE OUTPUT I I L...J L.J LJ I 

------~--~ I ~---~r ~SIG~I~~~L .. IN.G~~ jl--------------------

~""'~, .1 ~ ti''''''~ Lw LL-J ~ '" ~ I· .. ~ ..• ~",-J 

MK5375 TIMING DIAGRAM - TONE MODE 
Figure 58 

MANUAL DIALING 

KEYPAD INPUT 

ROW SCAN ---lIU1JUUU1Jl1 250 Hz Scan I~ 

COLUMN SCAN 250 Hz Scan 

PACIFIER TONE _____ .L.. __________________________ ~ 

TONE OUTPUT ______ -' 

MUTE OUTPUT 

HOOKSWITCH 

IN --------------~--~---~------~ 

CRYSTAL OSC ________ -f"llUllJJWJ.Illl.... __ --I\IWII1I1III1Wl1l1ll'\. ____ I __ --i 

"~~ ~--1:L 

AUTO - REDIAL 

DIAL DIAL 

~ 

lflIlflJUlu.I ___________ 2_50_H..:,.Z ..:..:sc..:,.an __________ ---lllflJlJlJU 

1-________ ....JrtIUlJU1J I 250 Hz Scan IlflJlJlJU 

• /Ill 

TONE TONE 

L__2_L-_~_~r____ 

~L_ ______________________________________ _ 

r---J ~~?T~H I 
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NORMAL DIALING 

The "*" (STAR) key is used as the modifier to control 
repertory functions. All numeric keys will signal normally 
unless preceded by a modifier. To signal either a "*" 
or "#", these keys must be entered twice in succession. 
The first entry is not signaled or stored. 

LND PRIVACY 

~ ~ ... ~ c::J ON HOOK 

A single " *" input prior to going on-hook or prior to com­
ing off-hook will erase the information stored in the LND 
buffer. 

AUTO DIALING (Off-Hook) 

opt opt opt 

The key sequence " * ", followed by any digit, will auto­
dial the number sequence stored in the designated ad­
dress location while off-hook. 

STORAGE (On-Hook) 

opt opt opt 

D is any data (telephone numbers) being entered or dial­
ed. N is the address (memory location) in which numbers 
are stored. The number sequence stored in the LND buf­
fer can be transferred to one of the other nine perma­
nent locations with the simple sequence "*" followed 
by the address. New digits may be written into the LND 
buffer while on-hook. To enter either a "* " or "#" signal 
the digit must be entered twice in succession. 

PABX PAUSE (Off-Hook and On-Hook) 

An indefinite pause is stored in a number sequence by 
entering the" *" key modifier, followed by a "#" key in­
put. When the number sequence is redialed, the dialer 
will pause when it encounters the" #" entry. A key input 
will cause it to continue. 

PULSE DIALING 

Most of the Pulse key operations are the same as they 
were in Tone Mode; PABX Pause is the only exception. 
In Pulse Mode, the pause may be stored as in tone mode, 
"* #", or with a single "#" input. Two "#" inputs will 
store two pauses. 

The" *" key exercises the control function; two "*" in­
puts will be the same as a single input (multiple inputs 
are not accepted.) 
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ABSOWTE MAXIMUM RATINGS· 
DC Supply Voltage V + ................................................................. 6.5 Volts 
Operating Temperature .......................................................... -30°C to +60°C 
Storage Temperature ............................................................ -55°C to +85 °C 
Maximum Power Dissipation (25°C) ....................................................... 500 mW 
Maximum Voltage on any Pin ........................................... ( V +) + 0.3; (V -) - 0.3 Volts 
·Stresses above those listed under "Absolute Maximum Ratings" may cause permanent damage to the device. This is a stress rating only and 
functional operation of the device at these or any other condition above those indicated in the operational sections of this specification is not implied. 
Exposure to absolute maximum ratings for extended periods may affect device reliability. 

RECOMMENDED OPERATING CONDITIONS 

POWER DISSIPATION DERATING CURVE 

ELECTRICAL SPECIFICATIONS 
DC CHARACTERISTICS 
-30°C :s; TA :s; 60°C 

SYM CHARACTERISTIC 

V+ DC Operating Voltage 

ISB Standby Current 

VMR Memory Retention Voltage 

'MA Memory Retention Current 

'T Operating Current (Tone) 

Ip Operating Current (Pulse) 

'ML Mute Output Sink Current 

'pL Pulse Output Sink Current 

Ipc Pacifier Tone Sink/Source 

KAU Keypad Pullup Resistance 

KAO Keypad Pulldown Resistance 

NOTES: 

MIN 

2.5 

1.5 

750 

1.0 

1.0 

250 

(All specifications are for 2.5 volt operation, unless otherwise stated. Typical 
values are representative values at room temperature and are not tested 
or guaranteed parameters.) 
1. All inputs unloaded, Quiescent Mode (Oscillator off) 
2. Meeting these minimum supply requirements will guarantee the renten­

tion of data stored in memory. 

100 200 300 400 500 
mW 

TYP MAX 

6.0 

0.3 1.0 

1.3 

200 

0.5 1.0 

50 150 

3.0 

3.0 

500 

100 

500 

DERATE AT 9 mW/oC 
WHEN SOLDERED INTO 
PC BOARD. 

UNIT NOTES 

V 

pA 1 

V 2 

nA 2 

mA 3 

IJ-A 3 

mA 4 

mA 4 

IJ-A 5 

kOHMS 

OHMS 

3. All outputs unloaded, Single key input 
4. VouT =0.5 Volts 
5. Sink current for VouT =0.5; source current for VouT =2.0 VOLTS 

AC CHARACTERISTICS -- KEYPAD INPUTS, PACIFIER TONE 

SYM CHARACTERISTIC MIN 

TKO Keypad Debounce Time 

FKS Keypad Scan Frequency 

TAL Two Key Rollover Time 

FpT Frequency Pacifier Tone 

TpT Pacifier Tone 

FAC Frequency RC Oscillator -5.0 

NOTES: 
1. Times based upon 8 kHz RC input for Rate Control 
2. Deviation of oscillator frequency takes into account all voltage (2.5 to 6.0 

volts), temperature (-300 to +60 ec), and unit-to-unit variations. The 
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TYP MAX UNIT NOTES 

32 mSEC 1 

250 Hz 1 

4 mSEC 1 

500 Hz 1 

30 mSEC 1 

±2.5 +5.0 % 2 

tolerance of the external RC components or parasitic capacitance is not 
included. 



AC CHARACTERISTICS -- TONE MODE 

SYM CHARACTERISTIC MIN 

TNK Tone Output No Key Down 

-13 
To Tone Output 173 

PE Pre-emphasis, High Band 

VDC Average DC Bias Tone Out 

DIS Output Distortion 

TR Tone Signaling Rate 

PSD Pre-signal Delay 

ISD Inter-$ignal Delay 

NOTES: 
1, Load = 1 0 kfl 

AC CHARACTERISTICS -- PULSE MODE OPERATION 

SYM CHARACTERISTIC MIN 

PR Pulse Rate 

PDP Predigital Pause 

IDP Interdigital Pause 

TMO Mute Overlap Time 

NOTES: 
1, Typical times assume nominal RC input frequency of 8 kHz, An increase 

in frequency results in an equal decrease in time values and an equal 

APPLICATION CIRCUIT 

The MK5375 integrated circuit provides the ability to 
convert keypad inputs into either DTMF or loop­
disconnect signals compatible with most telephone 
systems. Both modes of signaling utilize loop currents 
to transmit the desired signaling information to the cen­
tral office. 

The circuit schematic in Figure 7 illustrates a typical 
implementation of the MK5375 dialer IC along with the 
necessary components required to interface with the 
telephone line in a tone/pulse application. 

In loop-disconnect signaling, each digit dialed consists 
of a series of momentary interruptions of loop current 
called "breaks" (Le., a digit "1" consists of a single 
break, a digit "2" consists of two breaks, and so on. 
The Pulse output is dedicated to loop-disconnect signal­
ing and controls the flow of loop current through the 
speech network switching transistors, 04 and 05. The 
Mute output, through transistors 02 and 03, removes 
the receiver and transmitter to eliminate loud pops in 
the receiver caused by switching current through the 
network. The Pulse and Mute output signals, as shown 
in Figure SA, consist of make, break, and interdigital 

TYP MAX UNIT NOTES 

-80 dBm 1 

-12 -11 dBm 
194 218 mV (RMS) 1 

2.7 dB 1 

1.7 VOLTS 

5.0 8.0 % 1 

5 10 1/SEC 2 

132 mSEC 2 

100 mSEC 2 

2, These values are directly related to the RC input to Pin 7, nominally 8 kHz, 

TYP MAX UNIT NOTES 

10 PPS 1 

172 mSEC 1 

940 mSEC 1 

2 mSEC 1 

increase in rate values, 

time intervals. 

DTMF signaling requires that the loop current be 
modulated, producing an analog signal on the 
telephone line. Transistor 01 modulates the loop cur­
rent by amplifying the DTMF signal coupled to its base 
from the Tone Output. The Mute output removes the 
receiver and transmitter by switching transistors 02 and 
03. This eliminates any interference with the DTMF 
signal from the transmitter and cuts down on the 
amplitude of the DTMF tone heard at the receiver. The 
timing diagram in Figure 5B illustrates the time rela­
tionship between key entries, Tone Output, and -Mute­
Output. 

The voltage regulator circuit comprising resistor R2, 
zener diode Z2, and transistor 06 serves several pur- II 
poses. In tone mode operation, it provides the regulated 
supply voltage to the MK5375 which determines the 
DTMF signal amplitude at the Tone Output. Varying the 
supply voltage will vary the DTMF output signal. In 
pulse mode, it helps provide some isolation from the 
transients caused by switching the speech network in 
and out. 

During normal off-hook dialing, the MK5375 operates 
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using current from the telephone line. On-hook number 
storage and memory retention current are supplied by the 
battery shown in Figure 7. Transistor 06 prevents the flow 
of battery current to the speech network. 

The rate at which .dialing occurs is determined by the 
values chosen for resistor R1 and capacitor C1. These 
values can be predetermined using equation (1.0) 
described above. The 3.5795 MHz crystal is used as a 
reference for synthesizing the DTMF signals and is 
activated only for the short periods during which these 
tones are being generated. 

The application circuit schematic in Figure 8 gives an ex­
ample of the various features which can be utilized with 
the addition of several switches. The example also shows 
that multiple devices may be used to increase the effec­
tive storage capability of the telephone design. 

Much of the circuitry used to modulate and pulse the line, 
mute the speech network, and regulate the supply voltage 

MK5375 CIRCUIT SCHEMATIC 
Figure 7 

is unchanged from the basic tone/pulse switchable 
telephone described above. 

The two devices in Figure 8 are hooked up in parallel with 
one another except for their oscillator pins and the Chip 
Disable inputs. A DPDT switch is used to select between 
the two dialers through the Chip Disable pin; one device 
is activated while the other is put on standby. 

Some applications may include a memory lock switch to 
prevent any of the data stored to be changed 
inadvertently. This memory lock switch can take the form 
of a locking key switch, which would allow only the per­
son with the key to alter data stored in memory. 

A scratch pad feature may be implemented to allow off­
hook programming of the memory while inhibiting dial­
ing. A switch is added in series with the telephone hook­
switch to allow the dialer to be forced into its on-hook key 
entry mode while the telephone set is off-hook. 

R6 R9 

3.1 VOLT 
Zl 

V+ 

R1 

MODE 

PULSE 
OSC1 

3.5795·MHZ 
CRYSTAL c::::J MUTEt-12 ________ +--I 

OSC2 OUT 
PT/CD 

11 

R4 PAC TONE 

TO RCVR OR PIEZOELECTRIC SOUNDER 
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TYPICAL 2500 TYPE 
SPEECH NETWORK 

R1 220K 
R2 1.6K 

R4 220K 
R5 1000 
R6 160K 
R7 150K 
R8 240K 
R9 3.3K 
R10 110K 
R11 560K 
R12 10K 

RR 

-= 

01 2N5550 01 290 PF 
02 2N5550 C2 68"PF 
02 2N6660 C3 1"F 
03 2N6600 BATTERY 3 VOLT CELL 
05 2N5401 BRIDGE 
06 2N5550 
01 1N914 
Zl 1N4619 



MK5375 APPLICATION CIRCUIT SCHEMATIC 
Figure 8 

R2 
1.Sk 

01 
1N914 

_ C2 

Rl 
220k 

Cl 

=r.390PF 

~V B8tteryI100UF 

-=- --=- Ie A 

-PULSE· HKS TONE 
aSCl 

R4 
220k 

MODE ·MUTE· GND 

T 
V 

R11 
10k 

TONE HKS -PULSE· 
CSCl 

MK5375 

OSC2 
CD MODE -MUTE· GNO XTAL2 

R3 
220k 
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3.S8mHz 

01 
2N5550 

2N5401 

Speech Network 

Rl 
R2 
R3 
R4 
R5 
R6 
R7 150k 
R8 3.3k 
R' 

Cl 390pf 
C2 100uF 
C3 
C4 luF 
C6 luF 

01 1N4001 
D2-5 lN4001 
01 2N5550 
02 2N5550 
03 2N5550 
04 2N5401 
05 2N2222 
06 2N6666 
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TELECOMMUNICATIONS 
PRODUCTS 

10 NUMBER REPERTORY TONE/ 
PULSE DIALER 
M K5374/M K5376 

FEATURES 

D Converts push-button inputs to both DTMF and pulse 
signals 

D Stores ten 16-digit telephone numbers including last 
number dialed 

D Pacifier tone and PBX pause 

D Last number dialed (LND) privacy 

D Manual and auto-dialed digits may be cascaded 

D Ability to store and dial both * and # DTMF signals 

PIN CONNECTION 
Figure 1 

V+ 

MODE SELECT 

COL1 

COL2 

COIT 
v- 6 

RATE CONTROL 

OSC1 

OSC2 

DESCRIPTION 

18 PULSE OUTPUT 

17 HKS 

16 ROW1 

15 ROW2 

14 ROW3 

13 ROW4 
12 MUTE 

11 PACIFIER TONE/CHIP DISABLE 

10 DTMF OUTPUT 

The MK5374 is a monolithic, integrated circuit manufac­
tured using Mostek's Silicon Gate CMOS process. This 
circuit provides the necessary signals for 
either DTMF or loop disconnect dialing. Ten telephone 
numbers of up to 16 digits each may be stored in the 
on-chip RAM. Manual and auto-dialed numbers may be 
cascaded in any order. 

PIN CONNECTION 
Figure 2 

V+ 

MODE SELECT 

N.C. 

RATE CONTROL 

OSC1 

OSC2 11 

TONE LEVEL SELECT 12 

24 

23 

22 

21 

20 

19 

18 

17 

16 

15 

14 

13 

PULSE OUTPUT 

13KEY 

HKS 

RoW1 
RoW2 
ROW3 

ROW4 
N.C. 

fmTE" 
PACIFIER TONE/CHIP 

DISABLE 
DTMF OUTPUT 

M·B SELECT 

Additional functions available are a Pacifier Tone out­
put, PABX pause, external control of the signaling rate, 
and total functional control with either a standard 3x4 
matrix keypad (FORM-A) or a 2 of 7 keyboard. A 13th 
key option, available only on the MK5376, allows con­
trol of the dialer's repertory features. The telephone 
keypad then functions for signaling purposes only, in­
dependent of the repertory functions. This feature is im­
portant for users unfamiliar with the MK5376 special 
features. 

The dialer's flexibility provides for many applications, 
for example, off-hook programming, the use of addi­
tional chips in parallel for 10, 20, and 30 number reper­
tory phones, and permanent memory protection . 

The dialer is available in two standard package sizes, 
an 18-pin (MK5374) and a 24-pin (MK5376) version. The 
MK5376 adds more flexibility to the basic MK5374 reper­
tory dialer, making it suitable for a broader range of 
applications. The extra pins allow control of the tone 
level, choosing between a supply-independent tone 
level and one that is supply dependent. In addition, the 
13th key mode available in the M-B (Make/Break) Ratio 
is user selectable. 
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mUNITED 
TECHNOLOGIES 
MOSTEK 

TELECOMMUNICATIONS 
PRODUCTS 

SINGLE NUMBER PULSE TONE 
SWITCHABLE DIALER 

M K5370/M K53711M K5372 

FEATURES 

o Stand-alone DTMF and pulse signaling 

o Softswitch automatically switches signaling mode 

o Recall of last number dialed (up to 28 digits long) 

o Flash key input initiates timed hook flash 

o Microprocessor interface (BCD inputs) for smart 
telephones 

o Timed PABX pause 

D 10/20 PPS select option 

o Form-A and 2-of-8 keyboard interface 

D Pacifier tone 

D Powered from telephone line, low operating voltage 
for long loop applications 

PIN CONNECTION 
Figure 1 

V+ 

MODE/TEST 

C1/STROBE 3 

C2 4 

C3 5 

V-8 

OSCl 7 

OSC2 8 

54 9 

18 PULSE OUTPUT 

17 HKS 

16 R1/A 

15 R2/B 

14 R3/C 

13 R4/D 

12 MUTEl OUTPUT 

11 PACIFIER TONE/BCD MODE 

10 DTMF OUTPUT 

PIN CONNECTION 
Figure 2 

V+ 1 

MODE/TEST 2 

C1/STROBE 

C2 

10·20 PPS SELECT 5 

M·B SELECT 6 

Ca 7 

V- 8 

OSCl 9 

OSC2 10 

C4 11 

HOOK FLASH TIMING 12 

DESCRIPTION 

24 PULSE OUTPUT 

23 HKS 

22 R1/A 

21 R2/B 

20 NC 

19 MODE OUTPUT 

18 Ra/C 

17 R4/D 

16 MUTEl OUTPUT 

15 PACIFIER TONE/BCD MODE 

14 DTMF OUTPUT 

13 TONE LEVEL 

The MK5371 is a monolithic, integrated circuit 
manufactured under Mostek's Silicon Gate CMOS pro­
cess. This circuit provides necessary signals for either 
DTMF or loop disconnect (Pulse) signaling. The MK5371 
buffers up to 28 digits into memory that can be later 
redialed with a single key input. This memory capacity 
is sufficient for local, long distance, overseas, and even 
computerized long-haul networks. Users can store all 
12 signaling keys and access several unique special 
functions with single key entries. These functions in­
clude: Last Number Dialed (LND), Softswitch (Mode), 
Flash, and Pause. Figure 3 shows the keypad con­
figuration. 

KEYPAD CONFIGURATION 
Figure 3 

1 2 

4 5 

7 8 

* 0 

XIV-3S 

3 FLASH 

6 MODE 

9 PAUSE 

# LND 

II 



The LND key input automatically redials the last 
number dialed. The device ignores additional key en­
tries during autodialing. 

The Mode key simplifies the process of alternating 
dialing modes. This input automatically toggles the 
immediate dialing mode. The function is also stored in 
memory. During auto-redial, the signaling mode is 
toggled each time the Mode code appears in the digit 
sequence. The signaling mode always defaults to the 
mode selected (hardwire or switch) at Pin 2 
(MODErrEST). Switching modes through Pin 2 toggles 
the immediate dialing mode and changes the default, 
but it is not stored in memory. 

Two features simplify PABX dialing. The PAUSE key 
stores a timed pause in the number sequence. Redial 
is then delayed until an outside line can be accessed 
or some other activity occurs before normal signaling 
resumes. The FLASH key simulates a hook flash to 
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transfer calls or to activate other special features pro­
vided by the PABX or a central office. The 
MK5370/MK5371 ensures exact timing for the hook 
flash. 

In addition to interfacing with standard keypads, the 
MK5370/MK5371 also accepts parallel BCD inputs. 
This feature simplifies interfacing a microprocessor­
based design to the telephone line. The MK5371 
buffers 28 bytes of information, including special 
functions. 

All features are provided in an 18-pin package and also 
a more versatile 24-pin version, the MK5372. It includes 
RC programmable hook-flash timing, selectable tone 
levels, and the addition of both Make-Break (M-B) and 
10-20 PPS select in Pulse Mode. The MK5370 is an 
18-pin package that provides a continuous Mute out­
put while signaling in Pulse Mode and a supply­
independent tone level. 
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B UNITED 
TECHNOLOGIES 

, MOSTEK 

FEATURES 

o Detects all 16 standard DTMF digits 

o Requires minimum external parts count for 
minimum system cost 

o Uses inexpensive 3.579545 MHz crystal for 
reference 

o Digital counter d~'!ection with period averaging 
insures minimum false response 

o 16-pin package for high system density 

o Single supply 5 Volts ± 10% 

o Output in either 4-bit binary code or dual 2-bit 
row/column code 

o Latched outputs 

DESCRIPTION 

The MK5102 is a monolithic integrated circuit 
fabricated using the complementary-symmetry MaS 
(CMOS) process. Using an inexpensive 3.579545 MHz 
television colorburst crystal for reference, the 
M K51 02 detects and decodes the 8 standard DTM F 
frequencies used in telephone dialing. The require­
ment of only a single supply and its construction in a 
16-pin package make the MK5102 ideal for appli­
cations requiring minimum size and external parts 
count. 

TELECOMMUNICATION 
PRODUCTS 

INTEGRATED TONE DECODER 
MK5102(N/P/J) 

MK5102 PIN OUT 

v+ 16 I/C 

OSCIN 2 15 I/C 

OSC OUT 3 14 I/C 

STROBE 4 13 I/C 
FORMAT MK5102 HIGH-GROUP 
CONTROL 5 12 INPUT 

v- 6 11 LOW-GROUP 
INPUT 

01 7 10 04 

02 8 9 03 

The MK5102 detects the high and low group DTMF 
tones after band splitting using a digital counting 
method. The zero crossings of the incoming tones 
are counted over several periods and the results 
averaged over a longer period. When a minimum of 
33 milliseconds of a valid DTMF digit is detected, 
the proper data is latched into the outputs and the 
output strobe goes high. When a valid digit is no 
longer detected, the strobe Will return low and the 
data will remain latched into the outputs. Minimum 
interdigit time is 35 milliseconds. 

The MK5102 is designed to interface with the 
MK5099 Integrated Pulse Dialer with only one addi­
tional DIP Package. These two parts working toge­
ther form a DTM F-to-Pulse converter that meets the 
recognized telephone standards. 
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ABSOLUTE MAXIMUM RATINGS*' 

DC Supply Voltage V+ (Referenced to V-) ......................... +6.0 Volts 

Operating Temperature ........................................ O°C to 70°C 

Storage Temperature ...................................... -55°C to 100°C 

Maximum Circuit Power Dissipation ..... ' ............................ 300 mW 
Voltage on any pin, with respect to V- ..... , ........... , ........... -0.3 Volt 
Voltage on any pin, with respect to V+ ............................. +0.3 Volt 
*Operation Above Absolute Maximum Ratings.M&v Damage The Devic/i! 

