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Part | Overview

Echo in the telephone network is a well-known phenomenon in long distance telephonic communication.
Long-delayed and noticeable echo may create significant or even unbearable disturbance in the telephone
conversation. Echo cancellation is a technique to reduce the echo in the telephone network to an acceptable
level. International Telecommunication Union; Telecommunication Standardization Sector (ITU-T)
standardizes the requirements for echo cancellers by establishing a set of recommendations, namely,
G.165—Echo Cancellers and G.168 —Digital Network Echo Cancellers. Some digital echo cancellation
techniques, such as normalized Least Mean Square (LMS) adaptive echo cancellation, have been developed
in compliance with the ITU-T standards. The goal of an echo canceller implementation is to reduce the per
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Echoes and Echo Cancellation

voice channel processing time while achieving satisfactory echo cancellation. Better echo cancellation
algorithms, faster processors, and better implementation techniques may all contribute to this goal.
Motorola AltiVec Technology, a high performance PowerPC implementation with parallel processors in a
single-instruction-multiple-data (SIMD) architecture to vectorize data, can provide a new way to process
more voice channels in a shorter period of time for echo cancellation.

This document describes the various aspects of echo cancellation, including its fundamentals, algorithms,
requirements and designs with the Motorola AltiVec technology:

e Part 2 outlines the basics of echo cancellation.

e Part 3 details the echo cancellation algorithms.

e Part 4 summarizes the echo cancellation requirements made by ITU in two recommendations,
G.165 and G.168.

e Part 5 describes a general implementation design for echo cancellers in AltiVec technology.

e Part 6 analyzes the overall performance of the echo canceller.

Part Il Echoes and Echo Cancellation

This part contains two sections, echo sources and echo cancellation.

2.1 Echo Sources

The basic telephone network consists of two types of wire segments: four-wire central network and two-
wire local network as shown in Figure 1. The two-wire network includes a subscriber loop and some portion
of the local network. The choice of two wires in the subscriber loop, rather than four wires as in the central
network, is mainly economic. The four-wire central network separates the two directions of signal
transmission, using one pair of wires for each transmission direction. The two-wire local network, on the
other hand, carries signal transmission in both directions in the same pair of wires. A converting device,
called a hybrid, is needed at the junction of the two-wire to four-wire segments. The impedance mismatch
of the converting device is one source of echo.

As shown in Figure 1, when a far-end user talks, the speech signal travels through the near-end echo path,
and a portion of the signal is reflected back to the far-end listener, due to the impedance mismatch in the
hybrid. This type of the echo is called electric echo or circuit echo. G.165 standardizes the design
requirements for echo cancellers operating on such electric echoes.
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Figure 1. Four-Wire Central Network and Two-Wire Local Network

Acoustic echo is another type of echo. The source of the acoustic echo is acoustic environments, in which
the echo path is the acoustic path from earphone to microphone. ITU Recommendation G.168 standardizes
the design requirements for echo cancellers to minimize both electric echoes and acoustic echoes in a digital
telecommunication network.

Figure 1 shows various signals involved in an echo cancellation process. The far-end talker signal x(n) is
transmitted through the echo path. As the signal travels, the strength of the signal gets weaker or attenuates.
The echo signal y(n) is a portion of the delayed x(n), and y(n) is reflected back to the far-end listener by the
2/4 hybrid. Without an echo canceller, the far-end listener receives the mixture of the desired near-end talker
signal z(n) and the undesired far-end talker echo y(n). The effect of the echo on the quality of
communication depends on the delay around the transmission network. For short delays (that is, < 20
milliseconds), the echo y(n) represents an insignificant impairment if the signal attenuation is relatively
large (that is, 6 dB or more). The short delays make the echoes indistinguishable from the normal side-tone
in the telephone, and sufficient echo attenuation prevents a significant amount of the echo energy from
causing further echo loops. For long delays (that is, 250-500 milliseconds, as in satellite communication),
the echo may create a significant disturbance to the talker and may even make it very difficult to carry on a
normal conversation.

