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Telecommunications Interfacing to
the TMS32010

Abstract

This report describes the implementation of a full-duplex 2.4-kbit/s
LPC vocoder on a single TMS32010 device.
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INTRODUCTION

Signal processing has long been a tool used to improve
performance in telecommunications systems. The advent of
digital signal processing has given the telecommunications
industry a powerful mstrument to further enhance
performance and reliability. Speech recognition, speech
coding, speech synthesis, and high-speed modems are
examples of applications now possible because of digital
signal processing. Until recent years, real-time digital signal
processing was solely the domain of minicomputers. The
Texas Instruments TMS320 family offers low-cost VLSI
implementations of digital signal processing functions. The
TMS32010, the first-generation processor of the TMS320
family, is a high-speed, 16/32-bit digital signal processing
microprocessor/microcomputer, ideally suited for
telecommunications applications.

The purpose of this application report is to facilitate
TMS32010 design by showing various telecommunications
applications. The interfaces described in this report can be
used in the following applications:

1. Digital modem

2. Echo cancellation

3. Analog repeaters

4. Handsfree telephone (speakerphone)

5. Noise reduction

6. Digital speech interpolation (DSI)

7. Analog-switched network simulator

8. Voice and data encryption

9. Simultaneous voice and data transmission
10. Speech coding and decoding, such as

Linear Predictive Coding (LPC)

11. ADPCM transcoding

12. Voice mail

13. DTMF encoding and decoding

14. System identification.

This application report consists of two major sections.

The first section details various hardware building blocks
required for system interfacing. This provides a simple means
of constructing a TMS32010-based system for many
telecommunications applications. Included are circuit
diagrams and their functional descriptions. These standard
telecommunications interfaces provide a realistic medium for
implementing digital signal processing algorithms based on

the TMS32010. Standard serial and parallel interfaces permit

connection to most digital Private Branch Exchange (PBX)

backplanes and Time Division Multiplex (TDM) systems.

Standard combo-codec filters provide analog interfaces that

conform to CCITT recommendations. Description of

hardware PCM companding for use with combo-codec filters

is useful with time-critical algorithms. Microphone,

loudspeaker, and host system interfaces are also included.
The second section of the report examines the following

TMS32010 applications based on the building blocks

described in the first section:

. Standalone analog interface

. Telephony test-set interface

. PBX backplane interface

2/4-wire transformer interface

Three-way conference interface

. ADPCM interface

. DTMF detection interface.

HARDWARE INTERFACE BLOCKS AND
CIRCUITRY

The hardware circuit described in this section is divided
into distinct modules or blocks. This modular approach
allows flexibility in accommodating a wide range of
telecommunications applications. These blocks can be placed
together to fit a specific application. The following hardware
blocks are detailed in the next sections of this application
report:

. TMS32010 and support circuit
. Timing and control circuit
PCM linearization circuit

. PBX/TDM interface circuit

. Analog interface circuit

. Host interface circuit.

The system block diagram, shown in Figure 1,
illustrates how these blocks fit together around the
TMS32010, the focal point of all activities. All blocks are
directly connected to the TMS32010 data bus. The
TMS32010 accesses all interfaces, except the program
memory, using its I/0 ports. Each interface is assigned to
an 1/0 port. Port decode logic is used to decode the port
address from the TMS32010 /O space.
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Figure 1. System Block Diagram

TMS32010 and Support Circuit

The TMS32010 serves as the hardware engine that
performs the DSP algorithms. It interfaces to its peripherals
via its I/0O ports. Support circuitry for the TMS32010
includes memory and port decode logic and synchronization
flip-flops. Table 1 indicates the TMS32010 port assignments
for the application hardware constructed for this application
report. )

Table 1. TMS32010 Port Assignments

PORT ASSIGNMENT

0 Anatog interface 1

Analog interface 2,

Microphone and loudspeaker interface

PBX/TDM interface 1

PBX/TDM interface 2

u/A-law to two’s-complement linear conversion
Two's-compiement linear to x/A-law conversion™
Host interface

Not used

-

NS WwN

*To perform conversions, a write to port 4 is required.
The converted value is read at port 5.

The TMS32010 can be reset by momentarily activating
the reset switch, which provides a 6-ms pulse to the RS input
to the TMS32010. The device has one hardware interrupt
(INT) and one software interrupt (BIO). The BIO (branch
on I/0) input to the TMS32010 is considered the low-priority

interrupt and is used for synchronizing to the 8-kHz framing
pulse that drives the telecommunications interfaces (i.e.,
combo-codec filters and PBX/TDM interfaces). The INT
input is considered the high-priority interrupt and is used for
communicating with the host processor via the host interface
(see Table 2 for interrupt assignments). The INT input
becomes active when a command from the host is waiting
to be processed. The reset and interrupt signals going to the
TMS32010 are all synchronized.

Table 2. TMS32010 Interrupt Assignments

INTERRUPT ASSIGNMENT

RS Reset. Vector to location >000H in program
memory. Initialization of all pointers and internal
registers recommended.

INT Hardware interrupt. Vector to location >002H
in program memory. Interrupt service routine for
performing host command processing.

% Software interrupt. Program in wait state when
using the BIOZ instruction, waiting for 8-kHz
synchronization signal.

Figure 2 shows the TMS32010 and support circuitry.
The TMS32010 (U1) has a 16-bit data bus that interfaces
to all ports and program memory. All port decoding is
accomplished with two SN74ALS138 decoders (U6 and U7),
which provide the write and read port strobes, respectively.
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The reset and interrupts are synchronized to the TMS32010
with an SN74A1S174 D-type flip-flop (U4). The TMS32010
12-bit address bus is used for addressing program memory
and the individual ports. This address bus drives the
TBP28S166 program memory PROMs (U2 and U3) and the
port decode logic (U6 and U7). The PROMs are mapped
into the lower 2K address space (>000H to >7FFH).
Address bit All is used for decoding the lower and upper
2K program memory spaces.

