



























































































































































































































































afforded with an APD. In Section III, we calculate the improvement
obtained for an APD with zero dark current, and in Section IV we
consider the effects of the dark current on degradation of the receiver
sensitivity. In Section V, we present a general scaling rule for APD
receiver sensitivity, and in Section VI we present sample calculations
of receiver sensitivities of current interest, and compare the results of
a recent measurement of a long-wavelength APD receiver sensitivity
with our calculations. Finally, in Section VII, we present conclusions.

. RECEIVER SENSITIVITY

In analyzing the sensitivity of a digital receiver, we know that for a
given decision level the net signal is a factor @ times the root-mean-
square (rms) noise associated with the state transmitted® (mark or
space), with @ = 6 for a bit error rate (BER) of 107°. For practical
p-i-n detectors the noise is determined by the amplifier and the
detector leakage currents, and is identical for both signal states. In this
case the decision level is placed midway between the two signal levels
and the sensitivity is given by

nP = A(i*)'2, (1)

where 7 is the detector quantum efficiency including coupling losses,
P is the average optical power required to achieve a given BER, and
(%)% is the rms noise current of the receiver referred to the input.
The parameter A is given by

A= @
q

where Av is the energy of the incident radiation and g is the electronic
charge. ForaBER =10 A=9atA =0.825um,and A = 5.7 at A =
1.3 um. Whereas the noise current, (%), is normally used to character-
ize receivers, in the following calculations the total receiver sensitivity
using a p-i-n detector will be used instead. The relation between the
two quantities is given by eq. (1).

When an APD is used, both the signal current and the shot-noise
associated with the signal current are multiplied by the avalanche
process. For avalanche gains near the optimum value, the shot-noise
associated with the signal is comparable to the receiver noise. Under
these conditions the decision level, or threshold, is no longer midway
between the two signal levels but is located closer to the space, or “0”
level. Under the assumption that the received signal power is essen-
tially zero in the off state (perfect source extinction), and that the
detector dark current that undergoes multiplication is also zero, the
receiver sensitivity is given by
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(i2)1/2

7P =A [ + (qBL)QF(M)], 3)
where M is the average gain, B is the bit rate, I; is a Personick integral
= 0.5, and F'(M) is the excess noise factor associated with the avalanche
gain process. In deriving eq. (3), the optimum decision level has been
assumed for each value of the gain M. In the limit M = 1, and
neglecting the second term in brackets, which is small, eq. (3) is seen
to reduce to eq. (1). In evaluating eq. (3) we use McIntyre’s expression'
for the excess noise factor, F(M):

2
F(M)=M[1—(1—k) (Mﬂ;1> } (4)

Here, 2 < 1 is the ratio of the ionization coefficients of the ionizing
carriers (holes or electrons) where it is assumed the avalanche is
initiated by the carrier with the highest ionization rate.

Under more general circumstances of receiver operation the current
produced by the optical source is not identically zero in the “0” level,
nor is the detector dark current which undergoes multiplication nec-
essarily negligible. Each source of current undergoing avalanche gain
produces shot-noise that contributes to the total noise in both the “0”
and “1” states. In general, the primary current should be less than
approximately 10 percent of the photocurrent associated with the “1”
state if its effect on sensitivity is to be small.

The effects of detector dark current can be handled by including
both the unmultiplied and multiplied components as part of the
receiver noise. Thus, the receiver noise becomes

(%) ot = (i*)o + 2q LB[Ipy + IpyM*F(M)], (5)

where (i%), is the amplifier noise independent of the detector leakage
current, Ipy is the unmultiplied portion of the dark current, Ipa is the
primary dark current, which undergoes avalanche gain, and I is a
Personick integral,”'® which typically has a value between 0.5 and 0.6.
In using eq. (5), it is assumed that the noise is Gaussian; also in the
following treatment we assume that the detector dark current under-
goes the same gain and has the same excess noise factor as the photo-
generated current.

It can be shown that when detector dark current is considered, eq.
(3) can be used to evaluate the sensitivity if (i®) in eq. (3) is replaced
with (i%)iota1, €q. (5). In this case the effective receiver noise is a
function of the gain, M, with the result that simple analytical optimi-
zation of eq. (3) is difficult. In the calculations to follow, eq. (3), with
the modification discussed above, has been numerically evaluated to
find an optimum value of the gain. The results are obtained with the
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assumption of complete source extinction. The effect of a nonideal
source can be obtained by finding the equivalent extinction ratio
corresponding to the assumed dark current and the primary signal
current. Note also that, from eq. (5), the effect of unmultiplied dark
currents such as surface leakage, Ipy, is in general not significant
compared with the multiplied dark currents, Ipy. For example, in a
receiver with an optimum gain of M = 10, Ipy = 1 nA contributes
more to the total receiver noise than Ipy = 100 nA (here F(M) < M).
Thus, in the remainder of this work we focus on the multiplied portion
of the dark current, including Iy in the basic amplifier noise.

Iil. SENSITIVITY CALCULATIONS (Ipu = 0)

The sensitivity calculations to be presented here are given in detail
for several bit rates of current interest. By normalizing sensitivities to
the quantum limit it is shown that a universal sensitivity curve
independent of bit rate can be derived. The parameters to be consid-
ered are the amplifier noise characterized by the equivalent receiver
sensitivity, the effective ratio of ionization coefficients, £, and the
primary dark current, Ips, which undergoes multiplication.

Figure 1 is a plot of sensitivity at A = 1.3 um and 45 Mb/s for four
values of % in the limit that the primary dark current is zero (perfect
extinction of the source is assumed). The calculated sensitivities thus
represent the best attainable values. Here nPpry denotes the sensitivity
of the amplifier using a p-i-n detector. Similarly, the vertical axis is the
sensitivity of the same amplifier employing an APD. The numerical
values in parentheses along each curve represent the optimum gain for
the corresponding set of parameters. For example, in Fig. 1 a p-i-n
receiver with a —50 dBm sensitivity would have a sensitivity of —56.5
dBm with an APD having £ = 1 at an optimum gain of M,,: = 9, and
for £ = 0.025 the sensitivity improves to —62.3 dBm at M, = 60. The
p-i-n sensitivity of —50 dBm is typical of that achievable with GaAs
FET front ends,” while the assumed % values are typical'? of Ge (k =
1) and the best Si devices (£ = 0.025).

Several general features may be seen from these curves: Decreasing
k results in a larger sensitivity improvement, and over the range of
p-i-n sensitivities shown, the improvement achieved by the lowest k-
value device is between 5 dB and 7 dB greater than the £ = 1 device.
On the other hand, the improvement relative to a p-i-n afforded by the
k = 1 device is between 4.5 and 11.5 dB. Also, as the p-i-n receiver
sensitivity increases, the improvement achieved with an APD dimin-
ishes. For £ = 1, a 2-dB improvement in p-i-n sensitivity results in a 1-
dB improvement for the same amplifier when using an APD. However,
for £ = 0.025, an improvement in p-i-n sensitivity of 3 dB is required
to achieve the same 1-dB improvement when using an APD. Thus, the
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NPp-i-n IN DECIBELS PER MILLIWATT
Fig. 1—APD sensitivity versus p-i-n sensitivity at a bit rate of 45 Mb/s and zero dark

current (Ipay), for several values of the ionization coefficient ratio, k. Numbers in
parentheses indicate optimum gains yielding the corresponding value of APD sensitivity.

improvement to be gained with an APD diminishes as the amplifier
performance is improved; conversely, the APD is more tolerant of
poorer amplifier noise performance. Hence, an APD can permit the
use of higher noise amplifiers, which in many cases, possess greater
dynamic range. Another characteristic of APD receivers seen from Fig.
1 is that the optimum gain (M,,) decreases as % increases, and also
M,y decreases as the p-i-n sensitivity improves. For the range of
parameters shown in the figure, the improvement afforded by an APD
is between Mop/2 and Mp/3.

Curves of sensitivity for bit rates of 90 Mb/s and 274 Mb/s are
shown in Figs. 2 and 3, respectively. The range of p-i-n and APD
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BER =10
-63 1 A=13um
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Fig. 2—Similar to Fig. 1 with B = 90 Mb/s.

sensitivities covered by these curves are adjusted to include values
that might be achieved at these different bit rates. Extrapolation to
other bit rates can be made by noting that Figs. 1 to 3 are essentially
identical except that the horizontal and vertical axes are scaled by a
constant amount, dependent upon the bit rate. For example, Fig. 2 (for
90 Mb/s) can be derived from Fig. 1 (for 45 Mb/s) by adding 3 dB to
both the ordinate and abscissa, e.g., =50 dBm at 45 Mb/s becomes
—47 dBm at 90 Mb/s, etc. This simple multiplicative scaling rule
follows from eq. (3) and the method of defining the receiver noise in
terms of the p-i-n sensitivity.

A curve applicable to all bit rates can be generated by defining all
sensitivity values relative to the quantum limit, 7Pgr, which for a bit
error rate of 1072, is given by,
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BER = 10°?
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-58 ] | ] I I | | |
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Fig. 3—Similar to Fig. 1 with B = 274 Mb/s.

nPoL = 2?1 (hv)B. (6)

This expression corresponds to 21 transmitted photons per mark, and
a mark-to-space ratio of one. For A = 1.3 pym, eq. (6) becomes

nPor (dBm) = —87.95 + 10 logiB (Mb/s). 7

Values of quantum limited sensitivity are plotted in Fig. 4.

Figure 5 is a universal plot of the improvement in sensitivity
achieved with an APD with zero multiplied dark current and inde-
pendent of bit rate for several values of k. The vertical axis is the
improvement in sensitivity (in dB) achieved with an APD compared
to a p-i-n using the same amplifier, while the horizontal axis is the
difference between the sensitivity of the p-i-n receiver and the quantum
limit. Again, the advantage provided by an APD is seen to diminish as
the p-i-n sensitivity approaches the quantum limit. As an example, the
current receiver designs using p-i-n/GaAs FET receivers have sensi-
tivities typically in the range of 20 to 25 dB above the quantum limit.*?
The maximum sensitivity improvements afforded by an APD are thus
greater than 6 dB for this range of p-i-n sensitivities, depending on the
k-value.
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Fig. 4——Quantum limit (yPg.) versus bit rate. Numbers indicate values for standard
transmission system bit rates as labeled on the abscissa.

IV. SENSITIVITY CALCULATIONS (lpm > 0)

The sensitivity improvements predicted above correspond to an
ideal source and detector, in that the source extinction ratio is infinite
and the dark current is negligible. In this section we investigate how
much this improved performance is degraded by detector dark current.
Since the absolute sensitivity depends upon dark current, the ratio of
ionization coefficients, the receiver noise as characterized by the p-i-n
sensitivity, and the bit rate, a large number of curves would have to be
presented to discuss the full range of operating possibilities. Figures 6,
7, and 8 show the effect of primary dark current on sensitivity for bit
rates of 45 Mb/s, 90 Mb/s, and 274 Mb/s. The p-i-n sensitivities
indicated on each curve correspond to values currently achievable with
optimized GaAs FET amplifiers. The arrows on the left-hand axis
indicate the limiting sensitivity (Ipy = 0) calculated in Section III
above. The general features observed in these figures are the falloff of
the sensitivity with increasing dark current, and the increased sensi-
tivity to dark current as % decreases.

For example, at 45 Mb/s (Fig. 6), Ipyr = 107'° A reduces the maximum
obtainable improvement for £ = 0.025 by =1 dB, while it has little
impact for 2 = 1. At 90 Mb/s (Fig. 7) the same degradation for & =
0.025 occurs for Ipyr = 2 X 107" A, and at 274 Mb/s (Fig. 8) it occurs
for Ipy = 7 X 107 A, Thus, at higher bit rates, the APD is tolerant of
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Fig. 5—Sensitivity improvement of the APD over p-i-n sensitivity versus normalized
p-i-n sensitivity for zero dark current (Ipy), and for several values of the ionization
coefficient ratio, k. Numbers in parentheses indicate optimum APD gain. This plot is
independent of bit rate.

greater dark current levels for equal sensitivity degradation. As we
discuss below, the dark current producing a given degradation is
directly proportional to the bit rate. A second feature of Figs. 6, 7, and
8 is that, whereas a lower k-value produces an improvement in sensi-
tivity, the amount of improvement decreases with increasing primary
dark current.

In a manner similar to that used to generate Fig. 5, a general curve,
independent of bit rate, can be generated showing the effect of dark
current on sensitivity. In Fig. 9 the p-i-n sensitivity is assumed to be
21.4 dB above the quantum limit, and the dark current normalized to
the bit rate is expressed in nA/(Mb/s). The APD sensitivity relative
to the quantum limit is shown on the left-hand axis, and the improve-
ment afforded by the APD compared to the p-i-n is shown on the
right-hand axis. Again, the rapid decrease in the advantage of an APD
with increasing dark current is evident. Further, the advantage gained
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Fig. 6—APD sensitivity at 45 Mb/s versus primary dark current (Ipy) for several
values of the ionization coefficient ratio, k. Arrows along the vertical axis correspond to
the APD sensitivity at Ipy = 0.

by using a low k-value APD compared to one with a larger k£ value is
seen to be significant only when the dark currents are low, i.e., less
than 1072 nA/Mb/s.

The above calculations assume a p-i-n sensitivity very nearly equal
to the best presently achievable. Figure 10 shows the effect of varying
the p-i-n sensitivity. The figure is plotted for £ = 0.5, a value typical of
present Ings53GagsAs/InP APDs.”*' The left-hand and lower axes are
plotted in normalized units, whereas the right-hand and upper axes
are shown unnormalized for the three bit rates considered. The p-i-n
sensitivities for each of the bit rates are shown in the box at the left.
Included are values 3 dB better, and 3 dB and 6 dB worse than those
used in the preceding calculations. From these curves we see that for
low dark current values an improvement in p-i-n sensitivity by 3 dB
results in a 1.4-dB improvement in APD sensitivity, whereas this value
is decreased to =1 dB for the higher range of dark currents, i.e.,
1 nA/(Mb/s). Similar curves can be generated for other values of %
but will not be presented here.
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Fig. 7—Similar to Fig. 6 with B = 90 Mb/s.

V. GENERALIZED RELATION FOR ALLOWABLE DARK CURRENT

Because of the number of parameters involved in determining sen-
sitivity, the preceding calculations have assumed a particular value for
either the dark current, 2 value or p-i-n sensitivity. We now derive a
relation between these quantities that defines the maximum allowable
dark current for a given degradation of the sensitivity from the ideal
(Ipyr = 0) case.

We begin by combining egs. (1) to (3), (5), and (6) to give

5 2
() ()]
nParp _ L\ 10 ! + 25 8)
TIPQL B M 7 )

In obtaining the numerical values in eq. (8), the Personick integrals I,
and I, have both been set equal to 0.5, and we have used @ = 6. The
unmultiplied dark current, Ipy, is included in the p-i-n sensitivity. This
expression is independent of bit rate provided Ipy/B is constant.
Minimizing eq. (8) with respect to M in the limit Ipy = 0, and using eq.
(4) for F gives the results presented in Fig. 5. Defining
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Fig. 8—Similar to Fig. 6 with B = 274 Mb/s.

P -i-n
R =1t )
nPaqL
the optimum gain, M, for Ipy = 0 is then given by
7 1/2
Myp=|—R+k—1 R, (10)
12
In this limit egs. (8) to (10) yield
P 24
(” _’“”’) =2 (kMo + 1 — k). (11)
nPQL Ipp=0 7

If the APD sensitivity is now degraded by some amount, for example
by 1 dB because of non-zero dark current, egs. (8) and (11) can be
combined to define the locus of gains, M, and normalized dark currents,
Ipu/gB, yielding that degradation. The maximum value of Ipy/gB for
which a positive real value of M exists then defines the maximum
value of the normalized dark current for which the degraded sensitivity
can be obtained. Figure 11 shows a plot of the normalized dark current
that results in a 1-dB degradation from the ultimate attainable im-
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Fig. 9—APD sensitivity referred to the quantum limit versus primary dark current
(Ipa) per bit rate (B) for several values of the ionization coefficient ratio, 2. Numbers in
parentheses indicate the optimum gains needed to achieve the corresponding APD

sensitivities. Arrows along the vertical axis correspond to the APD sensitivity obtained
at Ipyr = 0.

provement (Ipy = 0). As an example, a receiver with a p-i-n sensitivity
20 dB above the quantum limit and with &£ = 0.5 will suffer a 1-dB
degradation at Ipy/qB = 1.4 X 1072 nA/Mb/s. At a bit rate of 45
Mb/s, this corresponds to a primary dark current of =0.6 nA. On the
other hand, at 274 Mb/s the same degradation would result for Ipy =
4 nA. For a Si detector with 2 = 0.025, the primary dark currents
yielding a 1-dB degradation would be a factor of six lower in each case.
From Fig. 11 we see that the maximum permissible dark current
decreases as the p-i-n receiver sensitivity increases and also as the k-
value is decreased. Since the curves in Fig. 11 are nearly straight and
parallel lines, they can be fit by a simple, approximate relation accurate
to better than 20 percent over practical values of R and k. Therefore,

Ipu(nA) = 2 X 107*(RE)?B (Mb/s) (12)

for a 1-dB penalty. Thus, an improvement in p-i-n sensitivity by a

factor of 4, or a decrease of 2 by a factor of 4, would result in a

reduction in the maximum allowable dark current by a factor of 2.
The above relation and Fig. 11 are for a degradation in sensitivity of
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Fig. 10—Similar to Fig. 9 with & = 0.5 for several values of p-i-n receiver sensitivity
(nP,.in) and bit rate.
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Fig. 11—Allowable primary APD dark current (Ipa) per bit rate (B) resulting in a 1-
dB penalty from ultimately attainable APD sensitivity, as a function of p-i-n receiver
sensitivity normalized to the quantum limit. Plots for several values of the ionization
coefficient ratio, %, are shown.
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1 dB. For a degradation in sensitivity of 2 dB, the corresponding
primary dark current values are increased by a factor of 3.4.

Vi. EXAMPLES

Using the above results, we calculate the expected sensitivity im-
provements that might be obtained and the dark current limitations
for several possible bit rates. We consider a p-i-n receiver yielding a
sensitivity of 20 dB above the quantum limit (—51.4 dBm at 45 Mb/s,
—48.4 dBm at 90 Mb/s, and —43.6 dBm at 274 Mb(s). This value lies
between values achieved to date and those achievable assuming circuit
improvements. We consider both Z = 0.5 and 0.1 values typical of
present devices,'>'* as well as more sophisticated structures.”®

Table I gives the maximum permissible dark current as a function
of bit rate at which point the sensitivity values are degraded by 2 dB
from the ideal, i.e., 5-dB net improvement for £ = 0.5, and 7.5-dB net
improvement for k& = 0.1 (see Fig. 5). As we see in Table I, the
permissible current values increase with bit rate, and decrease by a
factor =2 for a reduction by a factor of 5 in 2. Whereas the values in
Table I are comparable to dark current values presently attainable,'>®
it is noted that these are maximum values, and hence correspond to
dark currents obtained at the highest operating temperature of the
device. For a maximum temperature of 70°C typical of most system
requirements, the increase in dark current compared to room temper-
ature is typically a factor of 8.7 Hence, if the detector is to operate
under the assumed conditions, the room temperature dark currents
must be a factor of 8 below the values shown in Table I, i.e., 250 pA for
a 45-Mb/s system and % = 0.5.

We now compare our calculations to recent measurements of sensi-
tivity made on a long-wavelength Ings3Gao.s7As/InP APD receiver. In
the measurement of Forrest et al.,’® at B = 45 Mb/s, an APD receiver
sensitivity of nP4pp = —53.2 dBm and at % =~ 0.5 was reported. At this
bit rate, Fig. 10 gives Ipy = 2.5 nA at the measurement temperature of
20°C. The diode area was A = 1.3 X 10™* cm® For detectors presently
being considered, a reduced area of A = 5 X 10™® cm? would in turn
reduce the bulk current to Ipy = 1 nA at 20°C. Thus, at a maximum
operating temperature of 70°C, we expect Ipy = 8 nA. In Table II we

Table I—Maximum primary dark
current (nA) giving a 2-dB degradation
in APD sensitivity

Bit Rate (Mb/s) k=05 k=01
45 2 0.8
90 4 15
274 12 4.5
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Table ll—Improvement in receiver
sensitivity (in dB) using a state-of-
the-art APD with Ipy, = 8 nA at 70°C

and k = 0.5
B(Mb/s)
1Ppin(dBm) 45 90 274
-50 4.3* 3.1 1.9
—47 6.3 5.1* 36
—42 9.6 8.6 6.4*

* Numbers refer to state-of-the-art receiver
sensitivities at corresponding bit rates.

Table lll—Improvement in receiver
sensitivity using an APD with /5, = 800
pA at 70°C and k = 0.5

B(Mb/s)
1Pyin(dBm) 45 90 274
-50 6.5* 5.1 3.0
—47 85 7.1* 4.7
—42 11.5 9.7 7.5*

* Numbers refer to state-of-the-art receiver sen-
sitivities at corresponding bit rates.

show the improvement in receiver sensitivity afforded by this APD at
several values of bit rate and receiver sensitivities. As is evident, the
improvement increases with bit rate and with increasing receiver noise.
For comparison, in Table III we show the sensitivity improvement if
the APD dark current were reduced by a factor of ten (i.e., 100 pA at
20°C or 800 pA at 70°C).

VII. CONCLUSIONS

We have calculated the improvement in sensitivity of receivers
employing a long-wavelength avalanche photodiode rather than the
traditionally used p-i-n detectors. The calculations consider receivers
operating at bit rates of 45 Mb/s, 90 Mb/s, and 274 Mb/s, and
sensitivities have been calculated for a wide range of Ipy and % values.
We have found a strong degradation of receiver sensitivity with in-
creasing APD dark current, with a much weaker dependence of sen-
sitivity on the ionization coefficient ratio, . Indeed, to fully realize the
potential of APD’s based on InP heterostructures, a considerable
reduction in presently attainable dark currents is required.
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A method for embedding data into speech signals without recourse
to bandwidth expansion is proposed. Sampled speech is assembled
into contiguous blocks of N samples and the Discrete Fourier Trans-
form (DFT) is performed on each block. All the phase components in
the message band, or the last J components in this band, are dis-
carded when unvoiced or voiced speech is present, respectively. The
data is introduced in the place of these rejected phase components,
being +u/2 for a logical 0 and —=/2 for a logical 1. The magnitude
of the coefficients associated with the data-carrying phase compo-
nents are scaled to guard against data errors resulting from channel
noise. The inverse DFT yields the transmitted sequence. The receiver
performs the inverse process, stripping off the data and replacing it
with random phase values. For an average transmission rate of
approximately 1 kb/s and a channel signal-to-noise ratio of 30 dB,
the bit error rate was 5.5 X 107, and the average signal-to-noise
ratios for voiced and unvoiced speech were 24 and —3 dB, respectively.
However, the unvoiced sounds were perceived with negligible distor-
tion owing to the preservation of their magnitude spectra. Modest
error-correction codes can be used to reduce the bit error rate to 107"
while maintaining the same recovered speech quality, provided the
average transmitted bit rate is decreased to =500 b/s.

I. INTRODUCTION

Embedding data in speech signals without a significant enlargement
of signal bandwidth has a great attraction if the data can be recovered
without error, and the degradation of the speech is perceptually
acceptable. There is a euphoria of getting a bargain, almost something
for nothing. Of course it is not serendipity, but rather an exploitation
of the innate redundancy in speech.

A recent proposal by Steele and Vitello"” for the simultaneous
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transmission of speech and data signals attempted to preserve the
speech signal while accepting a bandwidth expansion of the transmit-
ted signal. In their system the speech conveys the data using the
principles of analog speech scrambling. The data becomes the scram-
bling key, while the receiver acts the part of a code breaker. Every
time the code is deciphered correctly the receiver recovers both the
data and the speech. Codes are therefore selected that are easy to
break. Frequency inversion scrambling was used to achieve data rates
of 700 b/s over ideal channels, and 125 b/s when additive channel
noise was as high as 10 dB below the mean square value of the speech
signal. In both cases there were no data errors associated with the
39,000 speech samples used in the experiments.

We now propose a system for the simultaneous transmission of
speech and data that avoids a bandwidth expansion of the transmitted
signal compared to that of the original speech signal, but does engender
a modest reduction in the perceptual quality of the received speech.

