










































































































































































































































































































































































































































































































































































































































































































































































in greater granular distortion. The static behavior is also affected by 
attack and recovery speed: a high attack and low recovery speed result 
in a step size that is higher on the average than that resulting from a slow 
attack and fast recovery. A very good indicator of static performance is 
the attack to recovery ratio: 

A/R = Va = logM(ln) . 
Vr -logM (11) 

Attack time, which we have found to be strongly correlated with the type 
of distortion or the type of noise produced by a coder, is the reciprocal 
of attack speed: 

1 
Ta =-. 

Va 

Summary of conditions. The experiment includes coders with 3 
variable design parameters: B bits/sample, r msec response time, and 
L dB relative load constant. The 18 coders comprise all combinations 
of B = 3,4; r = 0.25,4,32; L = -10, -4,4. 

IV. OBJECTIVE MEASURES 

Our aims include exploration of the relationships between perceived 
characteristics of the processed speech and objectively measurable 
quantities. To investigate these relationships, we have computed several 
objective performance indices for each processed utterance. The mea­
sures are defined as follows: . 

Total signal-to-noise ratio. 

SNR = 10 log �~�[�s�(�k�)� _ r(k)]2 

Here k ranges over all samples in the utterance, and r(k) is defined as 
the best estimate of s (k). 

Granular signal-to-noise ratio. 

_ �~�s�i�(�k�)� 
SNRG - 10 �l�o�g�.�~�[�s�g�(�k�)� _ rg(k)]2 

where k ranges over all samples in the utterance and the signals sg(k) 
and rg(k) are defined only when the quantizer is not overloaded; that 
is, when the quantization error is less than one-half the step size: 

sg(k) = s(k); rg(k) = r(k) if Is(k) - r(k) I �~� �~�;�k�)� 

sg(k) = rg(k) = 0 if Is(k) - r(k) I > �~�;�k�)� . 
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Percent of samples overloaded. 

N 

P = 100 1 _ _ k-_1 ___ _ 

[ 

~ Sg(k)/S(k)] 

N 

where N is the total number of samples in the utterance. 
Total segmental signal-to-noise ratio. This is a measure proposed 

by Noll8 as a more relevant index of speech quality than SNR: 

128 
L S2(j + 128m) 
j=l 1 M-1 

SNRseg = M L 10 log 
m=O 128 

L [s(j + 128m) - r(j + 128m)]2 
j=l 

Here the utterance is divided into segments each containing 128 samples 
(16 msec) and the signal-to-noise ratio in each segment is measured in 
dB. The average of these measures over the M segments in the utterance 
is SNRseg. 

Granular segmental signal-to-noise ratio. 

128 
L s; (j + 128m) 
j=l 1 M-1 

SNRGseg = M L 10 log 
m=O 128 

L [Sg(j + 128m) - rg(j + 128m))2 
j=l 

Here the same procedure as for SNRseg is applied to samples sg(k) and 
rg(k). 

V. TESTING PROCEDURE 

Digital recordings* of 10 sentences spoken by each of 4 talkers (2 male 
and 2 female) were processed by each of the 18 coders. The processed 
sentences were equalized to the same mean power to eliminate level 
differences due to quantizer overloading and thereby minimize differ­
ences in subjective loudness. Four analog test tapes, each containing the 
153 possible pairs of coders, were prepared from these recordings. The 
speech samples in a pair of conditions were the same sentence by the 
same talker. The talkers and sentences were assigned to coder pairs so 
that they occurred as equally as possible on a tape. A pair of coders 
processed a different talker and sentence on each tape and the order of 

* The source speech was the set of digital tape recordings used in a previous experiment 
onPCM.1 
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presentation within the pair was reversed on half of the tapes. The coder 
pairs appeared in a different (random) order on each tape. 

Students from the junior and senior classes of local high schools served 
as paid subjects. They listened to the processed speech over Pioneer 
SE700 earphones at 80 dBSPL while seated in a double-walled sound 
booth with frequency-weighted room noise introduced at a level of 50 
dBA. 

Dissimilarity judgments. In the first experiment, 17 subjects (3,4,5,5 
per random order) judged the pairs of conditions. They were told to use 
the numbers from 0 to 9 to indicate how different the speech sounded 
over each pair of coders, using a 0 for no difference, a 9 for very different, 
and the numbers between 0 and 9 for intermediate differences. Before 
the test session began they judged 6 pairs, for practice, that represented 
the expected range of differences. 

Preference judgments. In the second experiment, 16 different subjects 
(4,5,4,3 per random order), also junior and senior high-school students, 
listened to the same tapes containing the pairs of coders. However, this 
time the subjects were instructed to indicate which condition of each pair 
they would find more acceptable for listening to speech. 

Rating judgments. In the third experiment, subjects judged the 
quality of the coders individually. Eight audio tapes were prepared, each 
containing 36 sentences. Tapes 1-4 had the processed speech (played 
through the 18 coders) of one male and one female talker. The other two 
talkers appeared on tapes 5-8. The stimuli on tapes 1-4 appeared in 
different (randomized) orders. The same 4 orderings were used for tapes 
5-8. The sentences occurred as equally as possible on each tape. 

In this experiment the subjects were asked to rate the quality of the 
36 conditions according to the adjectives: excellent, good, fair, poor, 
unsatisfactory. Their answer sheets contained 36 rows of short lines 
separated into 9 columns. The odd columns were labeled with the ad­
jectives and the even ones unlabeled, allowing the subjects to check in­
termediate ratings if they chose to do so. On half the answer sheets the 
order of the labels were reversed. Tapes 1-4 were presented to the 17 
listeners of the first experiment in a short session that took place 5 
minutes after the completion of the difference judgments. Tapes 5-8 
were presented to the 16 listeners of the second experiment 5 minutes 
after the completion of the preference judgments. 

VI. INITIAL DATA REDUCTION 

The experiment was performed to provide information about rela­
tionships between ADPCM coders and it is expected that for the most part 
differences in listener responses are due to coder differences. The ex­
periment was designed to cause other sources of variability to be mu­
tually cancelling in the average data for each coder. Sources of extraneous 

1604 THE BELL SYSTEM TECHNICAL JOURNAL, MAY-JUNE 1978 



variability are: differences in the way listeners use the response scales, 
differences in speech material, and effects of presentation order. Before 
aggregating the data for individual coders it was necessary to assess the 
importance of each of them. 

Difference judgments. The variability due to listener differences is 
revealed by the correlation coefficients of pairs of subjects who heard 
the same tape. These coefficients have a mean value of 0.61 and standard 
deviation of 0.09, indicating substantial agreement. The effects of pre­
sentation order and talker were tested by means of an analysis of variance 
which showed that the responses to the 4 random orders were not sig­
nificantly different. The variability due to the different talkers was 
significant at the 0.05 level, but accounted for only 1 percent of the total 
variance. This variability is due to the fact that speech of female talkers 
was rated differently from speech of male talkers. There was no signifi­
cant difference in the ratings of talkers of the same sex. 

The important variability in the difference data can therefore be at­
tributed to coder differences, and to assess these differences,.we nor­
malized the 153 responses of each subject to zero mean and unity stan­
dard deviation. The averages, across the 17 subjects, of the normalized 
responses were the elements of a dissimiliarity matrix which was ana­
lyzed according to the MDSCAL9-13 procedure. 

MDSCAL locates points, representing the stimuli, in a multidi­
mensional space so that the distances between the points are monoto­
nically related to the judged differences. Because the dimensionality of 
a solution is specified as input, successive solutions of increasing di­
mensionality are usually computed. Then, the stress values (essentially 
the root mean square error) and the interpretability of each solution are 
used as criteria for deciding upon the smallest number of dimensions 
that are needed to explain the data. The stress values give a measure of 
how well the distances in the solution spaces correspond to the reported 
differences among the coders. Solutions in 1, 2, and 3 dimensions for the 
difference judgments among the 18 coders had stress values of 0.25,0.11, 
and 0.07, respectively. The large decrease in stress between the 1 and 
2 dimensional solutions indicates that at least 2 dimensions are needed 
to account for the data. Although a 3-dimensional solution accounted 
for only a small additional decrease in stress, it offered an enhanced 
interpretation of the subjective space. (See Section VII.) 