ELECTRICAL CHARACTERISTICS 

0° C < T A < 70° C V- = 0 Volts 

PARAMETER CONDITIONS MIN TYP MAX UNITS NOTES 

Supply Voltage (V+) (V-= 0) 4.5 5.5 Volts 

Lo Group & Hi Group 50% Duty Cycle 0.9 Volts 

Inputs Square Wave 
V+ Peak-to-Peak 1,2 

STROBE D1, D2, D3, D4 "0" Level 0.0 0.4 Volt @ 1.6 mA 

OUTPUTS "1" Level (V+)-1 V+ Volts @ 0.1 mA 

FORMAT CONTROL "0" Level 0.0 0.5 Volt @ 700p.A 

Input "1" Level (V+)-0.5 V+ Volt@ 700p.A 

Frequency Detect ± 2.0 ± 2.5 ± 2.9 % of fo 
Band Width 

Tone Coincidence 
Duration 

Interdigit Interval 

Signal to Noise Ratio 

Supply Current @ 5.5V Inputs and 
Outputs Unloaded 

NOTES: 

1. Due to internal biasing, this input must be capacitively coupled with 
a low leakage .05 p. F capacitor. 

2. No coupling capacitor is needed if the DTMF square wave meets 
the following criteria: 

"1" a. Logic "0" level = 1 Volt (max) 

LdL b. Logic" 1" level = 4 Volts (min) 

OSCILLATOR 

The MK5102 contains an on-board inverter with 
sufficient gain to provide oscillation when working 
with a low cost television "color burst" crystal. 
The inverter input is OSC IN (pin 2) and output is 
OSC OUT (pin 3). The circuit is designed to work 
with a crystal cut to 3.579545 MHz to give detection 
of the standard DTM F frequencies. 

FORMAT CONTROL (PIN 5) 

The Control pin is used to control the output format 
of Pins D 1 through D4. This three-state input selects 

33 
ms 4 

35 ms 4 

18 dB 3 

5 10 mA 

3. Signal-To-Noise Ratio is defined as: 

SN = 20 log ~~ 
where SA = RMS Amplitude of single tone being detected. 

NA = RMS white noise in the band from 300Hz to 3.4KHz. 

4. Tone coincidence duration and interdigit interval measured at High­
and Low-group inputs. Filter and/or limiter or comparator charac­
teristics will affect the overall detect time. 

a 4-Bit Binary Code, a Dual 2-Bit Row/Column code, 
or high-impedance output for use with bus-structured 
circuitry. This three-state input is' controlled as 
follows: 

FORMAT OUTPUT 
CONTROL.INPUT DATA FORMAT 

V- High Impedance 
V+ 4-Bit Binary 

Floating Dual 2-Bit Row/Column 
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FORMAT CONTROL (Continued) 

The following table describes the two output codes. 

Table 1 Dual 2-Bit Row/Column 
4-Bit Binary Row Column 

Digit 01 02 03 04 01 02 03 04 

1 0 0 0 1 0 1 0 1 

2 0 0 1 0 0 1 1 0 

3 0 0 1 1 0 1 1 1 

4 0 1 0 a 1 0 0 1 

5 0 1 0 1 1 0 1 0 

6 0 1 1 a 1 0 1 1 

7 0 1 1 1 1 1 0 1 

8 1 0 0 0 1 1 1 0 

9 1 0 0 1 1 1 1 1 

0 1 0 1 0 0 0 1 0 

* 1 0 1 1 0 a 0 1 

# 1 1 0 a a 0 1 1 

A 1 1 0 1 0 1 a 0 

B 1 1 1 0 1 0 0 0 

C 1 1 1 1 1 1 0 0 

D 0 0 0 a 0 a a 0 

Figure 1 shows the relationship between the data output 
code shown in Table 1 and the standard DTMF keyboard. 

DTMF DIALING MATRIX 
Figure 1 

Col 1 Col 2 Col 3 Col4 

Row 1 CD IT] 0 0 
Row2 0 0 0 0 
Row 3 [?J 0 0 @] 
Row4 ~ @] (!J @J 
Note: Column 4 is for special applications and is not 

normally used in telephone dialing. 

DETECTION FREQUENCY 
Table 2 

Low Group fo High Group fo 

Row 1 = 697 Hz Column 1 = 1209 Hz 

Row 2 = 770 Hz Column 2 = 1336 Hz 

Row 3 = 852 Hz Column 3 = 1477 Hz 

Row 4 = 941 Hz Column 4 = 1633 Hz 

SUGGESTED INPUT LIMITER CIRCUIT 
Figure 2 

HIGH lKn 
GROUP 
FIL TER 

DTMF 
IN 

LOW lKn 
GROUP 
FILTER 

OUTPUTS 01 THRU 04 
(PINS 7 THRU 10) 

100K!l 

MK5102 

Outputs Dl thru D4 are CMOS push-pull when 
enabled and open-circuited (high impedance) when 
disabled by the format control pin. 

D 1 thru D4 are the data out I ines. The output data 
can be in two formats as described in the section 
about the format control pin (pin 5). 

The Dual 2-Bit Row/Column code decodes with D 1 
and D2 indicating the row selected, and D3 and D4 
indicating the column selected. 

The two output codes allow the user to obtain either 
1-of-16 or 2-of-8 output data by using only a single 
additional package. 

I/C (PINS 13 THRU 16) 

Pins 13 thru 16 are internally connected and are 
intended to be left floating. 

STROBE (Pin 4) 

The STROBE output goes to a "1" when 33 mili­
seconds ofa valid DTMF signal is detected and re­
mains at a "1" until an interdigit interval has been 
detected. The data at Dl-D4 are already valid when 
STROBE goes to a "1" and will remain unchanged 
until the next DTMF digit is detected. 

LOW-GROUP INPUT (Pin 11) and HIGH-GROUP 
I NPUT (Pin 12) 

The low- and high-group inputs are comparators that II 
can detect capacitively-coupled square-wave signals as 
small as 0.9 volts peak-to-peak. The circuitry driving 
these inputs would typically use back-to-back silicon 
diodes as symmetrical limiters to regulate this level. 

These inputs are biased to the midpoint of the supply with 
a resistive divider. Nominal input impedance is 1 OOK n. 
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INPUT BAND SPLIT REQUIREMENTS 

500 
Hz 

1000 
Hz 

FREQUENCY 

2000 
Hz 

RELATIVE INPUT LEVEL VS FREQUENCY 

NOTES: 

3000 
Hz 

1. Dial tone notch filter adequate to maintain SIN ratio of ~ 18dB 

in above pass bands. 

2. Filter response described above will normally result in operation to 

6dB of twist with 18dB SIN. 
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MK5102 BLOCK DIAGRAM 
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HIGH GROUP 

osc 
IN >-f-!~I • .,.~"u". 

osc 
OUT 

LOWQROUP 
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I 
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B UNITED 
TECHNOLOGIES 
MOSTEK 

FEATURES 

o Detects all 16 standard DTMF digits 

o Requires minimum external parts count for 
minimum system cost 

o Uses inexpensive 3.579545 MHz crystal for 
reference 

o Digital counter detection with period averaging 
insures minimum false response 

o 16-pin package for high system density 

o Single supply: 5 volts ±1 0% 

o Output in either 4-bit binary code or dual 2-bit 
row/column code 

o Will operate at 14dB SIN ratio under worst-case 
signal conditions 

o Latched outputs 

DESCRIPTION 

The MK5103 is a monolithic integrated circuit 
fabricated using the complementary-symmetry MOS 
(CMOS) process. Using an inexpensive 3.579545 MHz 
televisioncolor-burstcrystal for reference, the MK5103 
detects and decodes the 8 standard DTMF frequencies 
used in telephone dialing. The requirement of only a 
single supply and its construction in a 16-pin package 
make the MK5103 ideal for applications requiring 
minimum size and external parts count. 

The MK5103 detects the high- and low-group DTMF 
tones after band splitting using a digital counting 
method. The zero crossings of the incoming tones are 
counted over several periods and the results averaged 

BLOCK DIAGRAM 
Figure 2 

~NSC 

OSC 
OUT 

HIGHCt- f 
INPUT

j 

TELECOMMUNICATION 
PRODUCTS 

INTEGRATED TONE DECODER 
MK5103(N/P/J) 

PIN CONNECTIONS 
Figure 1 

v+ 
OSCIN 2 

OSC OUT 3 

15 

14 

STROBE 4 MK510313 

FORMAT 5 12 CONTROL 

v- 6 11 

D 7 10 

C 8 9 

~/C 

N/C 

N/C 

N/C 

HIGH-GROUP 
INPUT 
LOW-GROUP 
INPUT 
A 

B 

over a longer period. When a minimum of 30 
milliseconds of a valid DTMF digit is detected, the 
proper data is latched into the outputs and the output 
strobe goes high. When a valid digit is no longer 
detected, the strobe will return low and the data will 
remain latched into the outputs. Minimum interdigit 
time is 35 milliseconds. 

The M K51 03 is desig ned to interface with the M K5099 
Integrated Pulse Dialer with only one additional DIP 
package. These two parts working together form a 
DTMF-to-Pulse converter that meets the recognized 
telephone standards. 

A block diagram of the MK5103 is shown in Figure 2. 
Functions of the individual pins are described beginning 
on page 2. 

xv-s 

VALID 
TONE 
STROBE 
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ABSOLUTE MAXIMUM RATINGS* 
DC Supply Voltage V+ (Referenced to V-) ........................................................ +6.0 Volts 
Operating Temperature ...................................................................... O°C to 70°C 
Storage Temperature ..................................................................... -55°C to 100°C 
Maximum Circuit Power Dissipation .............................................................. 300mW 
Voltage on any pin, with respect to V- ............................................................ -0.3 Volt 
Voltage on any pin, with respect to V+ ........................................................... +0.3 Volt· 

"Stresses above those listed under "Absolute Maximum Ratings" may cause permanent damage to the device. This is a stress rating only and functional 
operation of the device at these or any other condition above those indicated in the operational sections of this specification is not implied. Exposure to absolute 
maximum rating conditions for extended periods may affect device reliability. 

ElECTR ICAl CHARACTER ISTICS 
O°C::5 TA :::5 70°C V- = 0 Volts 

PARAMETER CONDITIONS 

Supply Voltage (V+) (V- = 0) 

Lo Group & Hi Group 47% -·53% Duty 
Inputs Cycle Rectangular 

Wave 

STROBE, A, B, C, D "0" Level 
OUTPUTS 

"1" Level 

FORMAT CONTROL "0" Level 
INPUT 

"1" Level 

Frequency Detect Band Width 

Tone Coincidence Duration 

Interdigit Interval 

Signal-to-Noise Ratio 

Supply Current @ 5.5V Inputs and Outputs 
Unloaded 

NOTES: 
1. Due to internal biasing, this input must be capacitively coupled with a 

low-leakage 0.05 IlF capacitor. 

2. No coupling capacitor is needed if the DTMF rectangular wave meets the 
following criteria: 

"1" 

L::dL A. Logic "0" level = 1 Volt (max) 
8. Logic "1" level = 4 Volts (min) 

FUNCTIONAL DESCRIPTION 

OSCILLATOR 

The MK5103 contains an on-board inverter with 
sufficient gain to provide oscillation when working with 
a low-cost television "color-burst" crystal. The inverter 
input is OSC IN (pin 2) and output is OSC OUT (pin 3). 
The circuit is designed to work with a crystal cut to 

MIN 

4.5 

0.9 

0.0 

(V+)-1 

0.0 

(V+)-0.5 

± 2.0 

30 

35 

14 

3. 

4. 

TYP MAX UNITS NOTES 

5.5 Volts 

V+ Volts 1,2 
Peak-to-Peak 

0.4 Volt @ 1.6 mA 

V+ Volts @ 0.1 mA 

0.5 Volt @ 700JJ,A 

V+ Volt @ 700JJ,A 

± 2.5 ± 2.9 % offo 

ms 4 

ms 4 

dB 3,5 

2 5 mA 

Signal-To-Noise Ratio is defined as: 
SN = 20 log ~ 

where SA = RMS Amplitude of single tone being detected. 
NA = RMS white noise in the band from 300Hz to 304KHz. 

Tone coincidence duration and interdigit interval measured at High- and 
Low-group inputs. Filter and/or limiter or comparator characteristics 
will affect the overall detect time. 

5. Signal-To-Noise Ratio with 33db Filter Separation. 

3.579545 MHz to give detection of the standard DTMF 
frequencies. 

FORMAT CONTROL (PIN 5) 

The Control pin is used to control the output format of 
Pins 7 through 10. This three-state input selects a 4-bit 
Binary Code, a Dual 2-Bit Row/Column code, or high­
impedance output for use with bus-structured circuitry. 
This three-state input is controlled as follows: 
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FORMAT CONTROL FUNCTIONS 
Table 1 

FORMAT OUTPUT 
CONTROL INPUT DATA FORMAT 

v- High Impedance 
v+ 4-Bit Binary 
Floating Dual 2-Bit Row/Column 

The following table describes the two output codes. 

Table 2 
Dual2-Bit 

4-Bit Binary Row Column 
Digit 0 C B A D C B A 

1 0 0 0 1 0 1 0 1 
2 0 0 1 0 0 1 1 0 
3 0 0 1 1 0 1 1 1 
4 0 1 0 0 1 0 0 1 
5 0 1 0 1 1 0 1 0 
6 0 1 1 0 1 0 1 1 
7 0 1 1 1 1 1 0 1 
8 1 0 0 0 1 1 1 0 
9 1 0 0 1 1 1 1 1 
0 1 0 1 0 0 0 1 0 
* 1 0 1 1 0 0 0 1 
# 1 1 0 0 0 0 1 1 
A 1 1 0 1 0 1 0 0 
B 1 1 1 0 1 0 0 0 
C 1 1 1 1 1 1 0 0 
D 0 0 0 0 0 0 0 0 

Figure 3 shows the relationship between the data 
output code shown in Table 2 and the standard DTMF 
keyboard. 

DTMF DIALING MATRIX 
Figure 3 

Col 1 Col2 Col 3 Col4 

Row 1 QJ [I] 0 ~ 
Row 2 0 IT] ~ W 
Row 3 [2] ~ W [£] 

Row4 0. [£] [!] [QJ 

Note: Column 4 is for special applications and is not normally used in 
telephone dialing. 
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Table 3 shows the detection frequency associated with 
each row or column: 

DETECTION FREQUENCY 
Table 3 

Low Group fo 

Row 1 = 697 Hz 
Row 2 = 770 Hz 
Row 3 = 852 Hz 
Row 4 = 941 Hz 

OUTPUTS A THRU 0 
(PINS 7 THRU 10) 

High Group fo 

Column 1 = 1209 Hz 
Column 2 = 1336 Hz 
Column 3 = 1477 Hz 
Column 4 = 1633 Hz 

Outputs A thru D are CMOS push-pull when enabled 
and open-circuited (high impedance) when disabled by 
the format control pin. 

A thru D are the data out lines. The output data can be in 
in two formats as described in the section about the 
format control pin (pin 5). 

The Dual 2-Bit Row/Column code decodes with A and B 
indicating the column selected, and C and D indicating 
the row selected. 

The two output codes allow the user to obtain either 1-
of-16 or 2-of-8 output data by using only a single 
additional package. 

N/C (PINS 13 THRU 16) 

Pins 13 thru 16 are not internally connected and may be 
used as tie points. 

STROBE (PIN 4) 

The STROBE output goes to a "1" when 30 milliseconds 
of a valid DTMF signal is detected and remains at a "1" 
until an interdigit interval has been detected. The data at 
A-D are already valid when STROBE goes to a "1" and 
will remain unchanged until the next DTMF digit is 
detected. 
LOW-GROUP INPUT (PIN 11) AND HIGH-GROUP 
INPUT (PIN 12) 

The circuitry driving these inputs, as shown in Figure 4, 
should be squaring circuits which use resistive dividers 
to set the output duty cycle to 50%. The squaring circuit 
shown was designed to provide hysteresis and allowthe 
circuit to respond to signal levels of -28dBm or greater, 
where -28dBm corresponds to a peak-to-peak voltage 
of 87.1 mV. Any squaring circuit providing a 47% - 53% 
duty cycle over the receiver and dynamic range is 
sufficient. 

The high-group and low-group signals are provided by 
the high-group filter and the low-group filter, as shown 
in Figure 4. These filters have the response 
characteristics shown in Figure 5 and are used to 
separate the DTMF signal into its high-group and low­
group components. 
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SUGGESTED INPUT LIMITER CIRCUIT 
Figure 4 

DTMF 
IN 

APPLICATIONS 

470 R4 

470 R4 

MK6103 

Two possible applications of the MK5103 are shown in 
Figure 6 and Figure 7. The dual2-bit row/column code 
is useful when interfacing a key-to-pulse converter, as 
shown in Figure 6. On this circuit, the MK5103N-5, 
CD4556 and MK5099 combine to form a tone-to-pulse 
converter, which allows the use of DTMF telephones in 
rotary exchanges. The DTMF tones are detected by the 
MK5103N-5. which then generates the corresponding 
row/column code. Each CD4556 then uses this 2-bit 
code to select 1 of 4 active-low outputs. The MK5099 
then interprets these signals as a valid key closure and 
generates a corresponding series of pulses. 

TONE-TO-PULSE CONVERTER 
v+ 

Figure 6 CLASS A KEYBOARD 

2 3 

INPUT BAND SEPARATION FILTER 
Figure 5 

683Hz 980 Hz 1186 Hz 1888 Hz 
OdS 

·5dS 

·10dS 

·ladS 

·20dS 

·26dS 

·30dS 

·33dS 

500 1000 2000 
Hz Hz Hz 

FREQUENCY 

NOTES: RELATIVE INPUT LEVEL VS FREQUENCY 

3000 
Hz 

For simple remote-control applications, the circuit of 
Figure 7 is useful. After a valid tone is detected, strobe 
will go high and one of the 16 outputs on the binary-to-
1-of-16 encoder will go true. Thus, a DTMF transmitter 
and 16-key keyboard can be used to control 1 of 16 
functions in a DTMF receiver. 

t::::I 

3.579545MHz 
c:J 

3.579545MHz 

r-., U2 
MK5103 

10 A 

9 B 

8 C 

4 7 0 

-= TRANSMISSION 
MEDIUM 

, P'DTSE 18 

L. _ 

xv-a 

v+ 

13 R4 

15 R2 

16 R1 

14 R3 

Yo 
CD 

Co 4566B E 

10K 

a; ~~ ~: rA'---_______ --I 

52 10U313 ~B::.-_---------I 
03 98 
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16-CHANNEL REMOTE CONTROL 
figure 7 
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An inexpensive DTMF receiver system with a low parts 
count may be constructed using the Mostek MK5102 or 
MK5103 Tone Decoder with the AMI S3525A Bandsplit 
Filter. The S3525A is an 18-pin monolithic CMOS 
switched-capacitor filter. It uses a 3.58 MHz crystal as a 
time base and has a buffered clock output to drive the 
oscillator of the MK51 02/3. The S3525A also has on-chip 
comparators which can be used to construct adjustable 
squaring circuits. 

Using the circuit shown in Figure 1, the duty cycle of the 
signals provided to the MK51 02 should be within the 50 ± 
1 % range which is required for reliable operation. (Since the 
MK5103 requires a 50 ± 3% duty cycle, the input signals 

MK5102/S3525A DTMF RECEIVER SYSTEM 
Figure 1 

+12V 

~22!'F 181 1 

=r=1 !,F Voo CKOUT 
1 K 

TELECOMMUNICATION 
PRODUCTS 

MK5102/S3525A 
DTMF RECEIVER SYSTEM 

will be well within its range.) With the potentiometer 
adjusted so that the filter has unity gain, the results listed in 
Tables 1,2, and 3 should be obtained. Tabl~s 1 and 2 show 
the Mitel test tape (CM7291 ) results for the DTMF receiver 
system using the S3525A and the MK5102 or MK5103, 
respectively. Table 3 shows the Minimum Tone Coin­
cidence Duration for the system using the MK5102 and 
MK5103 at various input levels. 

The operation of the circuit shown in Figure 1 has been 
verified at temperatures of O°C, 25°C, and 70°C. However, 
Tables 1, 2, and 3 show only the data for circuit operation at 
25°C. 
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MK5102 WITH AMI S3525A 
MITEL TAPE (CM7291) TEST RESULTS 
Table 1 

TEST # RESULTS 

2a, b BW = 4.6% of fa 

2c, d BW = 4.9% of fa 

2e, f BW = 4.7% of fa 

2g, h BW = 5.0% of fa 

2i, j BW = 4.8% of fa 

2k, I BW = 4.7% of fa 

2m, n BW = 4.8% of fa 

20, p BW = 4.7% of fa 

3 160 decodes 

4 Acceptable Amplitude Ratio = 18.2 dB 

5 Dynamic Range = 32 dB 

6 Guard Time = 34.8 ms 

7 99.0% Successful Decode at SIN Ratio of 
12 dB 

8 1 Hit on Talk-Off Test 

MK51 02/3 WITH AMI S3525A 
MINIMUM TONE COINCIDENCE DURATION 
Table 3 

Input Level MK5102 MK5103 
dBm (60001 Decode Time Decode Time 

-28 dBm 43.4 ms 38.9 ms 

-25 dBm 37.4 ms 34.7 ms 

-20dBm 37.0 ms 34.7 ms 

-10 dBm 36.3 ms 28.8 ms 

OdBm 37.3 ms 28.8 ms 

+6 dBm 36.5 ms 28.9 ms 
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MK5103 WITH AMI S3525A 
MITEL TAPE (CM729~1 TEST RESULTS 
Table 2 

TEST # RESULTS 

2a,b BW = 5.0% of fa 

2c,d BW = 5.1% of fa 

2e, f BW = 4.9% of fa 

2g, h BW = 5.2% of fa 

2i,j BW = 5.1 % of fa 

2k, I BW = 5.0% of fa 

2m, n BW = 5.2% of fa 

20,p BW = 5.1 % of fo 

3 160 decodes 

4 Acceptable Amplitude Ratio = 19.1 dB 

5 Dynamic Range = 32 dB 

6 Guard Time = 32.5 ms 

7 99.9% Successful Decode at SIN Ratio 
of 12 dB 

8 1 Hit on Talk-Off Test 

NOTES: 
1. More information regarding the S3525A is available from: 

American Microsystems Inc. 
3800 Homestead Rd. 
Santa Clara, CA 95051 
Telephone: (408) 246-0330 
TWX: 910-338-0018 

2. More information regarding the MK51 02 and MK51 03 is available from: 
Mostek Telecom Dept. 
1215 W. Crosby Rd. 
Carrollton, Texas 75006 
Telephone: (214) 323-1000 

3. The AMI S3525A used in this evaluation wasa typical part. Slightly different 
results may be obtained depending upon the particular S3525A used. 
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A DTMF receiver system with a low parts count may be 
constructed using the MK5102 or MK5103 tone decoder 
and the ITT 3040A and ITT 3041 A hybrid filter!. The ITT 
3040A and ITT 3041 A filters have on-chip limiters so that 
external squaring circuits are not needed. An alternate 
design allowing precise adjustment of external squaring 
circuits is described in another Mostek Application Note2• 

Tables 1 and 2 show the MITEL (CM7290) tape results 
using the ITT 3040A/41 A with the MK51 02 and MK51 03, 
respectively. 