Il. THE SYSTEM

The combined transmission of data and speech in our proposed
system is achieved by discarding some phase components in the speech
signal and replacing them with data. At the receiver the data are
removed and replaced with random phase components. By judicious
choice of which phase components are used for the conveyance of
data, we are able to ensure that the recovered speech quality is only
marginally degraded by the presence of the data.

The speech signal bandlimited between 200 Hz and 3.2 KHz is
sampled at 8 KHz and divided into sequential blocks each containing
N samples. To decide whether a block of samples is to convey data,
and if so, how many bits, we perform what is tantamount to a crude
voice, unvoiced, or silence detection. The mean square value o of the
samples in the block is computed and compared with two thresholds,
T, and T,. These thresholds float compared with the mean square
value Y% of the speech calculated over many blocks, such that T and
T, are a; and a» dB below Y2, respectively. From inspection of five
sentences we experimentally determined that a; = 18.5, and a» = 30.
The mean square value o> is compared with these thresholds and the
decision to transmit B, or B; bits of data is made according to

oz < Ty; NO DATA TRANSMITTED (1)
T, < o2 < Ti; B: BITS TRANSMITTED (2)
T: < o2; B; BITS TRANSMITTED, 3)
where
B; < B,. (4)
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Although our decision as to whether to transmit data, and if so,
whether B; or B; bits will be embedded in the speech signal, depends
only on Inequalities (1) to (3), we may consider that to a good
approximation these Inequalities refer to the presence of silence,
unvoiced speech, or voiced speech, respectively. Observe that as a
consequence of Inequalities (1) to (3) the bit rate is variable, being
dependent on the presence and nature of the speech signal. As the
system is conceived for embedding data into speech signals, we envis-
age conventional modem techniques being deployed for the transmis-
sion of data during prolonged silences,** assuming a time assignment
speech interpolation (TASI)-type arrangement is not in service.

Provided Inequality (2) or (3) is satisfied, the discrete Fourier
Transform (DFT) is performed on the block of speech samples
{x(n)}=4, namely,

N-1 Sk
Xk)= Y x(n)e ¥ ; k=0,1,..., N—-1 (5)
n=0

or
X(k) = Re(k) + jIm(k), (6)

where Re(k) and Im(%) are the real and imaginary components of X (%),
respectively. The magnitude of X(k&) is

| X (k)| = VRe (k) + Im*(k) (7
and its phase angle is
oy (Im(k)
(k) = tan (—Re(k)) (8)

The procedure for assigning data depends on whether Inequality (2)
or (3) occurs.

2.1 Unvoiced speech

If Inequality (2) is satisfied, the speech is almost certainly unvoiced.
When unvoiced speech occurs the vocal cords do not vibrate, and the
sounds originate because of turbulent air flow at a constriction in the
vocal tract. Unvoiced sound has a noise-like nature and tends to have
low energy. The former characteristic is valuable when data, transmit-
ted as the phase components in the unvoiced speech signal, are
removed at the receiver and replaced with random phase components.
The re-introduced phase components have a similar randomness to
the original components, and the perceptual quality of the sound is
negligibly degraded. The low energy of unvoiced speech is, by contrast,
an undesirable feature when data is embedded in the phase compo-
nents, as channel noise may precipitate large variations in the phase
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of the received signal causing a high bit error rate (BER). Conse-
quently, steps must be taken to increase the energy of the unvoiced
sounds.

2.1.1 pu-law spectral scaling

The effect of channel noise can be mitigated by scaling the magni-
tude of the spectral components according to the p-law,” producing
magnitude components

| X(%) |

Vogi 1 + puw v

| D(k)| =

log(1 + ) [ X(R) <V

-V |X(k) =V, 9)

where p1,, is the compression factor for unvoiced speech and V is the
p-law overload parameter. The factor p.. is selected to provide an
acceptably low BER, and also to contain the amplitude range of the
transmitted signal. The experimental determination of p.. is discussed
in Section IV. The components | D(%)| are calculated for £ spanning
the voice bandwidth, i.e., ke to ke, where k. and ke are the spectral
component associated with 200 and 3200 Hz, respectively.

2.1.2 Data insertion

Having described the scaling of the magnitude of the frequency
components, we now consider how the data of B, bits are embedded in
the phase spectrum. All the unvoiced phase components over the
speech bandwidth are discarded and replaced with binary phase com-
ponents determined by the data. As the phase angle ¢(k) is confined
to + 7 radians, we arrange for phase components carrying data to be
designated (%) and have values

0(k) = /2, signifying logical 0
= —7/2, signifying logical 1 (10)

for k = k.1 to k. Although multi-level (%) does increase the amount
of data embedded in the speech blocks, we opted for binary 8(k) to
make the system more robust to channel impairments. Unless other-
wise stated we will assume that every phase components contains a
data bit, whence

' Bl = kc2 - kcl + 1. (11)

However, in the presence of channel impairments we may allocate
each bit to an odd number of phase components, and decide on the
logical value of the bit at the receiver by a simple majority vote of the
logical values associated with the received phase components. More
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complex channel coding techniques can be employed to further reduce
BER.
2.1.3 The combined data and unvoiced speech sequence

The combined speech and data signal is obtained by performing the
inverse discrete Fourier transform (IDFT) on the magnitude and phase
spectral components. The original spectral coefficients are

X(k) = | X (k) |e*® (12)
and those that carry data are
D(k) = | D(k) |”®, (13)

where |D(k)| is given by eq. (9). The combined data and speech
sequence is

1 ke—1 jﬁik kea jz_ﬂik
g(i) =—[ Y X(kye ¥ + ¥ D(k)e N

N| i kk,y
N—2—ky jkik N—1—kg jZ—Wik

+ Y XBET + Y D@V
k=gt k=N—1-k
N1 e

LY X(R)EV ] (14)
k=N-k

Some values of #(%) are used to inform the receiver whether Ine-
quality (2) or (3) applies. This side information only constitutes a
minor part of the transmitted data. The receiver is able to determine
if Inequality (1) is valid by examining the mean square value of the
received signal blocks.

2.2 Voiced speech

In voiced speech the vibration of the vocal cords causes broad
spectrum puffs of air to excite the vocal tract, and the short-time
Fourier spectrum of the speech has a quasi-periodicity, and an energy
level considerably in excess of that encountered with unvoiced speech.
Consequently, if data is loaded onto too many phase components, the
quasi-periodicity of the recovered voiced speech will be disturbed and
the speech quality degraded. We therefore discard only J phase
components,

J < ke — ke, (15)

whenever Inequality (3) is satisfied, and replace them with B. bits.
Typically, J is 0.16 to 0.33 of k2 — kc1. Of course, Inequality (3) may
sometimes occur when unvoiced speech is present, but only </ phase
components will be used for the conveyance of data. Although the
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occurrence of Inequality (3) signifies that fewer phase components are
available for data transmission, this state is important as voiced speech
is approximately four times more prevalent than unvoiced speech. The
maximum value of B; is ¢/, and this will be assumed to occur unless
otherwise stated. However, we note that if we assign error protection
coding to the binary phase components carrying data, B, decreases,
and so does the BER compared to the situation when B; is equal to /.

Spectral scaling using p-law is also necessary for voiced speech to
ensure that for the expected channel noise the BER is negligible.
Equation (9) is applicable, where | D(k) | is determined over the range
of J coefficients. The combined voiced speech and data sequence
conforms to eq. (14) with the exception that D(k) extends over the
range of J components.

The block diagram for embedding data into the speech signal is
displayed in Fig. 1. The speech signal sampled at f; is directed into
either shift register SR; or SR;, with switches S; and S, changing their
positions every N/f; seconds. While the speech samples are being
extracted from SR;, say, the computation of the mean square value
o2 of the current N speech samples entering SR: is in progress. After
N/f; seconds o? is determined and compared with parameters T; and
T,. If Inequality (1) prevails the output of comparators COMP.1 and
COMP.2 are logical 0 and logical 1, respectively, and consequently the
NOR gate is in the logical 0 state. Both switches S; and S; receive
logical 0 signals and remain open, preventing data from being placed
into the data store. When switches S; and S, change, the logical 1 state
of COMP.2 is also used to inhibit the speech samples from entering
the Fast Fourier Transform (FFT) circuit, and instead routes the
contents of SR, directly to the output, bypassing the data-embedding
system. This later arrangement is not shown in Fig. 1. Should In-
equality (3) occur, COMP.1, COMP.2, and the NOR gate occupy
logical 1, 0, and O states, respectively. Switch S; closes, and (B:-€) bits
are passed into the data store, where € is employed to inform the
receiver that Inequality (3) applies. If both COMP.1 and COMP.2 are
in the logical 0 state, the NOR gate becomes a logical 1, closing switch
S;. Data of (Bi-€) bits proceed via switch S into the data store, where
this time e signifies the presence of Inequality (2). Thus, € need be
only one bit, unless protection coding is added. If speech is deemed to
be present, the speech in SR; is applied to the FFT device, and the
magnitude [X(%)| and phase ¢(k) components of the block of speech
samples generated. The |X(k)| and ¢(k) components are passed via
switches S5 and S; either directly to the Inverse Fast Fourier Trans-
form (IFFT) via switches Ss and S, or are subjected to spectral scaling
and data insertion according to the number B; or B; bits removed from
the data store. If voiced speech occurs only J components of ¢(k) are
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used, but when B, is present (k2 — kc1) components of ¢(k) are
converted to #(k). Observe that the spectral component(s) for € is
always located in the same location in the J spectral region. The
sequences at the output of switches Sg and S; are applied to the IFFT
to yield the combined speech and data sequence {g:}.

ll. THE RECEIVER

We will refrain from discussing the numerous methods by which the
combined speech and data signal can be transmitted, nor will we
address the variety of channels, their attendant equalization, or the
techniques of correctly locking the receiver clock and the attendant
acquisition of sample and block synchronization. Rather, we will
assume that the combined signal is correctly sampled and ordered into
the correct blocks.

The receiver’s first task is to remove the data, but before that the
receiver must ascertain if data have been transmitted. This is relatively
straightforward since if data are embedded in the speech block, spectral
scaling of the coefficients will have been performed at the transmitter,
and the mean square value of the combined signal is significantly
greater than 7% of Inequality (1). If no data is considered to be present,
the received signal is accepted as the received speech signal. When
data is deemed to be present, we need to determine whether it is
located in o or ke — k. phase components. Accordingly, the FFT is
taken of the combined data and speech sequence, and the spectral
phase component(s) associated with the e bit(s) examined so the
receiver can determine if Inequality (2) or (3) applies. Once this is
accomplished the data are extracted from the received phase compo-
nents 9(k) that are known to contain binary information, according to

0=<8(k) <, logical 0 generated
and
—7<8k) <0, logical 1 generated. (16)

Having removed the data we proceed to recover the speech signal.
The missing phase components are replaced by phase components
having any value between +# with equal probability. Those coefficients
whose magnitudes were scaled are then de-scaled by inverse p-law
operation. The IFFT follows, and the speech sequence {;} so formed
contains distortion, which is most serious near the ends of the blocks.
A simplified explanation of this distortion is as follows. Consider
successive DFT spectra to contain one line, with the phase of this line
changing every block by #/2, while the amplitude of the spectral lines
remains constant. The time waveform is a sinusoid whose phase
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changes by 7/2 at the ends of the blocks. Now consider many spectral
components whose phase changes by a random value between blocks.
We may again consider these components to be transformed into the
time domain as sinusoids with abrupt phase changes at the block
boundaries. In the case of speech, each spectral component has a
different magnitude, and J or all the components may have their
phases randomized. The end of block distortion ensues, its values
varying from one block boundary to another in a manner difficult to
quantify.

To mitigate end of block distortion we apply median filtering®’ to
those samples at the ends of adjacent blocks. Thus, samples between
the mth and (m + 1)th blocks are median filtered to give

M—(2i-1)
;me_,,j.;.,‘ = MEAI/I) {xAmN+j, .’if\mN+j+1, tr, xAmN+j+i, ) me+j+2i}, (17)
e
where i is a constant for a particular filter whose length is
L=2i+1, i=1,23, ..., (18)

i.e., the median value of L samples is the filtered sample. The number
of samples median filtered in the vicinity of the block boundaries is

A=2M+1-1i) (19)
and the number of samples used in the filtering of A samples is
vy=2M+1), (20)

where M is a system parameter.

As an illustration of how the median filter equations are used,
consider the example of a three-point median filter, L = 3, and M = 5.
Equation (17) becomes for these parameters

4

XmN4j+1 = MEP {XmN+jy XmN4j+1, XmN+j+2 ), (21)
J=—

and £.n+j+1 is the median value of X4y, Zmnej+1 and Emn+j+2. The
number of samples used in the filtering process is y = 12, which will be
made up of six samples at the end of the mth block and six samples at
the commencement of the (m + 1)th block. There are A = 10 samples
median filtered commencing with X, y—s when j = —5, and terminating
with Zn.n+5 when j = 4. Thus, the number of terms L in the brackets of
Eq. (17) gives the number of samples used in the filtering process of
each sample. As j steps from —M to M — (2 — 1), the sample being
filtered, namely X,.n+;+i, also changes under the control of j.

After A samples have been filtered, the recovered speech sequence
is obtained, having these A samples, and N — A components from {%;}
for each block of NV samples. The median filtering significantly reduces
the end of block distortion.
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IV. RESULTS

The sentences, “Glue the sheet to the dark blue background,” “Rice
is often served in round bowls,” “Four hours of steady work faced us,”
and “The box was thrown beside the parked truck,” were used in our
experiments. The first two sentences were spoken by females, the
remainder by males. These concatenated sentences constituting our
speech signal were bandlimited between 200 Hz and 3200 Hz and
sampled at 8 KHz to provide the input speech sequence, {x;}. Random
binary data were introduced into the phase components of {x;} in the
manner described in Section II. The information € was assumed to be
received without error. This is a reasonable assumption because € can
be specified by one bit and as the error rate of the phase components
carrying data will be shown to be 0.055 percent, the probability of €
being in error can be rendered negligible by assigning a small number
of error-correcting bits to €. The block size N was 256.

Because of the spectral scaling, the first experiments related to the
increases in the peak and rms values of the combined speech and data
sequence, {g:}, compared to those of the input speech sequence, {x:}.
We were concerned that the spectral scaling might significantly in-
crease the amplitude and power levels of the original speech signal and
overload the communication channel. To observe the effect of spectral
scaling on the amplitude components in { g;} we proceeded as follows.
Each block of speech was examined, and those blocks where Inequality
(3) applied, our so-called voiced blocks, were noted. Using these blocks
we calculated two signal expansion parameters, which we defined as,

1 % lglmax v,i
roA— Y —=—— (22)
\l/v i:;l lemax,v,i
and
1 Y ngi
v & — —, 23
P = e & Qi @3

where | g|max,v,i and |X|maxvi, and g, and Q.,; are the maximum and
rms values of the combined speech and data sequence, and the input
speech sequence, in the ith blocks, respectively. The number of voiced
blocks is y», where the subscript v is used to signify the applicability
of Inequality (3). Figures 2 and 3 show the variation of r, and p, as a
function of the spectral scaling factor, u., for voiced speech. As more
phase components are used to convey data, i.e., increasing <J, more
spectral magnitude components are increased by p-law spectral scaling;
and on performing the IFFT the rms and maximum amplitudes of the
voiced blocks in the transmitted signal are increased, and hence r, and
py are increased for a given p,. Similarly, for a given J the effect of
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Fig. 2—Variation of the average ratio of maximum amplitudes of the transmitted

signal to the input speech signal, r,, as a function of the p-law scaling factor, u,, for
voiced speech for different values of <J.
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Fig. 3—Variation of the average ratio of the rms value of the transmitted signal to
the input speech signal, p., as a function of the u-law scaling factor «, for voiced speech
for different values of oJ.

increasing u, is to increase the spectral scaling of the magnitude
components, which consequently increases r, and p,.

By selecting only those blocks where Inequality (2) applied, we
found the signal expansion factors r,, and p,, using the same proce-
dures as employed for r, and p, [see eqgs. (22) and (23)]. The subscript
uv, an abbreviation for unvoiced speech, implies the validity of Ine-
quality (2). The variation of 7., and p., as a function of the spectral
scaling factor, p.,, for unvoiced speech is displayed in Fig. 4. Unlike
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Fig. 4—Variation of r., and p.. as a function of ..

the small increases in r, and p, that occur for voiced speech, the effect
of spectral scaling all the magnitude components by large values of
[y Tesults in substantial increases in ry, and p.,. However, unvoiced
speech has much lower magnitude and rms values than voiced speech,
enabling much larger values of r,, and p,, to be used, thereby protecting
the data from channel noise. If it is required that the peak or rms value
of {g:} is not to exceed that of {x;}, an attenuator must be placed
after the IFFT in Fig. 1. The effect of such an attenuator on the
recovered signal-to-noise ratio (s/n) and BER will be discussed later.
An objective criterion for the quality of the recovered speech signal
should take cognizance of the particular process being used to convey
data, yet be sufficiently well known to have comparative value. In this
system the distortion in the recovered speech signal originates from
two main processes, namely, the randomizing of the phase components
of voiced and unvoiced speech, and the effect of additive channel noise.
The randomization of the phase components does not alter the re-
covered magnitude spectra, and thus spectral distortion measures®
based on spectral power are inappropriate. The only errors in the
magnitude spectra derive from the channel noise. Signal-to-noise ratio
measurements are familiar to engineers in spite of their shortcomings,
and the two most widely quoted are the average s/n and the segmental
s/n.® In the former the ratio of the average signal power to the average
error power is found. In determining segmental s/n the signal is divided
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into segments or blocks, and the average signal to average error power
is computed in decibels for each segment. Then s/n values of each
segment are averaged to give segmental s/n. We decided to use
segmental s/n, and proceeded to divide the speech into voiced or
unvoiced segments. We made this division because the effect of ran-
domizing the phase yields s/n values for a segment that critically
depend on whether the segment contains voiced or unvoiced speech.
A low s/n for unvoiced speech can be anticipated, as randomizing
every phase component yields a time waveform that is radically
different from the original segment of speech. The s/n for that block
of speech is accordingly very low, and is often negative. However,
because the magnitude of the spectra for the recovered and original
speech signals are the same, these signals are perceived to be similar.
In the case of voiced speech the effect of randomizing JJ spectral
components without altering their magnitudes results in end of block
distortion. This distortion is mitigated by employing median filtering
as previously described. The end of block distortion is not significant
with unvoiced speech because of the relatively small magnitudes of
the spectral coefficients. By measuring the s/n of each voiced segment,
we provide a measure of the end of block distortion. Thus, segmental
s/n is a reasonable measure for voiced speech, and a poor measure for
unvoiced speech, in that the value of the segmental s/n has a close
correspondence with the perceived speech in the case of voiced speech,
and vice versa for unvoiced speech. We note in passing that in wave-
form encoding, like the situation here, the segmental s/n is usually
high for voiced speech and low or negative for unvoiced speech.'

In our experiments we proceeded as follows. Assuming the channel
to be ideal we determined the s/n of the recovered speech signal as a
function of the number </ of phase components discarded for voiced
speech. Only blocks where Inequality (3) applied were used in the s/n
calculation. We performed experiments for J/ measured over different
coefficient ranges, e.g., from k., to higher values of %, about the center
of the coefficient range, and from % to lower values of .. The location
of the range of J caused different perceptual impairments in the
recovered speech signal. From informal listening tests we concluded
that the latter range for o/ was preferable, and, accordingly, we display
in Fig. 5 the s/n for voiced speech as a function of J measured from k..
to lower values of k. In determining the s/n, we employed the median
filter having a length L of 3, and M = 5. As the curve in Fig. 5 was
obtained for an ideal channel, it is independent of the values of u, and
Muv, factors introduced to avoid data errors in the presence of channel
impairments. The exchange of s/n in decibels with o/ is given by

s/n = 39 — 0.375J; 8 =J =40, (24)
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i.e., a loss of 0.375 dB in s/n per phase component of voiced speech
employed for the transmission of data.

In the case of blocks containing unvoiced speech 98 phase compo-
nents in each block are used for the conveyance of data (corresponding
to 200 to 3200 Hz, N = 256), and the segmental s/n for these blocks is
only —2 dB. As mentioned above, this low s/n for unvoiced speech was
expected owing to the randomization of all the phase components in
the recovered speech. However, the perceptual quality and intelligibil-
ity of the recovered unvoiced speech is good as the magnitude spectra
are maintained, and the excitation in unvoiced speech is noise-like.
The s/n for unvoiced speech is shown in Fig. 5 as a horizontal line.

For the sentences used, transmitted data rates of 1200, 1024, and
852 b/s were achieved for J = 32, 24, and 16, respectively.

To prevent the channel from being overloaded by excessive ampli-
tude levels resulting from signal amplification owing to spectral com-
ponent scaling, attenuation of { g;} was performed. The attenuation
was adjusted until the range of amplitude levels of the combined
speech and data signal was the same as that of the input speech signal.
Specifically, we found the block with the largest output amplitude
whose magnitude expansion parameter was rz, say. The attenuation in
decibels was then set at

I=20 loglo(rk)

for the whole speech signal. Channel noise {n;} was next added to the
transmitted signal, and for a constant channel noise power of minus P
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dB below the mean square value of the input speech signal, the change
in s/n relative to the s/n in the absence of spectral scaling was found
as a function of p, for blocks where Inequality (3) applied. This was
repeated for different values of P and two values of JJ to yield the
curves shown in Fig. 6a and b. As we expected, when P becomes
progressively more negative, the change in s/n, namely As/n, ap-
proaches zero for all p,. When the additive noise power P is high and
J = 32, there is a loss in s/n that increases with p,, but never exceeds
3 dB for the parameters shown in Fig. 6a. For J = 24, the loss in s/n
is much smaller (=1 dB), and for yu, below 100, As/n may be slightly
positive. This small positive value of As/n arises because for low values
of uy, the spectral scaling of the J coefficients carrying data is insuffi-
cient to cause the combined data and speech sequence {g:} to be
attenuated. Thus, for a given channel noise power P the channel s/n
decreases with the result that the recovered s/n is marginally en-
hanced. When p, exceeds 100, and the attenuation of {g;} is as
described above, the channel s/n decreases, and As/n takes on negative
values. When the experiment was repeated with blocks where Ine-
quality (2) applied, As/n was always positive as shown in Fig. 6c.
Observe that for unvoiced speech no attenuation of the combined
speech and data signal need be imposed for p., < 400, as the signal
does not exceed the levels found in voiced speech. Consequently, As/
n is nearly constant until p., > 400, whence attenuation of { g.} is
employed. As/n decreases slowly with p.,, and As/n is marginally
greater for P of —20 dB than —30 dB, i.e., —20 dB of channel noise is
advantageous. However, the variation of As/n in Fig. 6 is not great,
being positive for unvoiced speech and negative (in general) for voiced
speech.

With the attenuator adjusted as previously described such that the
amplitude range of the transmitted signal and the original speech
signal are the same, we observed an improvement in BER, defined as

_ BER,
IBER =20 Ing{m}, (25)

where BER, and BER, represent the BER when spectral scaling of
value p is used and when no spectral scaling is employed, respectively.
The variation of IBER with u for different values of noise power P is
displayed in Fig. 7. The smallest value of P employed was —30 dB, as
we did not have sufficient data for reliable results when P was more
negative. We see from Figs. 7a and b that u, of the order of 250 is a
good choice as it provides a large value of IBER while avoiding
significant losses in s/n, as displayed in Figs. 6a and b. Thus, for J =
24, P = —30 dB, a p, = 250 provides a gain in BER of =50 dB while
sustaining a loss in recovered speech s/n of only 0.5 dB. As is expected,
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larger values of p,, apply as shown in Fig. 7c, and a good choice of p.,
is 750. Using this p., value, P = —30 dB, we achieved IBER of =50 dB
and a gain in s/n of 0.5 dB. Figures 6 and 7 highlight the desirable
properties of spectral scaling, a large improvement in BER, and at
worst a small loss in speech s/n.
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The channel s/n was computed as

~2
8i

oM s

i=1

~
Il

s/n. = 10 logio , (26)

2
i

s

n

~
I
—

where £ is the attenuated version of g, and W is the number of speech
samples in the input speech signal. Although the same noise source
was used as in the previous experiments, and the attenuator was
employed, s/n. differs from the s/n of P dB computed using the input
speech and the noise signal. This difference arises because { g;} is not
identical to {x;}. The sequence { &;} depends on yu, and .., parameters
which affect both r and p [see egs. (22) and (23)]. However, the s/n
differences are small, and typically are <3 dB. Figure 8 displays the
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Fig. 8—Variation of BER as a function of s/n. for different values of p..; pv = 250,
J=24.
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variation of BER as a function of s/n. for different p.,, and g, = 250.
As we anticipated from Fig. 7c, increasing p,, from 500 to 1000 results
in an increase in IBER, which means a decrease in BER. Further
increases in p,, will decrease BER, but the reduction will not be great.