Timing and Control Circuit

The timing and control circuit supplies all the required
clocking, timing, and control signals to operate the
TMS32010 and interfaces. A 20.48-MHz clock is provided
for the TMS32010. Derived from this clock are all the timing
signals to operate the combo-codec filters, such as the
128-kHz clock for shifting data and the 8-kHz framing pulse
for synchronization purposes (see Figure 3). External frame
synchronization is permitted with an 8-kHz framing pulse

input. Note that the internal clock always operates
asynchronously with the éxternal system clock.

All timing and control signals are derived from a
20.48-MHz clock source (see Figure 4). The inverters (U12)
are configured as an oscillator with a 20.48-MHz crystal and
10-kohm resistor. A decode counter (U8) divides the
20.48-MHz clock by 10 to produce a 2.048-MHz clock signal
required by the combo-codec filters. A dual 4-bit binary
counter (U9) divides the 2.048-MHz clock by 16 to produce
a 128-kHz clock signal used by the combo-codec filters and
related support circuitry to shift in/out serial data. U9 also
divides the 128-kHz clock by 16 to produce an 8-kHz framing
strobe (FS) used in the serial/parallel data conversion process
and as a synchronization signal to the TMS832010. U10 and
U11 are used to synchronize counters U8 and U9 to an
external asynchronous 8-kHz framing pulse (FP). This
permits synchronization to an external system, such as a
PBX, on a frame-by-frame basis.

125 us

b=
I
FS (8 kHz) I

DCLK(128kHz)||||l||||||||||||||||

-1l

(FOR con::x&?ég i” l ns] B5 l B4 I it l BZI B1 l
MsB

soL
Ls8

Figure 3. Clocking and Timing Diagram



JN2aE) jonuo)) pue Supuny, ‘p an3Ly

AS+ AT
YLOHPINS % L1L | F YLOHYLINS %
B} )
ZEOHVINS % 0 512 <z
YOOHYLNS */s 1 ot
a —-
Mg —a—4; nA: 51° 4 z dd
zin
v 4 Mz
AS+
AG+
(ZHW 8Y0°Z) MTOW —=e
(zH gz} -
8zi) %100 ansa
{ZHY 8) 5S4 — 192 — agL 4101 | a 410
31002 2 5190t ¥l {90t Z
6N en 8n
g
YOOHYLNS */, 0z a0z |
s4 I‘IA|| —v, 2 VoL v
sd o 0z W1 oL M
E6EIHVINS % E6EDHVINS % 0BEDHVLNS %
(ZHIN 84°02) VOOHVLNS °/s  PODHPLNS®/i  VOOHPLNS®/i
NIN1D

TVYLSAHD

ZHW-8Y°0Z | M|
10F



PCM Linearization Circuit

In digital telecommunications systems, speech is
transmitted in an 8-bit nonlinear PCM code. p-law and
A-law are the two most popular PCM coding schemes. For
linear digital signal processing, the PCM code must be
converted to two’s-complement linear codes for processing
by the TMS32010. After processing, the two’s-complement
linear code must be converted to the nonlinear PCM code.
This conversion process can be performed in software on
the TMS32010. A TMS32010 source code for the conversion
process is provided in the application report, ‘‘Companding
Routines for the TMS32010.”’! In certain cases, there may
not be enough time in an 8-kHz framing period to accomplish
this conversion process.

For time-critical applications, hardware linearization
is used to provide a faster conversion process. The conversion
process is accomplished by using table lookup ROMs. To
convert from one code to another, a value is written to port
4, followed by a read from port 4 or 5. Port 4 is read to
convert from a nonlinear code value to a two’s-complement
linear value. Port 5 is read to convert a two’s-complement
linear value to a nonlinear code value. The TMS32010
performs a port write followed by a port read in 800 ns when
driven by a 20-MHz clock source.

The linearization circuit uses a lookup table to perform
the conversion process (see Figure 5). U18 converts 14-bit
two’s-complement linear PCM to 8-bit u/A-law PCM. U19
converts p/A-law 8-bit PCM to 14-bit two’s-complement
linear PCM. Data to be converted is clocked into two
SN74ALS574 octal D-type edge-triggered flip-flops
(U13 and U14) when the TMS32010 writes to port 4. U13
and U14 contain the least- and most-significant bytes of data,
respectively. u/A-law data is buffered to the data bus via U16.
Data is enabled onto the data bus when the TMS32010 reads
port 5. Note that only the least-significant byte is active on
the data bus. Linear data is buffered to the data bus via U15
and U17, which contain the most- and least-significant bytes
of data, repectively. Data is enabled onto the data bus when
the TMS32010 reads port 4. The most-significant byte of
data is clocked into U15 on the rising edge of the MEN output
from the TMS32010.

FORTRAN programs that compute p-law PCM to
14-bit two’s-complement linear PCM and vice versa are
provided in the appendix. This computation generates the
object file (in the INTEL data record format) for purposes
of burning-in PROMs and EPROMs. A lookup ROM can
also be programmed to generate patterns for test signal
generator and DTMF encoder applications.

PBX/TDM Interface Circuit
The PBX/TDM interface permits connection to serial
and parallel digital PBX backplanes and TDM systems. An

example of a TDM system is a D1 channel bank that provides
T1 carrier digital transmission on two-wire trunks between
central offices. Each trunk provides 24 8-bit channels
multiplexed in time. Each channel is intended to carry 8-bit
companded PCM voice. The application hardware does not
support any signalling functions in a T1 carrier connection.

Two PBX/TDM interfaces are provided in the
application circuit to accommodate separate connections to
receive (RX) and transmit (TX) paths. The hardware, as
shown in Figure 6, is configured to interface onto an 8-bit
parallel bus or serial PCM highway. The parallel bus
interface provides three-state I/O, and the serial interface
provides open-collector or three-state I/O. Selection between
parallel or serial interface on the application circuit is
hardware-selectable via a jumper. Each PBX/TDM interface
occupies an I/O port on the TMS32010 I/O port map, as
shown in Table 1. These interfaces are assigned to ports 2
and 3. The TMS32010 is synchronized to these ports via an
8-kHz framing pulse on its BIO input.