Preference judgments. The preference data were analyzed according 
to MDPREF,14,15 a factor analytic procedure that measures the variability 
in preference among the subjects. The proportion of the total variance 
contributed by each factor is related to the agreement among the subjects 
on the relative importance of different characteristics of the stimuli. In 
the solution for the preference judgments of the 18 coders, the first factor 
accounted for 0.89 of the variance and the second accounted for only an 
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additional 0.02, indicating strong agreement among the listeners and 
a single factor solution. Therefore, the values of the points from the one 
factor solution were used for the scale of preference. . 

Rating judgments. We computed the correlations of the ratings of 
each subject with those of each of the other subjects who listened to the 
same tape. The distribution of the correlation coefficients had a mean 
of 0.78 and standard deviation of 0.08, again showing a high degree of 
agreement. Therefore, the mean across subjects of the individual re­
sponses, normalized so that the ratings of each subject had zero mean 
and unit variance, were used in an analysis of variance due to coder pa­
rameters, talkers, and random orders. The 3 design variables, load 
constant, time constant, and bits, were all significant at the 0.05 level. 
The variability due to the random orders was not significant, but the 
variability due to the different talkers was significant. As in the differ­
ence experiment, the significant talker variability was due to differences 
between the male and female talkers, accounting for only 1 percent of 
the variance. 

Rating us. preference. The two types of quality judgments, preference 
and rating, were obtained so that the two testing methods could be 
compared. The paired comparison tapes were designed to balance many 
of the sources of variability that are artifacts of the testing procedure. 
Each coder was heard an equal number of times with each talker and 
approximately an equal number of times with each sentence. The order 
of presentation was reversed on half of the trials and, of course, the rel­
ative merit of each coder was ultimately determined by comparing it with 
every other coder. In the rating judgments, the merit of a coder was de­
termined by one presentation per talker. Ratings assume that the quality 
represented by the five adjectival categories are not only well defined 
for each individual, but are essentially the same for all individuals. Al­
though the ratings were normalized before computing the analysis of 
variance, the more customary procedure is to simply average the original 
judgments across subjects. Therefore, to compare the results of the rating 
study with those of the more critical paired-comparison study, the mean 
across subjects of the original unnormalized ratings were used. 

Figure 2 shows a scatter plot of these ratings vs. transformed quality 
measures from the one factor MDPREF solution of the paired -comparison 
judgments. (The linear transformation scales the maximum and mini­
mum measures to one and nine, respectively.) As this plot shows, the 
agreement in ratings for the two methods is extremely high: the corre­
lation is 0.99. Thus it appears that the uncontrolled sources of variability 
that could contaminate simple rating judgments did not have a strong 
influence on the variability of these data. The additional experimental 
effort involved in collecting paired-comparison judgments in order to 
control this variability did not increase the accuracy. 
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Fig. 2-Relationship between overall evaluation of coders by category ratings and paired 
comparison preference methods. 

VII. RESULTS 

The output of MDSCAL is a set of points, representing the coders, in 
Euclidean space. The inter-point distances are related to the judged 
differences between coders and the orientation of the points in this space 
is supposed to reveal the underlying perceptual characteristics of the 
coders. However, the distances are invariant under orthogonal rotation 
and it is often the case that a rotation of the MDSCAL coordinates is 
necessary to interpret the configuration in terms of known coder prop­
erties. 

In evaluating MDSCAL analyses of varying dimensionality, we con­
cluded that a 3-dimensional geometry would be most informative. We 
approached the rotation problem by using multiple linear regression 
procedures to locate vectors in the 3-dimensional space on which the 
projections of the points are maximally correlated with various objective 
measures and design parameters. We also located the vector on which 
the projections of the points are maximally correlated with the average 
subjective ratings obtained in the third experiment. The vector for each 
~easure of the 18 coders was located independently. Table I displays 
some of the measures for which vectors were derived and Table II gives 
the correlations between measurements and the corresponding projec­
tions on vectors in the MDSCAL space. These vectors are an aid to the 
interpretation of the subjective space because they make it possible to 
relate directions in space to changes in design parameters and perfor­
mance measures. As a visual aid, the coordinate axes were rotated so that 
they nearly or exactly coincide with meaningful directions. 
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Table I 

Coder B T L, Ta• Tr• AIR SNR, SNRseg• SNRG, SNRGseg, P, R 
ms db ms ms dB dB dB dB % 

1 3 0.25 4 0.01 0.15 12.63 10.5 8.8 10.5 8.8 0.07 3.4 
2 3 0.25 -4 0.03 0.04 1.20 14.8 15.7 20.3 19.0 6.69 5.7 
3 3 0.25 -10 0.21 n.03 0.13 2.9 4.5 24.9 23.7 58.28 2.4 
4 3 4.00 4 0.11 2.51 23.99 11.1 9.0 11.1 9.2 0.11 3.2 
5 3 4.00 -4 0.37 0.68 1.84 13.1 14.6 20.9 19.6 6.15 5.6 
6 3 4.00 -10 3.27 0.54 0.17 2.1 4.2 24.3 23.0 57.32 2.5 
7 3 32.00 4 0.79 20.13 25.54 11.1 5.5 11.2 5.9 0.60 2.3 
8 3 32.00 -4 2.89 5.45 1.89 7.9 11.2 20.7 17.8 13.03 4.4 
9 3 32.00 -10 26.16 4.39 0.17 0.7 3.6 22.4 22.9 63.79 1.6 

10 4 0.25 4 0.01 0.05 5.32 15.9 14.8 16.0 14.8 0.07 4.9 
11 4 0.25 -4 0.02 0.03 1.41 19.2 20.4 24.5 23.1 2.75 7.4 
12 4 0.25 -10 0.06 0.02 0.40 8.9 11.7 29.9 28.1 25.74 5.2 
13 4 4.00 4 0.08 0.94 12.53 17.1 15.5 17.2 15.7 0.11 5.2 
14 4 4.00 -4 0.23 0.57 2.50 17.0 19.7 25.5 23.9 2.59 7.2 
15 4 4.00 -10 0.85 0.51 0.59 7.4 10.3 29.8 27.9 24.91 6.2 
16 4 32.00 4 0.55 7.60 13.73 17.1 13.0 17.7 13.5 0.44 4.0 
17 4 32.00 -4 1.78 4.63 2.60 11.8 16.2 25.5 22.3 6.81 6.1 
18 4 32.00 -10 6.78 4.10 0.60 3.3 9.4 28.9 27.1 34.90 3.5 

Table II 

Objective Corr. with vector 
measure values 

SNR 0.95 
SNR

s7R 
0.96 

log A 0.96 
SNRG 0.94 
SNRGseg 0.95 
P overload 0.98 
log Ta 0.92 
log Tr 0.85 
Rating 0.99 

As a further step in interpreting the space, we listened to one of the 
tapes used in the rating experiment. After hearing each sentence, the 
three of us independently wrote adjectives to describe the processed 
speech. Examples of coder descriptions are: "clear, some noise," "slightly 
muffled, medium noise," "crackling noise," "very hoarse." 

After considering several other rotations, we' chose the solution dis­
played in Figs. 3 and 4 as most interpretable because the coordinate axes 
nearly or exactly coincide with vectors of measurable quantities and the 
coder descriptions cluster in a meaningful way. With this rotation, the 
proportions of the total variance accounted for by dimensions I, II, and 
III are 0.62, 0.19, and 0.19, respectively. 

Subjective variables. When the descriptive adjectives were related 
to the configuration of points on the plane of the first two dimensions, 
shown in Fig. 3, an interpretation emerged that was reminiscent of a 
similar analysis in a study of analog circuits. I6 The interpretation of the 
space in that study indicated that listeners distinguish among the pro-
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Fig. 3-Projections of points, representing coders, and vectors, representing measures, 
on the plane of dimensions I and II. 

cessed speech samples according to whether the speech is clear or de­
graded. When degradation is present, they further distinguish between 
noise in addition to the signal and distortion of the signal itself. The same 
interpretation applies to the first 2 dimensions in the ADPCM coder 
space. The coders we described as having clear speech and little noise 
are high on the first dimension. The coders that were described as noisy, 
muffled, and hoarse are low on the first dimension, and intermediate 
amounts of each type of reduction in overall clarity are distributed be­
tween these two extremes. Thus, the first dimension appears to represent 
the overall clarity of the speech. 

