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Digital Voice Echo Canceller with a
TMS32020

Abstract

This report covers both the theory and implementation of a single
chip TMS32020 digital voice echo canceller. The single-chip
system can perform a 128-tap or 16-ms echo cancellation for
telephone network applications. The echo canceller is
implemented in accordance with the CCITT recommendation
(G.165). A simulation has been performed to test the echo
canceller, and the result exceeds the CCITT requirements.
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INTRODUCTION

Echo cancellers using adaptive filtering techniques are now
finding widespread practical applications to solve a variety
of communications systems problems.! These applications
are made possible by the recent advances in microelectronics,
particularly in the area of Digital Signal Processors (DSPs).
Cancelling echoes for long-distance telephone voice
communications, full-duplex voiceband data modems, and
high-performance ‘‘handsfree’” audio-conferencing systems
(including speakerphones) are a few examples of these
applications.

The continuing deployment of all-digital toll switches,
satellite-based voice and data networks, and new
intercontinental long-haul circuits have been accompanied
by more widespread use of all-digital voice echo cancellers
in carrier systems.2 In addition, new low-cost integrated
single-channel echo cancellers are expected to see increasing
application in smaller systems for audio teleconferencing and
low-cost voice/data communications using private satellite
earth stations.

Advancements in single-chip programmable digital
signal processor technology now make it attractive to
implement modular per-channel echo canceller architectures
with all the functions required for a single echo canceller

integrated within a single device. A programmable DSP
implementation offers the advantages of a short development
and test schedule and the flexibility to meet custom product
requirements by extending software-based functional building
blocks rather than designing new hardware.

This application report describes the implementation
of an integrated 128-tap (16-ms span) digital voice echo

" canceller on the Texas Instruments TMS32020

programmable signal processor. The implementation features
a direct interface for standard PCM codecs (e.g., Texas
Instruments TCM2913) and meets the requirements of the
CCITT (International Telegraph and Telephone Consultive
Committee) Recommendation G.165 for echo cancellers.3
This report presents the requirements for echo cancellation
in voice transmission and discusses the generic echo
cancellation algorithms. The implementation considerations
for a 128-tap echo canceller on the TMS32020 are then
described in detail, as well as the software logic and flow
for each program module.

A hardware demonstration model of a 128-tap voice
echo canceller using the TMS32020 has been constructed and
tested. Figure 1 shows a photograph of the echo canceller
demonstration system. The main features of this model are
described within the report. The appendixes contain complete
source code and a schematic for the demonstration system
echo canceller module.

Figure 1. Echo Canceller Demonstration System



ECHO CANCELLATION IN
VOICE TRANSMISSION

Echoes in the Telephone Network

The source of echoes can be understood by considering
a simplified connection between two subscribers, S1 and 2,
as shown in Figure 2. This connection is typical in that it
contains two-wire segments on the ends, a four-wire
connection in the center, and a hybrid at each end to convert
from two-wire transmission to four-wire transmission. Each
two-wire segment consists of the subscriber loop and possibly
some portion of the local network. Over this segment, both
directions of transmission are carried by the same wire pair,
i.e., signals from speakers S1 and S2 are superimposed on
this segment. On the four-wire section, the two directions
of transmission are segregated. The speech from speaker S1
follows the upper transmission path, as indicated by the
arrow, while speech originating from S2 follows the lower
path. The segregation of the two signals is necessary where
it is desired to insert carrier terminals, amplifiers, or digital
switches.

The hybrid is a device that converts two-wire to four-
wire transmission. The role of the hybrid on the right-hand
side is to direct the signal energy arriving from S1 to the
two-wire segment of S2 without allowing it to return to S1
via the lower four-wire transmission path. Because of
impedance mismatches (unfortunately occurring in practice),
some of this energy will be returned to speaker S1, who then
hears a delayed version of his speech. This is the source of
“‘talker echo.”

The subjective effect of the talker echo depends on the
delay around the loop. For short delays, the talker echo
represents an insignificant impairment if the attenuation is
reasonable (6 dB or more). This is because the talker echo
is indistinguishable from the normal sidetone in the telephone.
For satellite connections, the delay in each four-wire path
is about 270 ms as a consequence of the high altitude of
synchronous satellites. This means that the round-trip echo
delay is approximately 540 ms, which makes it very

essential to find ways of controlling or removing that echo.
Since the subjective annoyance of echo increases with delay
as well as echo level due to hybrid return energy, the
measures for control depend on the circuit length.

For terrestrial circuits under 2,000 miles, the via net
loss (VNL) plan,4 which regulates loss as a function of
transmission distance, is used to limit the maximum echo-
to-signal ratio. On circuits over this length (e.g.,
intercontinental circuits), echo suppressors or cancellers are
used. An echo suppressor is a voice-operated switch that
attempts to open the path from listener to talker whenever
the listener is silent. However, echo suppressors perform
poorly since echo is not blocked during periods of doubletalk.
They impart a choppiness to speech and background noise
as the transmission path is opened and closed. Due to recent
decreasing trends in DSP costs, digital echo cancellers are
now viable as replacements for most of the circuits using
echo suppressors.

For satellite circuits with full hop delays of 540 ms,
echo suppressors are subjectively inadequate, and cancellers
must be employed.