We observe from Fig. 8 that for s/n. of 30 dB, the BER is 0.055
percent, and as previously stated, the average transmitted bit rate for
J = 241is 1024 b/s. This BER can be reduced by using error-correcting
codes. For example, if a BCH code is employed such that the number
of error-correcting code bits equals the number of data bits, i.e., the
average transmission rate is 512 b/s, the BER decreases to approxi-
mately 107° percent. The extent of the trading of the reduction in the
average transmitted bit rate for improvements in BER depends on
system requirements. In digital radio transmission outage occurs when
the BER exceeds 0.01 percent.

The variation of the segmental s/n of the recovered speech signal
against s/n. is shown in Fig. 9 for three values of J, and p, = 250 and
tuw = 750. Only blocks satisfying Inequalities (2) and (3) were used in
this calculation of segmental s/n. As s/n. approaches 50 dB we ap-
proximate to the ideal channel condition, and by comparing the s/n
values with those in Fig. 5 we may observe the deleterious effect of the
unvoiced speech s/n on the overall s/n. Thus, for J = 16, 24, and 32,
the s/n = 25, 23, and 20.5 dB in Fig. 9, whereas when only voiced
speech is present the corresponding s/n = 32, 28, and 26 dB. However,
the perceptual quality of the recovered speech is more suitably repre-
sented by the segmental s/n for voiced speech than by the combined
segmental s/n. Thus, the s/n values in Fig. 9 are lower than would be
anticipated for the quality obtained. If no phase components had been
used for the transmission of data, the variation of s/n with s/n. would
be a straight line at 45 degrees, shown in Fig. 9. The offset of this line
from the origin is due to the s/n of the speech being calculated as
segmental s/n,” and s/n. is computed according to eq. (26).

30
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S
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CHANNEL s/n (s/n,) IN DECIBELS
Fig. 9—Recovered s/n as a function of s/n. for J = 16, 24, and 32, p, = 250, p., = 750.
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We conclude this section by providing some waveforms and spectra
of the input, transmitted, and recovered signals for p, = 250, ., = 750,
J =24, and N = 256. In Fig. 10a twenty blocks of an arbitrary speech
signal are shown, having two blocks of intraconversational silence. The
combined speech and data sequence {g;} prior to attenuation is
displayed in Fig. 10b, where it can be observed that the power level of
the unvoiced speech is considerably amplified; high-amplitude, high-
frequency components have been introduced into the voiced segments;
and those parts of the silence that resided in blocks substantially
occupied by voiced speech are carrying data. The recovered speech
signal is displayed in Fig. 10c for the case of an ideal channel. The
effect of replacing the data-carrying phase components by random
ones does not cause serious degradations in the perceptual quality of
the recovered speech.

The magnitude of the spectral components of the waveforms in Figs.
10a and b are shown in Figs. 11a and b, respectively. As data is carried
by the phase components in the speech signal, the magnitude spectra
of the waveforms in Fig. 10a and c are identical. The p-law scaling of
24 components for voiced speech is seen to substantially enhance its
high-frequency components, whereas all 98 components across the
speech band are scaled for the unvoiced speech. The u-law scaling for
voiced speech is seen to be reminiscent of frequency pre-emphasis.

V. DISCUSSION

A system has been proposed for the simultaneous transmission of
speech and data on the phase of the speech signals, where the band-
width of the transmitted signal is contained relative to that of the
original speech. We knew at the outset that if data was to be conveyed
on the phase of speech signals, the receiver would be forced to
introduce phase components to replace those that had been discarded
at the transmitter in favor of data. We postulated that if the introduced
phase components were derived from a random number source, and
that their values were confined between =+, then the perceptual
degradation in speech quality might be acceptable. Our decision to
randomize the values of the introduced phase components at the
receiver was based on the knowledge that the variations in the values
of the phase spectral components in speech, particularly unvoiced
speech, tend to have random behavior. Further, the effect of phase
distortion on monaural speech intelligibility is known to be small, the
controlling factor being the amplitude spectra. Accordingly, we did
experiments, and from informal listening experiences concluded that
the randomization of all the phase components of unvoiced speech did
not cause serious perceptual degradation. In the case of voiced speech
we discovered that if too many phase components were randomized
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the recovered speech quality was poor, and out of the 98 phase
components available in our experiments we concluded that the max-
imum number J of phase components that could be randomly per-
turbed was 32. The position of the o/ components had different percep-
tual effects, and we decided to make J span the range of the highest
inband frequency components, although the actual position of ¢/ is far
less important than its value.

Deeming that randomization of the phase components as described
was perceptually tolerable, particularly in the presence of channel
noise when the channel s/n was approximately 30 dB, we decided to
trade the loss in perceptual quality for the implantation of data into
those components we had randomized. By this strategy, and for a
channel s/n of 30 dB we have been able to achieve an average data
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rate of 1 Kb/s on the assumption that one bit is assigned to each data-
carrying phase component. To achieve this data rate we are required
to tolerate a BER of 0.055 percent and an average s/n for voiced and
unvoiced speech of 24 and —3 dB, respectively, the measurements
being made over four sentences of speech. Observe that the BER can
be reduced to a value acceptable for the user by applying channel-
coding strategies that result in a reduction in the transmitted bit rate.
An example of such a trade-off is given in Section IV. The recovered
speech is below toll quality, but the ability to transmit data may make
this quality reduction acceptable in certain situations.

Making comparisons of this technique of conveying data on the
phase of the speech signal with those employing scrambling methods'?
is difficult because of the radically different approaches of these
schemes. Embedding data in speech by scrambling can be made to
have a very small bandwidth expansion by suitable choice of scram-
bling code and block size.? Increasing the complexity of the scrambling
algorithm and the number of bits per block of speech scrambled alters
the systems performance in a way that is difficult to predict.

The previously described system using scrambling techniques,’? and
the one described here have only been evaluated for noisy channels.
Which system would perform best in an actual communications net-
work, and what the requirements would be on channel equalization
and synchronization are unknown quantities. What we can say is that
errors in the samples at the receiver attributable to noise or imperfect
channel equalization, the presence of an unwanted sample, and the
loss of a wanted one owing to incorrect synchronization, are smeared
over the spectral components by the DFT. The data here is binary
and therefore considerable noise on the data-carrying phase can be
tolerated. By using error detection and correction coding the data rate
can be sacrificed to a value commensurate with a specified BER for a
given set of channel impairments.

However, our quest was not to investigate the numerous channel
conditions. It was to determine if speech and data could be transmitted
over a noisy channel by embedding the data in the phase of speech,
and further, if the transmitted bit rate could be sufficiently high to be
useful, the BER acceptably low, and the degradation in the recovered
speech quality perceptible but not annoying. Our conclusion is affirm-
ative.
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Recognition of isolated words by encoding speech into linear pre-
dictive coefficients (LPC) is well known and widely accepted as one
of the better methods for speech recognition. One of the drawbacks in
relying entirely on LPC measures for recognition, however, is that
the energy information in the speech is removed during the LPC
analysis. Consequently, attempts have been made to include energy
pattern information along with the LPC pattern information to
achieve greater recognition accuracy. This paper discusses problems
involved in combining energy pattern information with the LPC
pattern information and presents results of recognition experiments
with one method. The energy information and LPC information are
combined linearly in a (speech) frame-by-frame manner utilizing the
dynamic time warping (DTW) method time alignment. The LPC log
likelihood ratio distance function, which determines the spectral
difference between two frames of speech, does not lend itself to direct
statistical analysis in multiple dimensions. The method for obtaining
the weighting for the linear combination involves an iterative min-
imization of a probability of error function. The combined energy and
LPC distance function was tested using a 129-word “airline” vocab-
ulary, which is designed for speaker-independent, isolated word
recognition. The inclusion of energy information in the recognition
feature space reduces recognition error rates by an average of about
25 percent as compared with LPC alone.

l. INTRODUCTION

In the last few years it has become common to use LPC coding
techniques for speech recognition.’” The speech to be represented is
modeled by a linear digital filter with coefficients chosen so that the
transfer function of the filter approximates the spectrum of the speech
over some short interval of time. Typically, a speech recognition

2971



system performs its task by comparing the unknown utterance or test
with a number of previously stored reference patterns. Both the test
and reference are characterized by a set of linear predictive coefficients.
This is accomplished by digitizing the speech at some suitable rate
and breaking the utterance into time windowed regions or “frames”
upon which LPC analysis is performed. The frames of speech generally
overlap and are typically spaced 10 to 20 ms apart in time. Thus, a
typical 0.6-second utterance is represented by about 40 frames of linear
predictive coefficients.

It is well known in the area of speech recognition that optimal time
alignment of reference patterns to test patterns substantially reduces
recognition errors for a vocabulary with polysyllabic words.' The most
commonly used time alignment procedures, for the speech recognition
problem, are the class of algorithms referred to as dynamic program-
ming (DP) or dynamic time warping (DTW) methods.””

Let us assume that we are given a characterization of an isolated
word that consists of a set of N vectors of LPC coefficients. The test
pattern, T, is represented as:

T={T1),T@),---,TN)}, (1)

where the vector T'() is a spectral (LPC) representation of the ith
frame of the test word. In our system a set of nine autocorrelations
constitutes the vector from which an 8th order LPC model is derived.
The duration of the test utterance is N frames, where each frame
represents 45 ms of speech, and adjacent frames are spaced 15 ms
apart.

For a given vocabulary of V words, the reference R,, is represented
as:

Rv = {Rv(l)y RU(2)) tey RU(MU)} ’ (2)

" where each vector, R,(i), is again a spectral representation of the
corresponding frame within the reference pattern, and M, is the
number of frames in the vth reference.

To optimally align the time scale of the reference pattern (the
dependent m index) to the test pattern (the independent n index), we
must solve for a warping path function of the form:

m = w(n) 6)

and thereby seek to minimize the total distance

N
D, = 2‘1 d{T(n), R[w(n)]} (4)

over all possible paths, w(n), where d[T'(n), R.(m)] is the local distance
between test frame n and reference frame m = w(n). This operation
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must be performed for each reference R, in the vocabulary. The test
pattern is classified as belonging to the class (i.e., the reference word)
for which the smallest accumulated DTW distance, D,, is obtained. In
addition to the standard DTW algorithm, time normalization has been
used on both the test and reference patterns, thereby allowing the
widest range of time alignment paths to be considered. This procedure,
called the normalize-and-warp method,” linearly normalizes the test
and reference utterances to a fixed length (typically the average
duration of all words in the vocabulary) before the DTW is performed.
Experimental results have shown this method to be valid on several
recognition vocabularies, including the one used in this study.”

Comparison of a test frame to a reference frame requires a measure
of closeness (distance). Several distance measures have been investi-
gated and used for utterance comparison purposes.® Virtually all of
these distance measures are spectral in nature and generally do not
explicitly consider the energy pattern of the speech. The LPC-based
distance measure developed by Itakura® has been found to yield high
recognition accuracy and cost relatively little in computation. This
distance function, often referred to as the log likelihood ratio (LLR)
yields numerical values that are indicative of the spectral energy
difference between the two frames of speech. The form of the function
is as follows:

d(T, R) =log[(ar Vrar)/(arVra'T)], (5)

where T refers to a test frame and R refers to a reference frame, a is
a vector consisting of the (p + 1) LPC coefficients of a pth order LPC
model of the speech, and Vris the (p + 1 X p + 1) autocorrelation
matrix of the test frame. [Itakura® has shown how the computation of
eq. (5) can be performed with (p + 1) multiplication and additions and
one logarithm.] The LPC coefficients do not contain any energy
information since they are derived from a normalized spectrum. The
V matrix enters into both the numerator and denominator of the
distance function (which is the ratio of two scalars), and thus contrib-
utes no energy information. Hence, d(T, R) contains no energy infor-
mation.

A few further observations about the LLR distance are in order. The
distance function, d(T, R), does not satisfy commutative or triangle
inequality rules, (i.e., the function is not symmetric). The log likelihood
ratio distance is related to the coefficient sensitivities of the LPC filter
model of the test utterance. If the test filter model is very similar to
the reference filter model, then it is reasonable to estimate the differ-
ence between the two filter models based on the test filter coefficient
sensitivities. However, if the two models differ greatly, then the coef-
ficient sensitivities of the reference model will be much different from
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those of the test model and comparison of the two models yields
inconsistent results. Thus, d(T, R) is not monotonic when it exceeds
certain values (usually about 0.6 per frame); however, it is quite useful
in measuring spectral closeness (as opposed to spectral separation),
and in this application serves very well for recognition purposes.

Since the log likelihood ratio distance measure normalizes energy
out of the measurement, it is desirable to consider including this
additional information in the distance calculation. In many pattern
recognition disciplines, the addition of dimensions to a feature space
is all that is normally required to add information to the distance
measurement. Ordinarily, if the individual components of the distance
measurement are available, an optimal weighting of features (LPC and
energy) can be obtained by an analysis of feature covariance.”'° How-
ever, in speech recognition, there are complications that make simple
addition of a dimension to the feature space difficult. One of these
complications arises from the nature of the log likelihood ratio com-
putation, which does not allow separation of the individual components
of distance, i.e., d(T, R) is a ratio of scalars and becomes meaningless
if only one dimension of the LPC space is considered. DTW methods
further complicate the addition of energy information to the feature
space since the DTW path will be altered by the distances calculated
during the DTW optimization. Thus, the addition of another dimension
(frame energy) to the feature space is not trivial.

In the next section of this paper we will describe a new discriminant
function that contains both spectral and energy information. A method
for determining the weighting of the two components based on prob-
ability of recognition error will be derived. In Section III we discuss
experimental results using this procedure on a vocabulary of 129 words
of the “airlines” vocabulary described in Ref. 6.

Il. ADDITION OF FEATURES TO THE LPC SPACE

To add the speech energy pattern information to the LPC feature
space, the LPC part must be handled as a single dimension because of
the log likelihood ratio distance function. Thus, if the total feature
vector is otherwise treated as a linear combination of vectors, the total
feature vector is of the form:

F=[LPC, EY, (6)

where the feature vector, F, consists of a vector of autocorrelation
coefficients (treated as scalar), and a value for peak normalized log
energy.

The distance function chosen for comparing the test frame energy
pattern with the reference frame energy pattern, referred to as peak
normalized log energy ratio, is of the form
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e(T, R) = |log[E(T)Emax(R)/E (R)Enax(T)]], (M

where E (T') is the energy of a test frame and E (R) is the energy of a
reference frame, E,,x(T) is the peak energy of the test utterance over

framesi=1,2, .-+, N, and Ena () is the peak energy of the reference
utterance over frames j = 1, 2, ..., M. This is equivalent to a peak
normalized log energy difference, i.e.,
e(T,R) = |NE(T) — NE(R)|, (8)
where NE (T') is normalized energy and
NE(T) = log[E(T)] — log[ Emax(T)]. 9)
Then for the optimal linear classifier, distance is given by
d(T,R) = D(T, R)W D(T, R), (10)
where (lower case indicates a scalar quantity)
D(T,R) =F(T) - F(R) (11)
and
W= [Z (Ij (12)

where a, b, and ¢ are chosen to minimize the probability of recognition
error, P(E). Applying ordinary Bayesian techniques would result in
the well-known Mahalonobis distance where the matrix W is the
inverse covariance matrix of the feature space.”'° Because of the nature
of the log likelihood ratio distance function, the LPC distance to the
origin of the LPC space is generally too large to be within the 0.6 value
required for monotonicity. Furthermore, no other point in the LPC
space can easily be found that will allow this requirement to be
satisfied for all possible samples in the space. Hence, the mean and, in
turn, variance (and, hence, covariance) of the LPC component cannot
be determined directly.

An alternate method of combining the energy measure with LPC
has been developed which, although not able to determine the cross-
product coefficients, will determine a weighting of the two measures
based on probability of error. Let the distance function assume the
form:

d(T, R) = [LLR(T, R)] + o[LER(T, R)], (13)

where LLR(T, R) is the log likelihood distance between a test frame
T and a reference frame R, and LER(T, R) is the peak normalized log
energy difference between test frame 7" and reference frame R, and «
is a weighting coefficient. Equation (13) must be employed in (4) to
determine the DTW function (3) and choose the closest reference to

LPC-BASED WORD RECOGNITION 2975



a given test utterance. Consequently, the LLR distance is a function of
the LER distance and vice versa, since the DTW path is a function of
both distances.

Let D (i, j) indicate the accumulated DTW distance between a test
utterance (corresponding to word i) and reference pattern (correspond-
ing to word j). A classification error will occur when D(i, i) > D(i, j)
for any j not equal to i. That is, if the distance between a test class (i)
and a reference of the same class (i) is greater than the distance from
class (z) to a different class (), then a recognition error will occur. An
alternate form of (13) and (14) is the discriminant function:

Q) =D(, j) = DG, 7). (14)

For this form a recognition error occurs only if @ (i, j) is less than zero
for any j not equal to i.
For notational convenience, let

L(i, j) = LLR(, j) — LLR(, ©) (15)
and
E (@, j) = LER(, j) — LER(, 1), (16)

where LLR(Z, j) and LER(i, j) are the accumulated log likelihood
ratio and log energy ratio on the DTW path, respectively. Then

Q@ j) =L(, j) +aEG, J). (17)

There are four kinds of classification errors for which @{(z, j) is less
than zero and a test word will be misclassified, namely:

(A) an LLR error for which L(i, j) < O for any j # i and
E(, j)>0forall j#i
(AB) an LLR error or an LER error but not both, i.e.,
(@) L@, j)<0and E(i, j) >0 for any j # i
() L(;, k) >0and E(i, k) <Oforany k# 1, J
(B) an LER error for which L(i, j) > 0forall i % jand E(i, j) <
0 forany j # i
(C) Dboth errors for which L(i, j) < 0 and E (i, j) < 0 for any
J#L
The test word is correctly recognized when condition (A) exists if
Q (i, j) > 0 for all j # i, which implies:

a>|LG, j)/E(, j)| forall j##i. (18)

Likewise, the test word is correctly recognized when condition (B)
exists if:

a<|LG, j)/E(, j)| forall jsi. (19)

Condition (C) is not recoverable [i.e., @ (i, j) < 0] for any value of «.
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In this case the test word will always be misrecognized since both the
LLR and LER distances have made an error.

Condition (AB) is a special case where an LPC-type error [L(, j)
< 0] occurs for a comparison of the test () with one reference (j) and
an LER-type error [E(i, k) < 0] occurs for a comparison with a
different reference (k). In order for this test word to be properly
recognized the following relation must be satisfied for all j, & # i:

|LG,N/EG )| < a<|LG, k)/EG, R)|. (20)

Equation (20) may or may not be satisfiable for a given test word ().
The probability of recognition error can be written with the further
definition of the random variable:

x = |L(, J)/E@, )| (21)

Define the probability density function of x conditioned on error type
(A) as p(x|A) and the probability density function of x conditioned on
error type (B) as p(x|B). Then the probability of error, P(E, «), is
given by:

P(E, o) = P(A) f p(x|A)dx + P(B) f plx|B)dx + P(C)

+ P(AB) J p(x|AB, a)dx + P(AB) J' p(x|AB, b)dx, (22)

where p(x|AB, a) is the probability density function conditioned on
the existence of error type (AB) of the first kind [L(z, j) < 0 and
E(i,j) > 0] and p(x|AB, b) is the density function conditioned on error
type (AB) of the second kind (L(i, k) > 0 and E(i, k) < 0). Optimizing
(22) with respect to « yields the relation:
PA)p(x = a*|A) + P(AB)p{x = a«*|AB, a)

= P(B)p(x = a*|B) + P(AB)p(x = a*|AB, b), (23)
where a* is the optimal value of «. Inspection of (22), (23), and the
error conditions (A), (AB, a), (B), and (AB, b) reveals that they are
mutually exclusive events and that they can be combined. Thus, by

relaxing the requirements “for all j # 1" of condition (A) and (B) to
“for any j # 1’ eq. (23) may be rewritten

P(A)p(x|A) = P(B)p(x|B), (24)
keeping in mind the new properties of (A4) and (B):
(A) L(Z,j) <0 and E(,j)>0 forany j#1i
(B) L(z,j) >0 and E(,j) <0 forany j#1i.
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PB)p(x|B)

PlA)p(x|A)

I
a*

Fig. 1—Conditions for minimum-recognition error rate.

Several observations concerning (18) through (24) are worth noting.
First, (22) indicates that the best performance that can be expected
for any choice of «a is

P(E, a*) = P(C), (25)

where o* is the value of a for which P(E, «) is minimized. This
condition occurs only if « can be chosen so that the distribution
P(A)p(x|A) lies entirely below a and P(B)p(x|B) lies entirely above
a, as shown in Fig. 1. If a recognizer is implemented with only the LLR
distance function, the probability of error will be

P(E|LLR only) = P(A) + P(C) (26)

since error conditions (A) and (C) are mutually exclusive LLR-type
errors. Hence, if P(A) > 0, then

P(C) < P(E|LLR only), (27)
indicating with (25) that
P(E, «*) < P(E|LLR only) if P(4)>0 (28)

and therefore recognition performance better than that obtained with
LPC alone can be achieved by using distance function (13). Note also
by (21) that random variable x = 0. The lower limits of the second and
fourth integrals in (22) can be made 0 without effect on P(E, a). Then,
under the worst-case condition that P(A) = 0, the optimal value for «
is a* = 0. Inspection of (13) indicates that, for «* = 0, D(i, j) is identical
to the LPC component of the distance function, LLR(z, j). Thus, the
worst performance that can be expected is the LPC error rate.

Under good conditions, |L(i, 7)| will be small for condition (4) and
|E(@, j)| will be small for condition (B). Thus, the mean of the
distribution P(A) p(x|A) will be low, while the mean of the distribution
P(B)p(x|B) will be large, as shown in Fig. 2. The probability of
recognition error, which consists of P(C) plus the shaded area shown
in Fig. 2, is minimized by the value of a* shown. If we assume that
P(A)p(x|A) and P(B)p(x|B) are normally distributed as in Fig. 2,
then the shaded area will be less than the area of P(A)p(x|A), i.e.,
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P(E, o*) < P(A) + P(C), (29)
which by (26) yields
P(E, o*) < P(E|LLR only). (30)

Thus, not only can we guarantee that performance will be no worse
than LPC recognition performance, but, if the conditions of Fig. 2 can
be established, we can guarantee better performance by properly
choosing «a.

Differing DTW paths owing to the interaction of the LLR and LER
components of d(7, R) will cause the distributions P(A)p(x|A) and
P(B)p(x|B) to vary with different values for coefficient a. Conse-
quently, the determination of coefficient &« may require several itera-
tions of selecting a and redefining (13) until a stable value for « is
obtained. Under adverse conditions P(A)p(x|A) and P(B)p(x|B) may
overlap considerably and the number of recoverable errors may be
small.

Ifl. EXPERIMENTAL RESULTS

Experiments were conducted on speech collected from several talk-
ers speaking an “airlines” vocabulary.® This vocabulary consisted of
129 words that would commonly be used to obtain information from
airline scheduling service. The range of words is broad enough to be
considered a good cross section of English speech. The reference words
were generated by clustering the speech of several male and female
talkers to form speaker-independent templates.” Six clustered tem-
plates for each of the 129 words were generated resulting in a reference
file of 774 templates. The average duration of all words was 42 frames
and this was the duration used for word length normalization.