Figure 1 
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ITT 
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+12V 

Low-Group 
Filter 
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Limiter Out 

4 

Limiter Out 

TELECOMMUNICATION 
PRODUCTS 

DTMF RECEIVER SYSTEM 

NOTES: 

(1) ITT 3040A and ITT 3041 A filters with limiters may be obtained from: 
ITT North Microsystems Division 
700 Hillsboro Plaza 
Deerfield Beach. Florida 33441 
Telephone: 305-421-8450 
TWX: 510-953-7523 

(2) MK51 02N-5 DTMF Decoder Application Note, "Design Considerations for a 
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DTMF Receiver System" is available from: 
Mostek. Telecom Dept. 
1215 W. Crosby Rd. 
Carrollton, Texas 75006 
Telephone: 214-323-6000 
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MK5102 with ITT 3040A and ITT 3041A 
MITEL TAPE (CM7290) TEST RESULTS 
Table 1 

TEST # RESULTS 

2a, b BW=4.7%of fo 

2c,d BW = 4.8 % of fo 

2e, f BW = 5.4 % of fo 

2g, h BW = 4.9 % of fo 

2i, j BW = 5.3 % of fo 

2k, I BW = 5.4 % of fo 

2m, n BW = 5.6 % of fo 

20, p BW = 4.9 % of fo 

3 159 decodes 

4 Acceptable Amplitude Ratio = 19.7 dB 

5 Dynamic Range = 25 dB 

6 Guard Time = 32.9 ms 

7 99.9% Successful Decode at SIN Ratio 
of 12 dB 

8 3 Hits on Talk-Off Test 

MK5103 with ITT 3040A and ITT 3041A 
MITEL TAPE (CM7290) TEST RESULTS 
Table 2 

TEST # RESULTS 

2a,b BW = 5.3 % of fo 

2c,d BW = 5.2 % of fo 

2e, f BW = 5.0 % of fo 

2g, h BW = 5.4 % of fo 

2i, j BW = 5.6 % of fo 

2k, I BW = 5.3 % of fo 

2m, n BW = 5.4 % of fo 

20,p BW = 5.6 % of fo 

3 159 decodes 

4 Acceptable Amplitude Ratio = 19.9 dB 

5 Dynamic Range = 30 dB 

6 Guard Time = 23.3 ms 

7 99.9% Successful Decode at SIN Ratio 
of 12 dB 

8 9 Hits on Talk-Off Test 
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This application note will describe all of the require­
ments for building a high-quality DTMF receiver 
using the MK5102N-5 and hybrid filters. The follow­
ing topics will be discussed: 

1. Power supply requirements 
2. Band separation filter requirements 
3. Squaring circuit requirements 
4. Squaring circuit-to-decoder coupling requirements 
5. Receiver testing 
6. Output formatting 
7. Other system considerations 

Since the MK51 02N-5 is intended to be a portion of a 
tone receiver SYSTEM, SYSTEM requirements must 
be met before a satisfactory decoder can be con­
structed. A block diagram of a typical system is 
shown in Figure 1. Each portion of the block diagram 
is discussed in succeeding paragraphs. 

TYPICAL DTMF RECEIVER 
Figure 1 

FROM 
TELEPHONE 

LINE 
INTERFACE 

POWER SUPPLY REQUIREMENTS 

For proper operation of the MK5102N-5, the V+ 
power supply must be between 4.5 VDC and 5.5' 
VDC, with V- grounded. A power supply decoupling 
capaGitor (typically .1 u F) should be connected be­
tween V+ and V- to insure that no high-frequency 
noise is present on the V+ supply. Typically, a 1-volt 
peak-to-peak signal may be applied to V+ and the 
MK5102N-5 will function properly. 

FILTER REQUIREMENTS 

For proper operation of the MK51 02N-5, an external 
band separation filter must be provided to split the 
DTM F signal into its high-group and low-group 
components. However, the band separation require-

TELECOMMUNICATION 
PRODUCTS 

MK5102(N)-5 DTMF DECODER 
APPLICATION NOTE 

ments are not as stringent for the MK5102N-5 as they 
are for competing designs. As shown in figure 2, the 
MK5102N-5 requires a band separation of only 33dB 
in an average application. The 33dB requirement 
allows for a SIN ratio of 18dB, 6dB of twist, and a 
detection bandwidth of at least ± 2%. A reduction of 
twist margin or SIN requirements will result in a cor­
responding lower requirement for band separation. 
For example, if there is not a requirement for twist 
margin, the band separation can be reduced to 27dB. 
In a system with no noise and no twist, the band 
separation can be 22d B. 

The plot shown in Figure 2 depicts corner frequencies 
of 683Hz, 960Hz, 1184Hz and 1666Hz. These repre­
sent a 2% deviation from the DTM F frequencies of 
697Hz, 941 Hz, 1209Hz and 1633Hz, respectively. 
This deviation is necessary because of the require­
ment that a DTMF receiver must detect frequencies 
which are 2% higher or lower than the nominal 
DTMF frequency. Table 1 lists the 8 DTMF frequen­
cies and the corresponding frequencies which a 
DTMF decoder is required to detect. 

BAND SEPARATION FILTER REQUIREMENTS 
Figure 2 
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BAND SEPARATION FILTER REQUIREMENTS 

1, Dial tone notch filter must maintain SIN ratio ~ 18dB 
2, Filter response shown will allow operation to 6dB of twist with 

18dB SIN, 
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TABLE I 

8 STANDARD OTMF FREQUENCIES AND COR­
RESPONDING UPPER AND LOWER REQUIRED 
DETECTION FREQUENCIES 

LOWER 
DETECTION 

DTMF FREQUENCY 
FREQUENCY (HZ) LIMIT (HZ) 

697 
770 
852 
941 

1209 
1336 
1477 
1633 

683 
755 
834 
922 

1184 
1309 
1447 
1600 

DETECTION ALGORITHM 

UPPER 
DETECTION 
FREQUENCY 
LIMIT (HZ) 

711 
786 
869 
960 

1233 
1363 
1507 
1666 

The detection approach used in, the MK51 02N-5 utili­
zes zero-crossing detection and digital period-count­
ing. To increase the rejection of random noise and the 
residue from out-of-band components, an averaging 
scheme is used. Figure 3(a) shows nine cycles of a 
symmetrical sine wave. If zero-crossings were the only 
detection criteria, and if the average period-count ob­
tained over nine periods were acceptable, then the sig­
nal in Figure 3(a) represents a valid tone. The jitter of 
the zero-crossings is integrated out by the nine-period 
average. However, based on the simple nine-period 
average, the signal shown in Figure 3(b) would be 
accepted as a valid tone. To improve rejection of this 
speech-type waveform, the nine-period detection time 
can be broken into three period-averaged sub-groups 
as indicated by the dashed lines in Figure 3(b). By 
combining the nine-period average and the sub-group 
average criteria, 200 false hits are obtained on 30 
minutes of a standard speech tape. Figure 3(c) repre­
sents a type of waveform that would produce a hit 
based on the nine-period and sub-group average algor­
ithm. To improve rejection of this wavefQrm, require­
ments must be placed on every single period in addi­
tion to the nine-period average and the sub-group 
average. However, the waveform of Figure 3(d) will 
be detected using only these three criteria. Therefore 
an additional requirement must be placed on each 
half-period of the waveform. Figure 3(e) shows the 
only type of signal which will be accepted by a de­
tection algorithm which requires the following: 

1. Valid nine-period average 
2. Three valid sub-group averages 
3. Valid single-period 
4. Valid half-period 

Using these four criteria, the number of hits on a 
standard speech tape can be reduced to less than six. 

POSSIBLE INPUT WAVEFORMS 
Figure 3 

f--'r-I-~--f---+-~r-+-t-+-++-T-+++--\--1 REJECT 

~r--I-4-+-+--f--\--f--T-t+-If---\-f-+-f-_+_-I REJECT 

!-+----I-+-+-\--+-+-+-+-~\--If+_-_I--\-_+_+__.I REJECT 

(9) f--ll-f-+-+-+--+--+-+-+-I-t---Jf--lr-f-+-t--t--I VALID 

INPUT SQUARING CIRCUITS 

As described above, to minimize the number of false 
hits, a detection algorithm must place stringent re­
quirements on each half-period of the input wave­
form (high group or low group). To successfully meet 
these requirements, the duty cycle of the input wave­
form must be between 49% and 51%. The input 
squaring circuit must therefore provide an output 
which accurately tracks the input without adversely 
affecting the duty cycle. Such a circuit, an inverting 
comparator with hysteresis, is illustrated in Figure 4. 

INPUT SQUARING CIRCUIT 
Figure 4 

+6 

C, 
~rL~~R >---1 ~"---4 

R1 

10K 

+6 

>---._ .. TO MK6102N·6 

R2 

6aOK 

C1 is used to ac couple the filter output to the squar­
ing circuit so that DC bias present at the filter output 
will not affect the performance of the squaring cir­
cuit. R3, R4, and R6 establish a bias level at about 
2.5 Volts, and R5 is used to provide the same bias 
level at the inverting input of the comparator used in 
the squaring circuit. The maximum input bias current 
for the LM2901 is 500nA, so the DC bias level at the 
in,verting input is effectively the same' as the voltage 
at the wiper of R6. R6 must be adjusted so that, for 
an input signal level of -28dBm, the output duty 
cycle will be 50%. This adjustment compensates for 
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the input offset voltage of the LM2901. R L is the 
pullup resistor for the open-collector output of the 
comparator. R 1 and R2 set the hysteresis level. Their 
values are determined by the following approximate 
relationships: 

VLT= (2.5-VOU (R2) 
(R1+R2) 

where VUT is 
the upper 
threshold 

where VL T is 
the lower 
threshold and 
VOL is the 
output satura­
tion voltage 

In both cases, any variation due to the current in R5 
is ignored. 

For central office appl ications, the tone receiver sys­
tem must operate over an input signal level range of 
-26dBm to +6dBm. The squaring circuit, therefore, 
must respond to signal levels of -26d Bm or greater 
but is not required to respond to lower signal levels. 

To allow for signal attenuation through the band sep­
aration filter, the squaring circuit should be set to re­
spond to signal levels of -28dBm or greater. The 
-28dBm cutoff point corresponds to a peak-to-peak 
voltage of 87.1 m V. For a 50% duty-cycle output 
waveform, VUT should be set 43.5mV above and 
VLT should be set 43.5mV below the DC bias point. 
The passive components for the squaring circuit are 
then selected as follows: 

RL = 1kn 
R2 = 680kn 
R1 = 12kn 
R3 = R4 = 470n 

Chosen value. 
Chosen value. 
Calculated value. 
Chosen value for DC bias. 

LOW-GROUP FILTER RESPONSE (3044) 
Figure 5 

EACH TIME DIVISION = 10 MS 

R5 = 100kn Chosen value. Tradeoff effect on 
DC bias vs. drop across R5 due 
to 2901 input bias current. 
Chosen value. Must be low impe­
dance over frequency range' of 
683Hz to 1666Hz. 

To achieve proper operation at low signal levels, R 1 
must be 10kn. The discrepancy between the calcu­
lated value and the actual required value results from 
component tolerances. 

Since many commercially-available filters exhibit a 
ringing characteristic at their output, as shown in Fig­
ure 5 and Figure 6, additional circuitry is required to 
detect the beginning of ringing and squelch the out­
put of the squaring circuit. The 'required circuitry, an 
envelope detector, is shown in Figure 7. The detector 
consists of two precision rectifiers, two sample-and­
hold circuits, and a comparator. C3 is used to couple 
the low-group filter output to the envelope detector. 
Z1a, 01, C1, R2, and R3 then rectify the incoming 
signal and store a peak value. The R2/R3/C1 time 
constant is set for 20ms so that the voltage at the in­
verting input of Z2 will represent Y:z the peak value of 
the incoming signal. Z1 b, 02, R1and C2 also rectify 
the incoming signal and store a peak value, but the 
time constant is set for 1.4ms so that the voltage at 
the non-inverting input of Z2 will represent the 
instantaneous peak value of the incoming waveform. 
As long as the instantaneous value is greater than Y:z of 
the peak value, the comparator output will be high. 
However, as soon as the instantaneous value decreases 
to less than Y:z the peak value (this will occur as ring­
ing begins), the comparator output will go low and 
inhibit the output of the squaring circuit. It is neces­
sary to provide only one envelope detector since the 
MK5102N-5 will treat the absence of a valid low­
group/high-group tone combination as interdigit time. 

DTMF INPUT TO FILTER (5V/DIV.) 

LOW-GROUP 
FILTER OUTPUT (IV/DIV.) 

SQUARING CIRCUIT 
OUTPUT (5V/DIV.) 

STROBE FROM MK5102N-5 
(5V/DIV.) 
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HIGH-GROUP FILTER RESPONSE (3045) 
Figure 6 

ENVELOPE DECAY DETECTOR 
Figure 7 
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Figure 8 
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SQUARING CIRCUIT-TO-DECODER COUPLING 

The output of the squaring circuit may be tied di­
rectly to the MK5102N-5 if it meets the following re­
quirements: 

Logic 1;;;a. 4 volts 
Logic 0 ~ 1 volt 

A squaring circuit with an output that does not meet 
these requirements must be capacitively coupled to 
the MK5102N-5 with a 0.05~F capacitor. The value 
of the coupl ing capacitor is critical because of the 
impedance of the bias circuit at the high-group or 
low-group input. As shown in Figure 9, the sudden 
appearance of a tone burst causes the DC bias point 
to shift upward. Until the DC bias returns to its nor­
mal level, the input comparator will not switch and 
the input signal will be ignored, causing an increase in 
the dual-tone detection time. Using a 0.05~F capac­
itor will minimize the effect of this DC level shift. 

SHIFT IN DC BIAS LEVEL CAUSED BY 
APPLICATION OF TONE BURST 
Figure 9 

Table 3 describes the two output codes available. 

TABLE 3 

OUTPUT FORMAT 4-Bit Binary Oual2-Bit 
Row/Column 

Row Column 
Key Row Col. 01 02 03 04 01 02 03 04 

1 1 1 0 0 0 1 0 1 0 1 
2 1 2 0 0 1 0 0 1 1 0 
3 1 3 0 0 1 1 0 1 1 1 
4 2 1 0 1 0 0 1 0 0 1 
5 2 2 0 1 0 1 1 0 1 0 
6 2 3 0 1 1 0 1 0 1 1 
7 3 1 0 1 1 1 1 1 0 1 
8 3 2 1 0 0 0 1 1 1 0 
9 3 3 1 0 0 1 1 1 1 1 
0 4 2 1 0 1 0 0 0 1 0 
* 4 1 1 0 1 1 0 0 0 1 
# 4 3 1 1 0 0 0 0 1 1 
A 1 4 1 1 0 1 0 1 0 0 
B 2 4 1 1 1 0 1 0 0 0 
C 3 4 1 1 1 1 1 1 0 0 
D 4 4 0 0 0 0 0 0 0 0 

The peak-to-peak value of the coupled signal must be 
greater than .9 volts but less than V+ volts. 

OUTPUT SIGNALS 

01, 02, 03, and 04 are the data output lines. The 
output format present on these pins is determined by 
the format control (pin 5) as snown in Table 2. 

FORMAT CONTROL FUNCTIONS 
TABLE 2 

Format 
Control Input 

v-
v+ 

Floating 

Data 
Output Format 

High ImpedancE: 

4-Bit Binary 

Dual 2-Bit Row/Column 

HIGH-GROUP INPUT (lV/DIV.) 
COUPLING CAP. = 1~F 

SQUARING CIRCUIT 
OUTPUT (IV/DIV.) 

When all detection criteria are present, the MK-
5102N-5 will latch the proper data into its outputs 
and strobe will go high. After an interdigit time has 
been detected, strobe will go low, but the data will re­
main on 01 through 04. 

The dual 2-bit row/column code is useful when inter­
facing a key-to-pulse converter, as shown in Figure 
10. On this circuit, the MK5102N-5, CD4556 and MK • 
5099 combine to form a tone-to-pulse converter, 
which allows the use of DTMF telephones in rotary 
exchanges. The DTMF tones are detected by the MK 
5102N-5, which then generates the corresponding 
row/column code. Each CD4556 then uses this 2-bit 
code to select 1 of 4 active-low outputs. The MK5099 
then interprets these signals as a valid key closure and 
generates a corresponding series of pulses. 
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TEST CIRCUIT FOR CERMETEK AND NORTH ELECTRIC FILTERS 
Figure 13 
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TABLE 4 TABLE 5 
MITEL TAPE TEST RESULTS FOR NORTH ELECTRIC FILTERS MITEL TAPE TEST RESULTS FOR CERMETEK FILTERS 

TEST# I RESULTS TEST# RESULTS 

2a, b BW= 4.7 % of fo 2a, b BW= 5.6 % of fo 

2c, d BW= 5.2 % of fo 2c,d BW = 5.7 % of fo 

2e, f BW = 5.1 % of fo 2e, f BW= 5.0 % of fo 

29, h BW= 5.1 % offo 2g, h BW = 5.3 % of fo 

2i, j BW= 5.1 % of fo 2i, j BW= 5.2 % of fo 

2k, I BW= 4.9 % of fo 2k, I BW= 5.0 % of fo 

2m, n BW= 5.5 % of fo 2m, n BW = 5.5 % of fo 

20, p BW= 5.0 % of fo 20,p BW= 5.0 % of fo 

3 159 decodes 3 158decodes 

4 Acceptable Amplitude Ratio =J3.1dB 4 Acceptable Ampl itude Ratio =- 12.6dB 

5 Dynamic Range = 31.33 dB 5 Dynamic Range = 31.67 dB 

6 Guard Time = 34.23 ms 6 Guard Time = 33.4 ms 

7 99.E' % Successful Decode at N/S Ratio 7 98.33 % Successful Decode at N/S Ratio 

of -12dbV of -12dbV 

8 3 Hits on Talk-Off Test 8 3 Hits on Talk-Off Test 
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SPECTRAL RESPONSE OF CH1295 LOW-GROUP 
FILTER 
Figure 14 
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SPECTRAL RESPONSE OF CH1296 HIGH-GROUP 
FILTER 
Figure 15 
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OTHER SYSTEM CONSIDERATIONS 

System noise will affect the operation of the 
M K51 02N-5 by causing the detection bandwidth to 
shrink. The instantaneous value of the low-group or 
high-group waveform is represented by the following 
approximate relationship, a = aT sin wTt + aN sin 
wNt, where a is the instantaneous amplitude of the 
overall waveform, aT is the amplitude of the hig~­
group or low-group component, and a 1\1 is the ampli­
tude of the noise. If the highly-simplified noise term 
(aN sin wNt) were removed, then the remaining term 
would represent a pure sine wave and the zero cross­
ings of the waveform would be repeatable from cycle 
to cycle. All detection criteria would be present and 
the DTMF tone would be detected within a ± 2.0% to 

SPECTRAL RESPONSE OF 3044 LOW-GROUP 
FIL TER 
Figure 16 
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SPECTRAL RESPONSE OF 3045 HIGH·GROUP 
FILTER 
Figure 17 
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± 2.9% bandwidth. However, adding the noise term 
introduces instantaneous amplitude variations which 
will effectively alter the duty cycle of the sine wave 
by causing the zero crossing points to jitter. If 0.5% 
jitter is caused by system noise, detection bandwidth 
will be decreased by .5%. Therefore, as the system 
noise level increases, the detection bandwidth will d~­
crease. 

As noted in the Filter Requirements paragraph, the 
33dB band separation requirement allows for a SIN 
ratio of 18dB, with 6dB of twist, which means that 
the algorithm in the MK5102N-5 has been set up to 
provide a ± 2% minimum detection bandwidth in the 
presence of noise which is 18dB below the signal 
level and in the presence of high-group and low-group 
signals with an amplitude difference of 6dS. 
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SUMMARY 

The MK5102N-5 provides a high-performance solu­
tion for DTM F detection at a lower cost than com­
peting approaches. Band separation requirements for 
the MK5102N-5 are not as stringent as for competing 
designs, and, as was seen in the test results of Table 4 
and Table 5, the MK5102N-5 provides excellent talk­
off rejection. When used in conjunction with either 
the Cermetek or the North Electric filters, the 
MK5102N-5 will give the user a high-quality DTMF 
receiver which may be used in myriad applications. 
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mUNITED 
TECHNOLOGIES 
MOSTEK 

TELECOMMUNICATIONS 
PRODUCTS 

J.t-255 LAW COMPANDING CODEC 
MK5116(J/N) 

FEATURES 

D ±5-Volt Power Supplies 

D Low Power Dissipation - 30mW (Typ) 

o Follows the w255 Companding Law 

o Synchronous or Asynchronous Operation 

o On-chip sample and hold 

D On-Chip Offset Null Circuit Eliminates Long.:rerm Drift 
Errors and Need for Trimming 

D Single 16-Pin Package 

o Minimal External Circuity Required 

o Serial Data Output of 64kb/s-2.1 Mb/s at 8kHz Sam­
pling Rate 

o Separate Analog and Digital Grounding Pins Reduce 
System Noise Problems 

DESCRIPTION 

The MK5116 is a monolithic CMOS companding CODEC 
which contains two sections: (1) An analog-to digital con­
verter which has a transfer characteristic conforming to 
the w255 companding law and (2) a digital-to-analog con­
verter which also conforms to the w255 law. 

These two sections form a coder-decoder which is 
designed to meet the needs of the telecommunications 
industry for per-channel voice-frequency codecs used 
in telephone digital switching and transmission systems. 
Digital input and output are in serial format. Actual 
transmission and reception of 8-bit data words contain­
ing the analog information is done at a 64kb/s-2.1 Mb/s 
rate with analog signal sampling occurring at an 8kHz 
rate. A sync pulse input is provided for synchronizing 
transmission and reception of multi-channel information 
being multiplexed over a single transmission line. 

The pin configuration of the MK5116 is shown in Figure 1. 

PIN CONNECTIONS 
Figure 1 

ANALOG INPUT --.1 

N/C -. -

MASTER CLOCK --. 

XMIT SYNC ---. 

XMIT CLOCK --. 

DIGITAL OUTPUT"-

16~+VREF 

15'--VRE.F 

14~ANALOG GROUND 

13 .---. ANALOG OUTPUT 

12 ..... DIGITAL INPUT 

11.- DIGITAL GROUND 

10~ RCV CLOCK 

9 ...... RCVSYNC 

A block diagram of a PCM system using the MK5116 is 
shown in Figure 2. 

PCM SYSTEM BLOCK DIAGRAM 
Figure 2 
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FUNCTIONAL DESCRIPTION: (Refer to Figure 3 for a 
Block Diagram) 

MK5116 BLOCK DIAGRAM 
Figure 3 

r-------------------------~ 
.-------------4r-g~~~ 

TRANSMIT 
XMIT SECTION 
SYNC 

XMIT 
CLOCK 

MASTER 
CLOCK 

DIGITAL 
INPUT 

RCV 
SYNC 

RCV 
CLOCK 

RECEIVE 
SECTION 

ANALOG 
OUTPUT 

POSITIVE AND NEGATIVE REFERENCE 
VOLTAGES (+V +REF and -VREF) Pins 16 and 15 

These inputs provide the conversion references for the 
digital-to-analog converters in the MK5116. +VREF and 
-VREF must maintain 100ppM/oC regulation over the 
operating temperature range. Variation of the reference 
directly affects system gain. 

ANALOG INPUT, Pin 1 

Voice-frequency analog signals which are bandwidth­
limited to 4kHz are input at this pin. Typically, they are 
then sampled at an 8kHz rate (refer to Figure 4). The 
analog input must remain between +VREF and -VREF 
for accurate conversion. The recommended input inter­
face circuit is shown in Figure 9. 

MASTER CLOCK, Pin 5 

This signal provides the basic timing and control signals 
required for all internal conversions. It does not have to 
be synchronized with RCV SYNC, RCV CLOCK, XMIT 
SYNC, or XMIT CLOCK and is not internally related to 
them. 