Digital Echo Cancellers in Voice Carrier Systems

The principle of the echo canceller for one direction
of transmission is shown in Figure 3. The portion of the four-
wire connection near the two-wire interface is shown in this
figure, with one direction of voice transmission between ports
A and C, and the other direction between ports D and B.
All signals shown are sampled data signals that would occur
naturally at a digital transmission terminal or digital switch.
The far-end talker signal is denoted y(i), the undesired echo
r(i), and the near-end talker x(i). The near-end talker is
superimposed with the undesired echo on port D. The
received signal from far-end talker y(i) is available as a
reference signal for the echo canceller and is used by the
canceller to generate a replica of the echo called #(i). This
replica is subtracted from the near-end talker plus echo to
yield the transmitted near-end signal u(i) where

disturbing to the talker, and can in fact make it quite difficult u(i) = x(@@ + r(i) — #(). Ideally, the residual echo error
to carry on a conversation. When such is the case, it is e(i) = r(i) —i(i) is very small after echo cancellation.
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Figure 2. A Simplified Telephone Connection



FROM

FAR-END
TALKER | onG | i) c
o DELAY ; +
NEAR-END
ECHO x{i) TALKER
CANCELLER HYBRID

x(i) + rii}

DELAY

TO (i)
FAR-END -
¥
g < LISTENER | LONG \T/

D

uli) = xti) + i} — i)
———

eli)

Figure 3. Echo Canceller Configuration

The echo canceller generates the echo replica by
applying the reference signal to a transversal filter (tapped-
delay line), as shown in Figure 4. If the transfer function
of the transversal filter is identical to that of the echo path,
the echo replica will be identical to the echo, thus achieving
total cancellation. Since the transfer function of the echo path
from port C to port D is not normally known in advance,
the canceller adapts the coefficients of the transversal filter.
To reduce error, the adaptation algorithm infers from the
cancellation error e(i) (when no near-¢nd signal is present)
the appropriate correction to the transversal filter coefficients.

The number of taps in'the transversal filter of Figure
4 is determined by the duration of the impulse response of
the echo path from port C to port D. The time span over
which this impulse response is significant (i.e., nonzero) is
typically 2 to 4 ms. This corresponds to 16 to 32 tap positions
with 8-kHz sampling. However, because of the portion of
the four-wire circuit between the location of the echo
canceller and the hybrid, this response does not begin

at zero, but is delayed. The number of taps N, must be large
enough to accommodate that delay. With N = 128, delays
of up to 16 ms (or about 1,200 miles of *‘tail”” circuit) can
be accommodated.

In practice, it is necessary to cancel the echoes in both
directions of a trunk. For this purpose, two adaptive
cancellers are used, as shown in Figure 5, where one cancels
the echo from each end of the connection. The near-end talker
for one of the cancellers is the far-end talker for the other.
In each case, the near-end talker is the *‘closest’’ talker, and
the far-end talker is the talker generating the echo being
cancelled. It is desirable to position these two ‘‘halves’” of
the canceller in a split configuration, as shown in Figure 5,
where the bulk of the delay in the four-wire portion of the
connection is in the middle. The reason is that the number
of coefficients required in the echo-cancellation filter is
directly related to the delay of the tail circuit between the
location of the echo canceller and the hybrid that generates
the echo. In the split configuration, the largest delay is not
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Figure 4. Echo Estimation Using a Transversal Filter
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Figure 5. Split-Type Echo Canceller for Two Directions of Transmission

in the echo path of either half of the canceller. Therefore,
the number of coefficients is minimized.

The digital voice echo canceller can be applied in a
variety of transmission equipment configurations. Some of
these are illustrated in Figures 6 through 8.

Figure 6 shows a single-channel echo canceller with
a four-wire analog interface. The TMS32020 implementation
described in this application report provides for the serial
PCM codec interface required for this common
configuration.

In digital carrier transmission systems, digital voice
channels are usually carried in groups of 24 using the T1
group format.5 As indicated in Figures 7 and 8, a
Tl-compatible digital voice echo canceller can be
implemented with 24 single-channel echo cancellers
connected directly to the serial 1.544-Mbps T1 PCM data
streams for the transmit and receive groups.

Figures 9 through 11 show the appropriate architectures
for applying digital voice echo cancellers to analog switching
and analog transmission channel groups within the telephone
network.
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Figure 6. Single-Channel Four-Wire VF Echo Canceller
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ECHO CANCELLATION ALGORITHMS

Generic algorithm requirements for each major signal
processing function are discussed in this section. The signal
processing flow for a single-channel digital voice echo
canceller is shown in the block diagram of Figure 12.

Adaptive Transversal Filter

The reflected echo signal r(i) at time i (see Figure 3)
can be written as the convolution of the far-end reference
signal y(i) and the discrete representation hy of the impulse
response of the echo path between port C and D.