2.2 Echo Cancellation

The principle of echo cancellation is to use the far-end talker signal x(n) as a reference signal to generate an
echo replica r(n). This replica is subtracted from the signal z(n) + y(n) to yield the transmitted near-end
talker signal, z(n) + y(n) - r(n). In theory, total echo cancellation can be achieved if the error signal
y(n) = r(n). The practical problems are that the echo of the far-end talker signal is mixed with the near-end
talker signal, and the actual transfer function of the echo path is unknown. Therefore, estimating a proper
r(n), is essential for echo cancellation. A common technique to generate r(n) is the normalized Least Mean
Square (LSM) adaptive filter.
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Part Il Echo Cancellation Algorithm

This section contains two sections:

e Basic algorithm of the normalized LMS adaptive echo canceller
e Detailed description of echo cancellation process

3.1 Basic Algorithm of the Normalized LMS Adaptive
Echo Canceller

The echo canceller works on the assumption that the echo in the communication system can be estimated
in an adaptive process by an adaptive filter based on the reference talker signal. The deviation of the
estimated echo from the actual echo is calculated and used to update the filter coefficients for more accurate
echo estimation in the next iteration. The algorithm works on the following three equations:

1. Echo replica estimation r(n)

Let h;(n) = the adaptive filter (FIR) coefficients at time n (where 0 < i <L, L is the filter length), r(n) = the
estimated echo replica at time n, and x(n) = the sample of the far-end talker signal at time n, then the
estimated echo replica is as follows:

L-1

r(n) = ¥ hy(n)x(n-i) (1)
i=0

2. Echo estimation error e(n)

Let y(n) = the electric echo received at the point before the summation with the echo replica (see Figure 1),
the echo estimation error at time n is given as follows:

e(n) = y(n)-r(n) (2)

3. Filter coefficient adaptation, hy(n + 1)

The echo estimation error e(n) is used to adjust the filter coefficients for later echo estimation. The set of
filter coefficients used in the next echo estimation are calculated by the following:

h;(n+1) = h,(n) + ne(n)x(n—-1) (3)

where y is the adaptation gain given by the following:

(ou: experimental constant) (3.1)

Equation (3.1) shows that each coefficient is adjusted by adding a fraction of the product of the error term
e(n) and reference signal x(n-i) to the previous h;(n). The fraction is controlled by the adaptation gain, that
is the combination of o (the adaptation constant), ry(0),.x (the estimated maximum average power of the
reference signal x(n)), and c (the limiting constant). The adaptation gain y is chosen to be as large as possible
to achieve the rapid filter convergence while retaining the filter stability.
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Besides the three equations described above, the actual implementation of the echo cancellers needs to
handle some other tasks. The next sub-section provides a complete description of the step-by-step process
for implementing the echo canceller with the parameters used in the actual implementation.

3.2 Detailed Description of Echo Cancellation
Process

The procedure is extracted from C reference code using a floating-point implementation.

The filter length L of the adaptive echo canceller is 512. This filter is able to generate an echo replica with
maximum transmission time delay of the echo path up to 64 msec. L can also be other values that
corresponding to different echo path delays for various applications. For 8 kHz sampling rate, L. = (echo
path delay in msec)*8. The filter length L is the major factor in the total processing time.

NOTE:

A shorter filter length may be chosen if the maximum time delay of the
echo path for a specified communication system is known in advance. In
fact, one echo canceller is installed at each side of the echo path. The echo
canceller shown in Figure 1 is to operate on the far-end talker echo. By the
same principle, there is another echo canceller installed at the far-end to
operate on the near-end talker echo. As a result of the arrangement, the
echo cancellers are implemented close to the echo sources to minimize the
echo path delay.