XVI-2 

XMIT SYNC, Pin 6 (Refer to Figure 10 for the Timing 
Diagram) 

This input is synchronized with XMIT CLOCK. When 
XMIT SYNC goes high, the digital output is activated, and 
the AID conversion begins on the next positive edge of 
MASTER CLOCK. The conversion by MASTER CLOCK 
can be asynchronous with XMIT CLOCK. The serial out­
put data is clocked out by the positive edges of XM IT 
CLOCK. The negative edge of XMIT SYNC causes the 
digital output to become three-state. XMIT SYNC may re­
main high longer than 8 XMIT CLOCK cycles, but must 
go low for at least 1 master clock before the transmis­
sion of the next digital word (refer to Figure 12). 

XMIT CLOCK, Pin 7 (Refer to Figure 10 for the Timing 
Diagram) 

The on-Chip 8-bit output shift register of the MK5116 is 
unloaded at the clock rate present on this pin. Clock rates 
of 64kHz-2.1MHz can be used for XMIT CLOCK. The 
positive edge of the INTERNAL CLOCK transfers the data 
from the master to the slave of a master-slave flip-flop 
(refer to the Figure 5). If the positive edge of XMIT SYNC 
occurs after the positive edge of XMIT CLOCK, XMIT 
SYNC will determine when the first positive edge of IN­
TERNAL CLOCK will occur. In this event, the hold time 
for the first clock pulse is measured from the positive edge 
of XMIT SYNC. 

RVC SYNC, Pin 9 (Refer to Figure 11 for the Timing 
Diagram) 

This input is synchronized with RCV CLOCK, and serial 
data is clocked in by RCV CLOCK. Duration of the RCV 
SYNC pulse is approximately 8 RCV CLOCK periods. The 
conversion from digital to analog starts after the negative 
edge of the RCV SYNC pulse (refer to Figure 4). The 
negative edge of RCV SYNC should occur before the 9th 
positive clock edge to insure that only eight bits are 
clocked in. RCV SYNC must stay low for 17 MASTER 
CLOCKS (min.) before the next digital word is to be re­
ceived (refer to Figure 13). 

RCV CLOCK, Pin 10 (Refer to Figure 11 for Timing 
Diagram) 

The on-Chip 8-bit shift register for the MK5116 is loaded 
at the clock rate present on this pin. Clock rates of 
64kHz-2.1MHz can be used for RCV CLOCK. Valid data 
should be applied to the digital input before the positive 
edge of the internal clock (refer to Figure 5). This set up 
time, tRDS, allows the data to be transferred into the 
MASTER of a master-slave flip-flop. A hold time, tRDH, is 
required to complete this transfer. If the rising edge of RCV 
SYNC occurs after the first rising edge of RCV CLOCK, 
RCV SYNC will determine when the first positive edge 
of INTERNAL CLOCK will occur. In this event, the set-up 



AID, D/A CONVERSION TIMING 
Figure 4 

... t;----------------- 125/Lsec -------------~·~I 
__ ---'-1- XMIT SYNC \ .... _____________________ -Jr-
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'" 32 MASTER CLOCKS ~ ... __ --------
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________________________________ -J;f RCVSYNC 

DATA INPUT/OUTPUT TIMING 
Figure 5 
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and hold times for the first clock pulse should be 
measured from the positive edge of RCV SYNC. 

DIGITAL OUTPUT, Pin 8 

The MK5116 output register stores the 8-bit encoded sam­
ple of the analog input. This 8-bit word is shifted out under 
control of XMIT SYNC and XMIT CLOCK. When XMIT 
SYNC is low, the DIGITAL OUTPUT is an open circuit. 
When XMIT SYNC is high, the state of the DIGITAL OUT­
PUT is determined by the value of the output bit in the 
serial shift register. The output is composed of a Sign Bit, 
3 Chord Bits, and 4 Step Bits. The Sign Bit indicates the 
polarity of the analog input while the Chord and Step Bits 
indicate the magnitude. In the first Chord, the Step Bit 
has a value of O.6mV. In the second Chord, the Step Bit 
has a value of 1.2m\/. This doubling of the step value con-
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DIGITAL 
IN 

RCV SYNC 

tinues for each of the six successive Chords. 
Each Chord has a specific value; and the Step Bits, 16 
in each Chord, specify the displacement from that value 
(refer to Table 1). Thus the output, which follows the w255 
law, has resolution that is proportional to the input level 
rather than to full scale. This provides the resolution of 
a 12-bit AID converter at low input levels and that of a 
6-bit converter as the input approaches full scale. The 
transfer characteristic of the AID converter (p.-Iaw Encoder) 
is shown in Figure 6. 

DIGITAL INPUT, Pin 12 

The MK5116 input register accepts the 8-bit sample of an 
analog value and loads it under control of RCV SYNC • 
and RCV CLOCK. The timing diagram is shown in Figure 
11. When RCV SYNC goes high, the MK5116 uses RCV 



DIGITAL OUTPUT CODE wLAW 
Table 1 

Chord Code Chord Value Step Value 
1. 000 O.OmV 0.613rnV 
2. 001 10.11mV 1.226mV 
3. 010 30.3mV 2.45mV 
4. 011 70.8mV 4.90mV 
5. 100 151.7mV 9.81mV 
6. 101 313mV 19.61mV 
7. 110 637mV 39.2mV 
8. 111 1.284V 78.4mV 

EXAMPLE: 
1 011 0010 = + 70.8mV + (2 x4.90mV) 
Sign Bit Chord Step Bits 
If the sign bit were a zero, then both plus signs would 
be changed to minus signs. 

AID CONVERTER (/L-Law Encoder) TRANSFER 
CHARACTERISTIC 
Figure 6 
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CLOCK to clock the serial data into its input register. RCV 
SYNC goes low to indicate the end of serial input data. 
The 8 bits of the input data have the same functions 
described for the DIGITAL OUTPUT. The transfer 
characteristic of the D/A converter (Jt-Law Decoder) is 
shown in Figure 7. 

ANALOG OUTPUT, Pin 13 

The analog output is in the form of voltage steps (100% 
duty cycle) having amplitude equal to the analog sample 
which was encoded. This waveform is then filtered with 
an external low-pass filter with sinxlx correction to recreate 
the sampled voice signal. 

OPERATION OF CODEC WITH 64kHz XMIT/RCV 
CLOCK FREQUENCIES 

XMIT/RCV SYNC must not be allowed to remain at a logic 
"1" state. XMIT SYNC is required to be at a logic "0" state 
for 1 master-clock period (min.) before the next digital 
word is transmitted. RCV SYNC is required to be at a logic 
"0" state for 17 master-olock periods (min.) before the next 
digital word is received (refer to Figures 12 and 13). 

OFFSET NULL 

The offset-null feature of the MK5116 eliminates long-term 
drift errors and conversion errors due to temperature 
changes by going through an offset-adjustment cycle 
before every conversion, thus guaranteeing accurate AID 
conversion for inputs near ground. There is no offset ad­
just of the output amplifier because the resultant DC er­
ror (VOFFSElu) will have no effect, since the output is 
intended to be AC-coupled to the external filter. The sign 
is not used to null the analog input. Therefore, for an 
analog input of 0 volts, the sign bit will be stable. 

PERFORMANCE EVAWATION 

The equipment connections shown in Figure 8 can be 
used to evaluate the performance of the MK5116. An 
analog signal provided by the HP3551A Transmission Test 
Set is connected to the Analog Input (Pin 1) of the MK5116. 
The Digital Output of the CODEC is tied back to the 
Digital Input, and the Analog Output is fed through a low­
pass filter to the HP3551A. Remaining pins of the MK5116 
are connected as follows: 

(1) RCV SYNC is tied to XMIT SYNC 
(2) XMIT CLOCK is tied to MASTER CLOCK. The signal 

is inverted and tied to RCV CLOCK. 

The following timing signals are required: 

(1) MASTER CLOCK = 1.536 MHz 
(2) XMIT SYNC repetition rate = 8kHz 
(3) XMIT SYNC width = 8 XMIT CLOCK periods 

When all the above requirements are met, the setup of 



Figure 8 permits the measurement of synchronous system 
performance over a wide range of analog inputs. The data 
register and ideal decoder provide a means of checking 
the encoder portion of the MK5116 independently of the 
decoder section. To test the system in the asynchronous 
mode, MASTER CLOCK should be separated from XMIT 
CLOCK, and MASTER CLOCK should be separated from 
RCV CLOCK. XMIT and RCV SYNCS are also separated. 

SYSTEM CHARACTERISTICS TEST CONFIGURATION 
Figure 8 

MK6116 

t---~ANALOG 
INPUT 

Some experimental results obtained with the MK5116 are 
shown in Figure 14 and Figure 15. In each case, both the 
measured results and the corresponding 03 Channel 
Bank specifications are shown. The MK5116 exceeds the 
requirements for Signal~to-Oistortion ratio (Figure 14) and 
for Gain Tracking (Figure 15). 
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NOTE: The ideal decoder consists of a digital decompander and a 13-bit precision DAC. 

ABSOWTE MAXIMUM RATINGS 
DC Supply Voltage, V+ .... 0 0 0 0 0 0 0 0 ••• 0 0 0 0 0 0 0 • 0 0 0 00.000 •• 0 • 0 0 •• 0 0 •• 0 • 000 •••••• 000.00.00000. +6V 
DC Supply Voltage, V - . 0 •• 0 0 0 0 0 0 0 0 • 0 0 0 0 0 • 0 0 0 0 0 0 0 0 •• 0 0 0 •• 0 0 ••••• 0 0 0 0 0 0 0 0 ••• 0 ••• 0 0 • 0 0 •• 0 0 0 • 0 - 6V 
Ambient Operating Temperature, TAo . 0 0 0 0 0 0 •• 0 • 0 • 0 0 0 • 0 0 0 0 0 0 0 0 0 0 0 •• 0 0 0 0 0 " • 0 0 0 0 0 0 •• 0 0 • 0 0 O°C to 70°C 
Storage Temperature 0 0 0 0 • 0 0 •• 0 0 • 0 • 0 0 000 0 • 0 0 • 0 • 0 0 0 • 0 • 0 0 0 0 0 0 0 0 000 0 0 0 0 0 ••• 0 • 0 • 00 •• -55°C to +125°C 
Package Dissipation at 25°C (Derated 9mW/oC when soldered into PCB) 0 0 0 0 • 0 0 0 0 0 0 •• 0 0 • 0 0 0 0 .' • 0 0 0 • 500mW 
Digital Input .. 0 0 0 • 0 • 0 0 • 0 0 0 0 0 0 0 0 •• 0 0 0 • 0 • 0 0 0 • 0 ••• 0 0 0 • 0 0 0 0 0 0 0 0 • 0 0 ••• 0 0 • 0 0 0 • 0 • 0 •• 0 0 - 0.5V S VIN S V + 
Analog Input 0 0 • 0 0 0 • 0 0 0 0 0 • 0 0 0 0 • 0 0 0 •• 0 0 0 0 0 0 • 0 0 0 0 0 0 0 •• 0 0 0 • 0 • 0 0 ••• 0 •• 0 0 0 0 0 0 • 0 0 0 • 0 0 0 • 0 V - S VIN S V + 
+VREF 0 • 00000 •• 0 0 • 0 0 0 0 0 0 0 • 0 0 0 • 0 • 0 000000. 0 0 • 0 000.00.00 •• 0 0 0 .0.000. 0000. 0 0 0 0 -Oo5Vs +VREFsV+ 
-VREF 0 • 0000000. 0 • 0 • 0 0 0 0 0 0 • 0 0 0 0 0 • 0 0 • 0 • 0 0 • 0 0 0 000.0000000 •• 000.0.000.0 •• 0 0 • 0 V- S -VREFs +Oo5V 
Stresses above those listed under "Absolute Maximum Ratings" may cause permanent damages to the device. This is a stress rating only and functional operation 
of the device at these or any other condition above those Indicated in the operation sections of this specification is not implied. Exposure to absolute maximum rating 
conditions for extended periods may effect device reliability. 

ELECTRICAL OPERATING CHARACTERISITCS 
POWER SUPPLY REQUIREMENTS 

SYM PARAMETER 

V+ Positive Supply Voltage 

V- Negative Supply Voltage 

+VREF Positive Reference Voltage 

-VREF Negative Reference Voltage 

MIN 

4.75 

-5.25 

2.375 

-2.625 
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TYP MAX UNITS NOTES 

5.0 5.25 V 

-5.0 -4.75 V 

2.5 2.625 V 1 

-2.5 -2.375 V 1 • 



TEST CONDITIONS: V+ = 5.0V, V- = -5.0V, +VREF = 2.5V, -VREF = -2.5V, TA = O°C to 70°C 
DC CHARACTERISTICS 

SYM PARAMETER MIN TYP MAX UNITS 

RINAS Analog Input Resistance During 
Sampling 2 kO 

RINANS Analog Input Resistance Non-
Sampling 100 MO 

CINA Analog Input Capacitance 150 250 pF 

VOFFSET/1 Analog Input Offset Voltage ±1 ±8 mV 

ROUTA Analog Output Resistance 1 10 0 

IOUTA Analog Output Current 0.25 0.5 mA 

VOFFSET/O Analog Output Offset Voltage +20 ±850 mV 

IINLOW Logic Input Low Current 
(VIN = 0.8V) Digital Input, 
Clock Input, Sync Input ±0.1 ±10 p,A 

IINHIGH Logic Input High Current 
(VIN = 2.4V) Digital Input, Master 

and RCV Clock Input, RCV 
Sync Input ±0.1 ±10 p,A 

IINHIGHX Logic Input High Current 
(Vln = 2.4V) 
TX Clock, TX Sync -.25 -0.8 mA 

Coo Digital Output Capacitance 8 12 pF 

IDOL Digital Output Leakage Current ±0.1 ±10 p,A 

VOUTLOW Digital Output Low Voltage 0.4 V 

VOUTHIGH Digital Output High Voltage 3.9 V 

1+ Positive Supply Current 4 10 mA 

1- Negative Supply Current 2 6 mA 

IREF+ Positive Reference Current 4 20 p,A 

IREF- Negative Reference Current 4 20 p,A 

AC CHARACTERISTICS (Refer to Figure 10 and Figure 11) 

SYM PARAMETER MIN TYP MAX UNITS 

FM Master Clock Frequency 1.5 1.544 2.1 MHz 

FR, Fx XMIT, RCV Clock Frequency 0.064 1.544 2.1 MHz 

PWCLK Clock Pulse Width (MASTER, 
XMIT, RCV) 200 ns 

tRC, tFC Clock Rise, Fall Time 25% of 
(MASTER, XMIT, RCV) PWCLK ns 

tRS, tFS Sync Rise, Fall Time 25% of 
(XMIT, RCV) PWCLK ns 

tOIR, tOIF Data Input Rise, Fall Time 25% of ns 
PWCLK 

twsx, _8_ 
tWSR Sync Pulse Width (XMIT RCV) Fx(FR) p,s 
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AC CHARACTERISTICS (Refer to Figure 10 and Figure 11) 

SYM PARAMETER MIN TYP MAX UNITS NOTES 

tps Sync Pulse Period (XMIT, RCV) 125 p.s 

txcs XMIT Clock-to-XMIT Sync Delay 50% of ns 6 
tFC (tRS) 

tXCSN XMIT Clock-to-XMIT Sync 
(Negative Edge) Delay 200 ns 

txss XMIT Sync Set-Up Time 200 ns 

txoo XMIT Data Delay 0 200 ns 4 

txop XMIT Data Present 0 200 ns 4 

tXDT XMIT Data Three State 150 ns 4 

tOOF Digital Output Fall Time 50 100 ns 4 

tOOR Digital Output Rise Time 50 100 ns 4 

tSRC RVC Sync-to-RCV Clock Delay 50% of 
tRC (tFS) ns 6 

tRoS RCV Data Set-Up Time 50 ns 7 

tROH RCV Data Hold Time 200 ns 7 

tRCS RCV Clock-to-RCV Sync Delay 200 ns 

tRSS RCV Sync Set-Up Time 200 ns 7 

tSAO RCV Sync-to-Analog Output Delay 7 p's 

SLEW+ Analog Output Positive Slew Rate 1 V/I"'s 

SLEW- Analog Output Negative Slew Rate 1 VlfJ's 

DROOP Analog Output Droop Rate 25 p.V/p.s 

AC CHARACTERISTICS (Refer to Figures 14 and 15) 

SYM PARAMETER MIN TYP MAX UNITS TEST CONDo 

GTx Gain Tracking Transmit -.2 0.0 +.2 dB Analog Input=+3 to -37dBmO 
-.4 ±0.1 +.4 dB Analog Input=-37 to -50dBmO 

-1.25 ±0.2 +1.25 dB Analog Input =-50 to -55dBmO 
Relative to 0 dBmO 

GTR Gain Tracking Receive -.2 0.0 ±.2 dB Input Level =+3 to -37dBmO 
-.4 ±0.1 +.4 dB Input Level=-37 to -50dBmO 

-1.25 ±0.2 +1.25 dB Input Level=-50 to -55dBmO 
Relative to 0 dBmO 

GTE_E Gain Tracking End to End -.4 0.0 +.4 dB Analog Input=+3 to -37dBmO 
-.8 ±0.1 +.8 dB Analog Input=-37 to -50dBmO 

-2.50 ±0.2 +2.50 dB Analog Input=-50 to -55dBmO 
Relative to 0 dBmO 

SOX Signal to Distortion Transmit 37 dB Analog Input=O to -30dBmO 
31 dB Analog Input= -40dBmO 
26 dB Analog Input= -45dBmO 

SDR Signal to Distortion Receive 37 dB Input Level=O to -30dBmO 
31 dB Input Level = -40dBmO 
26 dB Input Level = -45dBmO II 
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AC CHARACTERISTICS (Refer to Figures 14 and 15) 

SYM PARAMETER MIN TYP MAX UNITS TEST CONDo 

SDE_E Signal to Distortion End to End 35 dB Analog Input=O to -30 dBmO 

29 dB Analog Input= -40 dBmO 

24 dB Analog Input= -45 dBmO 

Nx Idle Channel Noise Transmit 17 dBncO Analog Input=O Volts 

NR Idle Channel Noise Receive 0 dBncO Digitallnput=O Code 

NE-E Idle Channel Noise End to End 18 dBncO Analog Input=O Volts 
Digital Output to Digital Input 

CTRX Crosstalk Receive to Transmit -80 dB Analog In= -50 dBmO at 2600 Hz 

Digitallnput= 0 dBmO at 

1008 Hz digital 

CTXR Crosstalk Transmit to Receive -80 dB Analog In=O dBmO at 1008 Hz 
Digital Input=O Code 

TLP Transmission Level Point +4 dB 6000 

NOTES: 
1. +VREF and -VREF must be matched within ± 1% in order to meet system 

requirements. 
2. Sampling is accomplished by charging an internal capacitor; therefore, the 

designer should avoid excessive source impedance. Input-related device 
characteristics are derived using the Recommended Analog Input Circuit. 
See Figure 9. 

RECOMMENDED ANALOG INPUT CIRCUIT 
Figure 9 

3. When a transition from a "1" to a "0" takes place, the user must sink the 
"1" current until reaching the "0" level. 

4. Driving 30pF with 10H = 100",A, IOL = 500",A. 
5. Results in 30 mW typical power dissipation (clocks applied) under normal 

operating conditions. 
6. This delay is necessary to avoid overlapping CLOCK and SYNC. 
7. The first bit of data is loaded when the Sync and Clock are both "1" during 

bit time 1 as shown on RCV timing diagram. 
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TRANSMITTER SECTION TIMING 
Figure 10 

PCM DATA PRESENT 

NOTE: All rise and fall times are measured from O.4V and 2.4V, All delay times are measured from 1.4V, 

RECEIVER SECTION TIMING 
Figure 11 

RCV SYNC 

2.4V 
1.4V 

O.4V 

r-
----------------------------------------~\ ANALOG OUTPUT L 

NOTE: All rise and fall times are measured from O.4V and 2.4v' All delay times are measured from 1.4V. 
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64kHz OPERATION, TRANSMITTER SECTION TIMING 
Figure 12 

1~4~-------------------------------------125Msec--------------------------------------~ 

~ XMITSYNC 

L~ _____________________________ _ 
V 

PCM DATA PRESENT 
NOTE: All rise and fall times are measured from O.4V and 2.4V. All delay times are measured from 1.4V. 

64kHz OPERATION, RECEIVER SECTION TIMING 
Figure 13 

) 

r\:\ J SIGN BIT 
THREE- MSB 

S~\INEXT WORD) 

~1~.-____________________________________ 125Msec ______________________________________ ~~~I 

I RCV SYNC I ~STER 
---.--J U ~;~.~~ 

----.J ~ PWCLK--~ ~ERIODS -, I ~ -----., ~(MIN) 
r----., r----, 

RCV 

NOTE: All rise and fall times are measured from O.4V and 2.4V. All delay times are measured from 1.4V. 

MK5116 SINGLE-ENDED SIGNAL TO DISTORTION 
Figure 14 

25.0 

-10 -30 -40 -50 -60 

INPUT LEVEL (demO) 
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mUNITED 
TECHNOLOGIES 
MOSTEK 

TELECOMMUNICATION 
PRODUCTS 

J-t-255 LAW COMPANDING CODEC 
MK5151(J/P) 

FEATURES 

o ±5-Volt Power Supplies 

o Low Power Dissipation - 30mW (Typ) 

o Follows the J.L-255 Companding Law 

o Zero Code Suppression and Sign-Magnitude Data 
Format 

o On-Chip Sample and Hold 

o On-Chip Offset Null Circuit Eliminates Long-Term 
Drift Errors and Need for Trimming 

o Single 24-Pin Package 

o Minimal External Circuitry Required 

o Serial Data Output of 64kb/s - 2.1 Mb/s at 8kHz 
Sampling Rate 

o Separate Analog and Digital Grounding Pins Reduce 
System Noise Problems 

DESCRIPTION 

The MK5151 is a monolithic CMOS companding 
CODEC which contains two sections: (1) An analog-to­
digital converter which has a transfer characteristic 
conforming to the J.L-255 companding law and (2) a 
digital-to-analog converter which also conforms to the 
1-'-255 law. 

These two sections form a coder-decoder which is 
designed to meet the needs of the telecommunications 
industry for per-channel voice-frequency codecs used 
in telephone digital switching and transmission 
systems. Digital input and output are in serial format. 
Actual transmission and reception of 8-bit data words 
containing the analog information is done at a 64kb/s-
2.1 Mb/s rate with analog signal sampling occuring at 

an 8kHz rate. A sync pulse input is provided for 
synchronizing transmission and reception of multi­
channel information being multiplexed over a single 
transmission line. 

The pin configuration of the MK5151 is shown in Figure 
1 . 

PIN CONNECTIONS 
Figure 1 

DIGITAL OUTPUT~ 1 

XMIT CLOCK---"2 
AlB SEL (XMIT)---..3 

B SIGNAL IN-..4 

A SIGNAL IN~5 

RCV. SYNC~6 

RCV. CLOCK-"7 
AlB SEL. (RcV.)---..a 

A SIGNAL OUT.-9 

B SIGNAL OUT.-l0 
DIGITAL INPUT--.ll 

DIGITAL GROUND---.12 

24-N/C 

2~XMITSYNC 

22-4- MASTER CLOCK 
21-4-V+ 

20-4-ANALOG INPUT 

19-4-+VREF 
18~-VREF 

17-4-ANALOG GROUND 

16-N/C 

15-N/C 

, 4--'ANALOG OUTPUT 
, 3-4-V-

A block diagram of a PCM system using the MK5151 is 
shown in Figure 2. 