. N-1
rd) = E
k=0
Linearity and a finite duration N of the echo-path
response have been assumed. An echo canceller with N taps
adapts the N coefficients ay of its transversal filter to produce
a replica of the echo r(i) defined as follows:

he yGi-k) . (1

ti) = )
k=0
Clearly, if ay = hy fork=0,...,N—1, then #(i) = r(i)

for all time i and the echo is cancelled exactly.

ag y(i—k) @

Since, in general, the echo-path impulse response hy
is unknown and may vary slowly with time, a closed-loop
coefficient adaptation algorithm is required to minimize the
average or mean-squared error (MSE) between the echo and
its replica. From Figure 3, it can be seen that the near-end
error signal u(i) is comprised of the echo-path error
r(i) — f(i) and the near-end speech signal x(i), which is
uncorrelated with the far-end signal y(i). This gives the
equation

Eu(i)) = E(x2() + E(e(i) 3

where E denotes the expectation operator. The echo term
E(e2(i)) will be minimized when the left-hand side of (3) is
minimized. If there is no near-end speech (x(i) = 0), the
minimum is achieved by adjusting the coefficients ay along
the direction of the negative gradient of E(e2(i)) at each step
with the update equation

IE(e2(i)

ag(i+1) = a(i) - Bm

)

where (3 is the stepsize. Substituting (1) and (2) into (3) gives
from (4) the update equation

ai+1) = a(i) + 26E [e(d) y(i-k] ®
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Figure 12. Signal Processing for a Digital Voice Echo Canceller

In practice, the expectation operator in the gradient
term 28E [e(i) y(i — k)] cannot be computed without a priori
knowledge of the reference signal probability distribution.
Common practice is to use an unbiased estimate of the
gradient, which is based on time-averaged correlation error.
Thus, replacing the expectation operator of (5) with a short-
time average, gives

M-1
1
M =
m

=0

ag(i+1) = a(i) + 28 e(i-m) yi—m—K) (6)

The special case of (6) for M = 1 is frequently called
the least-mean-squared (LMS) algorithm or the stochastic
gradient algorithm. Alternatively, the coefficients may be
updated less frequently with a thinning ratio of up to M, as
given in

M-1
ai+M+ 1) =ax+28 Y, eli+M-m) y(i+M-m-k)
m=0 (@]

Computer simulations of this ‘‘block update’’ method
show that it performs better than the standard LMS algorithm
(i.e., M=1 case) with noise or speech signals.6 Many
cancellers today avoid multiplication for the correlation
function in (7), and instead use the signs of e(i) and y(i—k)
to compute the coefficient updates. However, this “‘sign
algorithm> approximation results in approximately a
50-percent decrease in convergence rate and an increase in

degradation of residual echo due to interfering near-end
speech.

The convergence properties of the algorithm are largely
determined by the stepsize parameter 3 and the power of the
far-end signal y(i). In general, making @ larger speeds the
convergence, while a smaller 8 reduces the asymptotic
cancellation error.

It has been shown that the convergence time constant
is inversely proportional to the power of y(i), and that the
algorithm will converge very slowly for low-power signals.”
To remedy that situation, the loop gain is usually normalized
by an estimate of that power, i.e.,

_ 1
Py()

where 81 is a compromise value of the stepsize constant and

Py(i) is an estimate of the average power of y(i) at time i.

28 = 280) ®

Py(i) = (Ly(D)? &)
where Ly(i) is given by
Ly+1 = (1-p) Ly + ply@l (10)

The estimate py(i) is used since the calculation of the
exact average power is computation-expensive.

Near-End Speech Detector
When both near-end and far-end speakers are talking,
the condition is termed *‘doubletalk.’” Since the error signal



u(i) of Figure 2 contains a component of the near-end talker
x(i) in addition to the residual echo-cancellation error, it is
necessary to freeze the canceller adaptation during doubletalk
in order to avoid divergence. Doubletalk status can be
detected by a near- end speech detector operating on the near-
end and far-end signals y(i) and s(i), respectively.

A commonly used algorithm by A. A. Geigel8 consists
of declaring near-end speech whenever

Is@)] =[x +r@)| = = 3 max{] yOLlyG-Dl....lyG-NI}
an

where N is the number of samples in the echo canceller
transversal filter memory. It is necessary to compare s(i) with
the recent past of the far-end signal rather than just y(i)
because of the unknown delay in the echo path. The factor
of one-half is based on the hypothesis that the echo-path loss
through a hybrid is at least 6 dB. The algorithm in effect
performs an instantaneous power comparison over a time
window spanning the echo-path delay range.

A more robust version of this algorithm uses short-term

power estimates, ¥(i) and §(i), for the power estimates of -

the recent past of the far-end receive signal y(i) and the near-
end hybrid signal s(i), respectively.These estimates are
computed recursively by the equations

si+1) = (1-o) 36) + als@) (12)

yi+1) = (- 3@ + aly@®! (13)

where the filter gain « = 2-3. For this version of the
algorithm, near-end speech is declared whenever

§G) = % max ((@),yG - 1,...,y(G-N) (14)

Since the near-end speech detector algorithm detects
short-term power peaks, it is desirable to continue declaring
near-end speech for some hangover time after initial
detection.

Residual Echo Suppressor

Nonlinearities in the echo path of the telephone circuit
and uncorrelated near-end speech limit the amount of
achievable suppression in the circuit from 30 to 35 dB. Thus,
there is no merit in achieving more than a certain degree of
cancellation.

The use of a residual echo suppressor algorithm has
been found to be subjectively desirable.” During doubletalk,
the residual suppressor must be disabled. A common

suppression control algorithm is to detect when the return
signal power falls below a threshold based on the receive
reference signal power. If the return signal consists only of
residual echo and the canceller has properly converged, then
the residual echo level will be below the threshold and the
transmitted return signal will be set to zero.

The return signal power is estimated by the equation

Lyi+1) = (1-p) Ly@®) + plu@d] 15

The reference power estimate Ly(i) is given by (10).
Suppression is enabled on the transmitted signal
u(i) (ie.u(i) = 0) whenever Ly(i)/Ly(i) < 2~4. This
corresponds to a suppression threshold of 24 dB.