The two interfaces in this application circuit operate
identically; therefore, only one interface, as shown in Figure
6, is described. The serial data input (SERIAL PCM IN) is
converted to 8-bit parallel data via shift register U23. All
timing and control signals are provided by the external system
interface. SYSCLK is the external synchronous clock that
drives U23. ITSEN (input time-slot enable) is synchronous
with SYSCLK and clocks the 8-bit parallel data from U23
into U20 at an 8-kHz rate. Parallel data P7-PO is clocked
into U21 with the ITSEN signal at an 8-kHz rate. U20 and
U21 are the storage registers for serial and parallel PCM
data, repectively. Access to either of these registers by the
TMS32010 is controlled on the application circuit via a
jumper. The jumper routes the read port 2 signal from the
TMS32010 to either U20 or U21, thereby selecting the serial
or parallel data inputs. The PCM data output from the
TMS32010 is clocked into U22 when a write to port 2 occurs.
The parallel data in U22 is buffered to the system data bus
via U26. U26 is an SN74LS244 line driver that provides
high-current drivers to the external system PCM data bus.
Data is enabled onto the external system PCM data bus when
OTSEN (output time-slot enable) is active low.

For serial interfacing, the OTSEN signal loads the
parallel data at U22 into shift register U24. Data is shifted
to the PCM highway using the external system clock
SYSCLK. The serial input pin (pin 10) is connected to the
serial output pin (pin 9) on U24 to permit broadcasting the
same PCM data on two or more consecutive time-slots on
the PCM highway. OTSEN enables the data onto the PCM
highway by controlling buffer U25. U25 drives either a three-
state or open collector/drain PCM highway. U18 provides
the logic which configures a three-state driver on U25 as an
open-collector/drain driver.




WN2IE) UohEZLIBIUY] N 'S anS1]

<\ anea
ﬂll 9 av —— NIW
4 550 6L
T P LYISU 13 atiM
S e anoa A -
—a-paay 9H €t JTCE]
Zadd N1 50 sv
\ et o o CTRIEEN
20 — nal—ass | NH_tHeo vl % 20
Hos s A 1|22 as |t B | NG EN Hos i [
(swa_zi) e (m_z o8 pd T | NG M N ar
(ETTICTE S s 9H 4 fea | ) ERT) ANCCIT s F« E o ot
(TS e @’} VYsa w|°? Sl_sng on o sin V[T o\ ACERETI s nm 7 €10
rzia_st o LY B T b 9 v Zvs8zdal Zi3_ st CEEATN
= —_lov av - ov av—o L~ — oy avf—r——
ia_et| o/ s &H | VEa_ ot o L) HERETA b4 pd ERITT
ota_zv| - R0 | Vza Mm v zn (CIERITE s v 010
1 DR RO B (T RTY N pitd I (T e SN
Vea 6i]° sin 'z on oa 6| -ain DT O gueq g3 6t|% vin Oz Ba)
vLSSTVYLINS ELSSTVPLNS VLSSTIVVLNS
o d EBEEN
[Z]; M”« TR
N 2 A CARITEN anoa
[+ 1z 013
AST Zjhd v mm GEN _
SAY —aw- T]2¢ e [T o CEE) 1] 22 > [
0 v
via zi|°® as g @ € 3\ 73 2| 0F d CEETR
ea et] 0L aLrg 8L MM “« v 93 o3 €] - M_M 8 90
Vea  wifo° Mm 7 13 b RN vs3 o] 0° as|E__S9)
Yva st WM o 5o ME N D Mw poel ERIECIN
ea_oi] ] b M b ) T S £a )
‘ea__ 1| azl® £1] %0 eVlg zaY ST MY el za
STICT et oIt z MM Wig 13y i3 8] °° m_N_ € 10
oa 6t oLn z T sin %Yo o3 o3 ectl°t en Oz oa
£LGSTVPLNS 8z1342 N VLSSTVYLNS ¢——=-0a-610

. —




WN2aE) el WAL/XAd "9 4031y

61|22 St
vz vz f—]
id_ € [ LL IN 4
[———Jeaz  ewe
9d S St 9N 4
| e—2ae el
€L SN 4
el wEbET— ————#—)1SAS
“ | el — -
T M Mu” 3 N/ HNID H A : M|w n.M L wa
Vza o1 |EM A CEETY 13 [y ol LIN 3 by g CRETE
AT s i CETY z S 3N 1 LA
oa oA eV TN i CUNT b pod TR
vYZSIVPLNS Vs w € PN T3 e b I
nE N (2 \EN 31 o IR
NIS o [EL ZN m Ww pod CRETN
POSTYDLNS */s oL Hp M T (LN 13 B bt I
Vol 64D vzn i1 oN 6L zen Mz 00
e S9LSTIVHLNS VLSSTVYINS Age
IAla
31V1S-33HHL Mz
110 Wod SZLSTPLNS %
WIYIS —eat 5 \_Tm o ﬂ % - )
¥ szn V' d 6 aL gy I
N3ISLO ——g- Y’ 9d 8 €L 90
bl ' Sd L MM N“ 1 4% Sa
v 9 St va
o1z Vea 5] b EICT
anwa nvea 3 V7a v MM e za
/4O103T100-N3dO ! e oz [or—2
100 WOd TVIHIS —ast sz | ——a ot e\
0d-td szLsINs % € N % gzn 04 ¢ tzn °'[6r  oa
‘ON Wod YLSSTYPLNS AsS+
d._._éi]"_ S
zmm.:l'|_ —|: = 20} .
—Jun H as
N1OSAS —- NS - om £l z la: Mw A
) ZL 3 ] LlEr ea
4o as 09—\
N 1L L £las s o34 zday
ao [ v Cl g bl ELINETD 2day
9 € G 3L €0 )
Jof= z +1ae OF [
NI Wod =} g Llo] az 02—\
TVIYIS z v vo 14 : z at ol 8L .d
1 £zn 3 ) z ozn “'fer  0a
¥91SIVYLNS YLSSIVYLINS

\—e-00-20



Analog Interface Circuit

Two analog interfaces are provided to access receive
(RX) and transmit (TX) analog paths. These interfaces
conform to CCITT recommendations through the use of
industry-standard combo-codec filters. u/A-law operation can
be hardware-selected via a jumper on the application circuit,
as shown in Figure 7. One of the interfaces also contains
microphone and loudspeaker amplifiers, which can be used
in a handsfree speakerphone application. The gain of both
amplifiers is adjustable using potentiometers. The overall
gain through the TMS32010 and combo-codec filters is fixed
at 3 dB. Each analog interface occupies an I/O port on the
TMS32010 I/O port map (see Table 1). These interfaces are
assigned to ports O and 1. The analog interface containing
the microphone and loudspeaker amplifiers is at port 1. The
application hardware sets the electret condenser microphone
current at 1 mA. The loudspeaker amplifier can drive a
standard 8-ohm loudspeaker.