The following steps are needed for echo cancellation:

1. Take a frame of 80 samples of the echo signal, denoted as s(0), s(1), ... s(79). The sample rate is 8
kHz, so the sample duration or frame length is 10 msec. Then apply a high-pass filter to the frame

to remove the non-voice low frequency noises. The outputs of the filter, y(0) to y(79), are given by
the following:

For n = 0 to 79

1
y(n) = b(0)s(n) + N (b(j)s(n~j)-a(j)y(n-j)) (4)
j=4

where, b(j) and a(j) high-pass filter coefficients are:

b(0) ... b(4) = (0.898, -3.590, 5.384, -3.590, 0.898)
a(l) ... a(4) = (-3.782, 5.374, -3.397, 0.806)
Steps 2 to 15 are for every sample within the frame of 80 samples:

2. Load a speech sample (the far-end talker signal x(n)) into the last element of a buffer xref[512],
(referred as the reference signal for echo cancellation) and push the rest of the samples up by 1
location (assume the buffer contains 512 previous samples).

for i = 511 to 1
xref[i] = xref[i-1]
then take a new y

for n = 0 to 79
xref[0] = x[n]
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3. For every 32 samples, calculate the average energy of the echo signals P, ,(n). Note that the
filtered echo signals have been stored in y:

31
Pecho(n) = 3l2 2 (Y(n_i))z
i=0

This average energy will be used later for double-talk detection.

4. For every 32 samples, calculate the average energy of the reference signals:
31

P._.(n) = 31—2 3 (xref(n 1))’
i=0

P..f(n) and its 15 previous values are stored into a reference energy buffer, xbuf.
for i =15 to 1

xbuf (i) = xbuf(i-1)
xbuf(0) = Preg(n)

5. Find the maximum value among the current and past 15 P,.¢ s (this is done only when a new Pt is
calculated, that is, every 32 samples):

for i = 0 to 15
1, (0) pax = max(xbuf(0), ... xbuf(15))
1, (0)ax Will be used in the filter coefficient adaptation as shown in equation 3.1.
6. Check for impulsive reference signal for every sample x(n):
if (x(n)? / 16 > ry(0)pax)

then ry (0)pax = x(n)2
7. Calculate filter adaptation factor whenever 1,(0),,,.x 1s changed:

1
1,(0) 0 + €

8. Detect the existence of double talk:

where ¢ = -36dB

if Poepo(n) > —48dB && Pegpo(n) > (0.5 * 1y (0)pax)

Increment a fixed double-talk counter by 1 where 0.5 is considered as the fixed double-talk
threshold. The fixed double-talk counter is one of two indicators of possible double-talk.

if Pocpo(n) > —48 dB && Pegpo(n) > dt thsh * ry(0)pax

Increment an adaptive double-talk counter by 1 where dt_thsh is the adaptive double-talk threshold,
that is adjusted every 160 samples in Step 18. The adaptive double-talk counter is the other indicator
for possible double-talk.

9. In case of double talk, freeze the filter coefficient adaptation and use the previous (auxiliary) filter
coefficients. The set of auxiliary coefficients is stored every 160 samples in Step 17. This will
prevent the divergence of the filter coefficient adaptation when double talk exists.

10. Calculate the echo replica
L-1
echo replica r(n) = E h;(n)xref(n—1i)
i=0
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11. Calculate the error of the echo replica
estimation error e(n) = y(n)-r(n)

12. Update the filter coefficient h;. This is done only when the following two conditions are met:

— No double-talk —That ensures that the adaptation process will be stopped when double-talk is
detected

— 14(0)pax > -45 dB—That ensures that the adaptation is done only when the reference signal is
strong enough, that is, the far-end talker is actively talking.

for i = 0 to 511

h;(n+1)= hy(n) + pe(n)xref(n-1i)

where

1
M =
L(r(0),.4 +¢)
13. Do the coefficient leakage.

14. Calculate the residual energy (re(n-1) = the previous estimated residual energy)

re(n) = *re(n-1) + (1- )(e(n)’
where [ is a leaky integrator constant (§ = 0.96).
15. Nonlinear processing

The nonlinear processing is carried out only when the nonlinear processor is enabled and double-
talk is not detected. If re(n) < rxOmax* (-18 dB) and the comfort noise is enabled, add the comfort
noise to the output of the echo canceller output in such a way that

e(n) = k*e(n) + (1- k)*comfort_noise

where k is a constant and the comfort noise is random noise with the maximum level of -72 dB
generated by a comfort noise generator.