IMPLEMENTATION OF A 128-TAP ECHO
CANCELLER WITH THE TMS32020

The TMS$32020 is ideally suited for the implementation
of a single 128-tap digital voice echo canceller channel since
it has the capability and features to implement all of the
required functions with full precision. This section discusses
an implementation approach that meets or exceeds the
performance of currently available products and the
requirements of the CCITT G.165 recommendations.3

Echo Canceller Performance Requirements
Echo cancellers have the following fundamental

requirements:

1. Rapid convergence when speech is incident in a new
connection

2. Low-returned echo level during singletalking (i.e.,
echo-return loss enhancement)

3. Slow divergence when there is no signal

4. Rapid return of the echo level to residual if the echo
path is interrupted

5. Little divergence during doubletalking

The CCITT recommendation G.165 specifies echo
canceller performance requirements with band-limited white-
noise (300 — 3400 Hz) test signals at the near-end and far-
end input signal ports. The test specifications of G.165 are
summarized in Table 1.

Digital voice echo canceller products are typically
designed to accommodate circuits with tail delays of 16 ms
or more and circuits with echo-return loss levels greater than
3 dB to 6 dB. Typical digital voice echo canceller product
specifications are summarized in Table 2.



Table 1. CCITT G.165 Performance Test Specifications

PERFORMANCE
CCITT TEST DESCRIPTION REQUIREMENT
1. Final echo return loss (ERL) after Input noise level: —10 dbmO - 40 dbmO
convergence; singletalk mode to —30 dbmO

Circuit ERL: 10 dB

Steady-state residual echo level after

convergence with no near-end signal
2. Convergence rate; singletalk mode Input noise level: —10 dbn O =27 dB

Combined echo loss after 500 ms from

initialization with cleared register and with

near-end signal set to zero at initialization time
3. Leak rate Degradation of residual echo after 2 minutes <10 dB

from time all signals are removed from fully

converged canceller
4. infinite return loss convergence Input noise level: ~ 10 dbmO —-40 dbm0O

to - 30 dbmO

Circuit ERL: 10 dB

Returned echo level 500 ms after echo path is

interrupted

Table 2. Typical Echo Canceller Product Specifications
PARAMETER SPECIFICATION
1. Maximum tail circuit length 16, 32, or 48 ms
2. Absolute delay 0.375 ms maximum
3. Minimum echo return loss 6 dB
4. Convergence 24 dB enhancement in
250 ms
6. Residual echo level {—30 to — 10 dbmO receive level) —40 dbmO (suppressor disabled)
— 65 dbmO (suppressor enabled)

6. Speech detector threshold 6 dB below receive level
7. Speech detector hangover time 75 ms

Implementation Appreach

In the implementation of the generic echo-cancelling
algorithms discussed above, the coefficient update process
dominates the computational requirement and efficiency of
DSP realizations. The DSP efficiency and speed, in turn,
determines the maximum number of echo canceller taps that
can be achieved with the processor.

The block update approach of (7) with M = 16 was
chosen for the TMS32020 implementation because it takes
advantage of the efficient multiply and accumulate
capabilities of the processor. Using the block update
approach, a full-performance 128-tap canceller can be
realized with a small margin. During each sample period (125
us), 8 out of 128 coefficients are updated using correlation
of the 16 past error and signal values.

Computer simulation studies were undertaken to verify
the performance of the block update algorithm
(M = 16) in comparison with the stochastic gradient
algorithm (M = 1), taking into account the finite-precision
and word-length limitations of the TMS32020. Figures 13
and 14 show the simulation results for three values of the
compromize stepsize constant 81, defined in (8). The curves
represent the average of 600 samples for single convergence
runs from a zero initial condition with white-noise input. The
block update algorithm performs better than the stochastic
gradient algorithm for all three values. For values of 81
larger than 2-8, the algorithm can become unstable.
Therefore, for both practical and performance reasons, the
value 81 = 210 was chosen for implementation.
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In the TMS32020 implementation, it is convenient and
desirable to normalize both the stepsize and the error
variables u(i) by the square root of the power estimate Py(i),
i.e., Ly(i) of (9).

Normalizing u(i) and the stepsize separately enables the
product term of (7) to be computed with single precision on
the TMS32020 without significant loss of precision or
overflow due to varying signal level.

Table 3 gives a description of the program variables
together with their names and ranges, and summarizes the
number formats chosen for the echo canceller
implementation. One of the most important aspects of the
implementation approach is the handling of the binary
representation of the signal samples, algorithm variables,
coefficients, and constant parameters for various stages of
the processing. The notation (Q.F) is used to define the
representation of either 16-bit numbers or 32-bit accumulator
numbers, where F specifies the number of bits which are
to the right of the implicit binary point. The assignments of
Table 3 ensure that the algorithm can be executed on the
TMS32020 with single-precision arithmetic and with no
significant loss of precision.

Memory Requirements

The echo canceller algorithm requires the storage of
both reference samples and variable coefficients in on-chip
data RAM so that the required FIR and block update
convolution can be performed efficiently using the RPTK
and MACD instructions. Therefore, the coefficients ay are
stored in block BO, which is configured as program memory.
The 16 normalized error samples for coefficient updating are
also stored in BO. The 128 reference signal samples y(i) are
stored in data RAM along with an additional 16 reference
samples y(1 —129), ..., y(i—143), which are used in the
update of coefficients aj12, ..., aj27. The echo canceller data
memory locations are summarized in Table 4.