Test sets were studied for two male and two female talkers (not of
the reference set) in order to choose an approximate value for the
weighting coefficient «. The LLR and LER distance functions were
not linked together for these experiments. Thus, two different DTW
paths were generated, one for LLR distances and one for LER dis-

P(B)pix18)

PlA)p(x1A)

[ 3N

* 4 S~
a’ —— ~ UNRECOVERED ERRORS

Fig. 2—Conditions for low-recognition error rate.
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Table |—Statistics on LLR and LER distance measures
for the four data sets

Data Set (Talker Sex) 1 (M) 2 (M) 3 (F) 4 (F)

LLR Recognition First Choice 9.3% 12.4% 22.5%  21.7%
Error First Two Choices ~ 39%  54% 108%  12.4%
LER Recognition First Choice 77.5% 721%  752%  73.6%
Error First Two Choices  66.7%  60.5%  63.6%  58.9%
Correlation Correct Words 0.093 0.183 0.205 0.227
LLR vs. LER Incorrect Words 0205 0175 0143  0.144

tances. The accumulated LER distance was also determined along the
DTW path generated by the LLR distances to evaluate the effects of
the warp path on the accumulated LER distance. (It was found, early
in the investigation, that the LLR distance would be the dominant
force in directing the DTW path.) Statistics were gathered on the
number of recognition errors for both distance measures, the distri-
butions for LLR distances and LER distances were calculated, and the
distributions P(A)p(x|A) and P(B)p(x|B) were determined. In addi-
tion, correlation matrices were calculated for LLR, LER, and LER
along the LLR path. The results are shown in Table I and Fig. 3. The

DATA SET 1
101 CORRECT WORD HISTOGRAMS 8081 INCORRECT WORD HISTOGRAMS
= @] E (b)
= T N b A 11 1) L
0 LLR DISTANCE (Dl¢) 25 0 LLR DISTANCE (D!/) 2.5
140 — 9067
= o E @
R L1111 oL 1 13 L1
% ] LER DISTANCE (Dl¢) 025 O LER DISTANCE (D)) 0.25
[}
© 106 - 6350
- ©| F ()
oF AN oE |
0 LER DISTANCE ON LLRPATH (Dlc) 0256 O LER DISTANCE ON LLR PATH (DIl/) 0.256
5 208
= (8) - (h)
= AN Fo ooy L
-10 In [x] 10 -10 In [x] 10

Fig. 3—DTW statistics for unlinked LLR and LER distances.
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captions in Fig. 3 are read as follows. D|c is distance to correct
reference, D|i is distance to incorrect reference, and LER(LLR) is the
LER distance along the LLR-controlled DTW path.

The plots of P(A)p(x|A) and P(B)p(x|B) of Fig. 3 indicate that an
initial value of « should be between 1.0 and 5.0. The correlations of
LLR and LER (Table I) indicate that there is little redundancy and,
hence, useful information may be obtainable by combining the LLR
and LER distance measures. The plots of P(A)p(x|A), as shown in the
figure, are quite jagged due to the low number of samples obtained;
however, the optimal value of « was actually determined by inspection
of the samples of the two distributions. Although this is a somewhat
tedious process, it ensures that the best value for « is obtained from
the available information. The graphical display of P(A)p(x|A) and
P(B)p(x|B) gives good indication that the requirements for (29) and
(30) are being met.

Table I indicates that the recognition error rate for LER distance
measures alone is very high. Even among the top two candidates, the
correct word is found less than half of the time. Obviously, LER alone
is not a good discriminating feature. The average LER distance [eq.
(7)] from the test to a correct reference (i.e., from the same class as
the test) is low in comparison to the LER distance to an incorrect class
(about 1:1.75). This would normally indicate a good discriminating
feature; however, the LER distances to both correct and incorrect
references are very widely distributed and the amount of overlap of
the two distributions is considerable (see Fig. 3). The LER distances
along the DTW path of the LLR measure are less widely distributed
but the overlap is still large. For comparison, the ratio of test to correct
reference LLR distance with respect to incorrect reference LLR dis-
tance averages about 1:1.97, and the amount of overlap of the distri-
butions is relatively small.

Tests were next conducted on the same speech data with the LLR
and LER distances linked for DTW path determination. An initial
value of a = 1.0 was used as a starting point for each test set. Statistics
were gathered as previously, except that the combined LLR and LER
distance, LLR component, and LER component were items of interest.
The distributions of P(A)p(x|A) and P(B)p(x|B) were again calcu-
lated.

Several iterations of testing and evaluating were performed to obtain
a good estimate for the coefficient a*. For speech data set 1 the value
obtained for a* was 1.8. The statistical results are shown in Fig. 4 and
Table II. A plot of the number of recognition errors predicted by the
distributions of P(A)p(x|A) and P(B)p(x|B) as a function of x is
shown in Fig. 5a for a = 3.0. The same test was run on the second set
of speech data (at a = 3.0), and the plot shown in Figure 5b was

LPC-BASED WORD RECOGNITION 2981



DATA SET 1
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Fig. 4—DTW statistics for linked LLR and LER distances.

obtained. Iterative application of the evaluation procedure yielded a
final value of o = 5.0 for test set 2. Obviously, the selection of « is very
sensitive to the speech data. In all cases, a value for «* could be found
to improve the recognition accuracy over that for LPC-based recog-
nition alone (indeed, for a = 3.0 the recognition error rate was lower
for both data sets 1 and 2) but the optimal values predicted by error
rate plots like those of Fig. 5 were considerably different.

Further testing indicated that a single value for « could be chosen so
that an improvement in recognition performance would be obtained
for all of the testing sets. The values of « = 2.0 and « = 3.0, as indicated
in Table II, show significant improvement for all four test sets. The
average reduction in error rate is 23.9 percent for a = 2.0 and 29.8
percent for a = 3.0. Thus, a speaker-independent recognizer can make
use of the improvement in performance available by the inclusion of
energy information using this technique.

3.1 Analysis of the recognition errors

It is interesting to examine the specific errors that were connected
by using the combined energy plus LPC feature set. A list of all such
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Table ll—Word error rates as a function of « for the four data sets

Data Set (Talker Sex) 1M) (%) 2(M) (%) 3@ (%) 4 (F) (%)
First Choice 9.3 124 22.5 21.7
a = 0.0*
First Two 3.9 5.4 10.8 12.4
First Choice 6.2 10.8 17.8 20.9
a=1.0
First Two 3.1 54 8.5 8.5
First Choice 3.1 10.1
a=18
First Two 2.3 7.0 ... e
First Choice 3.9 10.8 20.2 18.6
a=20
First Two 2.3 7.0 9.3 9.3
First Choice .. e el 18.6
a=22
First Two 9.3
First Choice . e 18.6
a=28
First Two 7.7
First Choice 3.9 10.1 17.8 17.0
a=30
First Two 2.3 7.0 7.7 10.8
First Choice .. el 17.0
a=34
First Two 9.3
First Choice .. e el 18.6
a=3.7
First Two . e e 10.8
First Choice .. 9.3
a =50
First Two .. 54
First Choice .. 10.1
a=255
First Two - 54

* Equivalent to LLR only.

errors is given in Table III. This table gives the correct word, the word
recognized using LPC alone (a* = 0), the test set in which the error
occurred, and a classification as to the type of error initially made.
The classification code describes the phonetic nature of the correct
and misrecognized words as one of the following:
(i) MS—Simple monosyllabic word

(i) MS + A—monosyllabic word plus affix (final stop or fricative
consonant)

(zit) PS—polysyllabic word.
An examination of the 34 words in Table III shows that 11 of the
corrections involved a polysyllabic word (as either the correct word or
the word recognized using LPC alone), nine of the corrections involved
monosyllabic words with affixes, and the remaining 14 corrections
involved monosyllabic words.
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Fig. 5—Prediction of a from statistics on x.

A similar list of the words that were incorrectly recognized using the
combined distance metric is given in Table IV. The format for this
table is similar to that of Table III except that the classification code
refers to the correct word and the word originally recognized using the
LPC distance alone. It can be seen that eight new errors are introduced
by the combined metric that were not present using LPC alone. Hence,
a total net improvement of 26 words was obtained using the combined
distance metric.

Of the 53 errors given in Table IV, 16 involve a polysyllabic word
(either the correct or the LPC misrecognized word), 23 involve only
monosyllabic words, and 13 involve polysyllabic words with affixes.

The data of Tables III and IV indicate that the inclusion of energy
into the distance metric leads to a fairly uniform improvement in
accuracy across all three types of word classifications. The results also
indicate that, for the most part, the remaining errors involve acousti-
cally similar words, whereas the corrections generally come from errors
involving acoustically different sounding words.
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Table lll—List of words misrecognized using LPC alone but correctly
recognized using energy combined with LPC

Word Recognized
Correct Word From LPC Alone Test Set Classification Code
Boston Washington 3 (PS, PS)

Card I 3 (MS+A, MS)
Depart July 4 (PS, PS)
Detroit Information 1 (PS, PS)

Does Five 3 (MS, MS)

Eight Seat 1 (MS+A, MS+A)

First Express 3 (MS+A, PS)

First Express 4 (MS+A, PS)

I Lockheed 3 (MS, PS)

Like Flight 4 (MS+A, MS+A)
Many May 3 (MS, MS)

May Change 2 (MS, MS)

Morning Miami 4 (PS, PS)

My By 2 (MS, MS)

Number November 4 (PS, PS)
Oh of 4 (MS, MS)
On Arrival 4 (MS, PS)

One What 3 (MS, MS+A)

Pay A 2 (MS, MS)
Phone Five 2 (MS, MS)
Please Seat 1 (MS, MS+A)

Seats Seat 1 (MS+A, MS+A)

Seats Seat 3 (MS+A, MS+A)

Some From 3 (MS, MS)

Some From 4 (MS, MS)

Ten Afternoon 4 (MS, PS)

There Fare 3 (MS, MS)
Three Detroit 2 (MS, PS)

Time Card 3 (MS, MS+A)
Times Five 1 (MS+A, MS)

To Do 3 (MS, MS)
Twelve Five 4 (MS, MS)
Uh How 3 (MS, MS)
When Would 1 (MS, MS)

IV. CONCLUSIONS

The addition of energy information to the LPC distance improves
recognition performance significantly. It is likely that the energy
information would significantly improve the error rate on certain kinds
of anomalies in the speech, such as partially voiced words and lip pops.
These anomalies sometimes cause a test word to match reference
words that have similar spectral patterns but significantly different
energy patterns. Unfortunately, data bases of speech containing these
kinds of erroneous sounds are not yet readily available and testing of
this hypothesis must be deferred until such data are generated.

The selection of the weighting coefficient, «, is quite sensitive to the
speech data. For that reason, the value of a* will usually be different
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Table IV—Word incorrectly recognized using the combined distance

metric
Word Recog-
Correct Word Recognized nized From LPC  Test
Word From LPC Alone + Energy Set Classification Code
A May Pay 2 (MS, MS)
A A Pay 3 (MS, MS)
Boston Boston What 2 (PS, MS+A)
By 1 I 2 (MS, MS)
By I I 3 (MS, MS)
By Like I 4 (MS, MS+A)
Change Change Stops 4 (MS, MS+A)
Code Card Card 3 (MS+A, MS+A)
Code Card Card 4 (MS+A, MS+A)
Code Coach Coach 2 (MS+A, MS)
DC BAC BAC 4 (PS, PS)
Do will Code 4 (MS, MS)
Eight Eight Take 3 (MS+A, MS+A)
Flight Flight Flights 4 (MS+A, MS+A)
Flights Flight Flight 3 (MS+A, MS+A)
Flights Flight Flight 4 (MS+A, MS+A)
For Five Five 4 (MS, MS)
Four Five Five 4 (MS, MS)
From From Eleven 4 (MS, PS)
Go Twelve Club 3 (MS, MS)
Home How How 4 (MS, MS)
1 By By 1 (MS, MS)
In In AM 3 (MS, PS)
Is In In 4 (MS, MS)
Leave Please Please 3 (MS, MS)
Many Pay Pay 1 (PS, MS)
March Much Much 4 (MS, MS)
Much March March 3 (MS, MS)
My 1 By 3 (MS, MS)
Nine Washington Morning 4 (MS, PS)
October September September 1 (PS, PS)
Oh How How 2 (MS, MS)
Oh How How 3 (MS, MS)
On Five Five 2 (MS, MS)
One When When 4 (MS, MS)
PM Seattle Seattle 4 (PS, PS)
Pay Friday Friday 3 (MS, PS)
Phone From From 4 (MS, MS)
Please April Thee 4 (MS, PS)
Prefer There Fare 3 (PS, MS)
Seat Seats Seats 3 (MS+A, MS+A)
Sunday Saturday Saturday 3 (PS, PS)
Ten AM PM 2 (MS, PS)
The Five Five 3 (MS, MS)
Thee DC DC 1 (MS, PS)
Thee Make Three 2 (MS, MS+A)
There Fare Fare 2 (MS, MS)
Times Office Five 3 (MS, PS)
Two Do Do 4 (MS, MS)
Want What What 4 (MS+A, MS+A)
What Want Want 2 (MS+A, MS+A)
When When Morning 4 (MS, PS)
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for each talker in the testing set. Consequently, this method is likely
to be more effective for speaker-trained recognition than for speaker-
independent recognition systems. However, a value of « = 2 or a = 3
has been found to work well for the test sets used in this study and will
probably work for most test sets.
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It has long been known that one of the key factors in determining
the accuracy of isolated word recognition systems is the size and/or
complexity of the vocabulary. Although most practical isolated word
recognizers use small vocabularies (on the order of 10 to 50 words),
there are many applications that require medium- to large-size vo-
cabularies (e.g., airlines reservation and information, data retrieval,
etc). This paper discusses the problems associated with speaker-
trained recognition of a large vocabulary (1109 words) of words. It is
shown that the practicability of using large vocabularies for isolated
word vocabularies is doubtful, both because of the problems in train-
ing the system, and because of the difficulty the user has in learning
and remembering the vocabulary words for any significant size
vocabulary. The importance of studying large word vocabularies for
recognition lies in the flexibility it provides for understanding the
effects of vocabulary size and complexity on recognition accuracy for
both small- and medium-size vocabularies. By constructing subsets
of the total vocabulary for recognition, we show that a judicious
choice of words can lead to significantly better recognition accuracy
than a poor choice of the words in the subset. We show that for each
doubling of the size of the vocabulary, the recognition accuracy tends
to decrease by a fixed amount, which is different for each talker.

l. INTRODUCTION

In the field of automatic speech recognition, the only type of system
to date that has proven useful and practical is the isolated word
recognizer. Isolated word recognizers have been in use commercially
for a number of years,"” and have been extensively studied in several

* Work performed on BLESP summer assignment at Bell Laboratories.
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major research laboratories throughout the world.**® For the most
part, applications of isolated word recognizers have limited themselves
to vocabulary sizes ranging from small (10 to 30 words) to moderate
(30 to 200 words). There are several reasons why there are no com-
mercially available systems that can recognize words from large vo-
cabularies (greater than 200 words). These include:

(i) The difficulty of training the system on large vocabularies

(it) The storage required for word templates for large vocabularies

(z1z) The processing required to recognize words from large vo-
cabularies

(iv) The difficulty of accurately recognizing word vocabularies that

would be useful in a variety of applications.
The computational problems associated with reasons ii and iii above
(i.e., large storage and large amounts of computation) are rapidly
becoming less important as memory and processing costs decrease,
and should continue to do so for the forseeable future. The problems
in training are very real ones, and will be discussed further in this
paper. The problems associated with choice of vocabulary words and
accuracy of word recognition are the main topics of this paper.*

Although the practicability of large vocabularies for isolated word
recognition is doubtful, the experimental use of large vocabularies
provides the opportunity to examine significant issues in automatic
word recognition that cannot be examined with small vocabularies. If
the vocabulary is sufficiently general, in some sense, it is possible to
choose several smaller partitions from the vocabulary, of a given size
or complexity, and thereby better understand the effects of vocabulary
size, or complexity, on word recognition accuracies.

At the present time it is not even known how currently available
isolated word recognizers would perform on large vocabularies—i.e.,
what factors would most influence accuracy. For small- and medium-
size vocabularies there is a wide body of experimental data that
indicates that vocabulary complexity (not size) is the key indicator of
accuracy.®>'®" Furthermore, most experimental studies have shown
that speaker-independent word recognizers can (and do) perform as
well as speaker-trained recognizers; however, they require an order of
magnitude more computation.'

A brief summary of recent experimental results on isolated word
recognition is given in Table 1. The results given in this table illustrate
the complex relationship between accuracy and vocabulary size and
complexity. In Section II of this paper we give a simple model that
helps to explain this relationship in terms of the relationships between

* For any practical system, using a large vocabulary of isolated words, syntactic
constraints of the recognition task would effectively reduce the vocabulary size and
speed up the processing most of the time.
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Table |I—Accuracies of isolated word
recognizers on several vocabularies

Speaker
Speaker Inde-
Trained pendent

Vocabulary (%) (%)

10 digits [1, 12] 99 98
26 letters of alphabet [16, 17] 80 70
39 alphadigits [8, 12] 87 80
54 computer terms [18, 19] 99 96
91 North American States [14] 99 —
129 Airline terms [20, 21] 88 91
561 Words and Phrases [18] 92 —

words in the vocabulary. In Section III we describe an experiment
designed to measure word recognition accuracy for an 1109-word
vocabulary. The recognizer was run in a speaker-trained mode on six
talkers (three male, three female), in which each talker used a robust
training procedure to give individual word templates. In Section IV we
discuss results on recognition of subsets of the 1109-word vocabulary.
These results illustrate the degree to which choice of vocabulary words
can influence word accuracy for given vocabulary sizes. Finally, in
Section V we summarize our findings and discuss their implications
for practical systems.

Il. MODEL FOR ISOLATED WORD RECOGNITION ACCURACY AND
COMPLEXITY

Assume we have a specified vocabulary, V, of @ words, i.e.,
V= {U], U2, vo+, UQ}- (1)

We define a word similarity index as D(v;, v;), which measures the
distance (in whatever units are desirable) between pairs of vocabulary
words, v; and v;. The distance can be an acoustic one (e.g., the average
distance of the time-aligned words) or a phonetic one [e.g., the average
number of phonemes (syllables, demisyllables) that are different in the
words]. We next define a word overlap index, g;, for the ith vocabulary
word as

gi= C{j:s.t. D, v;) = T}, (2)

where C is the cardinality of the set of indices j such that the pairwise

word distance score, D(v;, v;)* falls below a threshold 7' Basically, g;

is a count of the number of words in the vocabulary similar to word v..
We can now define an average probability of error as

* For simplicity we assume that work distances, D, are symmetric, i.e.,. D(vi, v) =
D(vj, v)). In practice, for nonsymmetric distances we use the average pairwise word
distance, i.e., [D(v;, v;) + D(vj, vi)1/2.
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P(Eq) = Z P(v) P(E|vy), 3)

where P(v;) is the a priori probability word v; is spoken, P(E|v;) is the
probability of error given word v; is spoken.” Since we assume all words
are equiprobable, we have
1
P) =—. (4)
Q
We now make the simplistic assumption that the probability of error
given word v; is spoken can be written as
1
PE|v)=1-—, (5)
i.e., we assume a random choice is made among the g; similar versions
of word v;. Clearly the resulting error rate based on this assumption is
an overbound on the true probability of error. Combining eqs. (2)

through (5) we get
P(E)—lQ(l-—l—> (6)
? Q =1 QL

To illustrate the interpretation of eq. (6) consider calculating the
average value of ¢; as
1@
=2 g (7)
The quantity ¢, which we call the average vocabulary complexity, is a
measure of the average number of candidates in the vocabulary similar
to any word. Since g; satisfies the constraint

l=q:=< (8a)
then ¢ satisfies the constraint
1=g=¢Q. (8b)

Consider now a @ = 10 word vocabulary. We can define various
possible sets of g; and compute P(Eg) and g for each set. For example,
if we have

{e:} = {3,3,3,3,3,3,2,2,2,2} (9a)
then g = 2.6 and P(Eg) = 0.6. Similarly, if
{qi} = {7, 7, 7’ 7’ 7’ 7’ 7’ 17 1) 1} (gb)

Technically, eq. (3) should contain a small residual error term that accounts for
errors owing to improper recordings, mispronunciations, etc. We will omit this term for
simplicity.
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Fig. 1—Plot of average word error rate as a function of average word complexity for
all possible combinations of a 10-word vocabulary. The smooth curve is a hand-drawn
curve, which approximates the average behavior of the data.

then ¢ = 5.2 and P(Eg) = 0.6. The vocabulary of eq. (9a) consists of
four subsets, two of which have three confusable words, and two of
which have two confusable words. The vocabulary of eq. (9b) consists
of one subset with seven confusable words, and three distinct words.
Both vocabularies, however, yield identical error probabilities using
the simple model given above.

If we consider all possible subsets of the 10-word vocabulary, and
plot the values of P(Eg) versus ¢ for each such subset, the resulting
plot would be as shown in Fig. 1. This figure shows that for a given
probability of error a wide range of vocabulary complexities can often
be found. It also shows that as the probability of error goes to the
residual value, the choice of vocabularies becomes sparse—i.e., only
well-designed vocabularies will achieve the lowest error rates.

This simple word recognition model could also be described in
information theoretic terms based on channel models.?> From such
models one could derive plots equivalent to the one of Fig. 1.

Consider applying the word recognition model to some of the vo-
cabularies of Table 1. For the 10 digits we get (using ¢; = 1, all i)
P(E) = 0, ¢ = 1. For the 26 letters of the alphabet (ordered alpha-
betically), using*

{e}=1(1,5,2,552,5,1,2,2,2,1,2,2,1,2,1,1,2,2,1,5,1,1, 2, 2}
we get ¢ = 2.2, P(E4) = 0.385. For the 39-word alphadigit vocabulary'®

* The values of ¢, for the alphabet were obtained from the letter confusion matrix in
Ref. 16.
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we get ¢ = 2 and P(Ej) = 0.28. For the 54-word computer terms
vocabulary’®"” we get ¢ = 1.1 and P(Es,) = 0.04. For the 129-word
airline terms vocabulary®®*' we get ¢ = 1.1 and P(E,») = 0.08. By
comparing the error probabilities from the model with those given in
Table I it can be seen that a reasonable match to all vocabularies can
be obtained using this simple recognition model.

The major purpose of this section has been to illustrate the range of
variability in error rate associated with a vocabulary of fixed-size @
words, and to roughly explain the source of variation. The key point is
to keep in mind that judicious choice of vocabulary items can lead to
considerably higher word recognition accuracies than can a poor choice
of vocabulary items. We will illustrate this key point further in later
sections of this paper.

lll. WORD RECOGNITION ON AN 1109-WORD VOCABULARY

To evaluate the performance of an isolated word recognizer on large
vocabularies, the linear predictive coefficient (LPC) based recognizer
developed at Bell Laboratories was tested on a vocabulary of 1109
words from the Basic English vocabulary of Ogden.?® The recognizer
was tested in a speaker-trained mode with six talkers (three male,
three female) each training the recognizer.

Before presenting results of the evaluation tests, we briefly review
the techniques used for recognition and training.

3.1 The LPC-based word recognizer

Figure 2 shows a block diagram of the LPC-based word recognizer.
The input speech signal, s(n), recorded off a standard dialed-up tele-
phone line, is bandpass-filtered between 100 and 3200 Hz, and digitized
at a 6.67-kHz rate. The first step in the processing is the preprocessing
and blocking step, which consists of a simple first-order preemphasis
network. The preemphasized signal is blocked into frames of 45 ms
(N = 300) with each consecutive frame spaced 15 ms apart (L = 100).
An 8-pole LPC analysis (autocorrelation method) is performed on each
frame of the word (which has presumably been located by an endpoint

LPC-BASED
REFERENCE
N L PATTERNS
REFERENCE
PATTERN
TEST RECOGNIZED
s(n) | PREPROCESSING {PATTERN} DTW CNoRS
| AND LPC ALIGNMENT|___| DECISION
BLOCKING INTO ANALYSIS AND "1 RULE
FRAMES DISTANCE

Fig. 2—Block diagram of isolated word recognizer.
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detector), creating the test pattern 7. This test pattern is compared
with each reference pattern using a dynamic time warping (DTW)
alignment algorithm, which simultaneously provides a distance score
associated with the alignment. The distance scores for all the reference
patterns are sent to a decision rule, which provides an estimate as to
the spoken word, and possibly an ordered (by distance) set of the best
n candidates.

3.2 The robust training procedure

The procedure used to obtain speaker-dependent reference patterns
is the robust training procedure of Rabiner and Wilpon.** For this
method each talker speaks each vocabulary word repetitively (up to
six times) until a pair of word tokens are deemed sufficiently similar
(based on a DTW distance score). The word reference pattern is
created by averaging the two time-aligned versions of the word (the
autocorrelation coefficients of each frame are averaged). This proce-
dure yields robust reference patterns since a tight similarity threshold
is used to guarantee that the two tokens of the word are free of artifacts
by either the talker (e.g., lip smacks, pops, heavy breathing), or from
the transmission environment. In this manner it is essentially guar-
anteed that each of the two tokens being averaged represents a valid
pronunciation of the word.