The plane of dimensions II and III, shown in Fig. 4, identifies the 
characteristics of the speech that reduce the clarity. The coders that we 
described as noisy are high on the second dimension and those that we 
described as muffled or hoarse are low on the second dimension. Thus, 
the second dimension represents the two kinds of degradations that 
reduce the overall clarity: background noise and distortion of the speech 
signal itself. The conditions we described as very muffled sounded as 
though the speaker had his hand, or some other material object, in front 
of his mouth, and these conditions are high on dimension III. Those 
conditions we described as hoarse sounded as though the speaker had 
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Fig. 4-Projections of points, representing coders, and vectors, representing measures, 
on the plane of dimensions II and III. 

laryngitis and, in general, they are low on the third dimension. Two kinds 
of background noise were also identified: one that is described as 
crackling, and one that is more like the familiar white random noise. In 
general, the coders with crackling noise have low values on the third 
dimension and those with white random noise are in an intermediate 
position. Thus, the third dimension appears to represent a further dis­
tinction between each kind of degradation that could be described as 
rough vs. smooth. Hoarse speech and crackling noise are rough or ir­
regular in character, muffled speech is smooth or uniform, while speech 
corrupted by white noise is intermediate between these two extremes. 

Objective measures. Figures 3 and 4 also show the 'vectors corre­
sponding to various objective measures. The vector SNRseg is very close 
to the coordinate axis of dimension I and is therefore a good indicator 
of the overall clarity of the processed speech. Log AIR predicts the dis­
tribution of points on the second dimension, interpreted as the prevalent 
kind of degradation, signal distortion or background noise. A low AIR 
produces a low step size on average, leading to slope overload, perceived 
as signal distortion. On the other hand, a high value of AIR results in a 
high average step size and high granular noise. The locations of the 
vectors SNRGseg and P are also consistent with our interpretation of the 
coordinate axes. They both have high negative weighting on dimension 
II because both reflect the predominant impairment category. High P 
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CODER 6 

c 

CODER 3 

Fig. 5-Waveforms of the word "tool" for 3-bit ADPCM coders low on dimension II (signal 
distortion), with different values on dimension III, showing the relationship of attack time 
to the smooth or rough subjective descriptions. 

means high overload and substantial distortion; high SNRGseg means 
low noise. Their non-zero weight on dimension I indicates their influence 
on speech clarity. A high value of SNRGseg indicates low background noise 
and enhanced clarity. Conversely, a high value of P is correlated with 
high distortion and thus with low clarity. The small angle between P and 
SNRGseg reflects the fact that overload and granularity usually vary re­
ciprocally in coders with a given number of bits per sample. 

The coordinate axis of dimension III is highly correlated with log Ta. 
When the attack time is very high, the step size is very slow in following 
fluctuations in input level and the speech sounds muffled. When the 
attack time is very low, the step size frequently overshoots its target value 
at the beginning of pitch periods, causing irregularity in the periodicity 
of the processed speech. This irregularity makes the speech sound 
hoarse. 

These properties are apparent in Figs. 5 to 7 which show waveforms 
that are representative of coder locations in the II-III plane. All of them 
display the word "tool" processed by 3-bit ADPCM coders with sub­
stantially impaired clarity. Figure 5 shows the waveforms of distor­
tion-producing coders (low weighting on dimension II). With -10 dB 
relative load factor they all produce substantial slope overload in steady 
state. Coder 9 (Fig. 5b) with Ta = 32 msec and high weight on dimension 
III is the most muffled; fluctuations in the signal envelope are very 
heavily smoothed. Coder 6 (Fig. 5c), Ta = 4 msec, lower on dimension 
III, reproduces long-term envelope fluctuations, but smoothes out in-