Software Logic and Flow
A flowchart of the TMS32020 program for a 128 —tap
digital voice echo canceller is shown in Figure 15.

In Table 5, the instruction cycle and memory
requirements are listed for the various blocks of the program
implementation. The blocks are listed in the order of
execution.



Table 3. Algorithm Number Representation on the TMS32020

BINARY
VARIABLE DESCRIPTION REPRESENTATION RANGE
ag. 81,8127 Filter coefficients (Q.18) [-11-2- 15]
ylit, yli—1),...,yli—143) Reference samples (Q.0) [-2‘5, 215 'I]
(il Near-end signal 1Q.0) [-215. 215-1]
rii) Echo estimate {Q.0) [—215, 215—1]
Lyti) Average absolute value of y{k} (Q.0) [0,215— 1]
HE _ —2-15
Lyt =1 (Q.15) [-1.1-2-15]
ufi) Near-end signal minus echo (Q.0) [ 215, 215 1]
estimate s(k} —r(k)
un(i),..., un({i— 15} Normalized outputs {Q.15) [~1, 1 —2"5]
uni) =ufi} x Lyti)~1
sii) Short-time average (Q.0) [0,2‘ 5-1 ]
of 2 x |sli}|
viid Short-time average (Q.0} [0,21 51 ]
of |yli}]
Table 4. Echo Canceller Data Memory Locations
VARIABLE SYMBOL LOCATION REMARK
ag,...,a127 AO,...,A127 Block BO AO is in higher address
767,766,...,640
yik},....y(k) = 143) Y0,....Y143 . Block B1 Y¥128,....Y143
768,769,...,911 required for block update
untk,....unlk - 15} UNO.....UN15 Block BO
512,...,527




INITIALIZE PROCESSOR

- LAW TO LINEAR CONVERSION OF
y(n). STORE y(n).

u - LAW TO LINEAR CONVERSION OF
S(n).
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FILTER ROUTINE.
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Figure 15. Echo Canceller Program Flowchart



Table 5. Program Module Requirements

CODE CPU PROGRAM DATA*
STEP MODULE FUNCTION LISTING DESCRIPTION CYCLES MEMORY MEMORY
PAGE LOCATIONS | LOCATIONS
1. Cycle Start Routine 7 p-law to linear conversions; take 32 28 11
absolute value of inputs and high-pan )
filter s(i).
2. Echo Estimation 9 FIR convolution of reference samples 156 14 258
Routine and filter coefficients to get echo
replica r(i).
3. Compute Output 9 uli) = stli) — rli) 6 6 2
Store uhi).
4. Residual Output 10 if output power below threshold, 12 15 4
Suppression Routine set uli) = 0.
5. Linear to p-law 1 Convert uli} to u-law. 26 35 4
Compression Routine
6. Power Estimation 13 Estimate short-term power of ufi} 28 14 6
Routine and y(i).
7. Output Normalization 14 Comput upli} = % and clip it. 28 25 19
yir
8. Near-end Speech 16 Perform maximum test for near-end 54 74 16
Detection speech.
9. Coefficient Increment 20 if no near-end speech, compute 183 63 26
Update Routine increments for coefficient group.
10. Coefficient Update 23 Add increments to coefficient group. 43 43 2
Routine
11. Cycle End Routine 25 Wait for interrupt. 1 3 o]
12. Receive interrupt 25 Save status and read input sample. 2 x 14 14 3
Service Routine
13. Transmit Interrupt 25 Branch to start. 2 2 [¢]
Service Routine
14. Interrupt Branches 3 12 6 o]
15. Processor 4 Clear memory, initialize status and 86 ** 86 [¢]
Initialization* * set parameters.
16. p-law to Linear 26 0 256 0
Conversion Table*
Total 614 676 351

*Locations are entered only for the routine that uses them first.

**Not in main cycle; CPU cycles not counted in total.




The program loop is executed once per I/O data sample
period of 125 ps. The program loop is interrupt-driven from
the output data sample mark of a T1 frame. Depending on
the near-end speech detector/hangover status, the coefficient
update computation module may be skipped. An input data
sample interrupt mark occurs during the program loop at a
time dependent on the channel location within the T1 frame.
In response to the interrupt, the main program execution is
interrupted and saved until the new input samples have been
read into memory. At the end of each program loop, the
processor waits for the next output sample interrupt.

In the following subsections, the implementation of
each major block is described in detail. Each variable used
in an equation is referred to by its name in the program
enclosed in parentheses.

Cycle Start Routine

The voice echo canceller program has been
implemented with either p-law or A-law conversion routines
as a program option.

The p-law (or A-law) to linear input conversion routine
is implemented by table lookup in order to minimize the
number of instructions. The 256 14-bit two’s-complement
number corresponding to the 256 possible 8-bit u-law
numbers are stored in program memory. The 8 bits of the
u-law number specify the relative address of the
corresponding linear number in the table, which is added to
the first address in the table to form the absolute program
memory address for the linear number. The TBLR instruction
is then used to move the number from program to data
memory.