PCM SYSTEM BLOCK DIAGRAM 
Figure 2 

TRAN,MlnER 
(A/OI 

AI!CEI\fEA 
ID/AI 

'ROM { OYMEFI 
CHANNELl 

DIGITAL 
TRUNK 
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FUNCTIONAL DESCRIPTION: (Refer to Figure 3 for 
a Block Diagram) 

MK5151 BLOCK DIAGRAM 
Figure 3 

,...-______________ --. DIGITAL 

OUTPUT 

B SIG. A SIG 
OUT OUT 

ANALOG 
OUTPUT 

POSITIVE AND NEGATIVE REFERENCE 
VOLTAGES (+VREF and -VREF) Pins 19 and 18 

These inputs provide the conversion references for the 
digital-to-analog converters in the MK5151 . +VREF and 
-VREF must maintain 100ppM/oC regulation over the 
operating temperature range. Variation of the reference 
directly affects system gain. 

ANALOG INPUT, Pin 20 

Voice-frequency analog signals which are bandwidth­
limited to 4kHz are input at this pin. Typically, they are 
then sampled at an 8kHz rate (Refer to Figure 4.). The 
analog input must remain between +VREF and -VREF 
for accurate conversion. The recommended input interface 
circuit is shown in Figure 11. 

MASTER CLOCK, Pin 22 

This signal provides the basic timing and control signals 
required for all internal conversions. It does not have to 
be synchronized with RCV. SYNC, RCV. CLOCK, XMIT 
SYNC or XMIT CLOCK and is not internally related to 
them. 

XMIT SYNC, Pin 23 (Refer to Figure 12 for the 
Timing Diagram) 

This input is synchronized with XMIT CLOCK. When 
XMIT SYNC goes high, the digital output is activilted and 
the AID conversion begins on the next positive edge of 
MASTER CLOCK. The conversion by MASTER CLOCK 
can be asynchronous with XMIT CLOCK. The serial 
output data is clocked out by the positive edges of XMIT 
CLOCK. The negative edge of XMIT SYNC causes the 
digital output to become three-state. XMIT SYNC must 
go low for at least 1 master clock prior to the 
transmission of the next digital word. (Refer to Figure 
14). 

XM IT CLOCK, Pin 2 (Refer to Figure 12 for the Timing 
Diagram) 

The on-chip 8-bit output shift register of the MK5151 is 
unloaded at the clock rate present on this pin. Clock 
rates of 64kHz -2.1 MHz can be used for XMIT CLOCK. 
The positive edge of the INTERNAL CLOCK transfers the 
data from the master to the slave of a master-slave flip­
flop (Refer to Figure 5). If the positive edge ofXMIT SYNC 
occurs after the positive edge of XMIT CLOCK, XMIT 
SYNC will determine when the first positive edge of 
INTERNAL CLOCK will occur. In this event, the hold time 
for the first clock pulse is measured from the positive 
edge of XMIT SYNC. 

RCV. SYNC, Pin 6 (Refer to Figure 13 for the timing 
diagram) 

This input is synchronized with RCV. CLOCK and serial 
data is clocked in by RCV. CLOCK. Duration of the RCV. 
SYNC pulse is approximately 8 RCV. CLOCK periods. 
The conversion from digital-to-analog starts after the 
negative edge of the RCV. SYNC pulse (Refer to Figure 
4). The negative edge of RCV. SYNC should occur before 
the 9th positive clock edge to insure that only eight bits 
are clocked in. RCV. SYNC must stay low for 17 
MASTER CLOCKS (min.) before the next digital word is 
to be received (Refer to Figure 15). 

RCV CLOCK, Pin 7 (Refer to Figure 13 for Timing 
Diagram) 

The on-ch ip 8-bit sh ift reg ister for the M K5151 is loaded 
at the clock rate present on this pin. Clock rates of 
64kHz-2.1 MHz can be used for RCV. CLOCK. Valid data 
should be applied to the digital input before the positive 
edge ofthe internal clock (Refer to Figure 5). This set up 
time, tRDS, allows the data to be transferred into the 
MASTER of a master-slave flip-flop. The positive edge of 
the INTERNAL CLOCK transfers the data to the SLAVE 
of the master-slave flip-flop. A hold time, bDH, is 
required to complete this transfer. If the rising edge of 
RCV. SYNC occurs after the first rising edge of RCV. 
CLOCK, RCV. SYNC will determine when the first 
positive edge of INTERNAL CLOCK will occur. In this 
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AID, 01 A CONVERSION TIMING 
Figure 4 

I ~~"------------------------------125~SeC----------------------------~~~1 
______ J7' XMITSYNC \~ ____________________________________________ --J~ 

~""'15-20~SeC~ 
SAMPLE AND HOLD \1 

-------~ SAMPLE TIME ~--___________________________________ ~ 

"'" 32 MASTER CLOCKS 11-0 .... __ ---------------

ENABLE SAR 
SAR REQUIRES 

=128 MASTER CLOCKS 

----------------------~I RCV. SYNC 

____________________________________________________ -JI ANALOG OUTPUT UPDATED 

DATA INPUT IOUTPUT TIMING 
Figure 5 

XMIT 
I .. 200ns .1 Required For Data To Transfer 

From Master to Slave 

Internal I 
Clock 

-------- .----------
_________ J X Valid Data 

Rev. ~ 
Internal I 
Clock _ 

Required To Transfer Data 
'-- 200ns From Master to Slave 

~ ..-50ns Required to Load Master 

-----..X Valid Incoming Data 

event, the set-up and hold times for the first clock pulse 
should be measured from the positive edge of RCV. 
SYNC. 

DIGITAL OUTPUT, Pin 1 

The MK5151 output register stores the 8-bit encoded 
sample of the analog input. This 8-bit word is shifted out 
under control of XMIT SYNC and XMIT CLOCK. When 
XMIT SYNC is low, the DIGITAL OUTPUT is an open 
circuit. When XMIT SYNC is high, the state of the 
DIGITAL OUTPUT is determined by the value of the 
output bit in the serial shift register. The output is 
composed of a Sign Bit, 3 Chord Bits, and 4 Step Bits. 
The Sign Bit indicates the polarity of the analog input 

DIGITAL 
OUT 

XMIT SYNC 

XMIT CLOCK 

DIGITAL 
IN 

RCV SYNC 

RCV CLOCK 

MK5151 

while the Chord and Step Bits indicate the magnitude. In 
the first Chord, the Step Bit has a value of O.6mV. In the 
second Chord, the Step Bit has a value of 1.2mV. This 
doubling of the step value continues for each of the six 
successive Chords. 

Each Chord has a specific value and the Step Bits, 16 in 
each Chord, specify the displacement from that value 
(Refer to Table 1). Thus the output, which follows the 
1L-255 law, has resolution that is proportional to the 
input level rather than to full scale. This provides the 
resolution of a 12-bit AID converter at low input levels • 
and that of a 6-bit converter as the input approaches full 
scale. The transfer characteristic of the AID converter 
(Wlaw Encoder) is shown in Figure 6. 
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DIGITAL OUTPUT CODE p.-LAW 
Table 1 

Chord Code Chord Value 
1. 111 O.OmV 
2. 110 10.11 mV 
3. 101 30.3mV 
4. 100 70.8mV 
5. 011 151.7mV 
6. 010 313mV 
7. 001 637mV 
8. 000 1.284V 

EXAMPLE: 

Step Value 
0.613mV 
1.226mV 
2.45mV 
4.90mV 
'9.81mV 
19.61 mV 
39.2mV 
78.4mV 

1 100 1101 = + 70.8mV + (2 x 4.90mV) 
Sign Bit Chord Step Bits 
If the sign bit were a zero, then both plus signs would be 
changed to minus signs. 

AID CONVERTER (p.-Law Encoder) TRANSFER 
CHARACTERISTIC 
Figure 6 
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DIGITAL INPUT, Pin 11 

The MK5151 input register accepts the 8-bit sample of 
an analog value and loads it under control of RCV. SYNC 
and RCV. CLOCK. The timing diagram is shown in 
Figure 13. When RCV. SYNC goes high, the MK5151 
uses RCV. CLOCK to clock the serial data into its input 
register. RCV. SYNC goes low to indicate the end of 
serial input data. The 8 bits of the input data have the 
same functions described for the SERIAL OUTPUT. The 
transfer characteristic of the 01 A converter (p.-Iaw 
Decoder) is shown in Figure 7. 

ANALOG OUTPUT, Pin 14 

The analog output is in the form of voltage steps (100% 
duty cycle) having amplitude equal to the analog sample 
which was encoded. This waveform is then filtered with 
an external low-pass filter with sinxlx correction to 
recreate the sampled voice signal. When the 8th bit of 
the word is a signalling bit, it is assigned a value of Y2 
step. This results in a lower system quantization error 
rate than would result if the bit were arbitarily set to 0 
(no step) or 1 (full step). 

OPERATION OF CODEC WITH 64kHz XMIT IRCV. 
CLOCK FREQUENCIES 

XMIT IRCV. SYNC must not be allowed to remain at a 
logic "1" state. XMIT SYNC is required to be at a logic 
"0" state for 1 master clock period (min.) before the next 
digital word is transmitted. RCV. SYNC is required to be 
at a logic "0" state for 17 master clock periods (min.) 
before the next digital word is received (Refer to Figures 
14 and 15). 

AlB SIGNAL IN, Pins 4 and 5 

These two pins allow insertion of signalling information 
into the transmitted data stream. The inserted 
information occurs as the 8th bit (LSB) in the 
transmitted word. A positive transition occuring on AlB 
SEL (XMIT) selects A SIGNAL IN while a negative 
transition selects B SIGNAL IN. 

AlB SIGNAL OUT, Pins 9 and 10 

These two pins are provided to output received 
signalling information. A positive transition on AlB SEL 
(RCV.) routes the signal bit to A SIGNAL OUT while a 
negative transition routes the signal bit (bit 8) to B 
SIGNAL OUT. Refer to Figure 8. 

AlB SEL (XMIT), Pin 3 

This input selects either A SIGNAL IN or B SIGNAL IN as 
described in the AlB SIGNAL IN paragraph above, and 
should be changed only at the start of the 6th and 12th 
frames as shown in Figure 9. 



AlB SELECT TIMING 
Figure 8 

- - - - - - - -. ,-------------
I, XMITSYNC, 

TIME SLOT 24 \ 1.4V TIME SLOT 1 
-------'1'-- --- - - - - - - - --

XMIT 
CLOCK 

AlBIN 

1.4V 

- - - - - - -. ,------------., ,.... - - - -
TIME SLOT 24 1.4V RCV. SYNC, TIME SLOT 1 I 

\ -------' '- _________ -11'-__ _ 

RCV. 
CLOCK 

AlB SELECT RCV. 

A SIGNAL OUT OR B SIGNAL OUT 1.4V 

SIGNALLING TIMING REQUIREMENTS FOR 
PERFORMANCE EVALUATION 
Figure 9 

12 6 12 

RCV, SYNC I I I I I 

ASIGNAL IN 

B SIGNAL IN 

AlB SEL (RCV.), Pin 8 

This input routes the signalling bit, bit 8, either to A 
SIGNAL OUT or to B SIGNAL OUT as described in the 
AlB SIGNAL OUT paragraph above, and should be 
changed only at the start of the 6th and 12th frames as 
shown in Figure 9. 

OFFSET NULL 
The offset null feature of the MK5151 eliminates long­
term drift errors and conversion errors due to 
temperature changes by going through an offset 
adjustment cycle before every conversion, thus 
guaranteeing accurate AID conversion for inputs near 
ground. There is no offset adjust of the output amplifier 
because, since the output is intended to be AC - coupled 
to the external filter, the resultant DC error (VOFFSET/O) 

will have no effect. The sign bit is not used to null the 
analog input. Therefore, for an analog input of 0 volts, 
the sign bit will be stable. 

PERFORMANCE EVALUATION 

The equipment connections shown in Figure 10 can be 
used to evaluate the performance of the MK5151. An 
analog signal provided by the HP3551 A Transmission 
Test Set is connected to the Analog Input (Pin 20) of the 
MK5151. The Digital Output of the CO DEC is tied back 
to the Digital Input and the Analog Output is fed through 
a low-pass filter to the HP3551 A. Remaining pins ofthe 
MK5151 are connected as follows: 

(1) AlB SEL. (RCV.) is tied to AlB SEL. (XMIT). 
(2) RCV. SYNC is tied to XMIT SYNC. 
(3) XMIT CLOCK is tiedto MASTER CLOCK. The signal 

is inverted and tied to RCV. CLOCK. 

The following timing signals are required: 

(1) MASTER CLOCK = 1.536 MHz 
(2) XMIT SYNC repetition rate = 8kHz 
(3) XMIT SYNC width = 8 MASTER CLOCK periods 

Additional timing signals are shown in Figure 9. 

When all the above requirements are met, the setup of 
Figure 10 permits the measurement of synchronous 
system performance over a wide range of analog inputs. 
The data register and ideal decoder provide a means of 
checking the encoder portion of the MK5151 
independently of the decoder section. To test the system 
in the asynchronous mode, MASTER CLOCK should be 
separated from XMIT CLOCK and MASTER CLOCK 
should be separated from RCV. CLOCK. XMIT CLOCK 
and RCV. CLOCK are separated also. 

Some experimental results obtained with the MK5151 
are shown in Figure 16 and Figure 17.ln each case, both 
the measured results and the corresponding D3 
Channel Bank specifications are shown. The MK5151 
exceeds the requirements for Signal-to-Distortion ratio 
(Figure 17) and for Gain Tracking (Figure 16). 
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SYSTEM CHARACTERISTICS TEST 
CONFIGURATION 
Figure 10 

r­
I 

- - -- I l ~ DATA DIGITAL 
INPUT DIGITAL REGISTER 

OUTPUT 

I 
I 
I 

I 
I 
IH 
L 

1.004 kHz I 20 MK5151 
SIGNAL ANALOG 

SOURCE 
INPUT 

I 
ANALOG 14 

I 
OUTPUT 

I 
L - -- l 
1.004 kHz I 

NOUT ..-- NOTCH 
FILTER I P3551A 

, J - - ----- -

SOUT + NOUT 
NOTE: The ideal decoder consists of a digital decompander and a 13-bit precision DAC. 

ABSOLUTE MAXIMUM RATINGS 

FILTER 

... 
IDEAL 
DECODER 

~ f'I 
'-' 

SYSTEM ENCODER 

0 ONLY 

DC Supply Voltage, V+ ............................................................................... +6V 
DC Supply Voltage, V- ............................................................................... -6V 
Ambient Operating Temperature, T A' .....•.........•.....•............•........•............•..•. O°C to 70°C 
Storage Temperature .................................................................... -55°C to +125°C 
Package Dissipation at 25°C (Derated 9mW/oC when soldered into PCB) ............................ 500mW 
Digital Input ............................................................................ -0.5V S VIN S V+ 
Analog Input ............................................................................. V- S +VIN S V+ 
+VREF' ............................................................................. -0.5V S +VREF S V+ 
-VREF ................................................................................ V- S -VREF S 0.5V 
Stresses above those listed under "Absolute Maximum Ratings" may cause permanent damage to the device. This is a stress rating only and functional operation of 
the device at these or any other condition above those indicated in the operational sections of this specification is not implied. Exposure to absolute maximum rating 
conditions for extended periods may affect device reliability. 

ELECTRICAL OPERATING CHARACTERISTICS 
POWER SUPPLY REQUIREMENTS 

SYM PARAMETER MIN TYP MAX UNITS 

V+ Positive Supply Voltage 4.75 5.0 5.25 

V- Negative Supply Voltage -5.25 -5.0 -4.75 

+VREF Positive Reference Voltage 2.375 2.5 2.625 

-VREF Negative Reference Voltage -2.625 -2.5 -2.375 

TEST CONDITIONS: V+ = 5.0 V, V- = -5.0 V, + VREF = 2.5 V, -VREF = -2.5 V, TA = O°C to 70°C 
DC CHARACTERISTICS 

SYM PARAMETER MIN TYP MAX 

RINAS Analog Input Resistance During Sampling 2 

RINANS Analog Input Resistance Non-Sampling 100 

CINA Analog Input Capacitance 150 250 
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DC CHARACTERISTICS CONTINUED 

SYM PARAMETER MIN TYP MAX UNITS NOTES 

VOFFSET/I Analog Input Offset Voltage ±1 ±8 mV 2 

ROUTA Analog Output Resistance 20 50 n 

IOUTA Analog Output Current 0.25 0.5 mA 

VOFFSET/O Analog Output Offset Voltage -200 ±850 mV 

IINLOW Logic Input Low Current (VIN = 0.8V) 
Digital Input, Clock Input, Sync Input ±0.1 ±10 p.A 3 

IINHIGH Logic Input High Current (VIN = 2.4V) 
Digital Input, Clock Input, Sync Input -0.25 -0.8 mA 3 

Coo Digital Output Capacitance 8 12 pF 

IDOL Digital Output Leakage Current ±0.1 ±10 p.A 

VOUTLOW Logic Output Low Voltage 
Digital Output, AlB Signal Out 0.4 V 4 

VOUTHIGH Logic Output High Voltage 
Digital Output, AlB Signal Out 3.9 V 4 

1+ Positive Supply Current 4 10 mA 5 

1- Negative Supply Current 2 6 mA 5 

IREF+ Positive Reference Current 4 20 p.A 

IREF- Negative Reference Current 4 20 p.A 

AC CHARACTERISTICS (Refer to Figure 12 and Figure 13) 

SYM PARAMETER MIN TYP MAX UNITS NOTES 

FM Master Clock Frequency 1.5 1.544 2.1 MHz 

FR, Fx Receive, Transmit Clock Frequency 0.064 1.544 2.1 MHz 

PWCLK Clock Pulse Width (MASTER, XMIT, RCV.) 200 ns 

tRC Clock Rise Time (MASTER, XMIT, RCV.) 25% of 
PWCLK ns 

tRS,tFS Sync Fall, Rise Time (XMIT, RCV.) 25% of 
PWCLK ns 

tOIR' tOIF Digital Input Rise, Fall Time 25% of 
PWCLK ns 

8 
twsx, tWSR Sync Pulse Width (XMIT, RCV.) FxlfR) p's 

tps Sync Pulse Period (XMIT, RCV.) 125 p's 

50%of 
txcs XMIT Clock-to-XMIT Sync Delay t FC (tRS ) ns 6 

tXCSN XMIT Clock-to-XMIT Sync (Negative Edge) Delay 200 ns 

txss XMIT Sync Set-Up Time 200 ns 

txoo XMIT Data Delay 0 200 ns 4 

txop XMIT Data Present 0 200 ns 4 

tXOT XMIT Data Three State 150 ns 4 

tOOF Digital Output Fall Time 50 100 ns 4 • tOOR Digital Output Rise Time 50 100 ns 4 
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AC CHARACTERISTICS CONTINUED (Refer to Figure 12 and 13) 

SYM PARAMETER MIN TYP MAX UNITS NOTES 

50% of 
tSRC RCV. Sync-to-RCV. Clock Delay tRC (tFS) ns 6 

tRDS RCV. Data Set-Up Time 50 ns 7 

tRDH RCV. Data Hold Time 200 ns 7 

tRCS RCV. Clock-to-RCV. Sync Delay 200 ns 

tRSS RCV. Sync Set-Up Time 200 ns 7 

tSAO RCV. Sync-to-Analog Output Delay 7 P.s 

tA/BI AlB Signalling Input Setup Time 200 ns 

tA/BSH AlB Select Hold Time 200 ns 

tA/BSS AlB Select Setup Time 400 ns 

tA/BO AlB Signalling Output Delay 200 400 ns 

SLEW+ Analog Output Positive Slew Rate 1 V/p.s 

SLEW- Analog Output Negative Slew Rate 1 V/p.s 

DROOP Analog Output Droop Rate 25 p.V/p.s 

SYSTEM CHARACTERISTICS (Refer to Figures 16 and 17) 

SYM PARAMETER MIN TYP MAX UNITS TEST CONDo 

SID Signal-to-Distortion Ratio 35 39 dB Analog Input=O to -30dBmO 
29 34 dB Analog Input=-40dBmO 
24 29 dB Analog Input=-45dmO 

GT Gain Tracking -0.4 ±0.1 +0.4 dB Analog Input=+3 to -37dBmO 
-0.8 ±0.1 +0.8 dB Analog Input=-37 to -50dBmO 
-2.5 ±0.2 +2.5 dB Analog Input=-50 to -55dBmO 

NIC Idle Channel Noise 10 18 dBrncO Analog Input=O Volts 
Note 2 

TLP Transmission Level Point +4 dB 600n 

NOTES: 
1. +VREF and -VREF must be matched within ± 1 % in order to meet system 

requirements. 

RECOMMENDED ANALOG INPUT CIRCUIT 
Figure 11 

2. Sampling is accomplished bycharging an internal capacitor; therefore, the 
designer should avoid excessive source impedance. Input related device 
characteristics are derived using the Recommended Analog Input Circuit. 
See Figure 11. 

3. When a transistion from a "1" to a "0" takes place, the user must sink the 
"1" current until reaching the "0" level. 

4. Driving 30pF with IOH = -100JLA, IOL = 500JLA. 
5. Results in 30 mW typical power dissipation (clocks applied) under normal 

operating conditions. 
6. This delay is necessary to avoid overlapping CLOCK and SYNC. 
7. The first bit of data is loaded when the Sync and Clock are both "1" during 

bit time 1 as shown on RCV timing diagram. 
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TRANSMITIER 
SECTION TIMING 
Figure 12 

I~------------------------------------twsx------------------------------------~ 

2.4V 
1.4V 

NOTE, All rose and fall tImes are measured from 0 4V and 2.4V 
All delay times are measured from 1.4V 

RECEIVER SECTION TIMING 
Figure 13 

2.4V 
1.4V 

RCV SYNC O.4V 

RCV 
CLOCK 

PCM DATA PRESENT 

r-
--------------.---------------------------~\ ANALOG OUTPUT L 
NOTE: All rise & fall times are measured from O.4V and 2.4V. All delay times are 
measured from 1.4V. 
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64kHz OPERATION, TRANSMITTER SECTION TIMING 
Figure 14 

~1~~::::::::::::::::::::::::::::::::::=-_1_2_6_~_8_eC_-_-_-_-_-_-_-_-_-_-_-~_-~_-_-_-_-_-_-_-_-_-~~_-_-_-_-_-_-_-_-_-_-~~.~! 
I ~MIT SYNC I r-
~ u 1 MASTER 

I.--- PWCLK ----.J '----CLOCK 
I - - I I - PERIOD 

XMIT 

l 
V 

PCM DATA PRESENT 

NOTE: All rile and fall time. are maaiurad from O.4V and 2.4V. All delay time. ar. 
measured from 1.4V. 