Steps 16 to 18 are only done once every 160 samples (2 frames).

16. Ensure double-talk detection.

The occurrences of possible double-talk have been accumulated in Step 8 of the process. This step
checks for apparent false double-talk detection due to artificially low adaptive double-talk
threshold.

If the adaptive double-talk counter > a certain count
while the fixed double-talk counter < 1
no double-talk is detected
reset the adaptive double-talk threshold to a fixed threshold
reset both adaptive and fixed double-talk counters.

17. Back up the filter coefficients in an auxiliary buffer. The coefficients are going to be used when
double-talk is detected.
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18. Adjust the adaptive double-talk detection threshold.

The threshold needs to be adjusted when a predetermined portion of the filter coefficients are
changed and double-talk is not detected.

L-1
di_thsh = 0.97*dt_thsh +0.03*2.238* )" (h.(n))2
i=0

where 2.238 = 3.5 dB.

Part IV G.165 and G.168 Recommendations

The following three sub-sections are the summary of ITU-T G.165 and G.168 related to the scope of this
project.

4.1 Definitions

Figure 2 shows a functional diagram of an echo canceller along with some key parameters defined as
follows:
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| Acanc Anlp |
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Figure 2. Echo Canceller Definitions

R;,: Receive-in port.
R, ut: Receive-out port.
* S, Send-in port.
e S.ut: Send-out port.
e Echo path: The transmission path between R, and S;, of an echo canceller.

e Near-end: The side of an echo canceller that contains the echo path on which the echo canceller is
intended to operate.

* Far-end: The side of an echo canceller, that does not contain the echo path on which the echo
canceller is intended to operate.

8 Echo Canceller Implementation (M) moToroLa
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e Echo loss (Aggpo): The attenuation of a signal from R to Sy,

* Echo cancellation (A,,.): The attenuation of the echo signal as it passes through the send path of
an echo canceller.

* Send-in signal level (L;,): The level of the far-end talker signal at S;,,.

* Residual echo level (L,): The level of the echo signal, that remains at S, after imperfect echo
cancellation. L o = L, - Aecho - Acanc:

¢ Nonlinear processor (NLP): A device having a defined suppression threshold level. The device will
suppress all signals to some minimum value when the signals are detected to be below the threshold.

* Nonlinear processing loss (A,): Additional attenuation of residual echo level by a nonlinear
process placed in the send path of an echo canceller.

e Combined loss (A.,n): The sum of echo loss, cancellation loss and nonlinear processing loss, that
is, A =A +A +A

com echo canc nlp
* Returned echo level (L,.): The level of the echo signal at S . This signal will be returned to the

far-end talker.
Lret = Lyin - (Accho + Acanc +A

Lt = L, if nonlinear processing is excluded.

nlp)s if nonlinear processing is included.

e Echo pure delay (t,): The delay from R to S;, due to the delays in the near-end echo path
transmission facilities.
e Echo path delay (ty): The sum of pure delay and dispersion time, tg is the time required to

accommodate the band-limiting, multiple reflection, and hybrid transit effect.

e Convergence: The process of developing a model of the echo path that will be used in the echo
estimator to produce the estimate of the circuit echo.

* Convergence time: The interval between the instant a defined test signal is applied to R;,, of an echo
canceller and the instant the returned echo level at S reaches a defined level.

e Comfort noise: Insertion of pseudo-random noise during silent intervals. Comfort noise prevents the
annoyance of intervals of speech with background noise followed by intervals of silence.