In the cycle start routine, the g-law input reference
sample is read from memory location DRR2 and converted
to its linear representation y(i) (Y0). Its absolute value is also
stored in location ABSYO. The near-end input sample is then
read and converted to a linear representation sdc(i) (SODC).
The sample s(i) is next put through a highpass filter to remove
any residual dc offset. The highpass filter is a first-order filter
with a 3 —dB frequency at 160 Hz. Its output s(i) (SO) is given
by

si+1) = (1-v)s@) + % (1 =) (sdc(i) — sde(i~1))

where ¥y = 23, (16)

Note that the filter implementation requires double-
precision arithmetic, with SO denoting the MSBs of s(i) and
SOLSBS its LSBs.

Echo Estimation
The echo estimate #(i) (EEST) is formed by convolving
the tap weight coefficients ag, ..., aj27 (A0, ..., A127)

with the 128 most recent reference samples
y(@), ..., y(i—127) (YO, ..., Y127).

127
) = X axyi-k an

k=0

This operation is most efficiently implemented on the
TMS32020 using the RPTK and MACD instruction. The
samples y(i),..., y(i —127) are stored in block Bl of data
memory while ag,..., aj27 are stored in block BO configured
as program memory. Since the MACD instruction also
performs a data move,

yi-k+1) — y(i—k) fork = 1,...,128 (18)

no data shifting is required for the computation of the next
echo estimate.

The block update routine used for the coefficient
adaptation requires the storage of y(i— 128), ..., y(i—143)
(Y128, ..., Y143) in addition to the most recent 128 samples
used in the convolution. Since these samples are not used
in the convolution, they are updated using the RPTK and
DMOV instructions.

yi-k+1) — y(i~k) for k = 129,...,143 (19)

‘The tap weight coefficients ag, ..., aj27 are initially
set to zero, and are adjusted by the algorithm to converge
to the impulse response of the echo path hg, ..., hy27.

agi) — hg fork = 0,...,127 (20)

The |hx| < 1,% k,because the power gain of the echo
path is smaller than unity. The binary representation for the
ay’s was chosen to be of the form (Q.15) with 15 bits after
the binary points. This format represents a number between
-1 and (1 — 2-15). The reference samples and the echo
estimate are represented as 16-bit two’s-complement integers
(no binary point). The 32-bit result of the convolution is
therefore of the form (Q.15), and the 16 bits of the echo
estimate are the MSB of accumulator low (ACCL) and the
15 LSBs of accumulator high (ACCH). One left shift of the
accumulator is required before ACCH is stored in EEST.

Residual Error Suppression

The residual cancellation error is set to zero (or
suppressed) whenever the ratio of a long-time average of the
absolute value of the output (ABSOUT) to a long-time
average of the absolute value of the reference signal (ABSY)
is smaller than a fixed threshold. The two long-time averages
are updated subsequently in the program as described below.
The suppression is, of course, disabled when a near-end
speech signal is present (HCNTR > 0). The suppression
threshold is set at 1/16 or —24 dB.

Linear to y-Law (A-Law) Conversion

The linear to u-law (A-law) conversion routine is an
efficient adaptation to the TMS32020 of the conversion
routine written for the TMS32010 and described in the
application report, ‘‘Companding Routines for the
TMS32010.9



Signal and Output Power Estimation

An estimate of the long-time average of |u(i)| is
required by the residual error suppression routine. This
estimate Ly(i) (ABSOUT) is obtained by lowpass filtering
Ju(i)| (ABSUO) using the following infinite impulse response
(IIR) filter:

Ly(i+1) = (1—a) Ly() + afu@d| @b

where a = 2—7. In terms of the program variables, the IIR
filter is given by

ABSOUT = 2-16 (216 x ABSOUT - 29
X ABSOUT + 29 x ABSUO) @2)

Similarly, the estimate Ly(i) (ABSY) of the long-term
average of y(i) (ABSYO) is the output of an IIR filter with
the same «, but differs from the above filter by the addition
of a cutoff term that prevents the estimate from taking values
smaller than a desired level.

ABSY = 2-16 (216 x ABSY — 29 x ABSY + 29
X ABSY0 + 29 X CUTOFF) (23)

This insures that ABSY = CUTOFF even if ABSY0
is zero for a long time.

Since Ly (i) is used to normalize the algorithm stepsize,
this feature is important in order to prevent excessively large
stepsizes when the far-end talker is silent.

The stepsize is normalized according to

81

28G) = % 24

In order to avoid double-precision arithmetic, this
normalization is carried out in two stages (as described in
the subsection on coefficient adaptation). Each of the stages
requires a division by Ly(i). It is more efficient to compute
Ly()~ 1 (IABSY) and replace the divisions by two
multiplications.

Since ABSY is a positive integer, taking its inverse
consists simply of repeating the SUBC instruction. IABSY
is a positive fractional number of the form (Q.15), taking
values between 0 and 1-2-15,

Output Normalization

The normalized output un(i) (UNO) is defined as
u()/Ly(i) and replaces the actual error in the coefficient
update routine for finite-precision considerations, described
in the subsection on coefficient adaptation. In the absence
of near-end speech, up(i) is equal to a normalized cancellation
error and is used in the coefficient update. In the presence
of near-end speech, no coefficient update is carried out, and
the normalized outputs are not used.