64kHz OPERATION, RECEIVER SECTION TIMING 
Figure 15 

(MIN) 

) 

1~4.-----------------------------------125Msec--------------------------------------~ .. ~1 
I RCV SYNC I r;-;ASTER 
~ U ~,LOCK 

~ 
~I,ll.l 
CLOCK U I U L l 

----+f 1-1--tR DH 
tRDS~ I+j 

NOTE: All riae and fall timea are measured from O.4V and 2.4V. All delay tlm.a ara 
mealured from 1.4V. 
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MK5151 GAIN TRACKING PERFORMANCE 
Figure 16 

INPUT LEVEL (dBmOl MK6161 

MK5151 SID RATIO VS. INPUT LEVEL 
Figure 17 

INPUT LEVEL ~dBmO) 
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IJUNITED 
TECHNOLOGIES 

. MOSTEK 

FEATURES 

o ±5-Volt Power Supplies 

o Low Power Dissipation - 30mW (Typ) 

o Follows the A-Law Companding Code 

o Includes CCITT Recommended Even-Order-Bit 
Inversion 

o Synchronous or Asynchronous Operation 

o On-Chip Sample and Hold 

o On-Chip Offset Null Circuit Eliminates Long-Term 
Drift Errors and Need for Trimming 

o Single 16-Pin Package 

o Minimal External Circuitry Required 

o Serial Data Output of 64kb/s-2.1 Mb/s at 8kHz 
Sampling Rate 

o Separate Analog and Digital Grounding Pins Reduce 
System Noise Problems 

DESCRIPTION 

The MK5156 is a monolithic CMOS companding 
CODEC which contains two sections: (1) An analog-to­
digital converter which has a transfer characteristic 
conforming to the A-law companding code and (2) a 
digital-to-analog converter which also conforms to the 
A-law code. 

These two sections form a coder-decoder which is designed 
to meet the needs of the telecommunications industry for 
per-channel voice-frequency codecs used in digital 
switching and transmission systems. Digital input and 
output are in serial format. Actual transmission and 
reception of 8-bit data words containing the analog 
information is done at a 64kb/s-2.1 Mb/s rate with analog 
signal sampling occuring at an 8kHz rate. A sync pulse input 

TELECOMMUNICATION 
PRODUCTS 

A-LAW COMPANDING CODEC 
MK5156(J/P) 

is provided for synchronizing transmission and reception of 
multi-channel information being multiplexed over a single 
transmission line. 

The pin configuration of the MK5156 is shown in 
Figure 1. 

PIN CONNECTIONS 
Figure 1 

ANALOG INPUT --.1 

v+ --.2 
v- ---"3 

N/C - 4 

MASTER CLOCK ---.5 

XMIT SYNC ---..6 

XMIT CLOCK ---.. 7 

OIGITAL OUTPUT"- 8 

16 '-+VREF 

15'--V REF 

14 .-ANALOG GROUND 

13 --. ANALOG OUTPUT 

12.- DIGITAL INPUT 

11.- DIGITAL GROUND 

10-4- RCV CLOCK 

9'- RCV SYNC 

A block diagram of a PCM system using the MK5156 is 
shown in Figure 2. 

PCM SYSTEM BLOCK DIAGRAM 
Figure 2 
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FUNCTIONAL DESCRIPTION: (Refer to Figure 3 for 
a Block Diagram) 

MK5156 BLOCK DIAGRAM 
Figure 3 

XMIT TRANSMIT 
SYNC SECTION 

XMIT 
CLOCK 

MASTER 
CLOCK 

RCV 
SYNC 

,--------------+-.g~~~ 

XMIT SYNC, Pin 6 (Refer to Figure 10 for the Timing 
Diagram) 

This input is synchronized with XMIT CLOCK. When 
XMIT SYNC goes high, the digital output is activated and 
the AID conversion begins on the next positive edge of 
MASTER CLOCK. The conversion by MASTER CLOCK 
can be asynchronous with XMIT CLOCK. The serial 
output data is clocked out by the positive edges of XMIT 
CLOCK. The negative edge of XMIT SYNC causes the 
digital output to become three-state. XMIT SYNC must 
go low for at least 1 master clock prior to the 
transmission of the next digital word (Refer to Figure 
12). 

XMIT CLOCK, Pin7 (Referto Figure 1 OfortheTiming 
Diagram) 

The on-chip 8-bit output shift register of the MK5156 
is unloaded at the clock rate present on this pin. Clock 
rates of 64kHz-2.1 MHz can be used for XMIT CLOCK. 
The positive edge of the INTERNAL CLOCK transfers the 
data from the master to the slave of a master-slave flip­
flop (Refer to Figure 5). If the positive edge of XMIT SYNC 
occurs after the positive edge of XMIT CLOCK, XMIT 
SYNC will determine when the first positive edge of 
INTERNAL CLOCK will occur. In this event, the hold time 
for the first clock pulse is measured from the positive 
edge of XMIT SYNC. 

RCV 
CLOCK 

RCV. SYNC, Pin 9 (Refer to Figure 11 for the Timing 

>---+--t-~~~i~~ Diagram) 
RECEIVE 
SECTION 

POSITIVE AND NEGATIVE REFERENCE 
VOLTAGES (+VREF and -VREF) Pins 16 and 15 

These inputs provide the conversion references for the 
digital-to-analog converters in the MK5156. +VREF 
and -VREF must maintain 100ppM/oC regulation over 
the operating temperature range. Variation of the 
reference directly affects system gain. 

ANALOG INPUT, Pin 1 

Voice-frequency analog signals which are bandwidth­
limited to 4kHz are input at this pin. Typically, they are 
then sampled at an 8kHz rate (Refer to Figure 4.). The 
analog input must remain between +VREF and -VREF 
for accurate conversion. The recommended input interface 
circuit is shown in Figure 9. 

MASTER CLOCK, Pin 5 

This signal provides the basic timing and control signals 
required for all internal conversions. It does not have to 
be synchronized with RCV. SYNC, RCV. CLOCK, XMIT 
SYNC or XMIT CLOCK and is not internally related to 
them. 

This input is synchronized with RCV. CLOCK and serial 
data is clocked in by RCV. CLOCK. Duration of the RCV 
SYNC pulse is approximately 8 RCV. CLOCK periods. 
The conversion from digital-to-analog starts after the 
negative edge of the RCV. SYNC pulse (Refer to Figure 
4). The negative edge of RCV. SYNC should occur before 
the 9th positive clock edge to insure that only eight bits 
are clocked in. RCV. SYNC must stay low for 17 
MASTER CLOCKS (min.) before the next digital word is 
to be received (Refer to Figure 13). 

RCV CLOCK, Pin 10 (Refer to Figure 11 for Timing 
Diagram) 

The on-chip 8-bit shift register for the MK5156 is 
loaded at the clock rate present on this pin. Clock rates 
of 64kHz-2.1 MHz can be used for RCV. CLOCK. Valid 
data should be applied to the digital input before the 
positive edge of the internal clock (Refer to Figure 5). 
This set up time, tRDS, allows the data to be transferred 
into the MASTER of a master-slave flip-flop. The 
positive edge of the INTERNAL CLOCK transfers the 
data to the SLAVE of the master-slave flip-flop. A hold 
time, tRDH, is required to complete this transfer. If the 
rising edge of RCV. SYNC occurs after the first rising 
edge of RCV. CLOCK, RCV. SYNC will determine when 
the first positive edge of INTERNAL CLOCK will occur. In 
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AID, 01 A CONVERSION TIMING 
Figure 4 

~~r ---125J.lSeC---~~ 
______ ~~XMITSYNC \~ ____________________________________________________ --J~ 

~=15-20J.lSeC~ 
SAMPLE AND HOLD \1 

------__ ~ SAMPLE TIME ~--------------------------------------------------~ 
= 32 MASTER CLOCKS ~ .... ~ ____________ _ 

ENABLE SAR 
SAR REQUIRES 

=128 MASTER CLOCKS 

-------------------~/ RCV. SYNC 

__________________________________________________________ -J~ ANALOG OUTPUT UPDATED 

DATA INPUT IOUTPUT TIMING 
Figure 5 

XMIT 
Internal 
Clock 

I .. 200ns ~I Required For Data To Transfer 
From Master to Slave 

________ -"x Valid Data 

DIGITAL 
OUT 

XMIT SYNC 

XMIT CLOCK 

MK5156 

Required To Transfer Data 

RCV -.J '-- 200ns From Master to Slave 

Internal I 
Clock --~ k-50ns Required to Load Master 

----~I I\. Valid Incoming Data 

this event, the set-up and hold times for the first clock 
pulse should be measured from the positive edge of 
RCV. SYNC. 

DIGITAL OUTPUT, Pin a 

DIGITAL 
IN 

RCV.SYNC 

RCV.CLOCK 

Each Chord has a specific value and the Step Bits, 16 in 
each Chord, specify the displacement from that value 
(Refer to Table 1). Thus the output, which follows the A­
law, has resolution that is proportional to the input level 
rather than to fu II sca Ie. This provides the resol ution of a 
12-bit AID converter at low input levels and that of a 6-

The MK5156 output register stores the a-bit encoded bit converter as the input approaches full scale. The 
sample of the analog input. This a-bit word is shifted out transfer characteristic of the AID converter (A-law 
under control of XMIT SYNC and XMIT CLOCK. When Encoder) is shown in Figure 6. 
XMIT SYNC is low, the DIGITAL OUTPUT is an open 

circuit. When XMIT SYNC is high, the state of the DIGITAL INPUT, Pin 12 
DIGITAL OUTPUT is determined by the value of the 
output bit in the serial shift register. The output is The MK5156 input register accepts the a-bit sample 
composed of a Sign Bit, 3 Chord Bits, and 4 Step Bits. of an analog value and loads it under control of RCV. 
The Sign Bit indicates the polarity of the analog input SYNC and RCV. CLOCK. The timing diagram is shown in 
while the Chord and Step Bits indicate the magnitude. In Figure 11. When RCV. SYNC goes high, the MK5156 • 
the first two Chords, the Step Bit has a value of 1.2mV. uses RCV. CLOCK to clock the serial data into its input . 
In the third Chord, the Step Bit has a value of 2.4mV. register. RCV. SYNC goes low to indicate the end of 
This doubling of the step value continues for each of the serial input data. The a bits of the input data have the 
five successive Chords. same functions described for the DIGITAL OUTPUT. The 
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DIGITAL OUTPUT CODE: A LAW 
Table 1 

Chord Code 
1. 101 
2. 100 
3. 111 
4. 110 
5. 001 
6. 000 
7. 011 
8. 010 

EXAMPLE: 

Chord Value 
O.OmV 
20.1 mV 
40.3mV 
80.6mV 
161.1mV 
332mV 
645mV 
1.289V 

Step Value 
1.221 mV 
1.221 mV 
2.44mV 
4.88mV 
9.77mV 
19.53mV 
39.1 mV 
78.1 mV 

1 110 0111 = +80.6mV+ (2 x 4.BBmV) 
Sign Bit Chord Step Bits 
If the sign bit were a zero, then both plus signs would be 
changed to minus signs. 

AID CONVERTER (A-Law Encoder) TRANSFER 
CHARACTER ISTIC 
Figure 6 
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transfer characteristic of the DI A converter (A-law 
Decoder) is shown in Figure 7. 

ANALOG OUTPUT, Pin 13 

The analog output is in the form of voltage steps (100% 
duty cycle) having amplitude equal to the analog sample 
which was encoded. This waveform is then filtered with 
an external low-pass filter with sinx/x correction to 
recreate the sampled voice signal. 

OPERATION OF CODEC WITH 64kHz XMIT IRCV. 
CLOCK FREQUENCIES 

XMIT IRCV. SYNC must not be allowed to remain at a 
logic "1" state. XMIT SYNC is required to be at a logic 
"0" state for 1 master clock period (min.) before the next 
digital word is transmitted. RCV. SYNC is required to be 
at a logic "0" state for 17 master clock periods (min.) 
before the next digital word is received (Referto Figures 
12and13). 

OFFSET NULL 

The offset null feature of the MK5156 eliminates 
long-term drift errors and conversion errors due to 
temperature changes by going through an offset 
adjustment cycle before every conversion, thus 
guaranteeing accurate AID conversion for inputs near 
ground. There is no offset adjust of the output amplifier 
because, since the output is intended to be AC - coupled 
to the external filter, the resultant DC error (VOFFSET/O) 
will have no effect. The sign bit is not used to null the 
analog input. Therefore, for an analog input of 0 volts, 
the sign bit will be stable. 

PERFORMANCE EVALUATION 

The equipment connections shown in Figure 8 can be 
used to evaluate the performance of the MK5156. An 
analog signal provided by the HP3552A Transmission 
Test Set is connected to the Analog Input (Pin 1) of the 
MK5156. The Digital Output of the CODEC is tied 
back to the Digital Input and the Analog Output is fed 
through a low-pass filter to the HP3552A. Remaining 
pins of the MK5156 are connected as follows: 

(1) RCV. SYNC is tied to XMIT SYNC 
(2) XMIT CLOCK istiedtoMASTER CLOCK. The signal 

is inverted and tied to RCV. CLOCK. 

The following timing signals are required: 

(1) MASTER CLOCK = 1.536 MHz 
(2) XMIT SYNC repetition rate = BkHz 
(3) XMIT SYNC width = 8 XMIT CLOCK periods 

When all the above requirements are met, the setup of 
Figure B permits the measurement of synchronous 
system performance over a wide range of analog inputs. 
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The data register and ideal decoder provide a means of 
checking the encoder portion of the MK5156 
independently of the decoder section. To test the system 
in the asynchronous mode, MASTER CLOCK should be 
separated from XMIT CLOCK and MASTER CLOCK 

should be separated from RCV. CLOCK. XMIT CLOCK 
and RCV. CLOCK are separated also. Some 
experimental results obtained with the MK5156 are 
shown in Figures 14 and 15. 

SYSTEM CHARACTERISTICS TEST 
CONFIGURATION 
Figure 8 

r-.-_-------,I 
DIGITAL 
INPUT DIGITAL 

OUTPUT 

MK5156 
1.020kHz 
SIGNAL 
SOURCE 

I--__ ~ANALOG 
INPUT 

I 
I 
I I 

ANALOG 13 
OUTPUT 1---=0----------<1\ 

I 

I 
I 
I HP3552A 

L __ 

I 
L 
1.020 kHz 
NOTCH 
FILTER 

l 
I 

FILTER 

I L..--___ ~ 

J 

SOUT+ NOUT 

SYSTEM 

NOTE: The ideal decoder consists of a digital decompander and a 13-bit precision DAC. 

ABSOLUTE MAXIMUM RATINGS 

IDEAL 
DECODER 

ENCODER 
ONLY 

DC Supply Voltage, V+ ............................................................................... +6V 
DC Supply Voltage, V- .......................................................................•....... -6V 
Ambient Operating Temperature, T A' ..................................................•••........ O°C to 70°C 
Storage Temperature .................................................................... -55°C to +125°C 
Package Dissipation at 25°C (Derated 9mW/oC when soldered into PCB) ............................ 500mW 
Digital Input ............................................................................ -0.5V :5 VIN :5 V+ 
Analog Input .............................................................................. V-:5 VIN :5 V+ 
+VREF' ............................................................................. -O.5V :5 +VREF :5 V+ 
-VREF ............................................................................... V-:=; -VREF :=; +0.5V 

Stresses above those listed under "Absolute Maximum Ratings" may cause permanent damage to the device. This is a stress rating only and functional operation of 
the device at these or any other condition above those indicated in the operational sections of this specification is not implied. Exposure to absolute maximum rating 
conditions for extended periods may affect device reliability. 

ELECTRICAL OPERATING CHARACTERISTICS 
POWER SUPPLY REQUIREMENTS 

SYM PARAMETER 

V+ Positive Supply Voltage 

V- Negative Supply Voltage 

+VREF Positive Reference Voltage 

-VREF Negative Reference Voltage 

MIN 

4.75 

-5.25 

2.375 

-2.625 
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TYP MAX UNITS NOTES 

5.0 5.25 V 

-5.0 -4.75 V 

2.5 2.625 V 1 

-2.5 -2.375 V 1 • 



TEST CONDITIONS: V+ = 5.0V, V- = -5.0V, + VREF = 2.5V, -VREF = -2.5V, TA = O°C to 70°C 
DC CHARACTERISTICS 

SYM PARAMETER MIN TYP MAX 

RINAS Analog Input Resistance During Sampling 2 

RINANS Analog Input Resistance Non-Sampling 100 

CINA Analog Input Capacitance 150 250 

VOFFSETjI Analog Input Offset Voltage ±1 ±8 

RouTA Analog Output Resistance 20 50 

louTA Analog Output Current 0.25 0.5 

(VOFFSET/O) Analog Output Offset Voltage -200 ± 850 

hNLOW Logic Input Low Current (VIN = 0.8V) 
Digital Input, Clock Input, Sync Input ± 0.1 ±10 

hNHIGH Logic Input High Current (VIN = 2.4V) 
Digital Input, Clock Input, Sync Input -0.25 -0.8 

Coo Digital Output Capacitance 8 12 

IDoL Digital Output Leakage Current ± 0.1 ±10 

VOUTLOW Digital Output Low Voltage 0.4 

VOUTHIGH Digital Output High Voltage 3.9 

1+ Positive Supply Current 4 10 

1- Negative Supply Current 2 6 

IREF+ Positive Reference Current 4 20 

IREF- Negative Reference Current 4 20 

AC CHARACTER ISTICS (Refer to Figure 10 and Figure 11) 

SYM PARAMETER MIN TYP MAX 

FM Master Clock Frequency 1.5 2.048 2.1 

FR, Fx XMIT, RCV. Clock Frequency 0.064 2.048 2.1 

PWCLK Clock Pulse Width (MASTER, XMIT, RCV.) 200 

tRC, tFC Clock Rise, Fall Time (MASTER, XMIT, RCV.) 25% of 
PWCLK 

tRS, tFS Sync Rise, Fall Time (XMIT, RCV.) 25% of 
PWCLK 

tOIR,tOIF Data Input Rise, Fall Time 25% of 
PWCLK 

_8_ 
twsx, tWSR Sync Pulse Width (XMIT, RCV.) Fx(FR) 

tps Sync Pulse Period (XMIT, RCV.) 125 

txcs XMIT Clock-to-XMIT Sync Delay 50% of 
tFc(tRS) 

tXCSN XMIT Clock-to~XMIT Sync (Negative Edge) Delay 200 
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AC CHARACTERISTICS CONTINUED (Refer to Figure 10 and Figure 11) 

SYM PARAMETER MIN TYP MAX UNITS NOTES 

txss XMIT Sync Set-Up Time 200 ns 

txoo XMIT Data Delay 0 200 ns 4 

hop XMIT Data Present 0 200 ns 4 

tXOT XMIT Data Three State 150 flS 4 

tOOF Digital Output Fall Time 50 100 ns 4 

tOOR Digital Output Rise Time 50 100 ns 4 

tSRC RCV. Sync-to-RCV. Clock Delay 50% of 
tRC (tFS) ns 6 

tROS RCV. Data Set-Up Time 50 ns 7 

tROH RCV. Data Hold Time 200 ns 7 

bcs RCV. Clock-to-RCV. Sync Delay 200 ns 

tRSS RCV. Sync Set-Up Time 200 ns 7 

tSAO RCV. Sync-to-Analog Output Delay 7 J.l.S 

SLEW+ Analog Output Positive Slew Rate 1 V/J.l.s 

SLEW- Analog Output Negative Slew Rate 1 V/J.l.s 

DROOP Analog Output Droop Rate 25 J.l.V/J.l.s 

SYSTEM CHARACTERISTICS (Refer to Figures 14 and 16) 

SYM PARAMETER MIN 

SID Signal-to-Distortion Ratio 35 
29 
24 

GT Gain Tracking -0.4 
-0.8 
-2.5 

Nlc Idle Channel Noise 

TLP Transmission Level Point 

NOTES: 
" +VREF and -VREF must be matched within ± , % in order to meet system 

requirements, 
2, Sampling is accomplished by charging an internal capacitor; therefore, the 

designer should avoid excessive source impedance, Input related device 
characteristics are derived using the Recommended Analog Input Circuit. 
See Figure g, 

3, When a transition from a "'" to a "0" takes place, the user must sink the 
"'" current until reaching the "0" level. 

4, Driving 30pF with IOH = -'00 IJA, IOL = 500 IJA. 
5, Results in 30 mW typical power dissipation (clocks applied) under normal 

operating conditions, 
6, This delay is necessary to avoid overlapping Clock and Sync, 
7, The first bit of data is loaded when Sync and Clock are both "'" during bit 

time' as shown on RCV, timing diagram, 

TYP MAX UNITS TEST CONDo 

39 dB Analog Input=O to -30dBmO 
34 dB Analog Input=-40dBmO 
29 dB Analog,lnput=-45dmO 

±0.1 +0.4 dB Analog Input=+3 to -37dBmO 
±0.1 +0.8 dB Analog Input=-37 to -50dBmO 
±0.2 +2.5 dB Analog Input=-50 to -55dBmO 

-80 -68 dBmOp Analog Input=O Volts; note 2, 

+4 dB 600n 

RECOMMENDED ANALOG INPUT CIRCUIT 
Figure 9 
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TRANSMITTER SECTION TIMING 
Figure 10 

PCM DATA PRESENT 

NOTE: All rise and fall times are measured from O.4V and 2.4V. All delay times are measured from 1.4V. 

RECEIVER SECTION TIMING 
Section 11 

RCV SYNC 

r-
A~N~A7LO~G~O~U~T=P~U=T~------------------------------------------------------------------------------------~~ 

NOTE: All rise and fall times are measured from O.4V and 2.4V. All delay times are measured from 1.4V. 
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64kHz OPERATION, TRANSMITTER SECTION TIMING 
Figure 12 

I ~.~------------------------------------125Msec------------------------------------4.~I 
,r-X-M-I-T-S-Y-N-C------------------------------------------------------------, r-----
~ ---.l I..- U 1 MASTER 

- 1 1 - PWCLK ~ 14--- CLOCK 
~ I I - PERIOD 

l 
V 

PCM DATA PRESENT 

NOTE: All rise and fall times are measured from O.4V and 2.4V. All delay times are measured from 1.4V. 

64kHz OPERATION, RECEIVER SECTION TIMING 
Figure 13 

) 

~1·~------------------------------------125Msec---------------------------------------4~~I 

(MIN) 

I RCV SYNC I ~ASTER 
---.--J ~ ~ L.J CL~C~ PERIODS 

~I 1- PWCLK 4 ~(MIN) 
r-------, .. ------, 

NOTE: All rise and fall times are measured from O.4V and 2.4V. All delay times are measured from 1.4V. 
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MK5156 SID RATIO VS. INPUT LEVEL 
Figure 14 

INPUT LEVEL (dBmO) 

M5156 GAIN TRACKING PERFORMANCE 
Figure 15 

CCITI SPECIFICATIONS 

INPUT LEVel (dBmO) 
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mUNITED 
TECHNOLOGIES 
MOSTEK 

TELECOMMUNICATIONS 
PRODUCTS 

COMPANDING CODEC WITH FILTERS 
MKS316(J) 

FEATURES 

o Per-channel, single-chip CODEC with filters 

D AT&T D3/D4 and CCITT compatible 

o Pin-programmable wlaw/power-down 

D On-chip voltage references 

o ±5 volt power supplies, ±5% 

o Low power dissipation 
• 40 mW operating (typ) 
• .5 IlW power down (typ) 

o TIL/CMOS-compatible digital inputs and outputs 

o Gain adjust available at the transmit and receive filter 
stages 

o Synchronous or asynchronous operation 

D Serial data rate from 64 kb/s to 4.096 Mb/s 

o Separate internal analog and digital grounds reduce 
system noise problems 

D Single 16-pin package 

D Minimal external component count 

DESCRIPTION 

The MK5316 is a monolithic device containing a com­
panding CODEC and PCM filters on a single chip. This 
device has been designed to meet the needs of the 
telecommunications industry for per-channel, voice­
frequency CODECs and PCM filters. Both the transmit 
and receive sections have been incorporated into a 
single package with negligible loss of crosstalk immuni­
ty. Typical device applications are PBX systems, cen­
tral offices, channel banks, and other telephone digital 
switching and transmission systems. 