4.2 ITU-T Recommendation G.165—Echo Cancellers

The ITU-T Recommendation G.165 applies to echo canceller designs using either digital or analog
techniques and is intended for use in an international circuit. Echo cancellers designed to G.165 will be
compatible with each other. G.165 defines performance requirements for an echo canceller but leaves the
design details (such as the implementation algorithms) to the designers. The recommendation also specifies
a set of tests for verification of the echo cancel design.

4.2.1 Characteristics of Echo Cancellers

This section includes the purpose of echo cancellers, the minimum echo loss, and the minimum order of
echo cancellers.

4.2.1.1 Purpose of Echo Cancellers

Echo cancellers are designed to have cancellation take place only in the send path due to signals present in
the receive path (see Figure 2), that is, the echo canceller is designed to cancel the far-end talker echo. There
is a separate echo canceller located near the far-end echo path to cancel the near-end talker echo.
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4.2.1.2 Minimum Echo Loss

One of the requirements for communication system hardware design is that the echo loss (Ay.p,) from R,
to S;, is 6 dB or greater. Echo cancellers are designed to perform properly for the echo loss of 6 dB or
greater.

4.2.1.3 Minimum Order of Echo Cancellers

An echo canceller must have sufficient storage capacity (the order of the echo canceller) for the required
number of signal samples in order to produce a proper replica of the echo path impulse response. In general,
too small an order of the echo canceller will not be able to produce a replica that is adequate for all echo
paths. On the other hand, too large an order of the echo canceller will create undesirable additional noise.
For a sampling rate of 8 kHz, the order of the echo cancellers is 8 times the echo path delay (8*ty).

4.2.2 Echo Canceller Requirements

1. Rapid convergence rate.
2. Low returned echo level during single talk
3. Low divergence during double talk

4.2.3 Echo Canceller Requirement Tests

The performance of an echo canceller is tested in the following 11 tests. This document only summarizes
the general requirement for each of the tests without listing the detailed testing conditions and numerical
specifications. Refer to G.165 recommendation for detailed requirements.

1. Test 1—Steady state residual and returned echo level test

The test ensures that the steady state cancellation (A,,) is sufficient to produce a residual echo
level below a certain threshold. The level should be sufficiently low to permit the use of nonlinear
processing without undue reliance on it.

2. Test 2—Convergence test

This test ensures that the echo canceller converges rapidly (within a half second) for all
combinations of input signal levels and echo paths and that the returned echo level is sufficiently
low.

3. Test 3—Double-talk detection test

The double talk detector should be able to correctly detect double talk, that occurs when the near-
end talker is also talking. The double-talk detection is tested in two days. First, the false detection
of double talk should not occur. Second, the double talk detector should be sufficiently sensitive and
be able to operate fast enough to detect double talk when it does occur, and to prevent large
divergence during the period of double-talking.

4. Test 4—Leak rate test

If the far-end talker signal is removed from R;, after the echo canceller reaches the fully converged

state, the impulse response of the echo canceller will gradually converge to zero. This test ensures
that this does not happen too fast. The test requires that two minutes after the removal of the R;,

signal, the residual echo level (L ) should not increase more than 10 dB over the steady state L.
There are an additional 7 tests listed in the G.165 recommendation. These tests are either

provisional, optional, not defined (under study), or beyond the scope of the project. The names of
the tests are listed for reference only.

5. Test 5—Infinite return loss convergence test (provisional)

10 Echo Canceller Implementation @ MOTOROLA
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6. Test 6—Nondivergence on narrow-band signals (optional)

7. Test 7—Nonconvergence of echo cancellers on mono or bifrequency signals transmitted in a
handshaking protocol (optional)

8. Test 8—Overload test for Type A and Type D cancellers
9. Test 9—Comfort noise test (provisional)

10. Test 10—Facsimile test (under study)

11. Test 11—Tandem echo canceller test (under study)

In addition there are some requirements for echo canceller tone (2100 Hz) disabler and non-linear processor.