There are two points worth noting about the robust training proce-
dure. The first is that each word is not spoken repetitively until the
robust reference pattern can be created. To maximally separate in
time the repetitions of each vocabulary word, the talker training the
system speaks the entire vocabulary in a random sequence once each
pass through the training. The disadvantage of such a procedure is
that a considerable amount of storage is required to save the multiple
versions of each word that may be required before a robust reference
pattern can be obtained. The big advantage of this method is that each
word token tends to be an independent pronunciation of the word;
hence, word variability is easily and readily measured.

The second point about the robust training concerns the validity of
the reference pattern that is obtained. For words with stop releases at
the end, e.g., act, back, stop, etc., a speaker will often vary the
pronunciation (almost at random). Thus, on some occurrences of these
words the speaker will release the stop consonant (leading to a burst
at the end of the word) and on other occasions will not release the stop
consonant. For such words it should be clear that the robust training
procedure cannot adequately represent this dichotomous method of
speaking the word and will instead lock onto one of the two variations.
For such words a high probability of error is introduced, not by
alternate competing words in the vocabulary, as discussed in Section

WORD RECOGNITION FOR LARGE VOCABULARIES 2995



I1, but instead by alternate competing word pronunciations. We see no
simple or obvious way of handling this problem.

The robust training procedure trades training time (on the part of
the talker) for the ability to obtain robust reference patterns for each
word in the vocabulary. For a large vocabulary, notably the 1109-word
vocabulary, the average time to train all 1109 words was 5-1/2 hours
for each talker! It became imminently clear to the authors that, in
practice, one could never consider training speech recognizers for large
vocabularies in such a manner. If the need ever arose for word
recognition for large vocabularies, an automatic template generation
procedure would be required in lieu of the robust training that was
used here. Such automatic-template-generation techniques have been
used by Mermelstein® and by Rosenberg et al.” for equivalent size
vocabularies using syllable and demisyllable representations of words.

3.3 Isolated word recognition experiments

To evaluate the isolated word recognizer on various size vocabular-
ies, a series of word recognition experiments were run. For each of the
six talkers, four complete test sets, each consisting of one token each
of the entire 1109-word vocabulary, were recorded. The recording took
place over four weeks in time, and required about eight hours of
recording time for each talker.

The entire data base was used in the first experiment, which con-
sisted of measuring the error rate, Ei105, as a function of talker (i),
replication (), and candidate position (n). This experiment provides
the absolute performance measure of the word recognizer on the
largest vocabulary tested to date.

The next series of experiments basically considered subsets of the
1109-word vocabulary for both training and testing. The @-word subset
of the vocabulary was chosen in several ways to study the influence of
means of vocabulary choice on the error rate. The ways in which
vocabulary entries were chosen for the @-word vocabulary included:

(i) Random without replacement—i.e., each of the @ vocabulary
words was chosen at random from the 1109-word vocabulary. For each
replication of this experiment, the @ words were chosen from the
candidates not selected on previous trials. Clearly, a maximum number
of trials, M'T = 1109/, is possible with this selection procedure. Since
we considered values of @ of 100, 200, 400, and 800, values of MT of 11,
5, 2, and 1 were used, respectively, for the different values of Q.

(i) Random with replacement—i.e., each of the @ vocabulary
words was chosen at random from the 1109-word vocabulary. On
subsequent replications a new set of @ words was chosen at random,
again from the complete set of 1109 words. For this method of word
selection, the same vocabulary word could appear in several replica-
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tions of the vocabulary. To compare the results of this experiment
with those of the one above, the same values of @ and MT were used.

(iit) Vocabulary chosen based on best training tokens—i.e., the @
words of the vocabulary, for each talker, were chosen as the @ words
(of the 1109) that required the fewest training tokens before the robust
reference pattern was obtained. Such words represent the “easiest
words to train on,” and were expected to be least affected by inherent
variability in word pronunciations. Values of @ of 100, 200, 400, and
800 were used.

(iv) Vocabulary chosen based on worst training tokens—i.e., the @
words of the vocabulary, for each talker, were chosen as the @ words
that required the most training tokens before the robust reference
pattern was obtained. Such words represent the “hardest words to
train on,” and were expected to be most affected by inherent variability
in word pronunciations. Values of @ of 100, 200, 400, and 800 were
used.

(v) Vocabulary with proportional training statistics—i.e., the @
words of the vocabulary, for each talker, were chosen on an equal
proportion with their statistics on training. Thus, if a talker had P;
training words requiring two replications, P; training words requiring
three replications, etc., then in the test set a total of (P;/1109) - @ words
were chosen at random from the set of words requiring j training
replications. In this manner a vocabulary with statistics representative
of the training difficulty was obtained. Values of @ of 100, 200, 400,
and 800 were used.

(vi) Vocabulary with all monosyllabic words. A separate score was
obtained using only the @ = 605 monosyllabic words in the 1109-word
vocabulary.

(vii) Vocabulary with all polysyllabic words. A separate score was
obtained using only the @ = 504 polysyllabic words in the 1109-word
vocabulary.

The results of these word recognition experiments are given in the
next section.

3.4 Recognition test results

The results of the first experiment, using all 1109 words in the
vocabulary, are given in Table II and shown graphically in Figs. 3 and
4. Table II shows values of E1109(, j, n) for valuesof i 1 = 1,2, .- -, 6),
J (=12 34),and n (n = 1, 2, 3, 4, 5). Figure 3 shows plots of
E0(i, J, n) versus n for each talker, i, and each replication, j. Figure
4a shows plots of E1109(i, n) versus n, where

_ R 18 ..
Eno(i, n) = Z 2 Enw(i, J, n), (10a)
=1
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Table Il—Word error rates as a function of talker
(), replication (k), and word position (n)

n
Talker 1 2 3 4 5 k
i=1 12.3 6.3 4.2 3.7 2.9 1
18.8 9.8 7.2 5.0 4.2 2

15.6 9.4 6.0 44 3.8 3

12.1 6.4 4.1 2.4 2.1 4

i=2 6.1 2.5 14 1.0 0.8 1
5.7 2.4 1.5 1.4 1.2 2

6.0 2.1 1.3 1.0 0.9 3

6.4 3.1 1.9 14 1.3 4

i=3 184 12.2 10.2 9.2 8.6 1
19.9 13.1 10.9 9.2 8.7 2

23.0 15.7 12.3 10.6 10.0 3

17.8 12.9 10.1 89 8.4 4

i=4 40.2 31.2 27.1 24.3 23.4 1
38.0 29.9 26.1 24.1 22.4 2

46.7 36.9 32.2 29.8 215 3

48.3 39.9 35.2 32.3 30.1 4

i=5 17.7 10.9 8.7 7.2 6.3 1
24.8 16.5 12.9 11.0 9.8 2

20.9 23.5 9.9 7.6 6.9 3

27.3 17.9 14.2 13.0 11.6 4

i=6 17.0 12.0 9.7 8.3 7.3 1
17.3 12.4 9.9 8.6 7.7 2

21.1 15.0 11.8 10.3 9.6 3

18.6 12.4 9.9 8.8 7.8 4

where Ei100(i, n) is the error rate averaged over replications; Fig. 4b
shows the grand average plot E1109(n2) versus n, where

6
Enog(n) = 1 Z Euos(i, n) (10b)

Z E1i08(2, J, ). (10c)

IIMm

1
24

Two points in the results are worth noting. It can clearly be seen
that within the four replications of a single talker, the error rate scores
for a given value of n do not vary a great deal (relative to the absolute
error rates). However, across talkers a large amount of variation in
error scores is seen for all values of n (see Fig. 4a). Thus, talker 4 has
an average error rate of 43.3 percent for n = 1, whereas talker 2 has an
average error rate of 6.0 percent, a range of over 7 to 1 in error rates.

The grand average (over talkers and replications) error rate curve
shows an average error rate of 20.8 percent of the top candidate, and
the error rate falls to 9.3 percent for the top five candidates. Although
these absolute scores are highly biased by the talker with the high
error rate (talker 4), the curves of Fig. 4 show that the error rate for all
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Fig. 3—Word error rate scores for each talker and for each replication as a function
of word candidate positions.

talkers displayed similar trends, and hence the grand average curve is
representative of the overall behavior of the isolated word recognizer
for this vocabulary.

The results of the tests using subsets of the 1109-word vocabulary
are given in Table III. For each talker and for each vocabulary partition
size @, this table gives the average error rate (averaged over the four
replications) for the top candidate as a function of the subset condition
(1 to 7 as described previously). An examination of the data in this
table shows the following:

(i) Conditions 1 and 2 (random selection without and with replace-
ment) lead to essentially the same error scores on all subsets of the
vocabulary for all talkers.

(it) For small vocabulary sizes (@ = 100, 200) selection of vocabu-
lary items based on training statistics leads to very different error
rates, depending on the exact set of training statistics used. The error
rate scores for condition (iiz) (best training words) were significantly
lower than the error rate scores for condition (iv) (worst training
words). The error rate scores for condition (v) (equal proportions)
were essentially comparable to those of conditions (i) and (i7) and
somewhere between those of conditions (iZi) and (iv).
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Fig. 4—(a) Average word error rate for each talker as a function of word position. (b)
Grand average word error rate as a function of word position.

(iit) For the larger vocabulary partitions (@ = 400, 800) the effects
of choosing vocabulary words based on training statistics on the error
rate were small.

(fv) The error rates for monosyllabic words alone [condition (vi)]
were always significantly larger than for any other subset (or even the
whole vocabulary) of the vocabulary; similarly, the error rate scores
for polysyllabic words alone [condition (vii)] were significantly smaller
than for any other subset of the vocabulary.

Figure 5 shows a summary plot of the average error rate for each
talker as a function of the logarithm of the vocabulary size, and a least
squares regression fit to the data points. The data points represent
averages of conditions (Z) and (iz) data of Table II. It can be seen that
remarkably good fits to the data are obtained, for all talkers, by the
least squares regression line. It should be noted that the scales for each
talker are different, reflecting the differences in absolute error rates.
Similarly, the slopes of the linear fits are different for each talker. In
particular the slopes for the individual talkers are 3.1, 1.3, 2.9, 5.7, 4.0,
and 3.2, respectively. A slope of a« means that for each doubling of
vocabulary size, the predicted error rate increases by « percent.
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Table lll—Average word rates as a function of the partitioning of the
vocabulary for each talker

Q
Condition 100 200 400 800 605 504

Talker1 1 3.9 6.4 9.1 13.1

2 4.2 5.7 94 12.3

3 2.5 74 7.7 12.2

4 5.3 8.0 10.6 129

5 2.5 6.2 9.2 12.9

6 20.8

7 6.1
Talker2 1 1.9 2.6 4.0 6.1

2 1.5 24 3.2 5.6

3 15 2.4 2.8 4.2

4 3.5 4.6 4.8 5.7

5 3.0 2.1 3.8 4.6

6 10.0

7 2.0
Talker3 1 10.2 12.9 15.3 18.1

2 9.3 10.8 14.7 17.7

3 9.0 10.9 12.1 15.2

4 25.7 21.6 18.9 18.9

5 9.0 11.1 12.7 16.1 29.5

6

7 7.4
Talker4 1 23.2 28.0 33.3 40.9

2 246 29.0 34.6 40.8

3 19.8 25.0 29.8 37.5

4 31.7 37.2 40.5 43.3

5 23.7 24.6 34.2 38.2

6 53.4

7 28.0
Talker 5 1 8.9 12.0 15.3 20.3

2 9.2 11.5 15.5 20.4

3 8.0 9.0 13.0 18.6

4 18.7 19.5 18.2 21.5

5 9.0 11.1 14.2 19.3

6 30.9

7 11.8
Talker6 1 7.5 10.0 13.5 17.0

2 7.8 10.3 134 17.3

3 4.7 74 10.2 14.3

4 15.2 171 18.8 18.5

5 75 8.2 12.6 14.6

6 28.2

7 6.6

IV. DISCUSSION

The results presented in the previous section demonstrate clearly
the effects of vocabulary complexity on error rate for isolated word
recognizers. They also show the high degree of variability among
talkers in the error rates for almost any size vocabulary.

Perhaps the most startling observation from the data of Fig. 5 is the
fact that, for each talker, a doubling in the vocabulary size leads to a
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Fig. 5—Average word error rate as a function of vocabulary size for each talker. The
straight line is the least squares linear regression fit to the data.

constant (talker-dependent) increase in error rate. This effect has been
noted previously by Smith and Erman®” in their work on word hypoth-
esizing for large vocabulary recognizers. The explanation for this effect
is that the error rate is essentially proportional to the density of words
in the pattern space [e.g., the factor (1 — 1/¢:) in eq. (6)]. As the
number of words in the vocabulary doubles (by random selection), the
density increases a constant amount, thereby leading to a constant
increase in error rate.

The fact that different talkers have different absolute error rates
and different slopes for the same vocabulary sets can be explained by
the model of Section II as follows. We postulate that the word similar-
ity threshold, T, of eq. (2) is a talker-dependent threshold in that it is
a function of the inherent variability of a talker in repeating a given
vocabulary word. For some talkers (e.g., Talker 2) the threshold is set
very low and hence very few vocabulary words have g; values greater
than 1. For other talkers (e.g., Talker 4) the threshold is set very high
and therefore most vocabulary words have g; values greater than 1.
Thus, the absolute error rate [eq. (6)] will be much higher for talkers
with high variability in their word pronunciations than for talkers with
low variability in their word pronunciations. Similarly, the increase in
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error rate for a doubling of vocabulary size is a function (to first order)
of the absolute error rate since the density of words in pattern space
increases more rapidly for talkers with high word variability than for
talkers with low variability.

If the words in the vocabulary are not chosen at random [e.g.,
conditions (iif) to (vit) in Section 3.4] then the above analysis is not
correct. For example, by choosing words with poor training statistics
the average word density is higher than expected, leading to higher
word error rates. Similarly, by choosing words with good training
statistics, the average word density is lower than expected. Since most
words had good training statistics, the effect on the error rate of
choosing good training words is generally much smaller than the effect
of choosing poor training words. For values of @ approaching 1109
(e.g., @ = 800 and @ = 400), both effects are smaller since there are
only a small number of words (for each talker) whose training statistics
were poor.

The average error rates for monosyllables versus polysyllables viv-
idly point out the strong effects of vocabulary complexity. The mono-
syllable vocabulary of 605 words has a much higher complexity than
the total 1109-word vocabulary; hence, it has a much higher error rate
for all talkers. Similarly, the 504-word polysyllable vocabulary has a
much lower complexity than the 1109-word vocabulary and therefore
a much smaller error rate.

V. SUMMARY

In this paper we have presented results of a series of speaker-trained,
isolated word recognition tests on a 1109-word vocabulary, and various
subsets of the vocabulary. We have shown that although a great deal
of variability in error scores was noted across talkers, a fairly good
consistency in error scores across replications by the same talker was
attained. On the total vocabulary an average (over talkers) error rate
of 20.8 percent on the top candidate and 9.3 percent on the top five
candidates was obtained. These scores represent the anticipated av-
erage performance of the recognizer across different talkers. The best
talker achieved a 6.0-percent error rate on the first candidate, whereas
the worst talker achieved a 43.3-percent error rate on the first candi-
date.

By considering various subsets of the 1109-word vocabulary we were
able to show that the method of selection of the words within the
vocabulary had a strong effect on the word error rate achieved.
However, when we used randomly chosen vocabulary subsets all
talkers had error rates that increased by a constant percentage for
each doubling in the vocabulary size. A simple explanation for this
effect was given.
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Multitone Frequency-Hopped MFSK System for
Mobile Radio

By UZI TIMOR
(Manuscript received October 12, 1981)

A digital spread spectrum technique employing frequency hopping
and multilevel frequency-shift keying has recently been examined for
possible application in mobile radiotelephony. Two system param-
eters, the number of bits per message and the number of tones in the
frequency-hopping sequence, are determined by the available band-
width and the data rate of each user. These parameters in turn
determine the tone duration, which strongly influences the vulnera-
bility of the system to transmission distortions. In this paper we
describe a generalization of the MFSK scheme that allows users to
transmit more than one tone simultaneously. Multitone transmission
makes it possible for designers to increase the duration of each tone
by increasing the total number of system frequencies. This flexibility
slightly increases maximum efficiency and makes the system less
vulnerable to multipath delay spread. It could also have implemen-
tation advantages.

I. INTRODUCTION

A multiple access modulation technique that uses multilevel fre-
quency shift keying (MFSK) to modulate frequency-hopped spread
spectrum carriers has been examined for possible applications in
satellite communication' and in digital mobile radiotelephony.”? In
every time frame, each user communicates a K-bit message by fre-
quency-shifting a tone sequence that is unique to the user. System
efficiency depends strongly on the length of the sequence (L tones per
message) and on the size of the tone alphabet. The total available
bandwidth and the transmission rate of each user determine an opti-
mum K, L pair; unless the system design parameters are very near this
optimum, efficiency is prohibitively low.

As Refs. 1 and 2 report, K, L, and the user bit rate determine the
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duration of each tone. An important transmission impairment in
mobile radio is the multipath delay spread (the difference in delays
between the various simultaneous propagation paths). This delay
spread makes it difficult to communicate with short tones and, in fact,
the 13-ps tone duration prescribed by the optimum K and L derived in
Ref. 2 is uncomfortably close to delay spreads observed in practice.

The purpose of this paper is to propose a modification of the
modulation scheme that increases design flexibility. By increasing the
size of the tone alphabet and allowing each user to transmit more than
one tone simultaneously, a designer can increase the duration of each
tone, thereby making the system less vulnerable to multipath delay
spread without degrading overall efficiency. In fact, there is a slight
improvement (10 to 20 percent) in the maximum number of simulta-
neous users.

For example, with a total (one-way) bandwidth of 20 MHz and users’
rate of 32 kb/s, a conventional system can be designed with K = 8 bits
per message and L = 19 tones per message. The tone duration is 13
us and up to 209 users can operate simultaneously with a bit-error
probability less than 1072, If the bit rate is 31.96 kb/s, K =9, L = 11 is
possible with a tone duration of 25 ps and 216 simultaneous users.
With two-tone operation and K = 9, L = 11, the tone duration is 26
ps and 225 users can share the bandwidth. Other possibilities are K =
10, L = 6 (237 users, 52 us time slots) and K = 11, L = 3 (224 users, 115
s time slots).

Il. SYSTEM DESCRIPTION"?

2.1 Principle of operation

The elementary signals are a set of 2¥ tones, each of duration 7
seconds. Each link (between a mobile user and the base station) is
identified by an address that is a sequence of L K-bit words. A new K-
bit message is transmitted every T = Lt seconds as a sequence of L
tones determined by the sum (modulo 2%) of the K-bit message and
the K-bit address words.

The received signal is a composite of the tone sequences of M users.
Every 7 seconds the receiver performs a spectral analysis of the
received signal and decides which of the 2¥ frequency cells contain
energy. Thus, after T seconds the 2¥xL frequency-time received energy
matrix (A) is generated. The decoded matrix (A,.) of user m is obtained
by subtracting (modulo 2¥) the address words from A (see Fig. 1). The
message X,, will appear as a complete row in A,., at row number X,,.
Ambiguous decoding occurs when transmissions by other users com-
bine to form other complete rows in A,..
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Fig. 1—Receiver block diagram and signal matrices. The matrices show the received

spectrum, and the address and decoded matrix of user m, with his entries (X) and those
of other users (0).

2.2 System performance

The one-way bandwidth W necessary to support 2% tones that are
mutually orthogonal over r = T/L seconds is

2% 9KF,
W=—=—"Haz
. T Hz 1)
The users’ data rate is
K
R = T b/s. (2)

For given W, R, and K the length of the sequence L is determined by

L =rK27% 8)
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where

4

w

A —,
"SR
Let M be the maximum number of users that can simultaneously share
the system at a given error probability. The efficiency 7 of the system

is defined to be the total rate transmitted through the system per unit
bandwidth

(5

It has been shown® that the bit-error probability owing to mutual
interference between M simultaneous users is upperbounded by

P, < 257%pt, (6)
where
p=1-(1-27%)"" (7

Thus, even without channel impairments the efficiency of the system
(or equivalently the number of users that the system can accommodate
at a given error probability) is interference limited.

Noisy reception affects the decoded matrix by causing additional
entries owing to false alarms and missing entries owing to deletions.
Thus, a majority decoder has to be used, i.e., the row with the
maximum number of entries is decoded as the message. The perform-
ance of the system with Gaussian noise and multipath fading was
analyzed® and shown to degrade gracefully with increasing noise.

2.3 System design

In designing a spread spectrum system the total available bandwidth
and the users’ rate (or equivalently their ratio r) constrain the choice
of the number of frequencies (2%) and the sequence length (L) via
relation (3). For example, if r = 626 the following pairs of (K, L) are
possible: (7, 34), (8, 19), (9, 11), (10, 6), and (11, 3).

Substituting (3) into the expression for the bit-error probability [(6)
for the noiseless case and a similar expression for the noisy case] yields
the optimum pair, i.e., the one that maximizes the number of users
that can operate at a given error probability. In the above example,
the optimum pair for bit-error probability of 10~ (noiseless case) is
K =9 (512 frequencies) and L = 11, allowing 216 users.
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When a system is being designed, there might be other considera-
tions that would favor changing these parameters. For example, there
is a chip synchronization error owing to multipath, and the perform-
ance depends on the relative synchronization error (with respect to
the chip duration). Decreasing the number of chips (i.e., increasing
chip duration) reduces this relative error. Thus, flexibility in the choice
of system parameters is desirable. However, a significant deviation
from the optimum parameters sharply reduces the efficiency. In the
above example, with K = 10 (L = 6) the number of users is reduced
from 216 to 138.

We will show that by allowing each user to transmit two or more
frequencies per time slot we obtain this flexibility and thereby improve
system performance. We will consider two cases:

() The frequency band is divided into several subbands and each
user transmits one frequency per subband per chip.

(iz) Each user transmits several frequencies per chip without any
segmentation.

lll. MULTITONE SYSTEM WITH SUBDIVIDED FREQUENCY BAND

Consider a conventional scheme with 2¥ frequencies and L chips,
where L = 2L, is even. Let us divide the total frequency band into two,
each half containing 2% frequency slots (the number of frequencies is
doubled). Suppose each user transmits a sequence of length L by
simultaneously transmitting the first L, chips on the lower band, and
the remaining L, chips on the upper band. In the receiver, the two
subbands are detected and combined to yield the original 2XxL received
matrix (Fig. 2).

K+1_
21 2 1 2K
X
UPPER
> BAND X
[&]
g 2K u X
oc
v X
LOWER
1 BAND X
0 . J
1 L 1 Ly=L/2 1 L
T -2 T -]

T T
FROM FROM

TIME ——= TIME —— LOWER UPPER
BAND BAND

(a) (b) ()
Fig. 2—Transmission of a sequence of L (out of possible 2%) tones using L/2 time

slots and 2%*! frequency slots. (a) Generated sequence. (b) Transmitted matrix. (c)
Received matrix. .
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Fig. 3—Simultaneous transmission of a sequence of L (out of possible 2¥) tones using
L2¥ frequency slots. (a) Generated sequence. (b) Transmitted matrix. (c) Received
matrix.

The result is a system with twice the number of frequencies, half
the number of chips (the duration of each chip is doubled), and two
frequencies per chip.

Similarly, if L = jL; we can divide the frequency band into j
subbands and let each user transmit one frequency per subband. The
total number of frequency slots is 72X and the number of chips is L/j.

In the extreme case we will have one chip (of duration T') and L2¥
frequencies divided into L subbands. Each user transmits L frequencies
simultaneously, one in each subband. The receiver performs one
spectral analysis to determine which of the L2* frequency cells contain
energy. From this, the original 2XxL received matrix is generated (see
Fig. 3).

Under the same assumptions, the analysis® of the conventional
scheme for the noiseless and for the noisy and multipath fading
channel is valid for the multitone scheme, resulting in a performance
that is identical in both schemes.

IV. MULTITONE SYSTEM WITH NONSEGMENTED FREQUENCY BAND

Let each user generate a sequence of length nL, using an address of
nL K-bit words. The user then transmits the sequence as follows: At
the first time slot, terms 1, L + 1, ..., (n — 1)L + 1 are sent; at the
second time slot, terms 2, L + 2, ... , (n — 1)L + 2 are sent, and so on.