SPEECH PROCESSED BY ADAPTIVE DIFFERENTIAL PCM 1611. 



~~~~~H ~~~ .,. ~~~~Jf+~ a 

CODER' ,~_)~~~~ b 

CODER 7 ,,,.,_~ C 

COOERI .lq_.~I~~~ d 

Fig. 6-Waveforms of the word "tool" for 3-bit ADPCM coders high on dimension II 
(background noise), with different values on dimension III. 

dividual pitch periods. Coder 3 (Fig. 5d), Ta = 0.25 msec, moderate 
loading on dimension III, reproduces pitch contours but with substantial 
time and amplitude distortion. Figure 6 shows the waveforms of the very 
noisy coders, 4, 7, and 1, with high relative load factors (4 dB) and high 
weighting on dimension II. With low distortion they all preserve the 
general envelope and time structure of the original, so that the nature 
of their impairment is best seen in oscillograms of noise voltages (coder 
output minus input). The two extreme types of noise are displayed in 
Fig. 7. Coder 4, with relatively high weight on dimension III, has 
"smooth" noise which is shown in Fig. 7b to be correlated with the long 
term envelope of the speech. In Fig. 7c, coder 1, with crackling noise 
impairment, low weight on dimension III, is seen to produce impul­
sive-type noise correlated with the pitch contours of the signal. 

Quality prediction. The vector labeled R corresponds to the mean 
ratings on the 9-point response scale· and is very close to the first di­
mension. As indicated by Fig. 2, a vector corresponding to quality derived 
from the paired-comparison preference judgments would be in essen­
tially the same location. Multiple regression procedures were used to 
derive linear relationships between the objective measures and subjective 
quality. Table III lists the formulas for predicting the ratings from several 
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Fig. 7-Noise waveforms relative to the word "tool" processed by two coders of Fig. 6, 
with the amplitude scale doubled, showing the influence of attack time on the types of 
noise. 

of the objective measures, singly and in combination. Prediction accuracy 
is indicated by correlations between actual and estimated ratings (1.0 
would be perfect agreement), and by the rms error expressed as a fraction 
of a point on the 9-point scale. Table III shows that, consistent with the 
locations of their vectors relative to the R vector, SNRseg (formula 2) is 
a very good predictor of subject quality and SNR (formula 1) is not a good 
predictor. Among the formulas that contain more than one objective 
measure, the most accurate predictors of subjective quality are 7 and 
8 which include separate measures of granular and overload impair­
ments. Although the location of the vector corresponding to SNRG is 
essentially the same as that of the SNRGseg vector, prediction accuracy 
is higher when the measurement is made segmentally. 

Other coders. Since formula 8 proved an accurate estimator of the 
subjective quality of the 18 coders in the experiment, we used it to esti­
mate subjective quality of other ADPCM coders with a wide range of 

Table III 

Formula for predicting rating Corr. 
RMS 
error 

1 0.21 SNR + 2.27 0.69 1.20 
2 0.31 SNRseg + 0.89 0.93 0.63 
3 0.33 SNRseg - 0.45 log AIR + 0.79 • 0.95 0.54 
4 0.25 SNRG - 0.067 P - 0.39 log Ta + 0.22 0.94 0.55 
5 0.24 SNRG - 0.077 P + 0.68 0.93 0.63 
6 0.16 SNRG - 1.11 log Ta + 0.47 0.69 1.21 
7 0.24 SNRGseg - 0.078 P - 0.22 log Ta + 1.00 0.96 0.45 
8 0.25 SNRGseg - 0.084 P + 1.19 0.96 0.48 
9 0.14 SNRGseg - 1.03 log Ta + 1.38 0.65 1.27 

10 -0.036 P - 0.26 log Ta + 4.97 0.56 1.38 
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Fig. 8-Equi-rating contours predicted by formula 8, Table III, for 4-bit ADPCM 
coders. 

design parameters. To do so, for each bit rate, we simulated 64 coders 
that comprised all combinations of 8 load factors and 8 time constants. 
The 8 values of each parameter included the 3 tested in the original ex­
periment and 5 intermediate values. SNRGseg and P were measured on 
4 sentences, one by each talker, processed through each of the 64 coders. 
The quality ratings, predicted using formula 8 with the averages of the 
measures on the 4 sentences, are displayed in Figs. 8 and 9, which pertain 
to 4-bit and 3-bit coders, respectively. The equi-rating contours show 
that near-optimum quality can be expected over a surprisingly wide range 
of circuit conditions. For instance, with 4-bit coding, a rating of 6.5 (% 
point from optimum on the 9-point scale) is maintained over a 7 dB range 
of load factors and a 32:1 range of time constants. 

VIII. DISCUSSION 

Perceptual characteristics. Our interpretation of the 3-dimensional 
subjective space is consistent with previous work16 on analog speech 
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Fig. 9-Equi-rating contours predicted by formula 8, Table III, for 3-bit ADPCM 
coders. 

impairments. In both cases, the first two dimensions have the same 
meaning. The third dimension in Ref. 16 was related to loudness. In the 
present experiment, the stimuli were equalized in level, so that subjects 
could attend to less obvious differences, like the "rough" or "smooth" 
character of the impairment. The plane of dimensions II and III, Fig. 
4, provides perhaps the most interesting view of the subjective space. 
Accounting for 38 percent of the variance in the average difference 
judgments, it represents the kind of degradation, independent of the 
amount of degradation. In this plane, the perceptually meaningful 
classifications of ADPCM impairments are the categories, "speech dis­
tortion" and "background noise" (dimension II) and, in addition, the 
types of distortion, "muffled" (smooth) and "hoarse" (rough) and the 
types of noise, "continuous" (smooth) and "crackling" (rough). 

This geometric representation also confirms that the mathematical 
separation of ADPCM performance into static and dynamic response 
categories3 is perceptually meaningful. Dimension II is highly correlated 
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Fig. lO-Mean ratings for the 18 coders vs. SNRs showing the improvement in prediction 
by measuring SNR segmentally. The solid line is the graph of formula 2, Table III, the re­
gression of rating on SNRseg. 

with log AIR, a measure of static performance, and dimension III is 
highly correlated with log Ta , a measure of dynamic performance. 

Objective measures. Table III indicates that, as in the case of PCM, l 

ADPCM quality is accurately predicted by a linear combination of over­
load and granularity measures. Formulas 4, 5, 7, and 8, all containing 
separate measures of overload and granularity, are among the 6 good 
predictors of average rating. The table also demonstrates the value of 
measuring signal-to-noise ratio segmentally. Formula 2, which contains 
the single measurement, SNRseg, is also one of the 6 good predictors. 
Segmental measures give equal importance to strong and weak compo­
nents of speech, while non -segmental SNR is essentially a measure of the 
quality of the high-level components. The strong correlation of SNRseg 

with average rating indicates that subjective quality judgments are in­
fluenced by weak sounds as well as strong sounds. 

These properties of SNR and SNRseg are revealed by Fig. 10 which is 
a scatter plot of average rating vs. both measures for the 18 coders. SNR 
points are labeled with crosses and SNRseg points are labeled with circles. 
The line is the graph of formula 2, the regression of R on SNRseg. The 
coders to the left of the line are, for the most part, those with low AIR, 
in which overload distortion is the predominant impairment. This dis­
tortion affects only the strong sounds which are the ones that determine 
SNR. The good reproduction of weak sounds by overloaded coders is not 
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reflected by SNR and the crosses for these coders tend to be far to the 
left of the regression line. That is, they give an unduly poor indication 
of quality. By contrast, the points to the right of the line tend to be those 
with high AIR, coders with mainly background noise impairment. This 
degradation is particularly harmful to weak sounds and therefore its 
effect is less on SNR than on SNRseg. Consequently, SNR gives an unduly 
good indication of the quality of these coders. 

SNRseg apparently resembles Q, the objective measure of coder quality 
proposed by D. L. Richards. 17 Q is an average of SNR measures per­
formed with different input levels of a stationary signal. As such it ap­
parently fails to take into account the dynamic response of a coder, which 
is an important aspect of adaptive quantization. We therefore speculate 
that as an estimator of subjective quality, the accuracy of Q is interme­
diate between that of SNR and SNRseg. 

Coder design. The relatively large distances between equi-rating 
contours in Figs. 8 and 9 show that a designer has very substantiallati­
tude in choosing a coder with a prescribed quality rating. This finding 
is contrary to quality predictions based on conventional SNR measures, 
which indicate that only restricted sets of design parameters offer 
near-optimum performance. This newly discovered design flexibility 
could be valuable in finding coders that simultaneously satisfy criteria 
in addition to the quality of the coding-decoding process. Examples of 
such criteria are quality of tandem connections of codecs, resistance to 
transmission errors, ability to communicate voiceband data, compati­
bility with other code formats, and economy of implementation. 