4.3 ITU-T Recommendation G.168 —Digital Network
Echo Cancellers

The ITU-T Recommendation G.168 applies to echo canceller design using digital techniques and is
intended for use in circuits with relatively long delays. The recommendation ensures that echo canceller
performance is adequate under wider network conditions that are specified in G.165, (such as performance
on voice, FAX, residual acoustic echo signal)s and in mobile networks. Echo cancellers designed to G.168
will be compatible with each other, with echo cancellers designed in accordance with G.165, and with echo
suppressors designed in accordance with the ITU-T Recommendation G.164 echo suppressors
recommendation. Like G.165, G.168 defines performance and test requirements for an echo canceller but
leaves the design details to the designers.

4.3.1 Echo Canceller Requirements

1. Rapid convergence rate

Low returned echo level during single talk
Low divergence during double talk
Assured double talk detection

Proper operation during facsimile and low speed (<9.6 Kbit/sec) voiceband data transmissions

Nk w

4.3.2 Echo Canceller Requirement Tests

The performance of an echo canceller is tested in 14 tests, plus echo canceller tone disabler and non-linear
processor. Tests 1 — 11, echo canceller tone disable and non-linear processor testing requirements are similar
to the ones in G.165 as described above. Tests 12 & 13 are under study, and Test 14 is for C-Series low-
speed data modems. Therefore, the test details are not described in this document.

PartV AltiVec Implementation Design

This section includes details bout the AltiVec implementation design.

5.1 Requirements and Priorities

The implementation is based on the following facts or simulation conditions:

1. Speech signals are sampled at 8 kHz with 16-bit precision.
2. Each frame contains 80 samples (10 msec sample period).

3. The output of the echo canceller is 16 bit.

@ MOTOROLA Echo Canceller Implementation 11
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The 18 steps of the echo cancellation process described in Section 3.2 need to be implemented, but some of
them are computationally intensive and characterized by typical multiply-accumulate (MAC) operations.
These operations have great impact on the overall execution time of the echo canceller. Therefore, it is
necessary to identify those “key” functional operations. Table 1 lists 10 such computationally intensive
functions classified by functionality. Each functional module is not necessarily a separate function in the
implementation. The steps in Section 3.2, “Detailed Description of Echo Cancellation Process” not listed
here are those that take only a small fraction of execution time. These non-key functions, however, may
contribute significantly to the code-size of an echo canceller.

Table 1 summarizes the following characteristics of each functional module:

1. Execution frequencies per frame (Column 2)

2.  Number of multiply-accumulates per execution (Column 3)

3. Number of multiply-accumulates per frame (the product of the first two items) (Column 4)

4. Estimated execution time percentage with respect to the overall execution time of the echo canceller

(Column 5)
Table 1. Computationally Intensive Functions
Execution Macs/Execution # of Macs/ % in Total Macs
Function Fri?:;r;cy/ Frame
@) (3) (@) (5)

High-pass filter 80 9 720 <1
Estimate echo power 3 32 96 <1
Estimate reference power 3 32 96 <1
Check impulsive signal 80 2 160 <1
Estimate echo replica 80 512 40960 48.8
Adapt filter coefficients 80 512 40960 48.8
Estimate residual energy 80 3 240 <1
Nonlinear processing 80 3 240 <1
Adapt double talk threshold 0.5 515 258 <1
Generate comfort noise 80 3 240 <1
Total — - 83970 —

It is clear that two functions, echo replica estimation and filter coefficient adaptation, are the most important
ones, including more than 97% of the total MACs.

12 Echo Canceller Implementation
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5.2 Vector Alignment Adjustment

The 512 filter coefficients (h to hsy) are stored in 64 vectors H[0] to H[63] with alignment. All the h and
x values are in Q15 format.

H[0] ho hy hy hs ha hs he hy

The corresponding 512 reference samples (X, to X,_511) to be processed per sample echo cancellation are

HI63] hsg to sy

stored in another 64 vectors X[0] to X[63] with alignment.