3012 THE BELL SYSTEM TECHNICAL JOURNAL, DECEMBER 1982



Thus, each user simultaneously transmits n frequencies at each time
slot for a total of nL frequencies (see Fig. 4).

At the receiver, a spectral analysis is performed every 7 seconds to
generate the 2XxL received matrix. The matrix is then expanded by
repeating it n times, i.e., the first column is also entered as the L + 1,
2L + 1, ---, (n — 1)L + 1 columns, and so on, resulting in a 2XxnL
matrix (Fig. 4). The expanded matrix is then decoded using the address
of length nL.

2k X
X
X
X | oo
X
o X
>
w
-
X
X
X
0
12 L 2L 3L
(@)
2K-1 X 2K-1 X X X
X X X X
X X X X
X X . X . X
g X , X X X
] X v X X X
=1 >
o] w
w -4
ril X X X X
X . | X ee [ X X
X X X X
0 0
1 L 1 L 2L 3L

(b) (©)

Fig. 4—Transmission of a sequence of length 3L over L time slots (chips). Three
freqqencms are 'tmnsmltt.ed on each chip. (a) Generated sequence. (b) Transmitted
matrix. (¢) Received matrix (expanded).

MOBILE RADIO 3013



In analyzing the performance of the noiseless case we can follow the
same approach as in the conventional scheme. Let M be the number
of users and consider the decoded matrix of user m. The probability of
having an entry at a particular frequency time slot because of interfer-
ence from the other M — 1 users is

n M-1

In addition, at each of the nL columns, we will have, with probability
1, self-interference entries at (n — 1) frequency slots. Let us assume
that the self-interference entries in different columns will appear at
different rows. [If (n — 1)nL < 2% — 1, this can be achieved with a
proper address assignment.] Thus, we will have (n — 1)nL rows
containing one self-interference entry.

The probability of having a complete row (interference row) at one
of those (n —1)nL rows is pi~~!, while for the remaining rows it is
prE. Using the union bound, the word-error probability can be upper-

bounded by

Pw<(n—1nLpi'+[2%—1—- (n - 1)nL]pr*
Pw< ¥ -1pi1+ S,), 9)

and the bit-error probability by

P, < 25 %1 + S,), (10)

where

_ (n — D)nL(1 — p,)

S" (2K - l)pn

(11)

We can combine the two schemes described in Sections III and IV
by dividing the total frequency band into j subbands and transmitting
n frequencies per subband per chip. In the extreme case we will have
a single chip (of duration T') and L2¥ frequencies divided into L
subbands. Each user transmits n frequencies per subband for a total of
nL frequencies transmitted simultaneously, with the performance
given by (10).

V. SYSTEM PERFORMANCE

For a given bandwidth to user’s rate ratio r, several (K, L) combi-
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Fig. 5—Transmission of n frequencies per time slot. Shown are the number of users
that can simultaneously share the system at bit-error probability of 107° as a function of
n for different (K, L) combinations. The bandwidth to user’s rate ratio is r = 626.

nations are possible. For each of those, the number of users that can
simultaneously share the system at a given error probability depends
on the number of frequencies n transmitted per chip.

Figure 5 depicts the number of users as a function of n for r = 626,
bit-error probability of 1073, and several (K, L) combinations. Although
for n =1 only K = 8 or K = 9 are reasonable choices, we can now have
good performance with K = 8, 9, 10, or 11. The optimum is at K = 10.
The maximum number of users is increased by 10 percent from 216
(K=9,L=11,n=1) to 237 (K =10, L = 6, n = 3).

The bit-error probability as a function of the number of users for
r = 626 and several (K, L, n) combinations [n = 1 and the optimum n
for each (K, L)] is shown in Fig. 6.

Figure 7 depicts the efficiencies of a system with n frequencies per
time slot (upper curve) and a conventional system (n = 1, lower curve)
as a function of r. The best (K, L, n) and (K, L), respectively, were
chosen for each r. Also shown are the system parameters K, L, n, and
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Fig. 6—Transmission of n frequencies per time slot. The bit-error probability as a
function of the number of users for various (K, L, n) combinations is shown. The
bandwidth to user’s rate ratio is r = 626.

nL. We can see that for most r there is a 10- to 20-percent improvement
in efficiency over the conventional system.

VI. CONCLUSIONS

A modified frequency-hopped multilevel FSK system for mobile
radiotelephony that enables users to transmit multitone (instead of
single tone) sequences has been presented. This scheme adds more
flexibility to the system design by allowing a trade-off between the
number of system frequencies and the number of time slots without
reducing the efficiency of the system. This flexibility can be helpful in
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Fig. 7—The efficiencies of a spread spectrum system with n frequencies per time slot,
and conventional spread spectrum system (n = 1) as a function of r for bit-error
probability of 1072, The best (K, L, n) combination was taken at each r.

making the system less vulnerable to multipath delay spread. It also
provides implementation advantages by admitting new combinations
of hardware configuration and speed.
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Design of Recovery Strategies for a Fault-
Tolerant No. 4 Electronic Switching System

By R. J. WILLETT
(Manuscript received April 13, 1982)

This paper focuses on the design of recovery strategies that have
been developed to give the No. 4 Electronic Switching System (ESS)
the necessary high level of fault tolerance. Reliability and availability
are the key watchwords to operational integrity in the No. 4 ESS. It
is the world’s largest toll and tandem switching system, capable of
handling 616,000 call attempts per hour, and serving up to 100,000
active terminations. With a downtime objective of less than two hours
in 40 years, the No. 4 ESS must be designed to be very fault tolerant
viewed from the caller’s perspective.

I. INTRODUCTION

The No. 4 Electronic Switching System (ESS) is a high-capacity toll
and tandem digital and switching system that is capable of handling
616,000 call attempts per hour and serving up to 100,000 active termi-
nations.

The maintenance system in the No. 4 ESS has the responsibility of
responding to error conditions reported by hardware-fault-detection
circuits, by memory mutilation detectors, or by some other system-
integrity monitor. The strategies invoked for rapid isolation of faulty
configurable entities or for correcting memory errors are based on the
type of error condition, the state of the system at the time of the
failure, and the history of previous recovery actions that may have
been attempted.

The recovery strategies employed are fundamentally two-dimen-
sional. One dimension is concerned with the present and the other
with the past. Probably the most powerful and unique property of the
No. 4 ESS fault recovery system is the latter dimension, that of
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considering the past, in a process called error analysis. Much more will
be said of this process later in this paper.

Although the basic mission of the maintenance recovery system in
the No. 4 ESS has remained the same throughout its evolution, the
maintenance recovery strategies developed during that evolution have
been influenced by many external factors. The availability of new
hardware technologies and the development of redesigned and cost-
reduced hardware have created the need for making changes in existing
strategies. Revisions dictated by field experience and by the introduc-
tion of new features have proved emphatically the necessity of being
adaptable to change.

This paper discusses the development of fault-tolerant strategies in
general, and the state of the art as applied to the No. 4 ESS.

Il. FAULT TOLERANCE OBJECTIVE

As we stated earlier, the No. 4 ESS is a large toll and tandem switch
capable of handling 616,000 call attempts per hour and serving up to
100,000 active terminations. With a downtime criterion of less than
two hours in 40 years, the No. 4 ESS must be, of necessity, a highly
reliable system. Recovery actions must be carried out as quickly as
possible, and with minimum disturbance to calls active in the system.
To put it succinctly, the No. 4 ESS system should be available for
processing calls at all times. Any hardware failure or memory error
should be detected immediately, before it has a chance to cause call
mishandling. From a practical standpoint, this objective cannot be
realized under all circumstances, but nonetheless, it is the guiding
principle in the design of the No. 4 ESS fault-tolerant structure.
Minimizing recovery time and service impact are paramount. Recovery
time following the detection of a hardware fault should be measured
in terms of 100 milliseconds or less, including the process of detecting,
isolating, and restarting the interrupted program. Most faults should
be resolved with only one interrupt stimulus. Transient faults (with
various manifestations such as transient, intermittent, marginal) may
require several interrupts to resolve. Also, multiple fault situations can
be experienced, and may take several interrupts for resolution. When
such multiple faults can cause limited service impairment, the recovery
system must be capable of degrading that service gracefully, i.e.,
confining the effects to the functional area directly affected.

Memory integrity failures should be corrected by reconstructing
valid data from associated information, or if that is not possible, then
by reinitializing the memory structure. The former causes less system
perturbation, but takes longer; the latter is faster, but can cause more
service impact. The choice is usually dictated by the type of structure
and by real-time considerations.
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ll. SYSTEM ARCHITECTURE

Fault tolerance implies system survival under fault conditions. Sur-
vival requires alternatives. The architecture employed in the No. 4
ESS is so varied, and the interconnection of components and subsys-
tems is so flexible that several strategies had to be used to achieve the
necessary fault tolerance. The design of those recovery strategies takes
into consideration system objectives, the hardware technology, system
environment, failure rates and failure modes, and the software struc-
ture of both the operational and maintenance systems.

3.1 Hardware structure

The basic communications format in the processor and in most of
the periphery uses all seems well (ASW) and/or all seems well failure
(ASWF) conventions, and single and multibit parity protection over
instruction and data transmission. Generally, unique error indicators,
such as ASW or ASWF failures, or parity errors are resolvable on one
interrupt, unless the fault is transient.

Three basic forms of hardware redundancy are used in the No. 4
ESS architecture to achieve its fault-tolerant objectives: duplication,
memory backup, and n for m sparing. Major common-control elements
and critical memory are fully duplicated: the central processor, variable
call memory, disk memory, peripheral controllers, and bus access. The
switching network is completely duplicated, including both control
elements and switching matrix. These duplicated units are operated
either in full duplex mode, with parallel operation and possibly match-
ing, or in active/standby mode, with only one unit active and the other
ready to assume the active role on demand.

Figure 1 illustrates the redundancy arrangements for the processor
subsystem. All three types of redundancy are used: duplication, with
and without matching; simplex with backup; and n for m sparing.
Instruction memory, i.e., the program store, and office data memory,
are fully backed up on disk, and only one on-line copy of each is
provided. In the event of a failure in the on-line copy of office data,
one of the duplicate call-memory stores is renamed to replace the
failing store, and its contents are pumped from disk. This is a form of
n for m sparing, where n is the number of duplicated call-memory
units in the system. For program stores, two spare memory units are
provided. These, like the office data replacements, can be renamed to
replace any program store unit that fails, and the appropriate instruc-
tion memory can be pumped from disk.

Figure 2 shows the redundancy arrangements used in the peripheral
subsystem. Here again, all types are represented: duplication, with and
without matching; simplex with backup; and n for m sparing. Units
that serve a limited number of trunks or special circuits are protected
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on a limited sparing basis. These generally have one or two spare units
that serve as backup for several other units, e.g., one spare digital
interface unit (DIU) backs up 16 active units. A spare unit can replace
any of the active units by operation of a protection switching mecha-
nism, under control of the fault recovery program system.

The synchronization clock, which is especially crucial to network
operation, is quadruplicated. Figure 3 illustrates the special redun-
dancy arrangement used in the network synchronization unit to
achieve the high level of fault tolerance required of that unit.

3.2 Software structure

The basic integrity of system memory is protected by audit programs
that are structured into mutilation detection and correction modules.
The detection modules are constantly run in the background by an
audit control program. Additional protection from mutilation is pro-
vided by widespread use of defensive checks, e.g., range checks and/or
consistency checks in the operational programs. Defensive check fail-
ures invoke isolation and corrective responses.

Program integrity assurance is the responsibility of an overseer
called the system integrity program. Job scheduling and sequencing
are monitored for both frequency and execution times. Program sanity
timers are administered. Error conditions are corrected by calling
appropriate audits, or by involving various levels of system reinitiali-
zation.
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IV. ARCHITECTURAL INFLUENCE ON FAULT-TOLERANT DESIGN

The distributed architecture in the peripheral system in the No. 4
ESS poses a unique and often perplexing set of recovery problems.
Many peripheral operations are performed autonomously within units
that have their own error detection logic. When a fault is autonomously
detected, its occurrence is reported to the central processor via a
clocked interrogation pulse that triggers a peripheral interrupt. The
processor-based recovery control program determines which unit ex-
perienced the fault by polling all units using broadcasted interrogation
pulses that elicit unique identifying responses from the faulted unit.
Once this unit is identified, the appropriate fault recovery actions can
be taken. Isolation of these autonomously generated interrupts can be
particularly difficult because high levels of subsystem interconnections
can cause faults or errors to propagate, and to be reported by other
than the unit in trouble. This is especially true in the switching
network, where the synchronization clock and switching elements are
highly interactive. The network architecture and the associated fault
recovery strategies designed to achieve fault tolerance are described in
Section V.

Recovery from a fault in the system hardware or from a software
error can be viewed conceptually as a three-step operation: detection,
isolation, and recovery. Detection is the recognition of the problem.
Isolation, in the context used in this paper, is the identification of the
failing unit or subsystem. Recovery is the elimination of the fault from
the operational system, for example, by reconfiguration or reinitiali-
zation. Detection is usually straightforward. Parity errors, ASW-type
failures, mismatches, time-outs, and similar triggers stimulate some
level of system response such as an immediate interrupt for critical
problems, or an interject for less urgent cases. Step two, isolation, is
the process of determining the location of the problem. This step is
highly dependent on the existence of sufficient indicators to point to
the problem area. The particular architecture has a major influence
on this isolation process. The third step, recovery, is the heart of the
survival process. Here again, architecture is an important consideration
in the development of fault-tolerant strategies because it impacts the
redundancy plan and the recovery options. Architecture is not the sole
consideration, however, because the redundancy plan afforded by the
architecture only defines the starting point of the system configuration.
The state of the system at the time of an interrupt is equally important,
because it tells something of the prior events, and determines what
remaining options are available to the recovery strategies. It is useful
to look more closely at the architectural influence on fault-tolerant
design, particularly as it affects isolation and recovery.
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4.1 Effects of architecture on isolation

Isolation of a system problem requires an analysis of the fault
indicators used in the detection process, considered in the context of
the existing system environment. For a failure in a duplex peripheral
unit, the fault isolation program must determine whether one or both
peripheral controllers detected the fault, whether both central proc-
essors were involved, and whether both access buses were in use. The
degree of resolution depends on how much of the available redundancy
was on-line at the time of the failure, and, indeed, on the uniqueness
of the fault indication. Frequently, an architecture employing real-
time matching between duplicate control units will detect a fault
without giving a unique indication of which unit half has the fault.

Beyond the question of redundancy, a high degree of interactive
coupling exists in the No. 4 ESS, particularly in the switching network.
Such tightly coupled architecture poses a real challenge to rapid and
effective isolation, particularly if the detection logic does not provide
a unique error indication.

Failure modes can affect isolation. This is not in reference to classical
gate failures, stuck-at-faults, etc., but failure modes as they may affect
accuracy of isolation. For example, a power supply failure, wherein
there is high capacitive filtering, can give false indications to the
isolation program because of the time constant in the power supply
filter. This can occur because some logic gates fail before others as
power drops from its proper level towards zero. As another example,
an autonomous peripheral unit may trigger an interrupt in the central
processor, but then, by the nature of the fault, be unable to respond to
the interrogation pulse sent to identify the failing unit. As a further
example, there have been experiences where a control unit, whether
by timing idiosyncrasies or by the nature of the fault, entered a state
where it would not respond to any test commands until the unit was
forced into an initial state by physically cycling power on it. These are
but a few examples of how failure modes can affect isolation.

Isolation of a software problem is also affected by architecture.
Autonomous peripheral units control many operational and mainte-
nance processes, and pass data to the central processor via report
buffers. This architecture, using buffers, requires the program monitor
system to screen out invalid reports, out of sequence reports, and to
correlate the data to the structures that could be implicated. The
importance of this issue has become intensified with the addition of
peripheral microprocessors and adjunct processors, with their loosely
coupled architecture and further delayed buffering of information.

4.2 Effects of architecture on recovery

The issue of recovery, interestingly, is more difficult to resolve than
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that of isolation because service objectives and architecture play a
strong role in determining whether the resolution can be carried out.
Isolation is the process of determining where the fault lies, whereas
recovery is the process of removing the faulted unit, if possible. The if
possible is the key issue in recovery. If the active half of a duplicated
unit is the only available half, then removing that half would be
tantamount to degrading service. Such action may have to be taken
eventually, but service impact, accuracy of isolation, etc., must be
considered first.

V. DESIGN OF FAULT-TOLERANT STRATEGIES

The foregoing discussion of the influence of architecture on the
isolation and recovery process has only touched upon the real question
of how to design fault-tolerant strategies for the No. 4 ESS, or, for that
matter, any large real-time, high-availability system.

A basic premise of ESS maintenance is the single-fault assumption.
Under normal circumstances the mean time to failure of any part of
the hardware is much greater than the time to repair that failure;
therefore, no part of the system should experience simultaneous mul-
tiple faults that would impair service. From this it follows that fault
recovery should be a simple one-dimensional process.

Then why is it not always so? The architectural redundancy plan
came from the basic premise. Critical units, including most common
control elements, are fully duplicated. Memory is either duplicated
directly or backed up in some other medium, e.g., disk and random
access stores. Other units, particularly units that interface with trunk
circuits, are engineered with one or more switchable spares, determined
by reliability considerations and service objectives. Normally, all re-
dundant elements are configured for maximum availability. A classical
stuck-at fault occurring within such an environment will normally be
detected and uniquely isolated from a single interrupt stimulus.

5.1 Basic duplex recovery strategies

When a duplex unit causes a system interrupt, recovery is effected
by isolating and removing the faulted unit from service, and activating
the redundant half, consistent with the remaining system environment.
This same approach applies to units with backup or spare redundan-
cies. If the redundant unit is available, it will be pressed into service
when the active unit fails. The recovery action is concluded by a
request for a full diagnostic test of the faulted unit to determine the
location of a replaceable module. Once repaired, the unit will again be
diagnosed, and returned to duplexed operation, if it passes the diag-
nostic tests.

The preceding scenario describes the simple process of fault recovery
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as it occurs most of the time. Why does it not always happen this way?
It is simply because of the vagaries of the system. The single-fault
assumption is true most of the time. But, it does not always take a
fault to put the system into a simplex mode of operation. Much of the
hardware contains maintenance logic used to detect faults. The oper-
ational logic is exercised by executing operational commands, but what
exercises the maintenance logic? Generally, much of the fault detection
logic is unchecked during execution of normal commands. To ensure
the integrity of the fault detection capabilities, most of the logic is
periodically tested during low traffic periods. During such tests, the
unit being diagnosed is usually removed from service, thus foregoing
full-duplex operation for the duration of the routine tests.

The frequency of the routine testing takes into account the length
of the test, and the residual reliability of simplex operation to the
system. Many of the units may be routinely tested on a daily basis,
some every few days to a week. While a unit is in simplex operation,
recovery from a fault in the active control half requires a different,
more subtle, strategy than the simple duplex strategy described earlier.

5.2 Basic simplex recovery strategies

When a unit half is removed from service and a diagnostic test of
that unit scheduled, the recovery program will, where possible, try to
put the suspect unit into a special out of service mode. In this mode
the recovery program’s internal memory and sequencers will track the
active unit in case the recovery operation had implicated the wrong
control unit. Such a mode is referred to as a listen-only mode (LOM).
If, before the start of the diagnostic tests, the active unit should
interrupt, the LOM control unit can be put back into service immedi-
ately, without the need for updating it, and the mate control unit can
be removed. Once the diagnostic tests have started, of course, the out
of service control unit becomes out of date and cannot be put back
into service without updating or reinitializing it.

Consider the first of these two cases just cited. If the fault recovery
program removes the wrong control unit on the first stimulus from a
mismatch error, the fault in the active unit would likely cause an
immediate second interrupt, while the out of service unit was still
LOM. The second recovery action would restore the previously re-
moved control unit, remove the active unit, and request diagnostic
tests. In the second case cited, with the out of service control unit out
of date, a fault in the active unit can have serious service repercussions.
Reinitializing the out of service control unit, particularly its memory,
will cause the loss of all calls that may be in progress within that unit.

Considering that a unit may be serving as many as 4,000 trunks, or
possibly even a quarter of the calls active in the switching network,
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reinitialization of a control unit demands serious deliberation. To
protect against undue service impact, the basic simplex strategy turns
to considering the impact of the present interrupt. Could this be due
to a transient fault? How long has it been since the last interrupt?
Presumably, if the rate of interrupts is sufficiently low, the system
could tolerate an occasional interrupt, and a possible mishandled call,
better than it could a major service disruption. To estimate the service
impact of the present interrupt, the fault recovery program uses a
Leaky Bucket Counter (LBC) to judge the rate at which the interrupts
are occurring. For each interrupt that is experienced, the LBC is
incremented or decremented by an amount that is determined by the
elapsed time since the last interrupt. The higher the interrupt rate,
the faster the LBC will reach a predetermined threshold, and reini-
tialization of the out of service control unit will take place. If the
interrupt rate is low, or of short bursts, the LBC may never reach
threshold, and the system will tolerate the perturbations.

When a hard or persistent fault causes the LBC to reach its thresh-
old, a reinitialization, or zero-start as it is called, will be requested on
the out of service control unit. This action will cause all calls in the
unit to be lost. Additional memory reinitialization outside the unit
may also be required, as in the case of the switching network with its
network maps, and with trunk interface units with the trunk state
memory.

The basic simplex strategies provide a high measure of fault toler-
ance for the No. 4 ESS for hard faults, and use the redundancy in the
system for maximum service availability. For software errors, tran-
sients, and several other situations that may or may not be unique to
the No. 4 ESS, these strategies are, however, found wanting or inap-
propriate. Further, there are other major considerations that affect
survivability: changing fault data, shifts in strategy, false conclusions,
etc. These, and other important dimensions, will be considered later in
this paper. First, however, the software error and transient strategies
will be discussed.

5.8 Recovery from software errors

System problems can be caused by at least two types of software
errors: program anomalies (bugs), and bad data. There is a better
chance of coping with bad data than with program bugs, but there are
recovery strategies in the No. 4 ESS to deal with both.

When a call-handling program tries to address a non-existent unit
within the No. 4 ESS, an ASW interrupt will occur because there is no
unit to return the expected affirmative response. Presumably, the
program that issued the command is working with bad data. The ASW
failure triggers the fault recovery process, but in this case, the trouble
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is not a fault but a program error. No hardware recovery action is
therefore required. The appropriate reaction is to correct the data
being used by the call-handling program, or to kill the call, or both if
necessary. The recovery strategy will call on the memory audit system
to run one or more relevant audit programs to detect and correct
memory inconsistencies that may exist. The recovery program will
avoid returning control to the program that issued the order, but
rather will return to a safer control point. Despite that precaution, it
is possible that the same program could regain control at a later time
and cause the system to take additional interrupts before the audits
can completely correct the problem. To allow the audits a chance to
correct the problem, the recovery strategy may decide to inhibit, or
prevent, further interrupts of that type. This process is called pesting
interrupts.

Not all interrupts caused by bad data occur as a result of invalid
commands to non-existent units, causing what is commonly called an
out-of-range (OOR) failure. Many interrupts that are in range, i.e.,
from valid units, can be isolated to software causes. Again, appropriate
audits are called by the recovery strategy. One difference, however, is
that local- (frame) level pesting of interrupts can be used, rather than
the system-level pesting used in the OOR case.

Running pested, or with interrupts inhibited, is risky, at best, be-
cause some fault detection capability is disabled. Such risks are justi-
fied, however, under the single fault (or error, in this case) assumption.

One can carry the software issue a step further in developing a
recovery strategy to meet all cases. There often exists a possibility that
the resolution of a software error is, in reality, not true, and that the
real problem is indeed a hardware fault. The accuracy of the resolution
is not infallible. Using the software recovery strategy described does
not take into account the possibility of a hardware fault, and therefore
would not resolve the issue if that were true. In this case, at some
point in the recovery sequence, one of the involved control units would
be removed from service and diagnosed. If neither control unit is found
faulty, the final action of pesting the frame would be invoked.