The MK5316 transmit section is composed of an input 
amplifier, a band-pass filter, and a compressing AID 

PIN CONNECTIONS 
Figure 1 

GRDA 

VFRO 2 

Vee 3 

Vee 4 

DR 5 

GRDD 6 

FSR 7 

CLKR 8 

16 GSx 
15 VFxl-

14 VFXOF 

13 VFx1e 

12 POII' 

11 Ox 

10 FSx 
9 CLKx 

converter. The operational amplifier output is available 
for use in an inverting gain configuration at the transmit 
stage. By disabling the amplifier, this output can be us­
ed as a noninverting high-impedance input to the band­
pass filter. The band-pass, switched-capacitor filter pro­
vides rejection of the 50-60 Hz power line' frequency and 
the band-limiting required for an 8 kHz sampling 
system. The AID converter transforms the band-limited, 
voice-frequency signals into 8-bit words using one of 
two selectable companding laws. The encoded data is 
transmitted in a serial format under the control of a data 
clock and a frame synchronization input. 

The receive section of the MK5316 is composed of an 
expanding D/A converter and a low-pass filter. The D/A 
converter receives 8-bit words in a serial format under 
control of a data clock and a frame synchronization in­
put. The low-pass, switched-capacitor filter smooths the 
voltage steps of the D/A converter and provides com­
pensation for the sinx/x decoder response. The receive 
filter output may then be adjusted to system levels by 
use of a voltage divider network. 

Pin connections for the MK5316 are shown in Figure 1. 
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_
UNITED 
TECHNOLOGIES 
MOSTEK 

TELECOMMUNICATIONS 
PRODUCTS 

COMPANDING CODEC WITH FILTERS 
MK5320(J) 

FEATURES 

o Per-channel, single-chip CODEC with filters and 
receive power amplifiers 

o AT&T D3/04 and CCITT compatible 

o Pin-programmable wlaw/A-law/power-down 

o On-chip voltage references 

o ±5 volt power supplies, ±5% 

o Low power dissipation 
• 40 mW typical without power amplifiers 
• .5 p.W typical in power down mode 

o TTL/CMOS-compatible digital inputs and outputs 

o Gain adjust available at the transmit and receive 
filter stages 

o Synchronous or asynchronous operation 

o Serial data rate from 64 kb/s to 4.096 Mb/s 

o Separate internal analog and digital grounds reduce 
system noise problems 

o Single 20-pin 300-mil package 

o Minimal external component count 

DESCRIPTION 

The MK5320 is a monolithic silicon-gate CMOS device 
containing a companding CODEC, PCM filters, and rec­
ceive power amplifiers on a single chip. This device has 
been designed to meet the needs of the telecom­
munications industry for per-channel, voice-frequency 
CODECs and PCM filters. Both the transmit and receive 
sections have been incorporated into a single package 
with negligible loss of crosstalk immunity. Typical device 
applications are PBX systems, central offices, channel 
banks, and other telephone digital switching and 
transmission systems. 

The MK5320 transmit section is composed of an input 
amplifier, a band-pass filter, and a compressing AID 

PIN CONNECTIONS 
Figure 1 

VFRO .- 1 

PWRI -. 2 

PWRO+.- 3 

PWRO'.- 4 

Vee -. 5 

Vee -. 6 

DR -. 7 

GRDD ..... 8 

FSR .... 9 

CLKR .... 10 

20 .... GRDA 

19-GSx 
18'- VFxl-

17'- VFxl+ 

16-'VFxOF 

15'- VFx1e 

14"- PD/p.-A 

13 ..... Dx 
12'- FSx 
11'- CLKx 

converter. The operational amplifier output is available 
for use in a gain configuration at the transmit stage. By 
disabling the amplifier, this output can be used as a 
non inverting high-impedance input to the band-pass 
filter. The band-pass, switched-capacitor filter provides 
rejection of the 50-60 Hz power line frequency and the 
band-limiting required for an 8 kHz sampling system. 
The AID converter transforms the band-limited, voice­
frequency signals into 8-bit words using one of two 
selectable companding laws. The encoded data is 
transmitted in a serial format under the control of a data 
clock and a frame synchronization input. 

The receive section of the MK5320 is composed of an 
expanding D/A converter, a low pass filter, and a dif­
ferential power amplifier pair. The D/A converter 
receives 8-bit words in a serial format under control of 
a data clock and a frame synchronization input. The low­
pass, switched-capacitor filter smooths the voltage 
steps of the D/A converter and provides compensation 
for the sinx/x decoder response. The receive filter out­
put may then be adjusted to system levels by use of 
a voltage divider network. The differential power 
amplifier pair is available for use in applications requir­
ing low-impedance drive capability. 

Pin connections for the MKS320 are shown in Figure 1. • 
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COMPANDING CODEC WITH FILTERS 
MK5356(J) 

FEATURES 

o Per-channel, single-chip CODEC with filters 

o CCITT compatible 

o Pin-programmable A-Iaw/power-down 

o On-chip voltage references 

o ±5 volt power supplies, ±5% 

o Low power dissipation 
• 40 mW operating (typ) 
• .5 p,W power down (typ) 

o TTL/CMOS-compatible digital inputs and outputs 

o Gain adjust available at the transmit and receive filter 
stages 

o Synchronous or asynchronous operation 

o Serial data rate from 64 kb/s to 4.096 Mb/s 

o Separate internal analog and digital grounds reduce 
system noise problems 

o Single 16-pin package 

o Minimal external component count 

DESCRIPTION 

The MK5356 is a monolithic device containing a com­
panding CODEC and PCM filters on a single chip. This 
device has been designed to meet the needs of the 
telecommunications industry for per-channel, voice­
frequency CODECs and PCM filters. Both the transmit 
and receive sections have been incorporated into a 
single package with negligible loss of crosstalk immuni­
ty. Typical device applications are PBX systems, cen­
tral offices, channel banks, and other telephone digital 
switching and transmission systems. 

The MK5356 transmit section is composed of an input 
amplifier, a band-pass filter, and a compressing AID 

PIN CONNECTIONS 
Figure 1 

GRDA 

VFRO 2 

Vee 3 

Vee 4 

DR 5 

GRDD 6 

FSR 7 

CLKR 8 

16 GSx 
15 VFxl-

14 VFXOF 

13 VFx1e 

12 PD/A 

11 Ox 

10 FSx 
9 CLKx 

converter. The operational amplifier output is available 
for use in an inverting gain configuration at the transmit 
stage. By disabling the amplifier, this output can be us­
ed as a noninverting high-impedance input to the band­
pass filter. The band-pass, switched-capacitor filter pro­
vides rejection of the 50-60 Hz power line frequency and 
the band-limiting required for an a kHz sampling 
system. The AID converter transforms the band-limited, 
voice-frequency signals into a-bit words using A-law 
companding. The encoded data is transmitted in a 
serial format under the control of a data clock and a 
frame synchronization input. 

The receive section of the MK5356 is composed of an 
expanding D/A converter and a low pass filter. The D/A 
converter receives a-bit words in a serial format under 
control of a data clock and a frame synchronization in­
put. The low-pass, switched-capacitor filter smooths the 
voltage steps of the D/A converter and provides com­
pensation for the sinx/x decoder response. The receive 
filter output may then be adjusted to system levels by 
use of a voltage divider network. 

Pin connections for the MK5356 are shown in Figure 1. II 
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COMPANDING CODEC WITH FILTERS 
MK5326(J) 

FEATURES 

D Per-channel, single-chip CODEC with filters and 
receive power amplifiers 

D CCITI compatible 

D Pin-programmable A-Iaw/power-down 

D On-chip voltage references 

D ±S volt power supplies, ±S% 

D Low power dissipation 
• 40 mW typical without power amplifiers 
• .5 JJ-W typical in power down mode 

D TTL/CMOS-compatible digital inputs and outputs 

D Gain adjust available at the transmit and receive 
filter stages 

D Synchronous or asynchronous operation 

D Serial data rate from 64 kb/s to 4.096 Mb/s 

D Separate internal analog and digital grounds reduce 
system noise problems 

D Single 20-pin 300-mil package 

D Minimal external component count 

DESCRIPTION 

The MKS326 is a monolithic silicon-gate CMOS device 
containing a companding CODEC, PCM filters, and rec­
ceive power amplifiers on a single chip. This device has 
been designed to meet the needs of the telecom­
munications industry for per-channel, voice-frequency 
CODECs and PCM filters. Both the transmit and receive 
sections have been incorporated into a single package 
with negligible loss of crosstalk immunity. Typical device 
applications are PBX systems, central offices, channel 
banks, and other telephone digital switching and 
transmission systems. 

The MKS326 transmit section is composed of an input 
amplifier, a band-pass filter, and a compressing AID 

PIN CONNECTIONS 
Figure 1 

VFRO 20 GROA 

PWRI 2 19 GSx 
PWRO+ 3 18 VFxl-

PWRO' 4 17 VFxl+ 

Vee 5 16 VFXOF 

Vee 6 15 VFx1e 

DR 7 14 PO/A 

GROO 8 13 Ox 
FSR 9 12 FSx 
CLKR 10 11 CLKx 

converter. The operational amplifier output is available 
for use in a gain configuration at the transmit stage. By 
disabling the amplifier, this output can be used as a 
noninverting high-impedance input to the band-pass 
filter. The band-pass, switched-capacitor filter provides 
rejection of the 50-60 Hz power line frequency and the 
band-limiting required for an 8 kHz sampling system. 
The AID converter transforms the band-limited, voice­
frequency signals into 8-bit words using A-Iaw compan­
ding. The encoded data is transmitted in a serial for­
mat under the control of a data clock and a frame 
synchronization input. 

The receive section of the MKS326 is composed of an 
expanding D/A converter, a low pass filter, and a dif­
ferential power amplifier pair. The D/A converter 
receives 8-bit words in a serial format under control of 
a data clock and a frame synchronization input. The low­
pass, switched-capacitor filter smooths the voltage 
steps of the D/A converter and provides compensation 
for the sinx/x decoder response. The receive filter out­
put may then be adjusted to system levels by use of 
a voltage divider network. The differential power 
amplifier pair is available for use in applications requir­
ing low-impedance drive capability. 

Pin connections for the MKS326 are shown in Figure 1. 

XVI-39 

• 



XVI-40 



mUNITED 
TECHNOLOGIES 
MOSTEK 

INTRODUCTION 

A general trend towards the conversion of voice sig­
nals to digital information is currently occurring. 
TDM PCM is the most popular form of digital trans­
mission. 

Today there are several important applications for 
this TDM scheme: 
1. A high speed digital data link between central 

offices to pass many conversations over one pair 
of wires. 

2. The electronic connection of two different circuit 
paths. 

3. Concentrators 

Traditionally this connection had been done by 
electromechanical crossreed switches. Very low "on" 
resistance, low crosstalk, and immunity from the 
large ringing or transient voltages were required. Since 
the electromechanical technique was deemed to be of 
lower reliability, an all electronic approach was 
desired. Electronic cross point switches were designed 
and built, but because the electrical requirements 
mentioned above are extremely difficult to meet, the 
results were not entirely satisfying. 

The digital approach obviates the analog switch pro­
blem by first performing an A to D conversion, then 
assigning a time slot for each voice channel. For the 
D3 channel bank, 24 channels of digital data of 8 bits 

8kHz SAMPLING SYSTEM 
Figure 1 

TELECOMMUNICATION 
PRODUCTS 

INTEGRATED PCM CODEC 
TECHNOLOGY UPDATE 

per word are transmitted in a serial bit stream at 
1.544 Mbits/sec. Each voice channel is sampled at an 
8kHz rate so this signal must be bandlimited to less 
than 4kHz in order to prevent undesirable aliasing. 

Figure 1 shows how a 1 kHz input signal is sampled 
every 125 p.sec. At each of these sampling times, the 
analog information is converted into an eight-bit 
digital word that is later sent out in serial format at 
the 1.544 Mbits/sec rate. 

Figure 2 shows how the 24 voice channels are time 
division multiplexed onto one wire (for simplicity 
only simplex operation is shown). 

Channel 1 analog information is first bandlimited to 
less than 4kHz, then sampled and converted to a com­
panded digital code. This 8 bit word is serially trans­
mitted to a multiplexer where digital information 
from all the other channels are assimalated. The final 
bit stream of 1.544mbit/sec is sent to the demulti­
plexer where the appropriate alphanumeric channel is 
connected to numeric channel. This control (se­
lection) is done by the main computer or processor. 
One may see that any numeric channel could be con­
nected to any alphanumeric channel by means of a 
different time slot assignment. This completes the 
switching in a completely digital manner. 
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AID AND DI A CONVERSION TIMING 
Figure 4 

~I. ----125/lS-----r-1 
XMITSYC n n 

~~----~~L.~~~~~~~_T_R_A_N_SM_I_T_PR_E_V_IO_U_S_SA_M_P_L_E ________ r-_________ ~ __________ _ 
I ... ::- 80/ls 

ENABLE 
SAR 

---.r~-7 /lS 1"-
RCV SYNC Fl... RECEIVE NEXT SAMPLE 

----------~----~ 

f UPDATE I ______________________ ~ ANALOG OUTPUT L _______________ _ 

~7/lS 1.--
process is completed, the output of the SAR is 
loaded into the output buffer. The data is trans­
mitted serially at the output clock rate during the 
period the XMIT SYNC is high. During the signalling 
frame, signalling information (SigA/SigB) is in­
serted into the output bit stream in place of the 8th 
data bit as selected by the AlB select (SMIT) input. 

CIRCUIT DESCRIPTION 

The system timing is controlled by the sequence con­
troller which operates at master clock rate of 1.5 - 2.1 
MHz. All necessary signals, e.g. and S&H, SAR clock 
Encode/Decode control, etc; are generated in this 
section. To insure proper encode operation, decode 
interrupt is allowed only when the internal SAR clock is 

CAPACITOR LADDER 
Figure 5 

lowthus resulting in a variable (5-7 J.Ls) decode interrupt 
interval. 

The 8 to 13 bit converter gives a one-to-one transla­
tion between 8 bit companded code at its input to a 
13 bit linear code at its output thus allowing the use 
of a linear DAC in the digital-to-analog conversion 
process. 

The 13-bit linear DAC operates on the charge distri­
bution principal of a binary weighted capacitor 
ladder. 

As shown in Figure 5, the capacitor ladder has two 
sections of 7 bits (7 most significant bits) and 6 bits 
(6 least significant bits) connected by a 64: 1 ca~ac­
itor divider. The equivalent circuit of the two sections 
can be drawn as shown in Figure 6. 

XVI-42 



CAPACITOR LADDER EQUIVALENT CIRCUIT 
Figure 6 

1.016pf 

rf-'--I..-----1~~DAC OUTPUT 

~8 ~64'1 ~ 127,1 ~ 7 
~ WnCnV r 

n=1 127 

WHERE 

-=- -=-
Wn = 0 or 1 for the n th bit. 

Cn = n th bit capacitor. 

Vr = Reference Voltage I+Vref or -Vref) 

The output of the OAC can be written as: 

VOAC = ~ [ 7 13 J 
128 ~ Wn Cn + ~ Wn (Cn/64) 

n=1 n=8 

which is equivalent to the output of a 13 bit OAC 
with an equivalent output capacitance of 128pF. 

I n the encode section th is equ iva lent capacitor of 
128pF is also employed to perform the additional 
function of offset-null and sample-hold as shown in 
Figure 7. 

OFFSET NULL/SAMPLE HOLD 
Figure 7 . S2 

Vi"l~~ 
SIGNAL-TO-NOISE RATIO 
Figure 9 

40 

42 42 

33 

Initially S1 is connected to Vin and S2 is closed. The 
op. amp. is operating as a unity gain follower and its 
offset voltage (Voff), along with the analog input voltage, 
is stored on the capacitor. 

Then switch S2 is opened and S1 is switched to ana­
log ground. The voltage at the inverting input of the 
op-amp is now Voff-Vin. Thus when the amplifier 
operates with S2 open it acts as a comparator with 
effectively zero offset and -Vin applied on its 
inverting input. The other end of the capacitor can 
now be operated as a OAC. Thus the capacitor ladder 
performs all the necessary functions of offset-null 
sample-hold as well as a DAC in the encode section of 
the chip. 

EXPERIMENTAL RESULTS 

The set up of Figure 8 was used to evaluate the chip 
performance. 

CHIP PERFORMANCE 
Figure 8 

Unit #1 

XMIT 1 

RCV 1 

Unit #2 

XMIT2 

RCV 2 

The MK5151 CODEC performance exceeds the AT& 
T 03 channel bank specifications. Figure 9 shows the 
signal-to-quantizing distortion as a function of input 
level. 

Idle channel noise of 13-14dBrnCO is better than the 
03 spec by 9-10dB. Gain tracking is shown in Figure 
10. 

30 03 CHANNEL BANK SPECS 

20 

15 

10 
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GAIN TRACKING 
Figure 10 
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INPUT LEVEL (dBm) MK5151 

Operating power measured at room temperature typi­
cally is 30mW. This is low enough that a stand-by 
mode is not deemed necessary. The European A-law 

version of the CODEC is also available and is simply a 
metal mask variation of this product. Chip size is 170 
x 184 mils. 
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FEATURES 

o 100% compatible Ethernet serial port 

o Data packets moved by block transfers over a pro­
cessor bus (on-board DMA controller 24-bit linear ad­
dress space) 

o Buffer management 

D Packet framing 

o Preamble and CRC insertion 

D Preamble stripping and CRC checking 

o General 16-bit microprocessor bus interface compa 
ble with popular processors (68000, 8086, Z80e 
LSI-11) 

D Cable fault detection 

D Multicast logical address filtration 

D Collision handling and retry 

D Scaled N-channel MOS VLSI technology 

D 48-pin DIP 

o Single 5-volt power supply 

D Single phase TIL level clock 

o All inputs and outputs TIL compatible 

D Completely compatible with companion Serial Inter­
face Adapter (SIA) chip. (MK68591) 

DESCRIPTION 

The MK68590-LANCETM (Local Area Network Controller 
for Ethernet) is a 48-pin VLSI device designed to simplify 
greatly the interfacing of a microcomputer or a minicom­
puter to an Ethernet Local Area Network. This chip 
operates in a local environment that includes a closely 
coupled memory and microprocessor. The LANCE uses 
scaled N-channel MOS technology and is compatible 
with several microprocessors. 

LANCE is a trademark of Mostek Corporation. 

MICROCOMPUTER 
COMPONENTS 

LOCAL AREA NETWORK 
CONTROLLER FOR ETHERNET 

MK68590 

MK68590 
Figure 1 

LANCE PIN ASSIGNMENT 
Figure 2 

Vss 
DAL07 

DAL06 

DAL05 

DAL04 

DAL03 

DAL02 7 

DAL01 8 

DALOO 

READ 10 

'i"N'fR 11 

i5ALi 12 MK68590 

i5ALO 13 

DAS 14 

BMo I BYTE 15 

iiMi I BUSAKO 16 

HolD I BiJsiffi 17 

ALE/As 18 

H'LilA 19 

Cs 20 

ADR 21 

READY 22 

Rm'i' 23 

VSS 24 

48 VCC 
47 DAL08 

46 DAL09 

45 DAL10 

44 DAL11 

43 DAL12 

42 DAL13 

41 DAL14 

40 DAL15 

39 A16 

38 A17 

37 A18 

36 A19 

35 A20 

34 A21 

33 A22 

32 A23 

31 RX 

30 RENA 

29 TX 

28 CLSN 

27 RCLK 

26 TENA 

25 TCLK 
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PIN DESCRIPTION 

DALOO-DAL 15 
(Data/Address Bus) 
InpuVOutput Tri-State. The time multiplexed Address/ 
Data bus. These lines will be driven as a Bus Master 
and as a Bus Slave. 

READ 
Input/Output Tri-State. Indicates the type of operation to 
be performed in the current bus cycle. When it is a Bus 
Master, LANCE drives this signal. 

LANCE as Bus Slave: 
High - The chip places data on the DAL lines. 
Low - The chip takes data off the DAL lines. 

LANCE as Bus Master: 
High - The chip takes data off the DAL lines. 
Low - The chip places data on the DAL lines. 

INTR 
(Interrupt) 
Output Open Drain. When enabled, an attention signal 
that indicates the occurrence of one or more of the 
following events: a message reception or transmission 
has completed or an error has occurred during the trans­
action; the initialization procedure has completed; or a 
memory error has been encountered. Programming 
register (CSRO) enables INTR. 

DALI 
(Data/Address Line In) 
Output Tri-State. An external bus transceiver control line. 
When LANCE is a Bus Master and reads from the DAL 
lines, DALI is asserted. 

DALO 
(Data/Address Line Out) 
Output Tri-State. An external bus transceiver control line. 
When LANCE is a Bus Master and drives the DAL lines, 
DALO is asserted. 

DAS 
(Data/Strobe) 
InpuVOutput Tri-State. Defines the data portion of the bus 
transaction. DAS is driven only as a Bus Master. 

BMO, BM1 or BYTE, BUSAKO 
(Byte Mask) 
Output Tri-State. Pins 15 and 16 are programmable 
through bit (00) of CSR3 (known as BCON). Asserting 
RESET clears CSR3. 

If BCON = 0 
PIN 16 = BM 1 (Output Tri-State) 
PIN 15 = BM 0 (Output Tri-State) 

BMO, BM1 Byte Mask. Indicates the byte(s) of a bus 
transaction to read or written. The BM lines are ignored 

as a Bus Slave and assume word transfers only. The 
LANCE drives the BM lines only when it is a Bus Master. 
Byte selection occurs as follows: 

BM1 BMO 

LOW LOW Whole Word 
LOW HIGH Byte of DAL 08 - DAL 15 
HIGH LOW Byte of DAL 04 - DAL 07 
HIGH HIGH None 

If BCON = 1 
PIN 16 = BUSAKO (Output) 
PIN 15 = BYTE (Output Tri-State) 

Byte. An alternate byte selection line. Byte selection 
occurs when the BYTE and DAL (00) lines are latched 
during the address portion of the bus transaction. BYTE, 
BMO and BM1 are ignored as Bus Slaves. There are two 
modes of ordering bytes depending on bit (02) of CSR3, 
(known as BSWP). This programmable ordering of upper 
and lower bytes when using BYTE and DAL (00) as 
selection signals is required to make the ordering com­
patible with various 16-bit microprocessors. 

BSWP = 0 BSWP = 1 

BYTE DAL(OO) BYTE DAL(OO) 

LOW LOW 
LOW HIGH 
HIGH HIGH 
HIGH LOW 

LOW LOW 
LOW HIGH 
HIGH LOW 
HIGH HIGH 

WHOLE WORD 
ILLEGAL CONDITION 
UPPER BYTE 
LOWER BYTE 

BUSAKO. The DMA daisy chain output. 

HOLD/BUSRQ 
(Bus Hold Request) 
Input/Output Open Drain. LANCE asserts this signal 
when it requires access to memory. HOLD is held LOW 
for the entire bus transaction. This bit is programmable 
through bit (00) of CSR3 (known as BCON). In the daisy 
chain DMA mode (BCON = 1) BUSRQ is asserted only 
if BUSRQ is inactive prior to assertion. Bit (00) of CSR3 
is cleared when RESET is asserted. 