X[0] Xn Xn-1 Xp-2 Xn-3 Xn-4 Xn-5 Xn-6 Xn-7

X[63] Xp-504 10 Xp 511

For each new speech sample, all 511 previous samples have to be shifted rightward by 1 (time delay of 1).
Therefore, all the elements in the 64 vectors need to be shifted rightward by 1 with the most right element
of X[63] to be dropped, and a new speech sample to occupy the first element in X[0]. This is done by
executing the vec_perm instruction 64 times. The vector alignment is done here, rather than later, because
the X vectors are going to be used twice in the later process.

5.3 High-Pass Filter

The high-pass filter operation needs 5 echo samples (stored in a S vector), 4 previous filtered y results
(stored in a'Y vector), 11 coefficients (named as b and a in Section 3.2). The coefficient of a is never used
in this operation, so it is omitted. The b and a coefficients are stored in two separate vectors, B and A, with
the coefficients being negated.

B by bs by b bo 0 0 0

A -ay -as -ao -a4 0 0 0 0

Use Ivsl and perm instructions to fetch s and y elements into S and Y vectors

S Sn-4 Sn-3 Sn-2 Sn-1 Sn 0 0 0

Y Yn-4 Yn-3 Yn-2 Yn-1 0 0 0 0

Use vec_msums to get X*B and Y*A, use vec_adds followed by vec_sums to get the total multiply-
sum. The process is repeated 80 times for all 80 echo-samples.

@ MOTOROLA Echo Canceller Implementation 13
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5.4 Average Echo Power Calculation

The 32 echo samples are stored in 4 vectors E[0] to E[3]. Let P, = the accumulated-sum of the
echo power, then the result of each vec_msums instruction will yield:

E [0] €0 €4 €o €3 €y €5 € e7
*

E [0] € e4 e es ey es eg ey

Pecho ep'egtes ey e>"es+ez’es e, e4t+es’es eg egter e

Do the same calculation for E[1] to E[3]. Two P,..,,s Will be used in the implementation to interleave
vec_msums, and that, in combination with load instructions of E vectors, will utilize the 3 clock latencies
for each vec_msums instruction. The final accumulated-sum is obtained by adding the two P,,,s together
(vec_adds) and adding across (vec_sums). The average echo power is the final accumulated-sum
divided by 32 (>>5). The final result is in Q30 format (Q15*Q15).

5.5 Average Reference Power Calculation

The implementation of the calculation of the average reference power is exactly the same as the
calculation of the average echo power (see Section 5.4), except the signal to be operated on is the
reference signal x.

5.6 Maximum among Sixteen Average Reference
Powers

The maximum value of the 16 most recent average reference powers calculated in Section 5.5 will be needed
for checking impulsive reference signals (see Step 6 in Section 3.2). The values of the 16 average reference
powers are stored in 4 vectors, P[0]-P[3]. The maximum is the result of applying vec_max and vec_s1ld
in the following steps:

1. Do vec_max on P[0] and P[1] to find 4 candidates of the maximum.

P[0] Po P4 P2 P3

P[1] Pa Ps Ps p7

vec_max will produce:

MO max(pg,P4) max(p,Ps) max(p2,Pe) max(pz,p7)

14 Echo Canceller Implementation @ MOTOROLA
AltiVec Implementation Design



AltiVec Implementation Design

Do vec_max on P[2] and P[3] and store the results to M1.
Do vec_max on MO and M1 and store the results to MO.
Left shift MO by 8 bytes and save the result into M1.

Do vec_max among MO and M1 and save the results to MO.
Left shift MO by 4 bytes and save the result into M1.

Do vec_max among MO and M1 and save the results to MO.

N kA v

The maximum value among all the 16 candidates now is the 1st element of MO.

5.7 Echo Replica Estimates

The 512 filter coefficients and 512 reference samples are stored in 64 H vectors and 64 X vectors,
respectively, as described in Section 5.1. Let R store the estimated echo replica, set R = 0 to start.