The block update approach requires the
storage of the 16 most recent normalized outputs
up(i), ..., up(i — 15) (UNO,..., UN1S5). In a given program

cycle, only up(i) is computed and stored, while
up(i — 1),..., ug(i — 15) computed in previous program
cycles are only updated using the DMOV instruction.

up(i—k+1) — up(i-k) fork = 1,...,14 (25)

In the absence of near-end speech, the normalized
output should be a number smaller than one, which is
represented as a (Q.15) fraction. To insure that the
representation is adequate even in the presence of a near-
end signal, the normalized output is clipped at +1or -1, i.e.,

if up(i) > 1.0, then uy(i) = 1.0

(26)
if up(i) < —1.0, then up(i) = —1.0
Near-End Speech Detection
Near-end speech is declared if
8 = max (36),5G —1),....5G - 127 ~h(i))) @n

where §(i) (ABSSOF) is the output of a lowpass filter with
input 2 X |s(i)| (ABSS0). The variable y(i) is a lowpass
filtered version of |y(i)|, and h(i) (H) a modulo-16 counter.
The lowpass filters are IIR filters with short-time constants,

s+1) = (1—a) s@) + a X 2 % |s@)] (28)

yi+1) = (1-0) y@) + o X |y@) 29)

where & = 235,

The counter h(i) is incremented by one for every input
sample. The routines maintain nine partial maxima
mO, ml,..., m8 (Mg, Mj, ..., Mg), defined at time
i =16m + h() by

mo(i) = max (§(),...,§ —h(i) +1))
m@) = max (§G—h),...,.9G ~hG) - 15))

(30

mg() = max (G —h~112),...G~hG) — 127))

Figure 16 illustrates how the partial maxima are
maintained.

The condition for near-end speech declaration is then
equivalent to

§(1) = max (mg,...,mg) @31

The partial maxima are updated according to the
following recursions:

if h = 0, then mg@i) = y(i+1)
and mj()) = mj— 1@ (32)
where j = 1,...,8
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Figure 16. Partial Maxima for Near-End Speech Detection

and

if 0 < h <15, then mg(i+ 1) = max (mg(i),y(i+ 1))
and mj(i+l) = mj(i)

wherej = 1,...,8

If near-end speech is declared, a hangover counter
(HCNTR) is set equal to a hangover time (HANGT), which
was chosen to be 600 samples or 75 ms. If no near-end speech
is declared, then the hangover counter is decremented by one,
unless it is zero. If the hangover counter is larger than zero,
then the coefficient update routine is skipped. Moreover, if
the reference signal power estimate Ly (i) is smaller or equal
to the cutoff value of — 48 dB, then adaptation is also
disabled to avoid divergence during long silences of the far-
end talker.

Coefficient Adaptation
The 128 coefficients of the transversal filter are divided

into 16 groups of 8 coefficients each, as shown in Table 6.

Table 6. The Coefficient Groups

GROUP COEFFICIENTS
0 ap.816.832..--+ a412

1 a1,817,833..--.8113

15 845,831.847.--,8127

The coefficients in only one of the groups are updated
in a given program cycle, while the other coefficients are
not modified. A modulo-16 counter h(i) (H) points to the
index of the group to be updated, and is incremented by one
during every program cycle.

The update equation is repeated here for ease of
reference.

8 13

Ly@2 m=0

ag(i+1) = ag(i) + e(i—m) y(i—k—m)

(34)

fork = h,h + 16, ..., h + 112, where h is the value of
the counter and goes from O to 15. The error terms
e(i — m) (m = 0, ..., 15) are the most recent cancellation
errors. In this case, the errors are equal to the 15 most recent
canceller outputs u(i), ..., u(i — 15) since the adaptation is
carried out only in the absence of a near-end signal.

For finite-precision considerations, the actual
implementation of the update equation by the routine is
carried out in the following two main steps:

1. Compute eight partial updates:

k+15 .
i = X AW oyokom (35)
m=k Ly(‘)

wherek = h,h + 16, ..., h + 112.



The normalized outputs up(i), ..
already been computed and stored.

., up(i — 15) have

2. Update the coefficients:

ai+1) = a + (24 x (Ly()~1 x 26) x (@) 2-16
(36)

where G (GAIN) is a program parameter that determines
the stepsize of the algorithm and has the value
0, 1,3, ..,15

The partial updates k(i) are computed using the MAC
instruction in repeat mode. The result is rounded and stored
in temporary locations INCO, ..., INCO + 7 in block Bl.

For the second step of the update, Ly(i) -1 (IABSY)
is first loaded in the T register with a left shift of G (GAIN).
It is then multiplied by each of the yi(i)’s. SPM is set to
2 to implement the 24 multiplication by shifting the P register
four positions to the right before adding it to the accumulator
(APAC).

Interrupt Service Routines

At the end of the cycle, the program becomes idle until
a receive interrupt occurs followed by a transmit interrupt
that sends it back to the beginning of the cycle. The transmit
interrupt routine simply enables interrupts and branches back
to the start. The receive interrupt must store the status register
STO and the accumulator, then read the received sample from
DRR, zero its eight most significant bits, and store it in
DRRI. It restores the accumulator and status register STO
before returning to the main program.

External Processor Hardware Requirements

Very little external hardware is required to implement
a complete single-channel 128-tap echo canceller with the
TMS$32020. In addition to the processor, only two external
1K x 8 PROMs and some system-dependent interface logic
are required. A typical interface circuit for the demonstration
system is shown in Appendix A.

The TMS32020 serial I/O ports allow direct interfacing
of the echo canceller to a digital T1 carrier data stream.

Three 1/O functions must be performed during each
T1 frame (125 ps). The far-end and the near-end signals must
be read in, and the processed near-end signal must be written
out. To perform these functions, a timing circuit must extract
the T1 clock and the T1 frame marks for each direction of
transmission. The timing circuit uses the frame mark to
generate a channel mark that selects the desired channel out
of the 24 present in the T1 frame. The channel mark goes
to a high level during the clock cycle, immediately preceding
the eight serial bits of the desired sample.