The transmission signal reference points are governed
by the combo-codec filters.2 These reference points for
unbalanced line interfacing are summarized as follows:

1.064-V RMS 1020-Hz sine

wave between ViN+ and
analog ground; ViN+ not
connected.

INPUT: 0 dBmO

1.503-V RMS 1020-Hz sine
wave between VouTt+ or
Vout— and ground.

OUTPUT: 0 dBmO

Referring to Figure 7, the TCM2913 (U27) combo-
codec filters2 contain A/D and D/A converters and filters
required for analog interfacing. A jumper is used to select
either u/law or A-law operation on the combo-codec filters
by controlling the voltage level of ASEL (pin 15) on U27.
A +5 voltage selects u-law, and a —5 voltage selects A-
law. Analog and digital grounds should be kept completely
separate to avoid introducing digital switching noise in U27
and ground loops. The analog input to U27 is configured
as a unity gain difference amplifier. U32 is the microphone
amplifier that is configured as an inverting amplifier. The
amplifier gain is controlled by a 1-Mohm potentiometer. The

+5V
240 SN74ALS164 SN74ALS574
TCM2913 4] Uzs
1 13 2| o
mcLk #—HCLkRiX pem ouT & Qe
+Va .-E: CLKSEL  pcm INJE of
F1 [Va~ “mcCampFER | Qg
DCLK-E DCLKR + Ma POT ap
5
o] CLKRx | Y5 e | | ek ocf> 3 T
FS FSR (NOTE 1) ag ECRP LLBCLY
"1 FSX | 1o0s WF . ;"A l +5v aal? 1"1’ 1D 419 DO
| e 1 [ >  &c ADPT
SVa u27 25k? 3
VA 15 +oT0 L _
ASEL I ELECTRET - *l-va | FS
JUMPER | gwmic TL072 | N74ALS165 SN74ALS574
B 1 = W« u29 U319 o7
NS s R S s il P ool T
+Va +—=Hvcc 3 DCLK: jctk 6 70 7
1 PWRO - [ 18] 4 14} 7_D5
Bommmrs L5 CLKINH F 60 6D\
ANALOG DGND s M) 15eq  gple D4
GSR 14 16} 5 D3
GROUND b 4a 4D
, 350K0 chs (] P PYT)
DGND PWRO +~—4 1 D1
A A Nay 82 8l2a  apf2 D1
+ AN =
IN QH aft 1?2 1 f1 22 ST
100 J100 ka| . oc - WRPT
153
0.01 DGND - D007
A o e
100 k@ 100 . [y +VA 7
Y 100 4F
4 6 , | 001[-va LM386 15 V |
VIN+ VIN- VouT+ Vour—l uF 5 10 80
ANALOG ANALOG L_5.05 4F LOUDSPEAKER |
BALANCED BALANCED T
INPUT outeur | 15V |
| 100 |
I —o ~Va I
LOUDSPEAKER AMPLIFIER |
o OTRTEAR A
NOTES: 1. Etectret MIC current set at 1 mA.
2. Analog supply:
+Va =+5V
-Vp=-5V

Figure 7. Analog Interface Circuit



amplifier input is designed to interface to an electret
condenser microphone. The microphone current is set at 1
mA via a 5-kohm resistor connected to the analog +5 V
supply. The DC voltage component is removed by
capacitively coupling the amplifier. The 0.05-uF capacitor
sets the highpass filter corner frequency at roughly 120 Hz.
U32 is connected to U27, and the input gain at U27 is set
at unity. The output transmission level at U27 is set at a 0-dB
loss by strapping the PWR and GSR pins together.2

The loudspeaker amplifier is capacitively coupled to
the U42 output, and fixed with a gain of 26 dB. However,
a 100-kohm potentiometer attenuates the input, thereby acting
as a volume control. The loudspeaker amplifier can drive
an 8-ohm load. PCM data is clocked out of U27 at the PCM
output pin (PCM OUT) at a rate of 128 kbit/s. U28 is a shift
register that converts the serial data from U27 to 8-bit parallel
data clocked into register U30 at an 8-kHz rate. The
TMS32010 accesses register U30 when a read to port 1

occurs, which enables 8-bit data onto the least-significant byte
of the 16-bit data bus. When data is being sent to the
interface, the TMS32010 writes to port 1, which clocks 8-bit
data into register U31. This data resides on the least-
significant byte of the 16-bit data bus. Data at U31 is loaded
into shift register U29 at an 8-kHz rate. This data is shifted
out in serial format at a 128-kbit/s rate to the PCM input
pin (PCM IN) of U27. The 128-kHz clock signal used for
shifting serial data and the 8-kHz loading signal are provided
by the system timing and control circuit as DCLK and FS,2
respectively.