When an interrupt is caused by a program bug and not by bad data,
the previous strategies of calling audits and/or removing hardware
may not resolve the problem. The final action of pesting the system
will, at least, allow continued system operation, albeit in a possibly
degraded or more vulnerable environment. In many instances where
a program bug has caused problems, running pested has given main-
tenance personnel enough time to analyze the fault recovery data and
make operational adjustments. These adjustments could be in the
form of immediate program corrections, procedural changes, or tem-
porary program changes to pin-out or bypass the offending program.
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5.4 Basic transient strategies

It is generally easier to deduce that a fault is transient than it is to
isolate it. The results of retrying a failing command can usually
establish whether a given fault condition is hard or transient. The
problem is that when the fault appears to be transient, there is some
doubt that the proper suspect has been determined, or if it is the right
suspect, the diagnostic tests will find nothing wrong. This leaves the
strong possibility that the fault can plague the system for some period
of time.

There are two primary strategies for coping with transient faults in
the No. 4 ESS, one to cover the case where the isolation program is
reasonably certain of the suspect unit, and another to qualify the
decision with a measure of uncertainty. In both cases, on the first
interrupt, the primary action is to record the error and clear the error
conditions in the suspect unit. If a second interrupt occurs, the suspect
will be removed from service, provided the duplicate mate, or backup
unit, is available. The suspect will be put into the LOM state to ensure
that it will remain up to date in the event of a wrong decision. Cyclic
diagnostic tests will be scheduled on the suspect unit, expecting that
a transient fault might not be caught by a single set of tests. For
example, diagnostic tests might be repeated three times, to improve
the probability of isolating the fault.

The two transient recovery strategies diverge at the point of the
third interrupt. If subsequent interrupts still occur beyond the second
interrupt, and the isolation program indicates uncertainty, the recov-
ery strategy will change the suspect, and remove and call for a cyclic
diagnosis of the mate control unit.

Note that it is the diagnostic test results that drive the escalation of
the recovery strategy. Each time a transient fault escapes detection by
the diagnostic tests, the unit is restored to service. The strategy has a
built-in control that will limit the number of times the cyclic diagnos-
tics can be scheduled. Beyond that point a suspect unit will be removed
from service without further testing. It is left to the skill of the
maintenance personnel, using special test facilities, to trace the prob-
lem further.

The transient recovery strategies covered above are used when the
suspect and its mate are both on-line and available at the time the
interrupt occurs. If a transient fault causes an interrupt while a unit is
simplex, the basic simplex recovery strategies described earlier apply.
When redundancy is not available, the recovery strategy is insensitive
to whether the fault is hard or transient.

5.5 Special problems

Several other fault-tolerant strategies have been developed for the
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No. 4 ESS to cover situations that are beyond the scope of the more
general strategies described above. Buffer overflow, network interface
problems, internal network failures, and many other cases require
special recovery strategies.

5.5.1 Buffer overflow

Autonomous processors operating asynchronously communicate
with the central processor via report buffers. Buffer sizes are engi-
neered to provide enough capacity to absorb spurts in activities and
occasional delays in retrieving reports from the buffers. Critical buffers
are protected by overflow detection logic that triggers an interrupt, or
more likely, a lower priority interject, and calls a fault recovery
sequence into action. Possible causes of buffer overflow could be
related to program integrity, i.e., the report handler not being sched-
uled, unusual traffic overload or congestion, or even an undetected
hardware problem.

The primary recovery strategy covers two probable causes. It sched-
ules the report dispenser program to unload the hyperactive buffer,
and also calls for an audit of the task sequencer control tables. To
prevent any further overflow triggers from firing before the recovery
action is completed, the buffer overflow detection logic in that unit is
pested, i.e., inhibited, for some short period of time. If overflow
conditions continue despite the recovery attempts cited, the hardware
becomes suspect, and appropriate actions to remove a control unit are
attempted, consistent with the strategies described earlier.

5.5.2 Network interface problems

There exists a number of units in the No. 4 ESS that are situated
between the switching network and the trunk circuits and that can be
classified generically as the network interface units (NIUs). Function-
ally, these units are responsible for separating the signaling and voice
or data information, and converting the voice/data from the incoming
or outgoing transmission format (analog or digital) to the pulse code
modulation (PCM) format switched by the No. 4 ESS network. The
NIUs interface with the switching network via coax cables, each
carrying 120 trunks time-multiplexed onto 128 time slots. Several NIUs
are protected by one spare unit that can be protection-switched into
service by the recovery program. The number of units served by each
spare varies with the type of unit in question, but it ranges from one
spare for six units to one for 16.

While the NIU recovery problems may be unique to the No. 4 ESS,
or possibly other ESS machines, the fault-tolerant strategies developed
for this purpose may have relevance for other 1/m or n/m redundancy
arrangements.
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A fault occurring in a NIU can be detected either by the NIU control
unit or by the switching network, depending on the location of the
fault. Regardless of how the fault is detected, the basic recovery
concepts for hard or transient faults apply. The pointed difference in
strategy comes about when the recovery decision is to remove the
faulted unit. If the spare NIU is available, it will be switched into
service, much as is the mate of a duplicated control unit. If the spare
NIU is presently serving in place of another NIU, or if the spare is out
of service, then the active NIU cannot be removed without degrading
service for the 120 trunks served by that NIU. In that event, on the
first interrupt, only clean-up action is taken. On later failures, the fault
recovery strategy tries to optimize the use of the spare NIU, and if
possible move the spare to replace the present suspect NIU. If that
cannot be done, then the suspect NIU is removed from service and the
120 trunks are correspondingly taken out of service and marked
“maintenance busy.”

An interesting extension of the recovery strategies for NIU failures
is invoked when multiple NIU errors are detected simultaneously. On
multiple errors, the recovery strategy escalates to implicate one or
even both of the NIU common control units, in place of, or in addition
to, the NIUs themselves.

5.5.3 Internal network failures

Perhaps the most sophisticated fault-tolerant strategy developed for
the No. 4 ESS involves the isolation and recovery from internal errors
in the Time Division Network (TDN). This switching network includes
a four-stage space switch with time-switch matrices as initial and final
switching stages. The PCM voice/data bit streams are time-multi-
plexed onto 128 time slots, and are protected by simple parity and a
leading-one protocol.

The components of the TDN are two units that provide time-space
and space-time switching stages, one for transmitting and one for
receiving, located on either side of a unit that provides a two-stage
space-switched matrix. The network topology is shown in Fig. 4. The
TDN architecture is a multi-dimensional, tightly coupled complex.
Both the time and space switching units are fully duplicated, including
the switching matrix, and are normally operated in a full-duplex,
matching mode. Either half of the transmitting or receiving switch
units can communicate with either half of the space-switched unit.

A special problem posed to the No. 4 ESS fault recovery system is
the problem of resolving the class of internal TDN errors called
transmit/receive parity failures (TRPFs). A TRPF is a failure in one
of the talking paths, i.e., time slots, caused by a fault somewhere in the
TDN matrix elements. On a given TRPF interrupt, six possible sus-
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pects exist (one space-switched and two time-space-switched units,
duplicated).

In a well-behaved, single-fault situation, i.e., a readily isolated hard
fault, the isolation program will determine which elements of the TDN
were involved in the failed talking path and set up all possible combi-
nations of links between the various duplicate matrix elements. By a
process of elimination, the isolation program can determine which
combinations experience an error and which do not. If all combinations
are available, and a single fault exists, a unique isolation can be
accomplished on one interrupt, and recovery effected by removing the
faulty control and matrix half. Again, as with previous strategies,
diagnostic tests are scheduled to facilitate repair.

Three conditions can short-circuit this network recovery strategy:
the fault is transient (more accurately, marginal), the fault is multiple,
or the TDN was not fully duplex at the time of the interrupt. Any one
of these conditions prevents unique isolation and accurate resolution
on a given interrupt. A special recovery strategy has been developed
to cope with this problem.

On each unresolved TRPF interrupt, the recovery program updates
special leaky bucket counters for the three (and possibly six) units/
matrices involved in the failed talking path. Such records are main-
tained on each unit in the TDN. The first unit to exceed a predeter-
mined leaky bucket threshold is deemed suspect, and its control unit
is removed and diagnosed. The assumption is that calls will be evenly
distributed throughout the network, and if any one unit is involved in
TRPF failures above all others, then the weight of suspicion falls on
that unit. Diagnostic tests will confirm or deny that suspicion.

5.6 Practical considerations on total fault-tolerant design

All the fault-tolerant strategies previously considered addressed
specific problems of isolation and recovery. There is a whole area of
concern in the design of a total fault-tolerant system beyond that
already discussed.
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5.6.1 Inconsistencies in fault resolution

Questions arise about the continuing strategy to use if the fault
signature or resolution changes as various recovery attempts are made.
How long should the failure history actively be maintained on a unit,
particularly after a fault apparently has been repaired?

In the deductive process of isolating a fault in the No. 4 ESS
peripheral system a tree-branching structure of decisions is used based
on the initial error source data and the results of tests, with the
resolution being declared a point of maximum definition (PMD).
Theoretically, the PMD data developed from these tests yields a
unique identification of the faulted unit, the class of fault (e.g., hard-
unique/non-unique, transient, software), and whether the fault was
resolved or not resolved. It then gives a recommendation of the
strategy to be followed for recovery. The recommendation is based on
the current interrupt and current circumstances, with no prior events
taken into consideration. The isolation (PMD) data and recommen-
dation are passed to an error analysis program that has access to
history records of previous interrupts and recovery actions. If the
current interrupt is the first such occurrence, the error analysis pro-
gram will allow the recommended recovery strategy to be carried out,
insofar as it is consistent with service criteria. If, however, a previous
history of interrupts exists for the suspect unit, it is important to
determine if the current recommended strategy is the same as that
followed on previous interrupts. If it is not, which strategy is it
appropriate to follow?

There are many reasons why the resolution, and consequently the
recommended recovery strategy, can change from one interrupt to the
next. The fault could be data sensitive, the error indications could be
sensitive to the state of the unit, or the problem could even be an
actual or apparent multiple fault situation. In any event, there are
cases where the previous recovery strategy should be continued, and
some where the current recommendation is more appropriate. Also,
sometimes the current PMD data could preclude a continuation of the
previous strategy because of data and/or environment incompatibili-
ties.

A common situation would be for a transient fault to later develop
into a hard fault. Different strategies for recovery are followed for each
case, as described earlier. In this instance, it is reasonable to change
from the transient strategy to a hard-fault recovery sequence because
the latter addresses a specific rather than a nonspecific causal rela-
tionship. If the reverse were true, that is, if the resolution of a particular
interrupt indicated that the fault was transient when all previous
experiences were seen to be hard, then it would probably be inappro-
priate to abandon the previous strategy. Many conditions could alter
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this position, however. Is it the same fault in each case? Had repair
been attempted prior to the latest interrupt? How much time had
elapsed since the previous interrupt?

The point of these questions is to determine if two successive
interrupts are caused by the same fault, when the resolution in each
case might suggest otherwise. Because of these natural state transitions
(transient/hard), and for countless other causes, it is necessary to
recognize when different recovery strategies are indicated on successive
interrupts and to determine which of the two strategies to follow.

Before the process used in the No. 4 ESS for escaping between
recovery strategies is described, an explanation of the process for
recognizing the existence of prior associated events and for comparing
the past and current recovery strategies will be given.

5.6.2 Error Analysis

The isolation of a fault or other cause of an interrupt is under the
control of the Fault Recovery (FR) programs. As explained earlier, the
FR programs isolate the fault or error using a deductive process
consisting of retries or specific tests under various configurations. The
results of these tests are passed to the failure error analysis (FERA)
programs as PMD (point of maximum definition) data, detailing the
identity of the suspect unit or cause, the class of fault, and indeed,
whether the problem was resolved. The data further includes a rec-
ommendation of a recovery strategy to follow. Keep in mind this PMD
data is based strictly on the current problem. The FERA programs
represent an extension of the recovery process. As each interrupt is
processed, a record is retained of the PMD data and the final action
taken. When an FR program isolates the cause of a current interrupt,
FERA searches all active history records for data implicating the same
unit. Once found, the past and present recovery strategies are com-
pared with entries in a strategy escape table. If the strategies are the
same, or if the previous strategy is still more appropriate, escape will
be denied, and FERA will continue to follow the existing recovery
strategy. If the new strategy recommended by the FR isolation pro-
gram is appropriate to the fault class and status of the suspect, the
escape data will allow FERA to abandon the previous strategy and
start the new recovery sequence.

The question of escaping from one strategy to another is not solely
an issue of changing resolutions, but also can be an issue of changes in
the unit state. For example, an FR resolution might call for the removal
of a suspect unit, and under a duplex unit availability, FERA could
concur. Under a simplex unit configuration, however, the same rec-
ommendation, if followed, would cause service degradation. The escape
table data will cause FERA to deny the initiation, or the continuance,
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of a duplex strategy, when a unit is no longer configured in duplex. In
such a case, an alternative strategy is not necessarily provided in the
PMD data. FERA must make that determination from strategy selec-
tion tables provided for that purpose.

The issue of whether successive interrupts from the same unit might
be caused by the same fault is covered grossly by timing out an active
history file if the elapsed time since the last interrupt exceeds some
threshold, e.g., fifteen minutes. The premise is that most faults in the
No. 4 ESS will stimulate an interrupt within that time period, until
recovery is effected. Interrupts occurring at greater intervals have a
high probability of independence. After repair has been made, and the
unit appears fault free, the time-out interval should be sufficiently
short to permit a subsequent fault in that unit to be treated with a
new recovery sequence. When an active history file has been timed
out, it no longer influences subsequent interrupts from a given unit. A
record of the events up to that point are, however, kept in long-term
storage for manual analysis, if needed.

The mobility provided by the escape mechanism, and to a lesser
degree, by the time-out of active history files, permits the error analysis
process to cope with possible inaccuracies in resolution, changing fault
signatures, and the occurrences of apparently disassociated events.

Vi. EXPERIENCE AND EVALUATION

To date, a total of 38 different recovery strategies have been devel-
oped for the No. 4 ESS peripheral maintenance system to handle a
wide range of fault conditions and software problems involving more
than a dozen types of units. Fifteen of these strategies serve the
common needs of several units, and twenty three are specialized
recovery sequences for particular units or for unique fault situations.

New recovery sequences are developed for each new unit or impor-
tant new feature added to an existing unit. Recovery sequences might
require changes as units are redesigned for cost reduction. System
exposure and field support activities provide important feedback to
the ongoing process of evaluating and improving the performance of
the recovery system.

6.1 Adaptability

A very important attribute to build into the design of a fault-tolerant
system is adaptability, i.e., the ability to change as experience and
requirements dictate. The initial design of the recovery strategies and
control programs in the No. 4 ESS did not adequately take into
account the need to switch strategies in midstream of a recovery
sequence. Alternate strategies frequently were not available or at least
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not specified by the isolation programs; and even when available, the
escape control mechanism was distributed throughout the many re-
covery programs, and was difficult to change. Program changes were
cumbersome to make, if not with high risk. Through experience and
evolution, the No. 4 ESS peripheral fault recovery system has become
highly structured and has matured into a system that has a high
degree of adaptability. The escape data allows the error analysis
process to either escalate a previous strategy, or to discontinue the
previous and invoke a new strategy, as successive attempts are made
at recovery. This feature has given the No. 4 ESS the flexibility to
take full advantage of experience.

Strategies are developed based on a knowledge of system require-
ments and predicated on an expected system behavior under a given
fault condition. Frequently, however, one learns that when the hard-
ware and software are brought together for testing, the system behavior
is not exactly as expected. Whether the cause is the accuracy of
detection or accuracy of resolution, or a combination of both, adapta-
bility becomes essential. This is particularly important when recovery
problems are exposed in a software/hardware package deployed in
switching systems carrying live traffic. It must be possible to develop
and test program changes and deploy them in the field as quickly as
possible, with minimum risk to the quality of service and to the
integrity of the overall system. This has been a major goal in the
development of the fault-tolerant No. 4 ESS switching system.

6.2 Experience

The performance of a fault tolerant system can be measured by its
track record in encounters with hardware failures and other system
troubles.

Software deficiencies and coding errors will always exist in a large
system. It is not cost-effective and probably not possible to test a
system to the point where all problems have been found and removed.
What is important is that service-affecting incidents are kept to a
minimum, and that any such occurrences are analyzed for cause.
Program corrections or enhancements are developed thereupon, when
appropriate.

The level of fault tolerance demanded for the No. 4 ESS is to detect
a failure and isolate and recover from that failure with minimum
disturbance to call processing. A well-behaved hard fault, i.e., one that
reacts consistently under test, can generally be isolated on a single
stimulus, and recovery can be effected immediately if redundancy is
available. Transients, or other faults that cannot be uniquely resolved,
can reasonably require two or more interrupts before they are success-
fully isolated. These are reasonable levels of performance.
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If a fault occurs at a time when the redundant unit is not available,
i.e., when the mate unit is out of service either for routine testing or an
actual fault, the current fault represents a duplex failure situation. The
resolution may be clear, but the recovery cannot be executed without
disrupting service. Under these circumstances, an attempt is made to
tolerate the problem as long as possible. That is the purpose of the
leaky bucket strategy, which estimates how well the system can
tolerate the fault by measuring the frequency of the interrupts. A low
rate of interrupt can be tolerated longer than a high rate. The actual
attempt at recovery will occur at the point that the leaky bucket
threshold is exceeded. This action will generally have a disruptive
effect on service. The number of interrupts required to reach that
point is, of course, a function of the rate of the interrupts.

Since the introduction of the No. 4 ESS in January 1976, seven
program generics or versions have been developed and put into general
service in more than 75 offices. While the primary impetus for a generic
development has been to add new features or major cost reductions,
many improvements have been introduced in the recovery system in
each generic, in the form of corrections or design enhancements. Most
of these were stimulated through laboratory testing, and through
feedback from the field. Threshold parameters have been fine tuned in
response to field experiences. Several strategies were made more
tolerant of faults, and others were rendered more sensitive.

The principal goal of the No. 4 ESS fault-tolerant system is to
recover from any fault with minimum impact on service and with a
minimum number of interrupts. When recovery is possible, no strategy
should inadvertently cause service degradation, e.g., any unnecessary
zero-start or duplex failure actions. All service-affecting incidents are
analyzed for cause by a field support team. Of the total number of
incidents causing service outages for the period January through June
1981, less than ten percent were judged to be caused by deficiencies in
the peripheral maintenance software system being discussed herein,
whereas hardware problems and procedural errors accounted for al-
most 50 percent of the incidents.

Vil. SUMMARY

The fault-tolerant design of the No. 4 ESS has been evolving since
its introduction. Sophisticated recovery strategies have been developed
to give the system the necessary high level of fault tolerance. The
incident and recovery data printouts have been designed to assist the
support team in making analysis of a problem fast and accurate. Fault
isolation can implicate multiple units in some situations where a
unique resolution is not possible. Multiple recovery actions can be
carried out on a single stimulus.
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At the current state of the art, the No. 4 ESS is a high-performance
switching system, with a successful record for reliability and availabil-
ity. Its fault-tolerant design has contributed significantly to that suc-
cess.

REFERENCES

1. J. J. Kulzer, “Systems Reliability—A Case Study for No. 4 ESS,” INFOTECH State
of the Art Conference on Computer System Reliability, London, England, June
1977.

2. M. N. Meyers, W. A. Routt, and K. W. Yoder, “Maintenance Software,” B.S.T.J.,
56, No. 7 (September 1977), pp. 1139-67.

3. P. K. Giloth and H. E. Vaughan, “Early No. 4 ESS Field Experience,” Int. Switching
Symp., Kyoto, Japan, October 1976, pp. 241-4-1-7.

4. P. K. Giloth, “No. 4 ESS Reliability and Maintainability Experience,” 1980 Proc.
Ann. Reliability and Maintainability Symp., San Francisco, CA, January 22-24,
1980, pp. 388-92.

3040 THE BELL SYSTEM TECHNICAL JOURNAL, DECEMBER 1982



CONTRIBUTORS TO THIS ISSUE

Michael K. Brown, B.S.E.E,, 1973, M.S., 1977, and Ph.D., 1981
(Electrical Engineering), all from the University of Michigan, Ann
Arbor; Burrough’s Corp., 1973-1980; Bell Laboratories, 1980—. From
1973 to 1976 Mr. Brown was employed with the Burrough’s Corp. and
was involved in the development of ink jet printer systems. From 1976
to 1980 he continued his work with Burrough’s Corp. as a consultant
while pursuing his Ph.D. degree at the University of Michigan. His
thesis was in the area of image processing and pattern recognition.
Since 1980, he has been with the Speech Processing Group at Bell
Laboratories, Murray Hill, NJ, where he has been involved in research
in speech recognition and synthesis techniques.

Paul J. Burke, B.S. (Mathematics), 1940, City College of New
York; Ed.M. (Educational Measurement), 1950, Harvard University:
Ph.D. (Mathematical Statistics), 1966, Columbia University; Bell Lab-
oratories, 1953—. Mr. Burke’s work is in the field of telephone traffic
theory and its applications. Member, Phi Beta Kappa, Sigma Xi,
Operations Research Society of America; Fellow, AAAS.

Kai Y. Eng, B.S.E.E. (summa cum laude), 1974, Newark College of
Engineering; M.S. (Electrical Engineering), 1976, Dr. Engr. Sc. (Elec-
trical Engineering), 1979, Columbia University; RCA Astro-Electron-
ics, 1974-1979; Bell Laboratories, 1979—. Mr. Eng has worked on
various areas of microwave transmission, spacecraft antenna analysis,
and communications satellites. He is presently a member of the Radio
Research Laboratory, studying TV transmission through satellites.
Member, IEEE, Sigma Xi, Tau Beta Pi, Eta Kappa Nu, Phi Eta

Sigma.

Stephen R. Forrest, B.A. (Physics), 1972, University of California,
Berkeley; M.S., and Ph.D. (Physics), 1974 and 1979, respectively,
University of Michigan, Ann Arbor. From 1972 to 1973 Mr. Forrest
worked as a Semiconductor Process Engineer at Sierra Electronics, a
company operated at that time by Philco-Ford in Menlo Park, CA. He
was involved in the characterization and design of long-wavelength p-
i-n and avalanche photodiodes for Bell Laboratories, Murray Hill, NJ.
Currently, he is Supervisor of the Integrated Opto-Electronic Devices
and Circuits Group at Murray Hill.

Barry G. Haskell, B.S. (Electrical Engineering), 1964, M.S., 1965,
and Ph.D., 1968, University of California, Berkeley; University of
California, 1965-1968; Bell Laboratories, 1968—; Rutgers University,

3041



1977-1979. Mr. Haskell was a Research Assistant at the University of
California Electronics Research Laboratory and a part-time faculty
member of the Department of Electrical Engineering at Rutgers Uni-
versity. At Bell Laboratories, he is presently Head of the Radio
Communications Research Department, where his research interests
include television picture coding and transmission of digital and analog
information via microwave radio. Member, IEEE, Phi Beta Kappa,
Sigma Xi.

Wendy Keilin, Massachusetts Institute of Technology (Electrical
Engineering), 1980—; Bell Laboratories, 1980—. Ms. Keilin has worked
in the Acoustics Research Department under the Bell Laboratories
Engineering Scholarship Program. She is currently working with the
CMOS Integrated Circuit Department studying hot electron injection
in thin gate oxides.

Ytzhak Levendel, B.S.E.E., 1971, Technion-Israel; M.S.C.S., 1974,
The Weitzman Institute of Science; Ph.D., 1976, University of South-
ern California; Bell Laboratories, 1976—. Mr. Levendel has done
research in fault diagnosis and until lately was involved in the devel-
opment of a logic and test design aid system. He is now a Supervisor
in No. 5 ESS. Member, IEEE, Eta Kappa Nu.

Premachandran R. Menon, B.S. (Electrical Engineering), 1954,
Banaras Hindu University; Ph.D. (Electrical Engineering), 1962, Uni-
versity of Washington; Bell Laboratories, 1963—. Mr. Menon has done
research in switching theory and fault diagnosis and is currently
involved in the development of a logic simulation system. Recipient of
the Distinguished Technical Staff Award; member, IEEE.

Debasis Mitra, B.Sc., 1965, and Ph.D., 1967 (Electrical Engineer-
ing), London University; United Kingdom Atomic Energy Authority
Research Fellow, 1966-1967; Bell Laboratories, 1968—. Mr. Mitra has
worked on the stability analysis of nonlinear systems, semiconductor
networks, growth models for new communication systems, speech
waveform coding, nonlinear phenomenon in digital signal processing,
adaptive filtering, and network synchronization. Most recently, he has
been involved in the analytic and computational aspects of stochastic
networks and computer communications. He is a Supervisor in the
Mathematics of Physics and Networks Department. Member, IEEE,
SIAM.