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A speech recognition system has been implemented which accepts 
reasonably natural English sentences spoken as isolated words. The 
major components of the system are a speaker-dependent word rec­
ognizer, a programmed grammar, and a syntax analyzer. The system 
permits formulation of complete sentences from a vocabulary of 127 
words. The set of sentences selected for investigation is intended for 
use as requests in an automated travel information system. Results are 

. presented of evaluations for speakers using their own stored reference 
patterns, the reference patterns of other speakers, and composite ref­
erence patterns averaged over several speakers. For speakers using their 
own reference patterns the median error rate for acoustic recognition 
of the individual words is 11.7 percent. When syntax analysis is applied 
to the complete sentence, word recognition errors can be corrected and 
the error rate reduced to 0.4 percent. 

I. INTRODUCTION 

A speech recognition system composed of a programmed syntax an­
alyzer and a speaker-dependent word recognizer has been evaluated. The 
system accepts complete sentences in which the successive words are 
spoken distinctly and in isolation. The purpose of the experiment is to 
determine the capability of syntax analysis for improving the accuracy 
of word recognition and for expanding the command ensemble of a 
voice-actuated system. 

The word recognition system, designed by Itakura,l is based on rep­
resenting speech utterances by equally spaced frames of LPC coefficients. 
Recognition ensues from a comparison of a sample input pattern of LPC 

coefficients with an ensemble of stored reference patterns previously 
established by the designated speaker. The comparison consists of a 
frame-by-frame scan of a sample pattern against each reference pattern. 
A distance metric (or measure of dissimilarity) is calculated and accu-
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mulated by a dynamic programming technique as the scan proceeds. The 
vocabulary item corresponding to the reference pattern with the lowest 
accumulated distance is designated the recognized item. In addition, a 
distance rejection threshold is imposed. If the accumulated distance 
exceeds the threshold at any frame during a reference scan, that par­
ticular reference comparison is aborted. If all reference comparisons for 
a sample pattern are aborted, the result is said to be "no match" or 
"reject." 

II. EVALUATION OF THE ACOUSTIC ANALYZER 

An earlier evaluation of the automatic word recognition system was 
carried out over a five-month period over dialed-up telephone lines.2 

Thirteen speakers participated in that test. Each dialed the system once 
a day and provided utterances of words selected from an 84-word vo­
cabulary. The 84-word vocabulary was designed to provide one-word 
responses to questions asked by a computer-controlled digital voice re­
sponse system. The computer was programmed to provide airline flight 
information requested by a caller. In this system the question-answer 
dialog that takes place between ~he caller and the computer results in 
the specification of a category of flights for which information is desired. 
Because of the nature of this dialog, 50 of the 84 vocabulary items were 
the names of North American cities. Other entries were digits, days of 
the week, etc. In the evaluation using this vocabulary, with approxi­
mately 750 trials per speaker, the median word error rate was 8,4 percent. 
This figure is composed of 5.7 percent rejections and 2.7 percent actual 
mismatches. * 

III. EXPERIMENTAL DESCRIPTION 

The vocabulary selected for the present evaluation was designed to 
fulfill a similar function as that of the earlier one, namely to request flight 
information and to make reservations using an automated system with 
word-recognition capabilities. The difference is that in the present 
system the requests are made in the form of complete sentences rather 
than as one-word responses to queries. The 127 -word vocabulary for this 
purpose is shown in Table I together with some sample sentence requests. 
The vocabulary contains many auxiliary and function -type words so that 
reasonably natural English sentences may be formed. The vocabulary 
includes 10 city names. In the earlier mode using the question-answer 
dialog, depending on the complexity of the task, a long series of questions 
may be necessary to specify a complete request. In the present mode, 

* Therefore, the term "word error rate," as used in this paper, is more appropriately 
defined as the rate of nonrecognition, since it includes both outright errors (mismatches) 
and rejects. 
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Table I - 127 -word vocabulary for requesting flight information 
and reservations and two sample sentences 

constructed from this vocabulary 

1 Evening 
2 Nine 
3 October 
4 Douglas 
5 DC 
6 Arrival 
7 Seattle 
8 Eleven 
9 Los Angeles 

10 Friday 
11 January 
12 AM 
13 April 
14 May 
15 Morning 
16 Detroit 
17 Do 
18 New York 
19 At 
20 Tuesday 
210h 
22 Wednesday 
23 Need 
24 Chicago 
25 September 
26 Is 
27 PM 
28 Boeing 
29 Information 
30 Afternoon 
31 Express 
32 Like 

Sample test sentences: 

33 To 
34 Charge 
35 Make 
36 Home 
37 Five 
38 Does 
39 Go 
40 Seat 
41 From 
42 Time 
43 On 
44 December 
45 June 
46 Would 
47 Some 
48 Many 
49 In 
50 Please 
51 Will 
52 Lockheed 
53 Want 
54 Flight 
55 Four 
56 Depart 
57 Repeat 
58 Take 
59 Number 
60 Denver 
61 Diners 
62 Prefer 
63 July 
64 Monday 

"I would like some information please." 

65 Reservation 
66 A 
67 Fare 
68 BAC 
69 Departure 
70 Of 
71 Meal 
72 Flights 
73 What 
74 I 
75 When 
76 Sunday 
77 Boston 
78 Arrive 
79 Twelve 
80 Leave 
81 August 
82 For 
83 November 
84 Philadelphia 
85 February 
86 Are 
87 There 
88 Return 
89 Coach 
90 O'clock 
91 How 
92 Much 
93 Served 
94 Credit 
95 The 
96 One 

97 Card 
98 Saturday 
99 Pay 

100 By 
101 Ten 
102 March 
103 Cash 
104 Miami 
105 Thursday 
106 American 
107 Plane 
108 Eight 
109 Club 
110 Master 
111 Office 
112 My 
113 Class 
114 Six 
115 Three 
116 Washington 
117 Night 
118 Phone 
119 Area 
120 Two 
121 Code 
122 Nonstop 
123 Seats 
124 Seven 
125 Times 
126 Stops 
127 First 

"I would like one first-class seat on flight number four four to Los Angeles on Saturday 
the oh one January." 

the efficiency of natural English is approached by combining several 
commands in a single sentence input. The second sample test sentence 
in Table I is a good example. A more complete description of the task 
domain and the grammar is found in a companion paper by Levin­
son.3 

Seven speakers-five male, two female-participated in the evaluation. 
The system programs resided in a Data General Nova 840 computer. 
Speech was input to the system via dialed-up telephone lines from an 
ordinary handset adjacent to the computer console. The speakers spoke 
their utterances after a prompt from the console. A display scope pro­
vided an intensity curve for their current input, together with end-point 
markers. The speakers had the option of repeating an utterance if they 
felt it was botched or corrupted by external noise disturbances. 

Two sessions per speaker were devoted to establishing reference 
patterns. In each of these sessions speakers provided a single utterance 
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of each of the 127 words in the vocabulary. Reference patterns were 
computed from these utterances. Each speaker therefore ended up with 
a reference containing two distinct reference patterns for each word in 
the vocabulary. Speakers could also provide additional optional pro­
nunciations for the articles "a" and "the." 

Finally, each speaker provided one or more test sessions in which a 
total of 51 specified sentences were input as strings of isolated words, 
for a total of 444 words. There was thus an average of 8.7 words per 
sentence. Every word in the vocabulary and every production rule in the 
grammar were represented in the sentence set at least once. The word 
utterances composing the sentence strings for each speaker were stored 
on disk files. 

Recognition was carried out off-line with acoustic recognition followed 
by parsed recognition accomplished by the syntax analyzer. For each 
test sentence the acoustic recognizer provided to the parser a matrix of 
distances or scores [dij], i = 1,2, ... ,N, j = 1,2, ... ,M, where i represents 
the ith word in a sentence string of N :5 22 words, and j represents the 
jth vocabulary item in the vocabulary of size M = 127 words. The smaller 
the score d ij , the closer is the acoustic match for the ith word in the 
sentence to the jth word in the vocabulary. Recognition was carried out 
under four different experimental conditions. Two conditions were ex­
amined in which the utilized references were those for the designated 
speaker. In the first of these a fix"ed rejection threshold was imposed. In 
the second there was no rejection threshold. With a rejection threshold, 
an arbitrarily large number was assigned to the distance score for each 
rejected candidate. In the third experimental condition each speaker 
was compared against an arbitrarily selected reference. In the fourth 
condition each speaker was compared against a reference which was a 
composite of individual references from four arbitrarily selected male 
speakers. 

IV. RESULTS 

The overall results are shown in Table II as median error rates over 
the seven speakers. 