Host Interface Circuit

The TMS32010 can be externally controlled (if desired)
by a host processor via the host interface. The host interface
contains three registers: an acknowledgement register,
ACKR (U34); a command register, COMR (U35); and a
status register, SR (U36). Figure 8 shows the host interface

D7-DO———— <#—HD7-HDO (HOST DATA BUS)
SN74ALS574
po of ~usa  lis oo 4
CYIEY o 20 |18_HD1 4
ND2__a] - 30|17 _HD2
CERN-Y p aq |18_HD3 /
A D4 6 5D 50 15 HD4 A
KOS 7]gp 6q |14 _HDS
NCOIEY g 7q |13 _HDE
\ND7 9 8D 8a 12 HD7
11 s=lt I
WRPE oc
> (ACKR} RDACK (READ ACKNOWLEDGE)
SN74ALS574
\po_13[, U3 12 Hpo
NCINEET P9y 20 |3 HD1 A
K D2 17 30 3D 4 HD2 A
ND3_16] 0 ap |2_HD3 A
ND4_ 15 ) o s |8 HO4 A
NDS 14| .0 o |1__HD5
\ps__13] .o 75 | B._HDS A
\B7__12] . sp |2__HD7 A
T 1)~ 1 [E—
ROP6 —- oc -
compy S WRCOM (WRITE COMMAND)
HDO
RST — —
la SN74ALS244
2 P —|6 2 18
+§V—1ID a
usrk
u36
3 o1
= N
<a—RDSTAT (READ STATUS)
Y% SN74ALS74 T1—_
ua7
a4 N 16
N 10
. COMSEND 4 > 12 SN74ALS244
INT —- a pf=+svV
u3e
11
c
% SN74ALS74 T 13

Figure 8. Host Interface Circuit



circuit. The host writes commands to the COMR, which can
be read by the TMS$32010. The commands are completely
defined by the user. The TMS32010 writes to the ACKR,
which can be read by the host. The COMR and ACKR are
assigned to port 6 in the TMS32010 I/O map. The read and
write strobes from the TMS32010 and the host control the
bits in the SR that are used for handshaking purposes with
the host. Only the host can read the contents of the status
register. For PBX applications, the host is located within the
PBX.

Handshaking signals are provided to control data
transfers across the host interface. The host can access these
signals by reading a two-bit SR, which resides on the two
least-signficant bits of the host 8-bit data bus. The SR should
reside in the host 1/0 port map or memory map. When
reading the SR, the host must mask out the six most-
significant bits since they are unknown. When a system reset
occurs, the SR is set to 3H (xxxxxx11). When the host writes

a command to the COMR, the SR is set to 1H (xxxxxx01),
and the TMS32010 is interrupted. The TMS32010 then reads
the command value in the COMR. This sets the SR to 3H.

When the TMS32010 completes processing the
command, it responds to the host by writing an
acknowledgement value to the ACKR, which sets the SR to
2H. The host reads the SR to determine if the TMS32010
has processed the command. If the command has been
processed, the host reads the acknowledgement value in the
ACKR. This sets the SR to 3H, which indicates that the
command transaction has been satisfactorily completed by
the TMS32010 and the host. The acknowledgement value
can be dummy values or data being retrieved from the
TMS32010. If the TMS32010 has not completed processing
the command, the SR will read 1H or 3H. If the SR stays
at 1H or 3H for an abnormally long period of time, a possible
fault or problem is indicated. Table 3 shows the possible SR
values and their interpretation.

Table 3. Host Interface Status Register Interpretation

HOST* SR COMSEND | COMACK DESCRIPTION
VALUE (bit 1 (bit 0)

A OH 0 ¢ These conditions should not occur. Potential

A 1H [o] 1 problems are indicated.

A 2H 1 0

A 3H 1 1 Idle command processing state.

B OH o] (4] Not allowed. Potential problem is indicated.

8 1 0 1 The TMS32010 has not yet started
processing the host command. Potential
problem is indicated.

B 2H 1 o The TMS32010 has completed processing
the host command. Data is waiting for the
host.

B 3H 1 1 The TMS32010 has started, but not
completed, processing the host command.

* ““HOST" refers to the command transaction state. ‘A"’ indicates that the command transaction
is completed, or that a host command has not been sent. **B’ indicates that a host command
has been sent and that a command transaction is in progress.



The TMS32010 can process commands from the host
in the following suggested manner: The command value
written by the host, with an offset added to it, becomes the
command vector or subroutine for the TMS32010. This is
accomplished in software with a sequence of actions using
the TMS32010. The interrupt service routine reads the host
command value at port 6 (COMR) and stores it in internal
data RAM (using the IN instruction). This value is then stored
in the accumulator (using the LAC instruction). Using the
AND instruction, the command value is masked to zero the
24 most-significant bits, and the new value is stored in
memory. Masking is required because the eight most-
significant bits on the TMS32010 data bus are unknown when
reading the host interface port. A minimum offset of 4 is
added to the masked command value in the accumulator
(using the ADDS or ADD instruction). The offset is added
to the command value to ensure that the resulting command
vector does not overlap the reset and interrupt vector spaces.
The next step is to vector to the subroutine via the CALA
instruction. The CALA instruction uses the value in the
accumulator as the subroutine vector. This forces the
TMS32010 to begin executing a subroutine located at the
command vector value in program memory space. Shown
below is the source code sequence for the TMS32010.

ISR IN x,6 ; read host command in COMR
LAC x,0 ; load host command in ACC

AND y ; mask host command
ADD 1z ; add an offset to host command
CALA ; call subroutine

Note that ISR (interrupt service routine) is a label.
During the TMS32010 initialization routine, the values
>FFH and >4 are stored in locations y and x in data
memory, respectively.

The TMS32010 communicates with the host on a byte
data-transfer basis. The least-significant byte of the host and
TMS32010 data bus is used. When the host issues a
command, it writes one byte of data to COMR (U35), as
shown in Figure 8. WRCOM (write command) is the write
strobe from the host and is active low. Both flip-flops in U36
represent the SR. WRCOM sets a flip-flop in U36, thereby
setting COMSEND (command send) low and interrupting
the TMS32010. COMSEND is bit 1 in the SR. During the
TMS32010’s interrupt service routine, the TMS32010 reads
host commands at port 6, which enables data from U35 onto
the data bus. The port 6 read strobe sets COMSEND high,
indicating that the command is being processed. When the
TMS32010 responds to the command, it writes one byte into
the ACKR U34 at port 6. This sets the second flip-flop in
U36, thus forcing COMACK (command acknowledge) low.
This indicates command processing is completed. COMACK
is bit O in the SR. The host reads the ACKR (U34) by
enabling data onto its bus using the RDACK (read
acknowledge) strobe, which is active low and sets COMACK
high. The host can read the SR (U36) with strobe RDSTAT

(read status register), which is active low. U36 sets
COMACK and COMSEND high when the TMS32010 is
reset. A timing diagram illustrating the host transaction is
shown in Figure 9.