Suresh H. Patel, B.E. (Electrical), 1975, University of Zambia;
M.S.E.E., 1976, Illinois Institute of Technology; Association of Amer-

3042 THE BELL SYSTEM TECHNICAL JOURNAL, DECEMBER 1982



ican Railroads, 1977-1981; Bell Laboratories, 1981—. At the Associa-
tion of American Railroads Mr. Patel was involved in hardware/
software design, development and testing of a multi-microcomputer-
based instrumentation system for freight trains. He was also involved
in development of analytical and computer models on track circuit. At
Bell Laboratories he is a member of the Processor Design Department.
Mz. Patel was a part-time instructor at Illinois Institute of Technology
during 1977-1978.

Lawrence R. Rabiner, S.B. and S.M., 1964, Ph.D. (Electrical
Engineering), The Massachusetts Institute of Technology: Bell Labo-
ratories, 1962—. From 1962 through 1964, Mr. Rabiner participated in
the cooperative plan in electrical engineering at Bell Laboratories. He
worked on digital circuitry, military communications problems, and
problems in binaural hearing. Presently, he is engaged in research on
speech communications and digital signal processing techniques. He is
coauthor of Theory and Application of Digital Signal Processing
(Prentice-Hall, 1975) and Digital Processing of Speech Signals (Pren-
tice-Hall, 1978). Former President, IEEE, ASSP Society; former As-
sociate Editor, ASSP Transactions; former member, Technical Com-
mittee on Speech Communication of the Acoustical Society, ASSP
Technical Committee on Speech Communication; Member, IEEE
Proceedings Editorial Board, Eta Kappa Nu, Sigma Xi, Tau Beta Pi.
Fellow, Acoustical Society of America, IEEE.

K. G. Ramakrishnan, B.S., 1970, M.S,, 1972 (Electrical Engineer-
ing), Indian Institute of Technology, Kanpur, India; M.S., 1976, Ph.D.,
1978 (Computer Science), Washington State University; Bell Labora-
tories, 1978 —. Mr. Ramakrishnan has worked on developing analytical
and simulation tools for the Advanced Communication Service project.
He is currently involved in research on distributed simulation, tech-
niques for code improvement, and queueing network packages. Mem-
ber ORSA, SIAM, ACM.

Aaron E. Rosenberg, S.B. (E.E.) and S.M. (E.E.) 1960, Massachu-
setts Institute of Technology, Ph.D. (E.E.), 1964, University of Penn-
sylvania; Bell Laboratories, 1964—. Mr. Rosenberg is presently en-
gaged in studies of systems for man-machine communication-by-voice
in the Acoustics Research Department at Bell Laboratories. Member,
Eta Kappa Nu, Tau Beta Pi, Sigma Xi; Fellow, Acoustical Society of
America; Member, IEEE and IEEE Acoustics, Speech and Signal
Processing Group Technical Committee on Speech Processing; Asso-
ciate editor for speech processing, IEEE Transactions on Acoustics,
Speech and Signal Processing.

CONTRIBUTORS TO THIS ISSUE 3043



R. G. Smith, B.S,, 1958, M.S., 1959, and Ph.D., 1963, Stanford
University; Bell Laboratories, 1963—. Mr. Smith has worked on
Nd:YAG lasers, optical second harmonic generation, and optical par-
ametric oscillators. From 1968 to 1982 he supervised groups responsible
for the development of nonlinear optical devices and, more recently,
detectors and receivers for lightwave systems. He is currently Head of
the Lightwave Transmitters Department. Past President, Quantum
Electronics and Applications Society; Co-Chairman, CLEOS ’80, and
Chairman, CLEO ’81 Steering Committee. Member, Optical Society of
America, The American Physical Society, Phi Beta Kappa, Tau Beta
Pi.

Raymond Steele, (SM ’'80), B.S. (Electrical Engineering) from
Durham University, Durham, England, in 1959, and the Ph.D. degree
in 1975. Prior to his enrollment at Durham University, he was an
indentured apprenticed Radio Engineer. After research and develop-
ment posts at E. K. Cole Ltd., Cossor Radar and Electronics, Ltd., and
The Marconi Company, all in Essex, England, he joined the lecturing
staff at the Royal Naval College, Greenwich, London, England. Here
he lectured in telecommunications to NATO and the External London
University degree courses. His next post was as Senior Lecturer in the
Electronic and Electrical Engineering Department of Loughborough
University, Loughborough, Leics., England, where he directed a re-
search group in digital encoding of speech and television signals. In
1975 his book, Delta Modulation Systems (New York: Halsted), was
published. He was a consultant to the Acoustics Research Department
at Bell Laboratories in the summers of 1975, 1977, and 1978, and in
1979 he joined the company’s Communications Methods Research
Department, Crawford Hill Laboratory, Holmdel, NJ.

Uzi Timor, B.S. (Electrical Engineering), 1957, M.S. (Electrical
Engineering), 1963, Technion, Israel Institute of Technology, Haifa,
Israel; Ph.D., 1969, University of California, Berkeley; Armament
Development Authority/Israel Ministry of Defence, 1959-1966,
1972—; Member of the Technical Staff, Jet Propulsion Laboratory,
Pasadena, California, 1969-1972; Adjunct Faculty (Electrical Engi-
neering), Technion, Israel Institute of Technology, Haifa, Israel,
1972-1980; Bell Laboratories, 1979-1980. At Jet Propulsion Labora-
tory, Mr. Timor was engaged in research in digital communications
and coding. As a consultant at Bell Laboratories, he worked on digital
communications and mobile radio. Member, IEEE, Eta Kappa Nu.

Robert J. Willett, B.S.E.E., 1954, University of Maine; M.S.E.E.,
1960, New York University; Bell Laboratories, 1954—. Mr. Willett has
worked on circuit designs for the Titan Missile Guidance System and
a forward-looking missile project, memory design for the UNICOM

3044 THE BELL SYSTEM TECHNICAL JOURNAL, DECEMBER 1982



project, and program development for the AUTOVON project, in the
areas of call processing, terminal maintenance, and peripheral main-
tenance. He has also been involved in the development of the No. 4
ESS peripheral system, and the peripheral maintenance programs,
particularly the craft interface control system, fault recovery, and error
analysis. His current assignment is in the Software System Design and
Planning Group of No. 5 ESS. He holds a patent (co-inventor) on a
fault-detection arrangement for digital transmission system used in
the No. 4 ESS. In July 1982 Mr. Willett received a Bell Laboratories
Distinguished Technical Staff award. Member, Tau Beta Pi, Phi
Kappa Phi.

Jay G. Wilpon, B.S. and A.B. (cum laude) in Mathematics and
Economics, respectively, from Lafayette College, Easton, Pa., 1977;
M.S. (Computer Science), 1982, Stevens Institute of Technology, Ho-
boken, N.J.; Bell Laboratories, 1977—. Since June 1977 Mr. Wilpon
has been with the Acoustics Research Department at Bell Laborato-
ries, Murray Hill, N.J., where he is a Member of the Technical Staff.
He has been engaged in speech communications research and is
presently concentrating on problems of speech recognition.

Wai Choong Wong was born on June 9, 1954, in Ipoh, Malaysia.
He received the B.Sc. degree in Electronic and Electrical Engineering
and the Ph.D. degree in Electronic Engineering both from Loughbor-
ough University of Technology, Loughborough, England, in 1976 and
1980, respectively. Since April 1980 he has been a Member of Technical
Staff in the Communications Methods Research Department of Bell
Laboratories at Crawford Hill, Holmdel, New Jersey. His current
interest is in speech signal processing, particularly applied to mobile
radio environment, digital modulation techniques, and simultaneous
transmission of data and speech signals.

Costas S. Xydeas was born in Piraeus, Greece, in 1950. He received
the first degree in Electronic Engineering from Vranas Higher School
of Electronics, Athens, Greece, in 1972, and the M.Sc. and Ph.D.
degrees in Electrical Engineering from Loughborough University of
Technology, Loughborough, Leics., England, in 1974 and 1978, respec-
tively. In 1977 he joined the Department of Electrical Engineering of
Loughborough University of Technology as a Research Fellow and
was engaged in research on low-bit-rate digitization of speech signals.
He is presently a Lecturer at Loughborough University of Technology,
where he is directing a research group in digital coding and processing
of speech signals. His areas of interest include adaptive linear and
nonlinear prediction, adaptive quantization, low-bit-rate coding of
speech, suppression of acoustic noise in speech, enhancement of band-
limited speech, and encryption of digitized speech signals.

CONTRIBUTORS TO THIS ISSUE 3045






PAPERS BY BELL LABORATORIES AUTHORS

COMPUTING/MATHEMATICS

Conway J. H., Sloane N. J. A., On the Enumeration of Lattices of Determinant
One. J Number Th 15(1):83-94, 1982.

Fishburn P. C., Relative Probabilities of Majority Winners Under Partial Infor-
mation. Math Soc Sc 3(1):73-78, 1982.

Mallows G. L., Vardi, Y., Bounds on the Efficiency of Estimates Based on Over-
lapping Data. Biometrika 69(2):287-296, 1982.

Mecllroy, M. D., The Number of States of a Dynamic Storage-Allocation Sys-
tem. Computer J 25(3):388-392, 1982.

ELECTRICAL ENGINEERING

Brainard R. C., Netravali A. N., Pearson D. E., Composite Television Coding—
Subsampling and Interpolation. Smpte J 91(8):717-724, 1982.

Chen C. Y, Cho A. Y, Alavi K., Garbinski P. A., Short Channel Gay.4;Ings3As/
Al 4sIng52As Selectively Doped Field-Effect Transistors. Elec Dev L 3(8):205-
208, 1982.

Cordell R. R,, A New Family of Active Variable Equalizers. IEEE Circ S
29(5):316-322, 1982.

Farrow R. C,, Joy D. C., A New Technique for Electron Channeling Pattern
Measurements. Scan Elec M1981(P1):397-402, 1981.

Feldman L. C., Comparison of High-Energy Ion-Beam and Electron-Beam Sur-
face Probes. Appl Surf S 13(1-2):211-230, 1982.

Fischer J. H., Noise Sources and Calculation Techniques for Switched Capacitor
Filters. IEEE J Soli 17(4):742-752, 1982.

Fleming R. M., The Non-Linear Response of NbSe3 to Pulsed Electric-
Fields. Sol St Comm 43(3):167-170, 1982.

Joy D. C., Newbury D. E., Davidson D. L., Electron Channeling Patterns in the
Scanning Electron-Microscope. (Review or Bibliog.) J Appl Phys 53(8):R81-
R122, 1982.

Kurth C. F., Bures K. J., Gagnon P. R., Etzel M. H., A Per-Channel, Memory-
Oriented Transmultiplexer with Logarithmic Processing. IEEE Commun
30(7):1520-1527, 1982.

Liebesma B. S., Tortorella M., Reliability of a Class of Telephone Switching
Systems. P An Rel M 1982(NSYM):120-124, 1982.

Mammel W. L., Cohen L. G., Lumish S, Improving Propagation Characteristics in
Single-Mode Optical Fibers with Computer-Aided Analysis Using Wave-Equa-
tion Techniques. P Soc Photo 294:26-33, 1981.

Marshall T. G., A Multiple VLSI Signal Processor Realization of a Transmulti-
plexer. IEEE Commun 30(7):1560-1568, 1982.

Meyers M. H., A Reduced Complexity Moment Algorithm for Correlated Digital
Signals (Letter). IEEE Commun 30(7):1798-1799, 1982.

Mounce A., Computationally Efficient Determination of D/A, and A/D Noise in
Digital Transmultiplexers. IEEE Commun 30(7):1477-1482, 1982.

Rummler W. D.,, A Comparison of Calculated and Observed Performance of
Digital Radio in the Presence of Interference. IEEE Commun 30(7):1693-1700,
1982.

Swartz R. G., Wooley B. A., Voshchenkov A. M., Archer V. D., Chin G. M., An
Integrated-Circuit for Multiplexing and Driving Injection-Lasers. IEEE J Soli
17(4):753-760, 1982.

Tamari N., Growth and Characterization of Cd-Doped InGaAsP/InP Double
Heterostructure Lasers. J Elec Mat 11(4):611-629, 1982.

3047



Wyatt J. L., Chua L. O., Gannett J. W., Goknar I. C., Green D. N., Energy Concepts
in the State-Space Theory of Non-Linear Normal-Ports 2 Losslessness. IEEE
Circ S 29(7):417-430, 1982.

MANAGEMENT/ECONOMICS

Raj B., Vinod H. D., Bell System Scale Economies Estimated From a Random-
Coefficients Model. J Econ Bus 34(3):247-252, 1982.

PHYSICAL SCIENCES

Aspnes D. E., Imaging Performance of Mirror Pairs for Grazing-Incidence
Applications—A Comparison. Appl Optics 21(14):2642-2646, 1982.

Aspnes D. E., Kelso S. M., Properties and Performance of Grazing-Incidence
Reflectors. P Soc Photo 315:30-36, 1981.

Bishop D. J., Dynes R. C, Tsui D. C., Magnetoresistance in Si Metal-Oxide-
Semiconductor Field-Effect Transistors—Evidence of Weak Localization and
Correlation. Phys Rev B 26(2):773-779, 1982.

Bosch M. A., Hydrogenated Semiconductors as Optical-Recording Media. P
Soc Photo 329:181-185, 1982.

Brinkman W. F., Fisher D. S, Moncton D. E. Melting of 2-Dimensional
Solids. Science 217(4561):693-700, 1982.

Cheng J., Homogeneous Electric-Field Threshold Switching Phenomena in a
Multiplexible Bistable Liquid-Crystal Display. J Appl Phys 53(8):5584-5595, 1982.
Craighead H. G., Howard R. E., Smith R. W,, Snyder D. A., Textured Optical Storage
Media. P Soc Photo 329:202-205, 1982.

Dahlberg S. C., Reinganum C. B., Elovich Photo-Voltage Decay Kinetics Observed
for the Organic Semiconductor 3,4,9,10-Perylenetetracarboxylic Dianhydride
(Letter). Surf Sci 119(1):L326-L330, 1982.

Dean B. A,, Dixon M., Functional Life Testing of Multi-Moded Lasers for Digital-
Communications Applications. P Soc Photo 328:35-41, 1982.

Dubois L. H., Schwartz G. P., Surface Optical Phonons and Hydrogen Chemisorp-
tions on Polar and Non-Polar Faces of GaAs, InP, and GaP. Phys Rev B
26(2):794-802, 1982.

Feldman L. C., Poate J. M., Rutherford Backscattering and Channeling Analysis
of Interfaces and Epitaxial Structures (Review or Bibliog.). Ann R Mater
12:149-176, 1982.

Feldman M., White A. D., White D. L., Application of Zone Plates to Alignment in
X-Ray-Lithography. P Soc Photo 333:124-130, 1982.

Forrest S. R., Kim O. K., Deep Levels in Ing5; Gaosz As/InP Heterostructures. J
Appl Phys 53(8):5738-5745, 1982.

Fuls E. N., X-Ray-Lithography Applied to the Fabrication of Mu-M N-Channel
Metal-Oxide Semiconductor (NMOS) Circuits. P Soc Photo 333:113-117, 1982.
Golovchenko J. A., Patel J. R, Kaplan D. R., Cowan P. L., Bedzyk M. J., Solution to
the Surface Registration Problem Using X-Ray Standing Waves. Phys Rev L
49(8):560-563, 1982.

Gottscho R. A., Smolinsky G., Burton R. H., Carbon-Tetrachloride Plasma-Etching
of GaAs and InP—A Kinetic Study Utilizing Nonperturbative Optical Tech-
niques. J Appl Phys 53(8):5908-5919, 1982.

Gregori G. P., Lanzerotti L. J., Meloni A., Geomagnetic Depth Sounding by Induc-
tion Arrow Representation—Reply (Letter). Rev Geophys 20(3):523-528, 1982.
Griffiths J. E., Dye-Laser Raman-Scattering in Bulk Selenium Glass. Sol St
Comm 43(4):2563-255, 1982.

Hackwood S., Dayem A. H., Beni G., Amorphous-Nonmetal to Crystalline-Metal
Transition in Electrochromic Iridium Oxide-Films. Phys Rev B 26(2):471-478,
1982.

3048 THE BELL SYSTEM TECHNICAL JOURNAL, DECEMBER 1982



Kelley D. F., Rentzepis P. M., Predissociation and Picosecond Spectroscopy of
Transient Species. P Soc Photo 322:206-214, 1982.

Lang D. V., Recombination-Enhanced Reactions in Semiconductors (Review or
Bibliog.). Ann R Mater 12:377-400, 1982.

Levin R. M., Water-Absorption and Densification of Phosphosilicate Glass-
Films. J Elchem So 129(8):1765-1770, 1982.

Levyclement C., Heller A., Bonner W. A, Parkinson B. A., Spontaneous Photoelec-
trolysis of HBr and Hl. J Elchem So 129(8):1701-1705, 1982.

Macrander A., Barr D.,, Wagner A., Resist Possibilities and Limitations in Ion-
Beam Lithography. P Soc Photo 333:142-151, 1982.

Madden H. H,, et al., Correlation of Stimulated H*-Desorption Threshold With
Localized State Observed in Auger Line Shape—Si(100):H. Phys Rev B
26(2):896-902, 1982.

Malm D. L, Riley J. E., Characterization of Near-Surface Composition of Boro-
silicate Glasses (BSG) by Secondary Jon Mass-Spectrometry (SIMS). J Elchem
So 129(8):1819-1821, 1982.

Moerner W. E., Sievers A. J., Silsbee R. H,, Chraplyvy A. R., Lambert D. K., Persistent
Holes in the Spectra of Localized Vibrational-Modes in Crystalline Solids. Phys
Rev L 49(6):398-401, 1982.

Nopper R. W., Hughes W. J., Maclennan C. G., Mcpherro R. L., Impulse-Excited
Pulsations During the July 29, 1977, Event. J Geo R-S P 87(NAS8):5911-5916,
1982.

Ondrias M. R., Rousseau D. L., Kitagawa T., Ikedasai M., Inubushi T., Yonetani T.,
Quaternary Structure Changes in Iron-Cobalt Hybrid Hemoglobins Detected
by Resonance Raman-Scattering. J Biol Chem 257(15):8766-8770, 1982.

Serri J. A., Cardillo M. J., Becker G. E., A Molecular-Beam Study of the NO
Interaction with Pt(111). J Chem Phys 77(4):2175-2189, 1982.

Smolinsky G., Mayer T. M., Truesdale E. A., Plasma-Etching of Silicon and Silicon
Dioxide with Hydrogen-Fluoride Mixtures. J Elchem So 129(8):1770-1772, 1982.

Tai K. L., Vadimsky R. G., Ong E., Multilevel Ge-Se Film Based Resist Systems. P
Soc Photo 333:32-39, 1982.

Tu C. W, Schlier A. R., Surface Studies of InP by Electron-Energy Loss Spec-
troscopy and Auger-Electron Spectroscopy. Appl Surf S11-2(JUL):355-361, 1982.
Venkatesan T., Wilkens B., On the Mechanism of the Lithographic Sensitivity
Enhancement of Obliquely Deposited Germanium Selenide Films. P Soc Photo
333:163-167, 1982.

Voshchenkov A. M., Hanson R. C., Submicron Resolution Photolithography by
Spectral Shaping. Elec Dev L 3(7):208-210, 1982.

Whangbo M. H., Cava R. J., Disalvo F. J., Fleming R. M. The Electronic-Structure
of Fe . xNbs_xSejo. Sol St Comm 43(4):277-282, 1982,

Whangbo M. H., Disalvo F. J., Fleming R. M., Electronic-Structure of ZrTe;. Phys
Rev B 26(2):687-689, 1982.

Yousuf M., Kuliyev B., Lalevic B., Poteat T. L., Po-InP Schottky Diode Hydrogen
Sensors. Sol St Elec 25(8):753-758, 1982.

SOCIAL and LIFE SCIENCES

Egan D. E, A Heuristic for Componential Analysis—Try Old Goals. Behav
Brain 5(2):348-350, 1982.

SPEECH/ACOUSTICS

Becker C. A., The Development of Semantic Context Effects—2 Processes or 2
Strategies. Read Res Q 17(4):482-502, 1982.

Umeda N., Fy Declination is Situation Dependent. J Phonetics 10(3):279-290, 1982.

Wilpon J. G., Rabiner L. R., Bergh A., Speaker-Independent Isolated Word Rec-
ognition Using u 129-Word Airline Vocabulary. J Acoust So 72(2):390-396, 1982.

PAPERS BY BELL LABORATORIES AUTHORS 3049






CONTENTS, JANUARY 1983

Part 1

InGaAsP LEDs for 1.3-um Optical Transmission
H. Temkin, C. L. Zipfel, M. A. DiGiuseppe, A. K. Chin,
V. G. Keramidas, and R. H. Saul

Analog Scramblers for Speech Based on Sequential Permutations in

Time and Frequency
N. S. Jayant, R. V. Cox, B. J. McDermott, and A. M. Quinn

Analog Voice Privacy Systems Using TFSP Scrambling: Full Duplex
and Half Duplex
R. V. Cox and J. M. Tribolet

Maximum Power and Amplitude Equalizing Algorithms for Phase
Control in Space Diversity Combining
P. D. Karabinis

Stochastic Analysis of Mechanizing Transaction Data Bases
J. A. Morrison and W. W. Yale

Smoothing With Periodic Cubic Splines
N. Y. Graham

A New Hybrid-Mode, Shielded, Offset Parabolic Antenna
R. A. Semplak

An Experimental Teleterminal—The Software Strategy
D. L. Bayer and R. A. Thompson

Experimental Teleterminals—Hardware
D. Hagelbarger, R. V. Anderson, and P. S. Kubik

Part 2
COMPUTING SCIENCE anp SYSTEMS
The 3B20D Processor & DMERT Operating System

Prologue
J. M. Scanlon

3B20D Processor and DMERT as a Base for Telecommunications
Applications
R. W. Mitze, H. L. Bosco, N. K. DeLessio, R. J. Frank, N. A.
Martellotto, W. C. Schwartz, and R. M. Wolfe

Overview and Architecture of 3B20D Processor
W. N. Toy and L. E. Gallaher

3051



3B20D Central Processing Unit
M. W. Rolund, J. T. Beckett, and D. A. Harms

3B20D Memory Systems
I. K. Hetherington and P. Kusulas

3B20D Packaging and Technology
S. H. Kulpa, J. M. Brown, and A. W. Fulton

3B20D File Memory Systems
R. E. Haglund and L. D. Peterson

3B20D Input/Output System
A. H. Budlong and F. W. Wendland

Software Development System
B. R. Rowland and R. J. Welsch

Overview, Architecture, and Performance of DMERT
J. R. Kane, R. E. Anderson, and P. S. McCabe

DMERT Operating System
M. E. Grzelakowski, J. H. Campbell, and M. R. Dubman

Field Administration Subsystems
R. H. Yacobellis, J. H. Miller, B. G. Niedfeldt, and S. S. Weber

Field Utilities
G. P. Eldredge and J. G. Chevalier

Fault Detection and Recovery
R. C. Hansen, R. W. Peterson, and N. O. Whittington

Diagnostic Tests and Control Software
J. L. Quinn, R. L. Engram, and F. M. Goetz

Craft Interface
M. E. Barton and D. A. Schmitt

Integration and System Test
W. F. Klinksiek and H. L. Mitchell

3052 THE BELL SYSTEM TECHNICAL JOURNAL, DECEMBER 1982















THE BELL SYSTEM TECHNICAL JOURNAL is abstracted or indexed by Abstract
Journal in Earthquake Engineering, Applied Mechanics Review, Applied Science &
Technology Index, Chemical Abstracts, Computer Abstracts, Current Contents/
Engineering, Technology & Applied Sciences, Current Index to Statistics, Current
Papers in Electrical & Electronic Engineering, Current Papers on Computers &
Control, Electronics & Communications Abstracts Journal, The Engineering Index,
International Aerospace Abstracts, Journal of Current Laser Abstracts, Language and
Language Behavior Abstracts, Mathematical Reviews, Science Abstracts (Series A,
Physics Abstracts; Series B, Electrical and Electronic Abstracts; and Series C,
Computer & Control Abstracts), Science Citation Index, Sociological Abstracts,
Social Welfare, Social Planning and Social Development, and Solid State Abstracts
Journal. Reproductions of the Journal by years are available in microform from
University Microfilms, 300 N. Zeeb Road, Ann Arbor, Michigan 48106.



Bell System