"Word error-acoustic best candidate" refers to the rate at which the 
specified test word was not the best acoustic candidate. "Word error­
acoustic five best candidates" refers to the rate at which the specified 
test word was not included among the five best acoustic candidates. The 
recognition scores for word error-acoustic best candidate are quite 
comparable to those obtained in the earlier evaluation. Given the larger 
size of the vocabulary, and especially the greater frequency of common, 
more easily confused words, the 11.7 percent word error performance* 

* Compared to 8.4 percent for an initial trial in the earlier study with an 84-word vo­
cabulary. 
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Table II - Median error rates over five speakers with 
51 test sentences per speaker 

1 2 
Condition: Designated Designated 
Reference: speaker speaker 

{

Rejection threshold: Fixed None 
Word Acoustic best candidate: 11.7% 10.8% 

Acoustic five best candidates: 1.8% 1.1% 
error Parsed: 0.4% 1.6% 

Sentence error parsed: 3.9% 5.9% 

* Scores include female speakers using male references. 

3 
Arbitrary 

male 
speaker* 

Fixed 
45.5% 
20.0% 
5.6% 

35.3% 

4 
Composite 

of four male 
speakers* 

Fixed 
34.9% 
20.0% 
6.5% 

37.2% 

seems reasonable. As anticipated, the syntactic constraints imposed by 
the task language have a powerful correcting influence on acoustic word 
errors. For example, for condition 1 the median number of word errors 
was reduced from 52 to 2 out of a total of 444. t Since a single word error 
creates a sentence error and since the number of sentences in the sample 
is relatively small, the parsed sentence error rate is not as reliable an 
indicator of the improvement gained by parsing as the parsed word error 
rate. It is interesting to note that although the acoustic word error rates 
are about the same, with or without a rejection threshold, the parsed 
word and sentence error rates are som~what larger for the no-rejec­
tion-threshold condition. We attribute this result to the following pos­
sible situation. If a.specified word in a sentence string is poorly recognized 
acoustically, in the condition with a rejection threshold it will have the 
same arbitrarily large distance score as other rej~cted candidates. 
Without a rejection threshold, however, the true word may have a score 
which is considerably worse than other candidates resulting in a greater 
chance of misleading the parser. 

The recognition system was not designed to be speaker-independent. 
We did, however, try a naive experiment in that mode. Table II also 
shows the results of comparing all speakers against an arbitrary refer­
ence, condition 3, as well as a comparison of all speakers against a com­
posite reference, condition 4. It was anticipated that, although acoustic 
recognition would be considerably poorer for these conditions than for 
the speaker-dependent condition, the parser would be able to compen­
sate to some extent this poor performance, resulting in a reasonable 
overall recognition performance. This seems to be true with a 5 or 6 
percent parsed word error rate .and 35 or 37 percent parsed sentence error 
rate. Comparing speakers against an arbitrary reference does not seem 
significantly different from comparing them against a composite refer­
ence. The performance of the two female speakers in both these condi-

tl.e., a reduction of word error rate from 11.7 percent to 0.4 percent! 
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Fig. I-Individual error rates for the speaker-dependent condition. 

tions was considerably worse than that of the male speakers. The parsed 
word error rate for the women, for example, was approximately 30 per­
cent.* 

Individual error rates for the speaker-dependent condition are shown 
in Fig. 1. Most striking is the contraction of a large range of acoustic word 
error rates (best candidate) to a very tight range of parsed word error 
rates all below 2 percent. Parsed sentence error rates vary over a wide 
range and are sensitive functions of parsed word error rates. An addi­
tional indicator of acoustic word performance is acoustic word error rate, 
five best candidates. These rates occupy a considerably reduced and 
overall lower range than the standard acoustic word error rates. This 
measure may be a more reliable predictor of parsed error rates, as shown 
by the monotonic character of the lines that connect these individual 

* The female speakers, therefore, contribute substantially to the error scores for con­
ditions 3 and 4. This is not surprising in that the references for 3 and 4 were derived from 
male speakers only. 

1624 THE BELL SYSTEM TECHNICAL JOURNAL, MAY-JUNE 1978 



9.0.----------------------------, 

8.1 

'0 7.2 

x 
~ a3 0 WORDS 

~ 6 SENTENCES 
a: 
~ 5.4 

~ 4.5 
« 
a: 
a: 
o 3.6 
a: 
a: 
UJ 

~ 2.7 
tJ) 
a: 
« 
c.. 1.8 

0.9 

0.8 1.6 2.4 

WORD AND SENTENCE ERROR RATES 

3.2 4.0 4.8 5.6 6.4 

ACOUSTIC ERROR RATE IN PERCENT x 101 
7.2 8.0 

Fig. 2-Parsed error rate as a function of acoustic error rate for both words and sen­
tences. 

rates with the parsed rates. This seems reasonable since the five­
candidate rate gives a good measure of the quality of the acoustic rec­
ognizer in the sense of indicating whether the true word has a good 
chance of having a low score. 

Finally, individual parsed error rates collected from all speakers and 
conditions are plotted versus individual acoustic word error rates (best 
candidate) in Fig. 2 to characterize the effectiveness of the parser over 
the widest possible range of performance. This figure is analogous to the 
one in the companion paper by Levinson3 which shows simulated results. 
The trends in both figures are the same, but the parsed error rates are 
significantly greater functions of acoustic error rate for the actual rec­
ognizer than for the simulation. The solid curves drawn have been fitted 
by eye. Note that although there is considerable scatter among the in­
dividual parsed sentence error rates the trend is almost linear. It is evi­
dent that even though the parser is a highly effective corrector of acoustic 
word errors this beneficial effect is neutralized to some degree by the 
highly sensitive dependence of sentence error on word error. 

v. CONCLUSION 

The command ensemble for an automatic word recognizer can be 
greatly expanded by forming complete sentences from a relatively 
modest word vocabulary. For applications where speaking discipline can 
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be exercised, complete sentences can be input on a word-by-word basis. 
The present study demonstrates that realistic syntactic constraints can 
dramatically compensate acoustic errors by the use of a well-constructed 
parser. 
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In this paper we examine the effects of an algorithm for syntactic 
analysis on word recognition accuracy. The behavior of the algorithm 
is studied by means of a computer simulation. We describe the syntactic 
analysis technique, the problem domain to which it was applied, and 
the details of the simulation. We then present the results of the simu­
lation and their implications. We find, for example, that an acoustic 
word error rate of 10 percent is reduced to 0.2 percent after syntactic 
analysis, resulting in a sentence error rate of 1 percent. These figures 
are based on a 127-word vocabulary and an average of 10.3 words per 
sentence for 1000 sentences. We expect that these results are indicative 
of the performance which will be attained by a real speech recognition 
system which uses the syntactic analysis algorithm described 
herein. 

I. INTRODUCTION 

The utility and flexibility of a speech recognition system can be sub­
stantially expanded if it can accept sentence length utterances rather 
than single words. Simultaneously, accuracy can be greatly improved 
by exploiting the grammatical constraints of language on the input 
sentences.1,2,3 

The purpose of this investigation is to establish, by means of a com­
puter simulation, how much improvement in reliability can be obtained 
by using a particular optimal method for syntactic analysis in conjunc­
tion with an isolated word recognition system. 

This paper is in five sections. First we give a description of the method 
of syntax analysis under consideration. In the second section we describe 
the content and the semantic and grammatical structure of the problem 
domain to which we intend to apply the analysis. The third section is 
devoted to a description of the simulation, particularly of the acoustic 
recognizer and the procedure for generating random sentences. In the 
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Fig. 1-Block diagram of the speech recognition system. 

fourth section we present the results of the simulation. We conclude with 
an evaluation of the results and a brief discussion of directions for further 
investigations. 

It should be said at the outset that the results of this experiment are 
encouraging. We find that, by using the grammatical constraints for our 
problem domain, the syntax analyzer reduces the acoustic error rate from 
10 percent to 0.2 percent. This results in a sentence error rate of 1 per· 
cent. The sentences were composed from a 127 ·word vocabulary and 
contained an average of 10.3 words per sentence over 1000 randomly 
generated sentences. 

We believe that these figures, with the more detailed results given in 
Section IV, are indicative of those which will be attained when the 