INTERFACING APPLICATIONS

In this second section of the report, several
telecommunications applications are discussed. First, an
analog interface hardware application is examined, which
is useful in self-contained standalone designs, such as analog
repeaters or analog PBX designs. Then, a telephony test-set
application is shown. This is useful as a self-contained
standalone test tool or as a diagnostic function within a PBX.
Finally, digital PBX applications in the following areas are
described: PBX backplane interface, 2/4 wire transformer
interface, three-way conference interface, ADPCM interface,
and DTMF detection interface. It is important to note that
the telecommunications designer can combine several
applications using one TMS32010 to perform multiple
functions.

These applications utilize the interface blocks
previously described and the TMS32010 for performing
digital signal processing algorithms. However, the scope of
this report is not to discuss the DSP algorithms, but rather
to demonstrate how these applications can be made possible
using the telecommunications interface circuits. Application
reports are available, which implement digital signal
processing algorithms for telecommunications applications
using the TMS320 family.3.4.5

Standalone Analog Interface

The standalone analog interface is useful where remote
or independent operation is required. Some examples of
standalone applications are adaptive repeaters and handsfree
telephones (speakerphones), as shown in Figure 10.

The standalone analog interface contains elements from
the following hardware blocks previously described:

1. TMS32010 and support circuit,
2. Timing and control circuit, and
3. Analog interface circuit.

Figure 10 illustrates the hardware configuration for a
handsfree telephone application. The TMS32010 performs
adaptive filtering and voice-switching functions. The analog
interface circuit provides two combo-codec filters to interface
to the analog telephone line, loudspeaker, and microphone.
The combo-codec filters perform filtering of the analog 1/0,
and A/D and D/A conversion. The serial data streams to and
from the combo-codec filters are converted to parallel format
that permits interfacing to the TMS32010’s parallel 1/O. The
TMS32010 easily interfaces to combo-codec filters using
8-bit shift registers and octal D-type flip-flop registers. Both
compo-codec filters share one set of shift registers at the serial
interface. The timing and control circuit provides all the
signals required to synchronize and control the combo-codec
filters, registers, and TMS32010.
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Telephony Test-Set Interface

A telephony test-set is a useful tool for testing analog
interfaces in telecommunications. It can also be used in a
PBX design where analog line testing diagnostics are
required. The application shown in Figure 11 is a standalone
system.

A test-set application uses the following hardware
blocks:
. TMS32010 and support circuit,
. Timing and control circuit,
. Analog interface circuit,
. Host interface circuit, and

5. PCM linearization circuit (optional).

Balanced inputs and outputs are required in a test-set
application. The TMS32010 can be programmed to measure
noise, distortion, signal levels, etc., and serve as a network
simulator for analog telephony circuits. The electrical
performance of the combo-codec filters is a limiting factor
on measurements and simulations that can be performed.
Figure 11 shows a possible telephony test-set system
configuration. All measurements are under control of a host
processor. The host interfaces to a control input, such as a
keyboard or human interface I/O, and a display, such as a
CRT. Measurement parameters can be modified via the
control interface, and the actual measured values displayed.
All transfers between the host and application circuit are
performed via the host interface.

A possible test-set function may be a sine-wave signal
generator. The TMS32010 produces a digital sine wave,

W -

which is converted to the analog domain via the combo-codec
filters in the analog interface circuit. TMS32010 source code
for a precision sine-wave generator is given in the application
report, “‘Precision Digital Sine-Wave Generation with the
TMS32010.”°6 Note that this algorithm produces linear
samples that must be converted to p-law or A-law PCM
samples. TMS32010 source code for performing this
conversion can be found in the application report,
‘‘Companding Routines for the TMS32010.’’! Hardware
conversion is also possible using the PCM linearization
circuit, described in the previous major section of this report.

PBX Backplane Interface

A backplane is an interconnect system with its
mechanical, electrical, pin assignments, and interaction
protocol rigidly defined. Mechanically, a backplane is a
printed circuit board with connectors that reside at the rear
of a card-cage, providing electrical interconnection between
cards plugged into these connectors. Architecturally, a
backplane has a set of protocols that control data transfers
between interconnected cards. This application report
concerns itself only with some architectural aspects of
possible PBX backplanes.

Two types of backplanes are used in most PBX designs:
serial and parallel. The serial backplane is the most popular.
Interfacing with standard codecs is simple, because they
contain serial input and output ports. In some modern PBXs,
a parallel backplane is used, which eases hardware interfacing
since standard byte-wide logic can be used. In either system,
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Figure 11. Telephony Test-Set System Diagram



this application circuit can serve as a signal processing
module to perform specialized functions, such as DTMF
detection, echo cancellation, noise reduction, and
conferencing. The host processor determines which PCM
channels are assigned to the signal processing module.

A typical PBX backplane contains one or more serial
PCM highways or an 8/16-bit PCM bus, system address and
data buses, and system control lines (see Figure 12). The
system address bus is used by the host processor to access
all the peripherals or modules connected to the backplane.
The data transfers occur across the data bus between the host
processor and modules. The system control lines are typically
read and write strobes used by the host processor to control
these data transfers. The system clock and 8-kHz framing
pulse are used for synchronizing access to the PCM highway
or bus. In most systems, time-slot enable control lines are
provided to access individual PCM channels. The time-slot

*enable control lines are provided by either the backplane with
a control card using time-slot decode circuitry or card-
resident time-slot decode circuitry. The application circuit
does not provide any time-slot decoding; however, it provides
the flexibility to interface to most systems through the
external signals ITSEN and OTSEN.

A

— N
PARALLEL PCM BUS OR
SERIAL PCM HIGHWAY
|
- N
< SYSTEM ADDRESS BUS >
hJ L4
A N
< SYSTEM DATA BUS >
A J L 4
A - A
SYSTEM CONTROL LINES
{SYSTEM CLOCK, FRAME PULSE, READ, WRITE)
N I

Figure 12. Typical Backplane Configuration

In Figure 13, the framing pulse is used to indicate the
start of a frame. The framing pulse, usually one system clock
cycle wide, is synchronous with the system clock and
synchronizes all peripherals connected to the PCM highway
or bus. Many PCM systems are based on a 2.048-MHz
system clock, which provides 32 channels on a serial PCM
highway or 256 channels on an 8-bit parallel PCM bus.