CSR3(00) BCON = 0 
PIN 17 = HOLD (Output Open Drain) 

CSR3(00) BCON = 1 
PIN 17 = BUSRQ (Output Open Drain) 
BUSRQ will be asserted only if PIN 17 is high prior 
to assertion. 

ALE/AS 
(Address Latch Enable) 
Output Tri-State. Used to demultiplex the DAL lines and 
define the address portion of the bus cycle. This 110 pin 
is programmable through bit (01) of CSR3. As ALE, the 
signal transitions from a HIGH to a LOW at the end of 
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the address portion of the bus transaction and remains 
LOW during the entire data portion of the transaction. 
As AS, the signal transitions from a LOW to a HIGH at 
the end of the address portion of the bus transaction and 
remains HIGH throughout the entire data portion of the 
transaction. The LANCE drives the ALE/AS line only as 
a Bus Master. 

CSR3(01) ACON = 0 
PIN 31 = ALE 

CSR3(01) ACON = 1 
PIN 31 = AS 

HLDA 
(Bus Hold Acknowledge) 
Input. A response to HOLD indicating that the LANCE 
is the Bus Master. HLDA stops its response when HOLD 
ends its assertion. 

CS 
(Chip Select) 
Input. When asserted, CS indicates LANCE is the slave 
device of the data transfer. CS must be valid throughout 
the data portion of the bus cycle. 

ADR 
(Register Address Port Select) 
Input. When CS is asserted, ADR indicates which of the 
two register ports is selected. ADR must be valid 
throughout the data portion of the bus cycle. 

ADR PORT 
LOW Register Data Port 
HIGH Register Address Port 

READY 
Input/Output Open Drain. When the LANCE is a bus 
master, READY is an asynchronous acknowledgement 
from external memory that will complete the data transfer. 
As a bus slave, the chip asserts READY when it has put 
data on the bus, or is about to take data off the bus. 
READY is a response to DAS. READY negates after DAS 
negates. Note: If DAS or CS deassert prior to the asser­
tion of READY, READY cannot assert. 

RESET 
Input. Bus reset signal. Causes LANCE to cease opera­
tion, and enter an idle state. 

TLCK 
(Transmit Clock) 
Input. Normally a free-running 10 MHz clock. (Crystal­
controlled within .01% accuracy.) 

TENA 
(Transmit Enable) 
Output. Transmit Output Stream Enable. A level asserted 
with the transmit output bit stream, TX, to enable the 
external transmit logic. 

RCLK 
(Receive Clock) 
Input. Normally a 10MHz square wave synchronized to 
the Receive data and only present while receiving an 
input bit stream. 

CLSN 
(Collision) 
Input. A logical input that indicates that a collision is 
occurring on the channel. 

TX 
(Transmit) 
Output. Transmit Output Bit Stream. 

RENA 
(Receive Enable) 
Input. A logical input that indicates the presence of data 
on the channel. 

RX 
(Receive) 
Input. Receive Input Bit Stream. 

A16-A23 
(High-Order Address Bus) 
Output Tri-State. The additional address bits necessary 
to extend the DAL lines to produce a 24-bit address. 
These lines will be driven as a Bus Master only: 

VCC 
Power supply pin. +5 VDC ±5% 

VSS 
Ground. 0 VDC 

FUNCTIONAL CAPABILITIES 

The Local Area Network Controller for Ethernet (LANCE) 
interfaces to a microprocessor bus characterized by time 
multiplexed address and data lines. Typically, data trans­
fers are 16 bits wide but byte transfers occur if the buf­
fer memory address boundaries are odd. The address 
bus is 24 bits wide. 

The Ethernet packet format consists of 64-bit preamble, 
a 48-bit destination address, a 48-bit source address, a 
16-bit type field, and from a 46 to 1500 byte data field 
terminated with a 32-bit CRC. The packets' variable 
widths accommodate both short status, command and 
terminal traffic packets, and long data packets to printers 
and disks (1024 byte disk sectors, for example). Packets 
are spaced a minimum of 9.6 p'sec apart to allow one 
node enough time to receive back-to-back packets. 

The LANCE operates in a minimal configuration that re­
quires close coupling between local memory and a pro­
cessor. The local memory provides packet buffering for 
the chip and serves as a communication link between 
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the chip and the processor. During initialization, the con­
trol processor loads the starting address of the initializa­
tion block plus the operating mode of the chip via two 
control registers into LANCE. The host processor talks 
directly to LANCE only during this initial phase. All fur-

ther communications are handled via a DMA machine 
under microword control contained within LANCE. Figure 
3 shows a block diagram of the LANCE and SIA device 
used to create an Ethernet interface for a computer 
system. 

ETHERNET LOCAL AREA NETWORK SYSTEM BLOCK DIAGRAM 
Figure 3 
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FUNCTIONAL DESCRIPTION 

SERIAL DATA HANDLING 

LANCE provides the Ethernet interface as follows. In the 
transmit mode (since there is only one transmission path, 
Ethernet is a half duplex system), the LANCE reads data 
from a transmit buffer by using Direct Memory Access 
(DMA) and appends the preamble, sync pattern (two 
ones after alternating ones and zeros in the preamble), 
and calculates and appends the complement of the 
32-bit CRC. In the receive mode, the destination address, 
source address, type, data, and CRC fields are trans­
ferred to memory via DMA cycles. The CRC is calculated 
as data and transmitted CRC is received. At the end of 
the packet, if this calculated CRC does not agree with 
a constant, an error bit is set and an interrupt is 
generated to the microprocessor. In the receive mode, 
LANCE accepts packets under four modes of operation. 
The first mode is a full comparison of the 48-bit destina­
tion address in the packet with the node address that 
was programmed into the LANCE during an initialization 
cycle. There are two types of logical addresses. One is 
a group type mask where the 48-bit address in the 
packet is put through a hash filter in order to map the 
48-bit physical addresses into 1 of 64 logical groups. This 
mode can be useful if sending packets to all of one type 
of a device simultaneously on the network. (Le., send 
a packet to all file servers or all printer servers). The 
second logical address is a multicast address where all 
nodes on the network receive the packet. The last 
receive mode of operation is the so called "promiscuous 
mode" in which a node will accept all packets on the 
coax regardless of their destination address. 

COLLISION DETECTION AND IMPLEMENTATION 

The Ethernet CSMAlCD network access algorithm is 
implemented completely within the LANCE. In addition 
to listening for a clear network cable before transmitting, 
Ethernet handles collisions in a predetermined way. 
Should two transmitters attempt to seize the network 
cable at the same time, they will collide, and the data 
on the network cable will be garbled. LANCE is con­
stantly monitoring the CLSN (Collision) pin. This signal 
is generated by the transceiver when the signal level on 
the network cable indicates the presence of signals from 
two or more transmitters. If LANCE is transmitting when 
CLSN is asserted, it will continue to transmit the pream­
ble, (normally collisions will occur while the preamble 
is being transmitted) then will "jam" the network for 32 
bit times (3.2 microseconds). This jamming ensures that 
all nodes have enough time to detect the collision. The 
transmitting nodes then delay a random amount of time 
according to the "truncated binary backoff" algorithm 
defined in the Ethernet specification to minimize the pro­
bability of the colliding nodes having multiple collisions 
with each other. After 16 abortive attempts to transmit 
a packet, LANCE will report a RTRY error due to ex-

cessive collisions and step over the transmitter buffer. 
During reception, the detection of a collision causes that 
reception to be aborted. Depending on when the colli­
sion occurred, LANCE will treat this packet as an error 
packet if the packet has an address mismatch, as a runt 
packet (a packet that has less than 64 bytes), or as a 
legal length packet with a CRC error. 

Extensive error reporting is provided by the LANCE 
through a microprocessor interrupt and error bits in a 
status register. The following are the significant error con­
ditions: CRC error on received data; transmitter on 
longer than 1518 bytes; missed packet error (meaning 
a packet on the network cable was missed because 
there were no empty buffers in memory), and memory 
error, in which the memory did not respond (handshake) 
to a memory cycle request. 

BUFFER MANAGEMENT 

A key feature of the LANCE and its DMA channel is the 
flexibility and speed of communication between the 
LANCE and the host microprocessor through common 
memory locations. The basic organization of the buffer 
management is a circular queue of tasks in memory 
called descriptor rings, as shown in Figure 4. Separate 
descriptor rings describe either transmit or receive 
operations. Up to 128 tasks may be queued on a descrip­
tor ring for execution by the LANCE. Each entry in a 
descriptor ring holds a pointer to a data memory buffer 
and an entry for the data buffer length. Data buffers can 
be chained or cascaded to handle a long packet in multi­
ple data buffer areas. The LANCE searches the descrip­
tor rings to determine the next empty buffer. This enables 
it to chain buffers together or to handle back-to-back 
packets. As each buffer is filled, an "own" bit is reset, 
signaling the host processor to empty this buffer. 

MICROPROCESSOR INTERFACE 

The parallel interface of the LANCE has been designed 
to be "friendly" or easy to interface to many popular 
16-bit microprocessors. These microprocessors include 
the following: MK68000, Z8000, 8086, LSI-11, T-11, and 
MK68200. (The MK68200 is a 16-bit single chip micro­
computer being sampled by Mostek with an architecture 
modeled after the MK68000). The LANCE has a wide 
24-bit linear address space when it is in the Bus Master 
Mode, allowing it to DMA directly into the entire address 
space of the above microprocessors. The LANCE uses 
no segmentation or paging methods and as such the 
addressing is closest to MK68000 addressing. However, 
it is compatible with the others. When the LANCE is a 
Bus Master, a programmable mode of operation allows 
byte addressing either by employing a BytelWord con­
trol signal, much like that used on the 8086 or the Z8000, 
or by using an Upper Data Strobe/Lower Data Strobe 
much like that used on the MK68000, LSI-11 and 
MK68200 microprocessors. A programmable polarity on 
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the Address Strobe signal eliminates the need for 
external logic. LANCE interfaces with multiplexed and 
demultiplexed data busses and features control signals 
for address/data bus transceivers. 

microprocessor. 

The cause of the interrupt is ascertained by reading 
CSRO. Bit (06) of CSRO, INEA, enables or disables 
interrupts to the microprocessor. In a polling mode, BIT 
(07) of CSRO is sampled to determine when an interrupt 
causing condition occurred. 

After the initialization routine, packet reception and 
transmission, transmitter timeout error, a missed packet, 
and memory error, LANCE generates interrupts to the 

LANCE MEMORY MANAGEMENT 
Figure 4 
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LANCE INTERFACE DESCRIPTION 

ALE, DAS and READY time all data transfers from the 
LANCE in the Bus Master mode. The automatic adjust­
ment of the LANCE cycle by the READY signal allows 
synchronization with variable cycle time memory due 
either to memory refresh or to dual port access. Bus 
cycles are a minimum of SOO ns long and can be in­
creased in 100 ns increments. 

READ SEQUENCE 

At the beginning of a read cycle, valid addresses are 
placed on DALOO-DAL15 and A1S-A21. The BYTE Mask 
signals (BMO and BM'1) become valid at the beginning 
of this cycle as does READ, indicating the type of cycle. 
The trailing edge of ALE or AS strobes the addresses 
AO-A15 into the external latches. Approximately 100 ns 
later, DALOO-DAL15 go into a tri-state mode. There is a 
50 ns delay to allow for transceiver turnaround, then DAS 
falls low to signal the beginning of the data portion of 
the cycle. At this point in the cycle, the LANCE stalls 
waiting for the memory device to assert READY. Upon 
assertion of READY, DAS makes a transition from a zero 
to a one, latching memory data. (DAS is low for a mini­
mum of 200 ns). 

The bus transceiver controls, DALI and DALO, control 

the bus transceivers. DALI signals to strobe data toward 
the LANCE and DALO signals to strobe data or addres­
ses away from the LANCE. During a read cycle, DALO 
goes inactive before DALI goes active to avoid "spiking" 
of bus transceivers. 

WRITE SEQUENCE 

The write cycle begins exactly like a read cycle with the 
READ line remaining inactive. After ALE or AS pulse, 
the DALOO-DAL 15 change from addresses to data. DAS 
goes active when the DALOO-DAL15 are stable. This data 
remains valid on the bus until the memory device asserts 
READY. At this point, DAS goes inactive, latching data 
into the mem~device. Data is held for 75 ns after the 
negation of DAS. 

LANCE INTERFACE DESCRIPTION - BUS SLAVE 
MODE 

The LANCE enters the Bus Slave Mode whenever CS 
becomes active. This mode must be entered whenever 
writing or reading the four status control registers (CSRO, 
CSR1, CSR2, and CSR3) and the register address 
pointer (RAP). RAP and CSRO may be read or written 
to at any time, but the LANCE must be stopped for CSR1, 
CSR2, and CSR3 to be written to. 
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MK68590 ELECTRICAL SPECIFICATION 

ABSOWTE MAXIMUM RATINGS 

Temperature Under Bias ....................................................... -25°C to +100°C 
Storage Temperatu re. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . ........................ - 65°C to + 150°C 
Voltage on Any Pin with Respect to Ground ........................................... - 7 V to + 7 V 
Power Dissipation ....................................................................... 2.0 W 
Stresses above those listed under ''Absolute Maximum Ratings" may cause permanent damage to the device. This is a stress rating only and functional operation 
of the device at these or any other condition above those indicated in the operational sections of this specification is not implied. Exposure to absolute maximum 
rating conditions for extended periods may affect device reliability. 

DC CHARACTERISTICS 
TA =O°C to 70°C, Vee = +5 V ± 5% unless otherwise specified. 

SYMBOL PARAMETER 

VIL 

VIH 

VOL @ IOL = 3.2 mA 

VOH @ IOH = -0.4 mA 

IlL @ Vin = 0.4 to Vee 

CAPACITANCE 
F=1 MHz 

SYMBOL PARAMETER 

CIN 

COUT 

CIO 

AC TIMING SPECIFICATIONS 
TA = O°C to 70°C, Vee = +5 V± 5% unless otherwise specified. 

# SIGNAL SYMBOL PARAMETER 

1 TCLK TlCT TCLK period 

2 TCLK TlCL TCLK low time 

3 TCLK TlCH TCLK high time 

4 TCLK TlCR Rise time of TCLK 

5 TCLK TlCF Fall time of TCLK 

6 TENA TTEP TENA propagation delay after the 
rising edge of TCLK 

7 TENA TTEH TENA hold time after the rising edge 
of TCLK 
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MIN MAX UNITS 

-0.5 +0.8 V 

+2.0 Vee +0.5 V 

+0.5 V 

+2.4 V 

±10 p,A 

MIN MAX UNITS 

10 pf 

10 pf 

20 pf 

TEST MIN TYP MAX 
CONDITIONS ns ns ns 

99 101 

45 55 

45 55 

0 8 

0 8 

CL = 50 pf 95 

CL = 50 pf 5 



AC TIMING SPECIFICATIONS (CONTINUED) 
T A = O°C to 70°C, V CC = +5 V ± 5% unless otherwise specified. 

# SIGNAL SYMBOL PARAMETER TEST MIN TYP MAX 
CONDITIONS ns ns ns 

8 TX TTDP TX data propagation delay after the CL=50 pf 95 
rising edge of TCLK 

9 TX TTDH TX data hold time after the rising CL=50 pf 5 
edge of TCLK 

10 RCLK TRCT' RCLK period 85 118 

11 RCLK TRCH RCLK high time 38 

12 RCLK TRCL RCLK low time 38 

13 RCLK TRCR Rise time of RCLK 0 8 

14 RCLK TRCF Fall time of RCLK 0 8 

15 AX TROR RX data rise time 0 8 

16 RX TROF RX data fall time 0 8 

17 RX TROH RX data hold time (RCLK to RX 5 
data change) 

18 RX TROS RX data setup time (RX data stable to 60 
the rising edge of RCLK) 

19 RENA TOPL RENA low time 120 

20 CLSN TCPH CLSN high time 80 

21 AlDAL TOOFF Bus master driver disable after rising edge of 0 50 
HOLD 

22 AlDAL TOON Bus master driver enable after falling edge of 0 150 
HLDA 

23 HLDA THHA Delay to falling edge of HLDA from falling 0 
edge of HOLD (Bus master) 

24 RESET TRW RESET pulse width low 200 

25 AlDAL TevCLE Readlwrite, address/data cycle time 600 

26 A TXAS Address setup time to the falling edge of ALE 75 

27 A TXAH Address hold time after the rising edge of 35 
DAS 

28 DAL TAS Address setup time to the falling edge of ALE 75 

29 DAL TAH Address hold time after the falling edge of 35 
ALE 

30 DAL TROAS Data setup time to the rising edge of DAS 50 
(Bus master read) 
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AC TIMING SPECIFICATIONS (CONTINUED) 
TA = O°C to 70°C, Vee = +5 V± 5% unless otherwise specified. 

# SIGNAL SYMBOL PARAMETER TEST MIN TYP MAX 
CONDITIONS ns ns ns 

31 DAL TAOAH Data hold time after the rising edge of DAS 0 
(Bus master read) 

32 DAL TOOAS Data setup time to the falling edge of DAS 0 
(Bus master write) 

33 DAL Twos Data setup time to the rising edge of DAS 200 
(Bus master write) 

34 DAL TWOH Data hold time after the rising edge of DAS 35 
(Bus slave read) 

35 DAL TS001 Data driver delay after the falling edge of DAS (CSR 0,3, RAP) 400 
(Bus slave read) 

36 DAL TS002 Data driver delay after the falling edge of DAS (CSR 1,2) 1200 
(Bus slave read) 

:r1 DAL TSAOH Data hold time after the rising edge of DAS 0 35 
(Bus slave read) 

38 DAL TSWOH Data setup time to the falling edge of DAS 0 
(Bus slave write) 

39 DAL Tswos Data setup time to the falling edge of DAS 0 
(Bus slave write) 

40 ALE TALEW ALE width high 130 

41 ALE TDALE Delay from rising edge of DAS to the rising 70 
edge of ALE 

42 DAS Tosw DAS width low 200 

43 DAS TAOAS Delay from the falling edge of ALE to the 80 
falling edge of DAS 

44 DAS TAIOF Delay from the rising edge of DALO to the 35 
falling edge of DAS (BUS master read) 

45 DAS TAOYS Delay from the falling edge of READY Taryd= 100 250 
to the rising edge of DAS 300 ns 

46 DALI TAOIF Delay from the rising edge of DALO to the 35 
falling edge of DALI (Bus master read) 

47 DALI TAIS DALI setup time to the rising edge of DAS 135 
(Bus master read) 

48 DALI TAIH DALI hold time after the rising edge of DAS 0 
(Bus master read) 

49 DALI TAIOF Delay from the rising edge of DALI to the 55 
falling edge of DALO (Bus master read) 

50 DALO Tos DALO setup time to the falling edge of ALE 110 
(Bus master read) 

51 DALO TAOH DALO hold time after the falling edge of ALE 35 
(Bus master read) 

52 DAOj TWOSI Delay from the rising edge of DAS to the 35 
rising edge of DALO (Bus master write) 
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AC TIMING SPECIFICATIONS (CONTINUED) 
TA = O°C to 70°C, Vee = +5 V± 5% unless otherwise specified. 

# SIGNAL SYMBOL PARAMETER TEST MIN TYP MAX 
CONDITIONS ns ns ns 

53 CS TeSH CS hold time after the rising edge of DAS 0 
(Bus slave) 

54 CS Tess CS setup time to the falling edge of DAS 0 
(Bus slave) 

55 ADR TSAH ADR hold time after the rising edge of DAS 0 
(Bus slave) 

56 ADR TSAS ADR setup time to the falling edge of DAS 0 
(Bus slave) 

57 READY TARYD Delay from the falling edge of ALE 80 
to the falling edge of READY to insure a 
minimum bus cycle time (600 ns) 

58 READY TSRDS Data setup time to the falling edge of READY 75 
(Bus slave read) 

59 READY TRDYH READY hold time after the rising edge of DAS 0 
(Bus master) 

60 READY TSR01 READY driver turn on after the falling edge of (CSR 0, 3, RAP) 600 
DAS (Bus slave) 

61 READY TSR02 READY driver turn on after the falling edge of (CSR 1,2) 1400 
DAS (Bus slave) 

62 READY TSRYH READY hold time after the rising edge of 0 35 
DAS (Bus slave) 

63 READ TSRH READ hold time after the rising edge of 0 
DAS (Bus slave) 

64 READ TSRS READ setup time to the falling edge of 0 
DAS (Bus slave) 
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OUTPUT LOAD DIAGRAM 
Figure 5 

TEST 
POINT 

FROM OUTPUT Q--__ --+-__ --.. __ ~ 
UNDER TEST 

O.4mA 

I 
SERIAL LINK TIMING DIAGRAM - SIA INTERFACE SIGNALS 
Figure 6 

RENA J 

CLSN -t==,,=+}-
TCLK 

Timing measurements are made at the following voltages. unless otherwise specified: 
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R, = 1.2K 

CR, -CR 4 IN914 OR EQUIVALENT 

CR, 
CL = 100pf min @ 1 MHz 

.. , .. "0" 

OUTPUT 2.0 V 0.8 V 
INPUT 2.0 V 0.8V 
FLOAT V 0.5 V 



LANCE BUS MASTER TIMING DIAGRAM 
Figure 7 
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NOTE:. The Bus Master cycle time will increase from 
a minimum of 600 ns in 100 ns steps until the 
slave device returns READY. 
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LANCE BUS SLAVE TIMING DIAGRAM 
Figure 8 
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FEATURES 

D Compatible with Ethernet 

D Crystal controlled Manchester Encoder 

D Manchester Decoder acquires clock and data within 
six-bit times with an accuracy of ±3ns. 

D Guaranteed carrier detection and collision detection 
threshold limits 
- Carrier/collision detected for greater than -300mV 
- No carrier/collision for less than -175mV 

D Input signal conditioning rejects transient noise 
- Transients < 10ns for collision detector inputs 
- Transients < 16ns for carrier detector inputs 

D Receiver decodes Manchester data with up to ±20ns 
clock jitter (at 10MHz) 

D TTL compatible host interface 

D Transmit accuracy ±O.01% (without adjustments) 

GENERAL DESCRIPTION 

The MK68591 Serial Interface Adapter (SIA) is a Man­
chester Encoder/Decoder compatible with Ethernet 
specifications. In an Ethernet application, the MK68591 

PIN ASSIGNMENT 
Figure 2 

CLSN Collislon+ 

RX Collision-

RENA Recelve+ 

RCLK Recelve-

TSEL Test 

GNDl VCCl 

GND2 VCC2 

Xl PF 

X2 RF 

TX GND3 

TCLK Trensmit+ 

TENA Trensmlt-

TELECOMMUNICATION 
PRODUCTS 

SERIAL INTERFACE 
ADAPTER (SIA) MK68591 

SIA ADAPTOR 
Figure 1 

interfaces the MK68590 Local Area Network Controller 
for Ethernet (LANCE) to the Ethernet transceiver cable, 
acquires clock and data within 6 bit-times and decodes 
Manchester data up to ± 20ns phase jitter at 10M Hz. 
SIA provides both guaranteed signal threshold limits and 
transient noise suppression circuitry in both data and col­
lision paths to minimize any false start conditions. 

TYPICAL ETHERNET NODE 
Figure 3 

ETHERNET 
CONTROLLER 
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