method of syntax analysis described herein is incorporated into a real 
speech recognition system. 

II. AN OPTIMAL ALGORITHM FOR SYNTAX ANALYSIS 

The type of speech recognition system we are evaluating is shown in 
Fig. 1, and its operation may be formally described as follows. 

Let the language, L, be the subset of English used in a particular 
speech recognition task. Sentences in L are composed from the vocab· 
ulary, V, consisting of the M words UbU2,. • • UM. Let W be an arbitrary 
sentence in the language. Then we write W ELand 

(1) 

where each Wi is a vocabulary word which we signify by writing Wi E V 
for 1:::S; i :::s; k. Clearly W contains k words, and we will often denote this 
by writing I WI = k. Similarly the number of sentences in L will be de· 
noted by IL I. 

The sentence W of eq. (1) is encoded in the speech signal x (t) and 
input to the acoustic recognizer from which is obtained the probably 
corrupted string 

(2) 

where Wi E V for 1 :::s; i :::s; k but W is not, in general, a sentence in L. 
The acoustic recognizer also produces the matrix [dij ] whose ijth entry, 

dij, is the distance, as measured by some metric in an appropriate pattern 
space, from the ith word, Wi to the prototype for thejth vocabulary word, 
Vj, for 1 :::s; i :::s; k and 1 :::s; j :::s; M. 
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Fig. 2-Example state transition diagram. 

The syntax analyzer then produces the string 

W = WIW2··· Wk 

for which the total distance, D(W), given by 

A k 
D( W) = L diji 1 ~ h ~ M 

i=l 

(3) 

(4) 

is minimized subject to the constraint that W E L. Thus the syntax 
analysis is optimal in the sense of minimum distance. 

Since, in general, W $ L, whereas W was assumed to be grammatically 
well-formed (i.e. W E L), the process should correct word recognition 
errors. 

In principle one could minimize the objective function of eq. (4) by 
computing D(W) 'V W ELand choosing the smallest value. In practice, 
when I L I is large, this is impossible. One must perform the optimization 
efficiently. It has been shown by Lipton and Synder4 that for a particular 
class of languages one can minimize D (W) in time proportional to I WI. 
In fact one can optimize any reasonable objective function in time linear 
in the length of the input. 
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The particular class of languages for which the efficiency can be at­
tained is called the class of Regular languages. For the purposes of this 
discussion we shall define the class of Regular languages as that class for 
which each member language can be represented by an abstract graph 
called a state transition diagram. 

A state transition diagram consists of a finite set of vertices or states, 
Q, and a set of edges or transitions connecting the states. Each such edge 
is labeled with some Vi E V. The exact manner of the interconnection 
of states is specified symbolically by a transition function, 0, where 

O:(Q X V) - Q (5) 

That is, if a state qi E Q is connected to another state qj E Q by an edge 
labeled Vrn E V then 

(6) 

We also define a set of accepting states, Z c Q, which has the significance 
that a string W = WIW2 ••• Wk, where Wi E V for 1 ~ i ~ k, is a well­
formed sentence in the language, L, represented by the state transition 
diagram if and only if there is a path starting at q 1 and terminating in 
some qj E Z whose edges are labeled, in order, WI,W2, ••• Wk. 

Alternatively we may write W E L iff 

OI(ql,WI) = qh 

02(qj,W2) = qh 

Ok (qjk-l'Wk) = qjk E Z 

(7) 

We may then define the language, L, as the set of all W satisfying eq. 
(7). An example of these concepts is shown in Fig. 2. The accepting states 
are marked by asterisks. 

While the definition given above of a Regular language is mathema­
tically rigorous, it is not the standard one used in the literature on formal 
language theory but rather has been specifically tailored to the notational 
requirements of this paper. The interested reader is urged to refer to 
Hopcroft and UllmanlO for a standard and complete introduction to 
formal language theory. 

In the following discussion we shall restrict ourselves to finite Regular 
languages, i.e., those for which I L I is finite. This restriction in no way 
alters the theory but its practical importance will become obvious in what 
follows. The finiteness of the language implies that its state transition 
diagram has no circuits, i.e., no paths of any length starting and ending 
at the same state. Thus there is some maximum sentence length which 
we shall denote, lmax. 
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We now turn to the problem of efficiently solving the minimization 
problem of eq. (4). To do this we shall define two data structures <I> and 
'It which will be used to store the estimates of D (W), and W, respec­
tively. 

The first stage of the algorithm is the initialization procedure in which 
we set 

<l>i(q) = {O for q =.qO and i = 0 
ex:> otherwIse 

'lti(q) = 0 1 ~ i ~ I WI = k; V q E Q (8) 

The data structures have two indices. The subscript is the position of 
the word in the sentence and the argument in parentheses refers to the 
state so that the storage required for each array is, at most, the product 
of lmax + 1 and IQI, the number of states in the set Q. 

After initialization we utilize a dynamic programming technique de­
fined by the following recursion relations: 

(9) 

where the set Ll is given by: 

Ll = {o(qp,Vj) = q} (10) 

Then 

(11) 

where Wi is just the Vj which minimizes <l>i(q). Equation (11) is under­
stood to mean that the word Wi is simply appended to to the string 
'lti-l (qp). 

Unfortunately the concatenation operation is not easily implemented 
on general purpose computers so we change the recursion of eq. (11) by 
making 'It into a linked list structure of the form: 

'lt1i(q) = qp 

(12) 

Then when i = k we can trace back through the linked list of eq. (12) and 
construct the sentence W as follows: First find qf E Z such that 

<l>k (qf) = min {<I>k (q)} (13) 
qEZ 

set q = qf and then for i = k,k - l,k - 2, ... ,1 

Wi = 'lt2i(q) 

q = 'lt1i(q) (14) 
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Table I - Example [d;j] matrix 

Code Vocabulary word 1=1 1=2 1=3 1=4 1=5 

1 Is 9 9 1 8 4 
2 Fare 2 2 5 3 1 
3 I 7 3 2 3 2 
4 Want 2 9 4 7 3 
5 Would 1 5 4 8 2 
6 Like 2 5 2 6 5 
7 Some 2 1 9 8 3 
8 Information 7 7 4 7 8 
9 Please 2 3 2 4 9 

10 To 4 5 8 1 7 
11 Make 6 3 9 8 5 
12 A 4 7 6 9 8 
13 Reservation 3 6 7 8 9 
14 Return 9 7 6 4 8 
15 The 8 6 5 2 3 
16 Morning 3 4 5 6 7 
17 First 8 6 8 7 5 
18 Class 5 5 4 3 9 
19 Seat 9 9 8 7 3 
20 Non-stop 3 3 4 5 8 
21 Flight 9 8 3 5 6 
22 Will 6 7 7 6 5 
23 Pay 4 4 4 4 3 
24 In 3 3 3 6 9 
25 Cash 5 4 3 7 6 
26 How 2 9 8 7 5 
27 Much 6 2 8 4 9 
28 Need 7 6 5 4 3 

Thus the sentence W is computed from right to left. 
The operation of the above algorithm is illustrated in Tables I, II, and 

III. Table I shows the vocabulary words of the language diagrammed in 
Fig. 2 along with numerical codes and a sample [dij ] matrix. Table II 
shows the details of the operation of the algorithm for i = 0,1,2. Table 
III shows the results after the sentence has been completely analyzed. 

By locating the smallest entry in each column of the sample [dij ] 

matrix of Table I, it can be seen that the acoustic transcription of the 
sentence from which this matrix was produced is: WOULD SOME IS TO 

F ARE. Clearly this is not a valid English sentence nor is there any path 
through the state transition diagram of Fig. 2 whose edges are so la­
beled. 

Following Table II the reader can trace the operation of the algorithm 
as it ,computes the valid sentence having the smallest total distance. First 
the <I> and 'It arrays are initialized according to eq. (8). To make the figure 
easier to read, this has been shown only for i = o. 

Note that there are two transitions from state 1; one to state 2 labeled 
I and the other to state 8 labeled HOW. Accordingly <1>1 (2) is set to 7, the 
metric for I; \{In (2) is set to 1, the state at the beginning of the transition 
and 'l!21 is set t03, the code for the transition label I. Similarly <1>1 (8) is 
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Table II - Detailed operation of the first three stages of the 
algorithm 

Position 
Code Word 1 2 

3 I 7 3 
4 Want 2 9 
28 Need 7 6 
5 Would 1 5 
22 Will 6 7 
26 How 2 9 

9 27 Much 6 2 

i\q 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18 19 20 21 22 23 24 

¢o 0 00 00 00 00 <Xl <Xl <Xl <Xl <Xl <Xl <Xl <Xl <Xl <Xl 

1f1O 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 
1f20 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 
¢1 7 2 

1f11 1 1 
1f21 3 26 
¢2 13 12 4 14 

1f12 2 2 8 2 
1f22 28 5 27 22 

Table III - Final results of the algorithm 

i\q 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18 19 20 22 23 24 

¢o o <Xl <Xl <Xl <Xl <Xl 00 00 00 <Xl <Xl <Xl 

1f1O 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 
1f20 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 
¢1 7 2 

1f11 1 1 
1f21 3 26 
¢2 13 12 4 14 

1f12 2 2 8 2 
1f22 28 5 27 22 
¢3 14 22 5 21 19 18 

1f13 7 3 9 3 3 22 
1f23 6 7 1 10 12 23 
¢4 22 29 7 15 29 23 26 24 25 24 

1f14 3 4 10 3 12 3 15 15 12 23 
1f24 7 8 15 10 11 12 17 20 14 24 
¢5 30 8 20 37 28 35 31 23 34 

1{I15 4 11 12 13 15 16 15 12 19 
1f25 8 2 11 12 17 18 20 14 24 

set to 2, the metric for HOW; W1l (8) is set to 1 as before and W21 (8) is set 
to 26, the code for HOW. All other entries remain unchanged. 