The backplane application hardware requires the
following blocks:

1. TMS32010 and support circuit,

2. Timing and control circuit,

3. Two PBX/TDM interface circuits for use
with receive and transmit channels,

4. Host interface circuit, and

5. PCM linearization circuit for critical real-
time applications (optional).

Each PBX/TDM interface contains a serial input port,
serial open-drain/collector, three-state output ports, and an
8-bit wide three-state parallel output port. These ports directly
connect to the PCM bus or highway on the backplane. An
external device or circuit is required to provide the time-slot
enables ITSEN and OTSEN (see Figure 14). The host
determines which channels reside in time-slots on the PCM
backplane, and writes information to a time-slot controller
residing in the peripheral or module connected to the
backplane. The controller then furnishes the input and output
time-slot enables ITSEN and OTSEN, respectively. ITSEN
assigns to the application circuit the PCM data in the
corresponding time-slot on the PCM backplane. OTSEN
enables PCM data from the application circuit onto the
appropriate time-slot on the PCM backplane. The application
hardware permits broadcasting PCM data onto several time-
slots on the PCM backplane.

2/4-Wire Transformer Interface

The 2/4-wire transformer is useful for interfacing
directly to 2-wire trunks or telephone lines. The transformer
application requires the following hardware blocks:

1. TMS32010 and support circuit, and
2. Analog interface circuit.

Figure 15 shows how a 2/4-wire transformer is
connected to the analog interface circuit. Voyrt + drives a
load resistor (RL) in series with the transformer. This series
arrangement produces a 6-dB loss between VouT + and the
telephone line. The load resistor balances the transmission
line. The input is arranged so that the output signal reflected
back at the transformer to input VN + is minimized. This
is accomplished by subtracting VoyT + using the ViN—
input in a difference amplifier configuration. The return loss
will be a function of matching RL to the telephone-line
impedance. A mismatch between the load RL and the
telephone line will worsen the return loss. The transmission-
signal reference points were described in the analog interface
circuit section. Information on 2/4-wire analog interfacing
that conforms to FCC Rules Part 68 can be found in
reference [7].

Three-Way Conference Interface
A popular PBX feature is three-way conferencing. In
analog PBXs, conferencing is easily accomplished with op-
amps in a summing configuration. The problem is not trivial
in digital PBXs. u/A-law encoded PCM samples cannot be
directly summed together with standard adders (i.e.,
SN74LS283s) because of the nonlinear encoding scheme
used. These PCM values must first be converted to linear
values, summed, then converted back to u/A-law PCM. This
function is possible with the TMS32010. As mentioned
previously, the PCM samples can be linearized in software!
or in hardware.
For a three-way conference, the application hardware
(see Figure 16) contains the following modules:
1. TMS32010 and support circuit,
2. Timing and control circuit,
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Figure 14. Typical Backplane Interface
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Figure 15. 2/4-Wire

3. Three PBX/TDM interface circuits, and
4. PCM linearization circuit (optional).
Three-way conferencing is the simplest method of
conferencing; however, some system considerations are
required. Return loss and noise performance are most
important factors in a conferencing design. Return loss refers
to the amount of attenuation of a reflected signal: the larger
the return loss, the smaller the reflected signal. Reflections
occur where there are 2/4-wire conversions in the network.
In long network paths, such as satellite links, these reflections
manifest themselves as echoes. (The application report,
*‘Digital Voice Echo Canceller with a TMS32020,"’5
describes the implementation of an echo canceller using the
TMS32020, the second-generation digital signal processor
of the TMS320 family.) Return loss affects the ‘‘singing’’
margin and echo performance of the conference. *‘Singing’’

Transformer Connection

refers to an oscillatory state in a closed-loop system that
occurs when excessive gain is inserted in the loop. Summing
of two or more parties into a conference decreases the return
loss, thereby increasing the chances of “‘singing’’ and
degrading echo performance. In a three-way conference, the
simplest method to reduce the effects of return loss is to insert
transmission loss into the receive (RX) or transmit (TX)
paths.

In the three-way conference node shown in Figure 17,
each party is connected only to the other two parties, not
to itself. Normally, the return loss is dominated by the party
with the worst reflections. In a worst-case condition, if these
two parties have similar reflection characteristics, the return
loss decreases by 6 dB. To offset this, the transmission levels
at summing junctions are decreased by 6 dB, i.e., a 6-dB
loss insertion at TX IN or RX OUT. The loss insertion
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slightly degrades noise performance. Noise performance
refers to the subjective transmission quality of band-limited
voice vs. band-limited noise. The noise performance of a
conference, where all parties are summed together, always
degrades to the party with the worst signal-to-noise ratio.
In conferences where a large number of parties are connected
together, voice-switching is used to limit the number of
talkers summed together at one time, thereby limiting echo
and noise performance degradation. Stringing together
several three-way conferences to make a larger conference
is not recommended, because noise performance will be
substantially reduced due to compounded 6-dB insertion
losses. The removal of this loss would likely degrade the
echo performance of the conference and increase the chances
of ‘‘singing’’.

The TMS32010 source code in Figure 18 can be used
for a three-way conference. PCM linearization can be
performed in hardware or software. The user can insert the
appropriate linearization code in the space provided. Memory
locations TA, TB, and TC correspond to the TX IN inputs
at ports X, Y, and Z, respectively. Memory locations RA,
RB, and RC correspond to the RX OUT outputs at port X,
Y, and Z, respectively. The PBX supervisor maps the
TMS32010 ports to their appropriate time-slots on the
backplane. The 6-dB insertion loss is accomplished by a
15-position right-shift on the TX IN samples when loading
the accumulator. This results in an effective single-position
left-shift when using the upper 16-bits of the accumulator.
Note that in the following code, WAIT is a label.