The T1 clock, channel mark, and serial data signals
are directly input into the TMS32020 serial clock (CLKR),
serial input control (FSR), and serial input port (DR),
respectively. Because data is read in from two directions of
transmission, a triple two-to-one multiplexer
(e.g., SN74LS157) is required to select one of the two sets
of T1 signals to be input into the TMS32020. During each
T1 frame, the multiplexer alternates once between each
direction of transmission, under the control of the timing
circuit.

Since data is written out in only one direction, the
TMS$32020 serial output port (DX) is directly tied to the
outgoing T1 data line. The serial output clock (CLKX) and
the serial output control (FSX) signals are the same as the
near-end direction-of-transmission CLKR and FSR signals.
If the far-end T1 channel-frame location overlaps the near-
end T1 channel location in time, it is necessary to delay each
far-end sample external to the TMS32020 to permit it to be
read following the sample from the near-end direction. This
requires an eight-bit serial shift register and some additional
timing circuits.

Description of a Single-Channel Demonstration
System

The demonstration system has been constructed in order
to verify the TMS32020 implementation. Two photographs
and a block diagram of the demonstration system are
provided.

Figure 17 is a photograph of the front panel of the
demonstration system, and Figure 18 is a closeup photograph
of the single-channel echo canceller module.



Figure 17. Front Panel of the Echo Canceller
Demonstration System

Figure 18. Single-Channel Echo Canceller Module



As shown in the block diagram of Figure 19, the
demonstration system models two end offices, a delay due
to a satellite link, a delay due to a terrestrial link, a typical
end-loop line response, and the echo canceller. A phone is
connected via a two-wire interface to each end of the path.
The two-wire interfaces are converted to four-wire in
electronic hybrids. The hybrids also provide the required
battery voltage to power the phones. The near-end two-wire
line has a series-passive line simulator. The associated hybrid
has an adjustable termination to allow a variable amount of
hybrid mismatch, and therefore a variable amount of near-
end echo response.

At each end, the four-wire analog signal is converted
to and from PCM g-law digital representation by a codec.
The PCM signaling is done in a T1 format, with appropriate
timing provided by a central timing generator. Variable delay
is provided in the near-end and far-end path by digital

memories. The TMS32020 echo canceller is situated in the
middle of the path, with signal processing done on the near-
end to far-end direction of transmission. The other direction
is used as the reference signal. All the TMS32020 signal I/O
is performed using the T1 format. A display of the processed
signal is used as an indicator of echo suppression in the
absence of near-end signal. To aid the testing of the echo
canceller, the far-end phone can be switched out and a noise
generator switched in as a source of far-end signal.

The performance of the TMS32020 echo canceller was
measured for white-noise input, as suggested in the
CCITT G.165 recommendation. The measurement results
are summarized in Table 7 and show that the TMS32020 echo
canceller performance exceeds the CCITT requirements in
all the tests described. The subjective performance on speech
was also found to be very good in both singletalk and
doubletalk modes, with no audible distortion of the signal.

oc END- Lone- ECHO
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POWER TIMIN SELECT SELECT DISPLAY
! {
wLAW T 070 RESET oTo T wLAW
- PCM o 6&ms 540.ms |—md  PCM
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pcM e 6ms - s540ms |4 pcm SELECT
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SIMULATOR PHONE GENERATOR
Figure 19. Block Diagram of Echo Canceller Demonstration System
Table 7. TMS32020 Echo Canceller Performance
TEST CCITT G.165 TMS32020 ECHO-
DESCRIPTION PERFORMANCE REQUIREMENT CANCELLER PERFORMANCE
1. Final echo return loss after —-40dbm0 < —48 dbmO
convergence; singletalk mode
2. Convergence rate; singletalk =27dB > 38 dB
mode
3. Leak rate <10dB =~ 0 dB
4. Infinite return loss convergence —40 dbomO < —48 dbmO




CONCLUSION

The development of novel variations of the generic
least-mean-squared (LMS) echo cancelling algorithm and the
near-end speech and residual suppression control algorithms
has resulted in the implementation of a complete 128-tap
single-channel echo canceller on a single TMS32020
programmable Digital Signal Processor. The echo canceller
performance exceeds all requirements of the CCITT G.165
recommendations and the performance of similar currently
available products. The only external hardware required are
two program PROMs and a serial data multiplexer. A direct
T1-rate serial interface is available to minimize component
count in four-wire VF and T1 carrier configurations.

The single-channel TMS32020 echo canceller program
provides a high-performance building block for low-cost
systems, which can be tailored to a wide variety of system
applications. Programmability offers the flexibility to
implement custom requirements, such as cascaded sections
for longer tail delay range, short-range multichannel
versions, or other special-purpose functions.

The echo canceller application illustrates the power and
versatility of the TMS$32020 single-chip programmable signal
processor. Applications of this technology can be expected
to benefit many other complex signal processing tasks in
communications products, including voiceband data modems,
voice codecs, digital subscriber transceivers, and TDM/FDM
transmultiplexers.
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APPENDIX A
HARDWARE SCHEMATIC OF THE SINGLE-CHANNEL DEMONSTRATION PROCESSOR
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APPENDIX B
SOURCE CODE LISTING
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