HI[O] hg h4 hy hs hy hg hg h,
*

X[0] Xn Xn-1 Xn-2 Xn-3 Xn-4 Xn-5 Xn-6 Xn-7
+

R o ry ro )

R ho*Xp+ h1*Xp1 + 1 ho*Xp.0+N3*Xp 3 + 14 hg*Xp.4+N5™Xn.5 + Io hg*Xn.+h7"Xn7 + I'3

The above process repeats for the rest of H and X vectors.

This function is one of the two most time consuming functions in an echo canceller. For each echo replica
estimation, the following instructions are needed:

e 64 loads for H and 64 loads for X

e 64 vec_msums

* lvec_adds and 1 vec_sums at the very end to get the final accumulated-sum
e 1 vec_sra for scaling the final result (from Q30 to Q15)

Two R vectors are used in the calculation to interleave vec_msums operation in order to utilize the 3 clock
latencies of each vec_msums.

@ MOTOROLA Echo Canceller Implementation 15
AltiVec Implementation Design



AltiVec Implementation Design

5.8 Filter Coefficient Adaptations

This function modifies all elements of the 64 H vectors based on the echo estimation error e(n), the 64 X
vectors (the reference signals) and y

_ 1
W O
At a given time n, e and p are fixed, so e*u can be calculated once in advance and then splatted by
vec_splat into a constant vector C. Then use vec_mradds to get the updated h values.

C c c c c c c c c
X[0] Xn Xn-1 Xp-2 Xn-3 Xn-4 Xn-5 Xn-6 Xn-7
+ + + + + + + +
H[0] at n ho h1 h2 h3 h4 h5 h6 h7
H[O] at n+1 ho h1 h2 h3 h4 h5 h6 h7

This is done for all the h coefficients. The operations may be interleaved because the coefficient updates are
independent of each other.

This operation is the other most time consuming function modules. For each speech sample, the following
instructions are needed:

¢ 64 loads for H and 64 loads for X vectors
e 64Vec_adds

e 64 stores for H vectors

5.9 Residual Energy Estimates

This operation is calculated once per sample. Each term in the calculation is in Q30 (Q15*Q15) format, and
the result needs to be shifted right by 15 bit to convert it back to Q15.

5.10 Non-Linear Processing

This operation is canculated once per sample and is done in scalar code.

5.11 Double-L'_I'laIk Threshold Adaptation

The accumulated-sum of E (hi(n))2 can be calculated in the similar way as described in Section 5.4.
i=0
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Part VI Performance Analysis

The performance of the AltiVec echo canceller implementation is measured in MIPS by Maxim on a
Macintosh. The MIPS is for single channel with cache warm up. R;,, signal (reference) for the echo canceller
is from a file containing 2800 frame of speech samples (80 samples per frame). S;,, signal (the mixture of
the echo and the near-end talker signal) is from a separate file of the same length. The MIPS numbers listed
in Table 2 are the average within a frame of 80 samples. The average is calculated by:

MIPS = Total number of clocks for processing the frame/10000

The maximum and minimum MIPS numbers are obtained from two frames, that are believed to be the most
and the least computation-intensive ones. The two frames are chosen from a pilot run on 400 frames of the
speaker samples. The run showed a bimodal behavior of the echo canceller, mostly due to the filter
coefficient update process. When double talk is absent, the filter coefficients need to be updated after each
Sout 1s generated. On the other hand, when double talk is detected, the adaption freezes and the filter
coefficients are not updated. The maximum MIPS represents, or is close to the worst case scenario; and the
minimum MIPS is for comparison and analysis purpose only.

Table 2. MIPS Numbers from Run on Speaker Samples

Echo Delay (msec) Maximum in MIPS Minimum in MIPS
Y (Most Computational Intensive) (Least Computational Intensive)
64 6.41 3.40
32 452 2.22
16 3.42 1.56
8 2.51 1.04
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