WAIT BIOZ WAIT ; wait for 8-kHz interrupt
IN TA,X ; input ports to memory
IN TB,Y
IN TC,Z
*
* Insert mu-/A-law to two’s-complement linear
* conversion code here for ports X, Y, and Z.
LAC TA,15 ; sum ports X and Y for

* ; port Z

ADD TB,1S5

SACH RC,0

LAC TB,15 ; sum ports Y and Z for
* ; port X

ADD TC,15

SACH RA,0

LAC TA,15 ; sum ports X and Z for
* ; port Y

ADD TC,15

SACH RB,0

*
* Insert two’s-complement linear to mu-/A-law
* conversion code here for ports X, Y, and Z.

OUT RA,X ; output memory locations

* ; to ports
OUT RB,Y
OuUT RC,Z
B WAIT
END

Figure 18. Three-Way Conferencing Source Code



ADPCM Interface

Adaptive Differential Pulse Code Modulation
(ADPCM) is a method of increasing voice-band transmission
capacity. ADPCM is used in telecommunications systems
to transcode 64-kbit/s PCM to 32-kbit/s ADPCM, thereby
doubling the capacity of a transmission system. An
implementation of a full-duplex ADPCM on a single
TMS32010 is described in the application report, ‘*32-kbit/s
ADPCM with the TMS32010.”'3 Although it does not
provide bit-by-bit compatibility with CCITT
recommendations, it follows the recommended model. The
same report also describes the TMS32010 implementation
of a half-duplex 32-kbit/s ADPCM algorithm recommended
by CCITT.

The following paragraphs briefly examine two of many
possible ADPCM applications: voice mail and transcoding
in a PBX design.

Voice-mail in a PBX application is possible by using
the ADPCM transcoder and the host processor. The
application hardware for a voice-mail function, shown in
Figure 19, requires the following modules:

1. TMS32010 and support circuit,
2. PBX/TDM interface circuit, and
3. Host interface circuit.

The ADPCM algorithm is stored on the TMS32010's
program memory ROMs. The PBX supervisor instructs the
host to initiate the voice-mail function and maps the
PBX/TDM interface circuit to the appropriate time-slot on
the backplane. The host initiates the transaction by writing
a command to the application circuit and waits for ADPCM
samples. The TMS32010 reads the p/A-law PCM sample
from the PBX/TDM interface. It then performs the PCM to
ADPCM transcoding function. The ADPCM sample is then
written to the host interface. The host reads the ADPCM
samples at the host interface and stores them in a high-
capacity storage device, such as a hard disk or bubble
memory. At some point, the PBX supervisor instructs the
host to terminate the transaction with the application circuit.
When the mail is to be delivered, the PBX supervisor again
instructs the host to initiate the transaction with the application
circuit, and maps the PBX/TDM interface to the appropriate
time-slot on the backplane. The host initiates the transaction
by writing a command to the application circuit. The
application circuit then waits for ADPCM samples from the
host. The host retrieves the ADPCM sample from the storage
device and writes it to the host interface. The TMS32010
reads the ADPCM sample, then performs the ADPCM to
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Figure 19. Voice-Mail System Diagram



PCM transcoding function, and writes the PCM sample to
the PBX/TDM interface.

Transcoding within a PBX is possible between an 8-bit
PCM highway and a 4-bit ADPCM highway. The
transcoding application requires the following hardware
blocks, as shown in Figure 20:

1. TMS32010 and support circuit,
2. Timing and control circuit, and
3. Two PBX/TDM interface circuits.

The PBX supervisor assigns the PBX/TDM interfaces
to their respective time-slots on the PCM and ADPCM
highways. The TMS32010 reads the sample from one of the
interfaces, performs the transcoding function, then writes the
sample to the second interface. The reverse operation is also
applied, thereby providing full-duplex operation.

DTMF Detection Interface

In modern PBXs, DTMF detection is used to implement
call features. DTMF signalling from the station-set is
interpreted by the PBX for various features, such as outside
line access, call-forwarding, conferencing, and voice-mail.
DTMF detection is an integral part of any PBX design.
DTMF detection is a popular signal processing function
easily implemented on the TMS32010. TMS32010 source
code for the DTMF detector is given in reference [4].
Multiple-channel DTMF detection is possible with a single
TMS32010.

The DTMF detection application contains the following
modules:

. TMS32010 and support circuit,
. Timing and control circuit,
. Host interface circuit,
. PBX/TDM interface circuit, and
. PCM linearization circuit (optional).

The DTMF detection algorithm4 requires PCM
linearization. When the DTMF detection algorithm used is
time-critical and software linearization is not possible, the
PCM linearization circuit is needed. A system diagram for
DTMF detection is shown in Figure 21.

An example of system operation is as follows: The PBX
supervisor is informed that a station-set is in an off-hook
condition. The PBX supervisor prepares for DTMF detection
by mapping the PBX/TDM interface and station-set to the
same time-slot, and instructing the host to detect digits and
implement features. Note that the station-set is interfaced to
the PBX backplane with a line-card. The host writes a
command to the host interface instructing the application
circuit to begin DTMF detection. The host waits for digits
to be returned at the host interface. The TMS32010 reads

UI-PU)N-—-

samples from the PBX/TDM interface and implements the.

DTMF detection algorithm. When a DTMF digit is detected,

the value is written to the host interface. The host reads the
digit and implements the requested feature. The host then
writes a command to the host interface, instructing the
application circuit to terminate DTMF detection.

SUMMARY

The TMS32010 is well suited for a variety of
telecommunications applications, ranging from trunk circuits
to PBX systems. The hardware described in this application
report allows the designer to apply some new ideas to end-
product designs. Various digital PBX applications in the
following areas were described: PBX backplane, 2/4-wire
transformer connection, telephony test-set, three-way
conferencing, ADPCM transcoding, and DTMF detection.
Standalone systems applications, such as analog interfaces
and testing, were also shown. All the applications can be
transposed to the TMS32020, the second-generation digital
signal processor.

The TMS32010 offers cost-effective solutions for many
telecommunications applications requiring digital signal
processing. Further cost reduction is possible using the
TMS320M10. This mask version of the TMS32010 provides
a 1523-word on-chip program ROM. Texas Instruments
provides easy-to-use low-cost tools for circuit and algorithm
development. The entire TMS320 family of digital signal
processors is extensively supported by a staff of application
engineers at the factory and in the field.
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