In the next stage more transitions become possible. Note in particular 
that there are two possible transitions from state 2 to state 3. In accor­
dance with eq. (9), the one labeled NEED is chosen since it results in the 
smallest total distance, 13, which is entered in <1>2(3); W12(3) is set to 2, 
the previous state, and W22(3) is set to 28, the code for NEED. Transitions 
to state 7, 9, and 22 are also permissible and thus these columns are filled 
in according to the same procedure. 
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The completion of this phase of the algorithm results in <I> and 'It as 
shown in Table III. We can now trace back according to eqs. (13) and (14) 
to find W. From Fig. 2 we see that there are two accepting states, 5 and 
6. <1>5(6) is 8 which is less than 30, the value of <1>5(5), so we start tracing 
back from state 6. The optimal state sequence is, in reverse order, 
6,11,10,9,8,1. The corresponding word codes which, when reversed, de­
code to the sentence: HOW MUCH IS THE FARE. 

One final note: from the operation of the algorithm it should be clear 
that it is not necessary to retain <l>i(q) for.O ~ i ~ IWI. At the ith stage 
one needs only <l>i-l(q) to compute <l>i(q). Thus the storage requirements 
are nearly halved in the actual implementation. 

In closing we should note that this scheme is formally the same as 
(though conceptually different from) the Viterbi5 algorithm and similar 
to methods used by Baker6 and stochastic parsing techniques discussed 
in Fu7 and Paz.8 The crucial difference is that in the cited references, 
estimates of transitions probabilities are used whereas in this method 
the transitions are deterministic and the probabilities used are only those 
conditioned on the input x (t). 

III. THE SEMANTIC AND GRAMMATICAL STRUCTURE OF THE 
RECOGNITION TASK 

In this section we shall discuss the application of the abstractions of 
the previous section to a particular speech recognition problem domain. 
The task which was finally selected was that of an airline information 
and reservation system. The choice was made for three reasons. First, 
the problem is difficult enough so that even under some artificial con­
straints, it is a significant test of the above described techniques. Second, 
previous work by Rosenberg and ltakura9 which used single words rather 
than sentences composed of isolated words as input was available for 
purposes of comparison. Third, it affords the opportunity to add modes 
of human/machine communication such as speaker verification and voice 
response. 

The semantics of the language we designed limits a user to the fol­
lowing types of messages. First, one may state the desired kind of 
transaction (i.e., requesting flight information or making a reservation). 
Then, one may make a reservation either by providing all necessary in­
formation in one sentence or by giving answers to questions as required. 
The user may select arrival and/or departure dates, times and cities, 
number of stops, number and class of seats, specific flight numbers and 
aircraft types. Alternatively, the user may ask questions about arrival 
and/or departure dates, times and locations of specific flights, the type 
of aircraft, the number of stops, the fare, the number of meals served and 
the flight time. Finally, he may request a repeat of any information or 
supply telephone numbers and method of payment. 
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For most of the above messages there are several acceptable gram­
matical structures of sentences conveying the same semantic informa­
tion. 

In order to limit the complexity of the syntactic analysis, certain ar-
bitrary constraints were imposed: 

(i) Dates consist of two digits followed by the name of the month. 
(ii) Flight numbers are limited to one or two digits. 
(iii) The vocabulary includes the names of only ten cities. 
(iv) The length of the longest sentences is 22 words. 

It was felt that these constraints could all be relaxed if so desired without 
making major system modifications. 

Next we give an informal specification of the syntactic structure. In 
this description phrases enclosed in curly brackets are alternatives. 
Those enclosed in square brackets are optional, while those within angle 
brackets represent a class of words of the indicated type. 

{
WANT } { SOME INFORMATION } I 

I WOULD LIKE TO MAKE A RESERVATION [p ease] 

{
WANT } {LEGA~E} I TO [FROM (city) ][TO (city)] 

WOULD LIKE RETURN 

DEPART 

[oN][(day)] [{~:~N~=~ON}] [THE (date)] 
EVENING 

NIGHT 

{
AT WHAT TIME} .. DO FLIG HTS LEAVE [( CIty) ] FOR (CIty) 

WHEN 

{
ARE THERE} . 

HOW MANY FLIGHTS GO [FROM (CIty)] 

TO (city) ON [day] [{~:T:~=~ON}] [THE (date)] 
EVENING 

NIGHT 

WHAT PLANE IS ON FLIGHT (flightnumber) [TO (city)] 

{ WHAT } IS THE FARE [FROM (city)] [TO (city)] 
HOW MUCH 

IS A MEAL SERVED ON [THE] FLIGHT [(flightnumber) ][TO (city)] 

EFFECTS OF SYNTACTIC ANALYSIS 1635 



I WOULD LIKE FLIGHT [NUMBER] (flightnumber) 
{

WANT } 

WILL TAKE 

. [ {~::E~:~ON}] [TO (CIty)] ON (day) [THE (date)] 
NIGHT 

EVENING 

{

WANT } . . FIRST CLASS 
I NEED (dIgIt) [ {COACH } ] SEAT [8]. 

WOULD LIKE 

I PREFER THE [( manufacturer)] (aircraft type). 

I { WANT } TO GO AT (hour) {: .. :.. } 
WOULD LIKE 

O'CLOCK 

(flightnumber) 
FARE 
ARRIVAL TIME [8] 

PLEASE REPEAT THE DEPARTURE 
PLANE 
NUMBER OF MEALS 

{
AT WHAT TIME} FLIGHTS 

DOES FLIGHT (flightnumber) 
WHEN 

[ {
FROM} (city) ] { ARRIVE} 

TO DEPART 

CASH 

{

AMERICAN EXPRESS} 
I WILL PAY BY 

DINERS CLUB 

MASTER CHARGE 

MY { HOME} PHONE [NUMBER] IS [AREA CODE] 
OFFICE 

[(area code number)] (phone number) 

{
WANT } 

I A NON-STOP FLIGHT 
WOULD LIKE 
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HOW MANY STOPS ARE THERE ON FLIGHT (flight number) 

[ {
FROM} ] [ {~FOT:~=~ON} ] (city) ON (day) [THE (DATE)] 

TO EVENING 

NIGHT 

WHAT IS THE FLIGHT TIME [FROM (city)] [TO (city)] 

The above description is too informal to define every detail of the 
Flight Information Language. It should, however, give the reader a 
feeling for the basic syntax and semantics. This specification of the 
language is quite useless for the purpose of the syntax analysis algorithm. 
For that purpose we have produced a formal specification of the lan­
guage, the state transition diagram for which is shown in Fig. 3. From 
this graph it may be seen that I VI = 127; I o~ = 450; I Q I = 144 and IZI 
= 21 with the accepting states being designated by asterisk. 

IV. DETAILS OF THE SIMULATION 

The simulation of the speech recognition system based upon the 
analysis described above may be treated as three separate problems. 
They are: (i) Random generation of many well-formed sentences, (ii) 
computing a [dij ] matrix for each in such a way that the number of 
acoustic errors resulting from a nearest-neighbor decision rule is con­
trollable, and (iii) syntactically analyzing the sentences and tabulating 
the appropriate statistics automatically. We shall now discuss these in 
order. 

The method for generating random sentences in the language is just 
the following algorithm: 

(i) W -- O;qi -- ql (W gets the null string) 
at the i th stage, 

(ii) Chose a word, Wki E V 
(iii) If O(qi,Wk) :rf qj for some j go to (2) 

else W -- W Wki (W gets itself concatenated with WkJ 

qi -qj 
(iv) If q E Z and p < () where 

p is a pseudorandom number and 0 is some threshold, STOP; else 
go to (2) 

When the procedure terminates, W = WklWk2 . . . Wk/; l ~ lmax. Obviously 
by changing the threshold, 0, one can vary the average length of the 
sentences produced. In the actual simulation, p was uniformly distrib­
uted on (%, -1f2) and () was set to -0.25 producing an average sentence 
length of 10.3 words. 

In aU, 42,000 such sentences were generated. In addition we made up 
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Fig. 3-State transition diagram of the Flight Information and Reservation Lan­
guage. 
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Fig. 3 (continued) 
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an additional 171 sentences averaging 9.7 words in length to use as a 
check against the randomly generated sentences. The additional sen­
tences comprised several realistic transactions between airline customers 
and an automated flight information and reservation system. 
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The procedure for generating a [dij ] matrix simulating one which 
might be produced by acoustic recognition for the randomly selected 
sentence W = WIW2··· Wk is as follows. Corresponding to each Vj E V 
we assign the five-dimensional Gaussian density function 

Pj(x) = (271")-5/2 1 UI-1/2e -1/2(x-mj)U-1(x-mj)T (15) 

where the covariance matrix, U, was chosen, for convenience, to be 

o 
U= 

for selected values of 0-2• The mean vectors 

mj= (mlj,m2j,m3j,m4j,m5j) 

were fixed by selecting the mij at random from 

mij = {~ for 1", I '" 5; 1 "'j '" WI 

(16) 

(17) 

until the 127 mean vectors were defined. Then for Wi = Vj, a random 
vector y was drawn frompj(x) and distances were computed according 
to: 

(18) 

where the norm is the simple Euclidean distance. Equation (18) was 
evaluated for 1 ~ i ~ k thus all entries in the [dij] matrix were computed 
for each sentence W. 

The acoustic recognition was simulated by a nearest neighbor rule so 
that Wi = Vj if 

dij ~ din for 1·~ n ~ I VI (19) 

Again, eq. (19) was applied for 1 ~ i ~ kand ties were arbitrarily broken. 
Clearly by changing the value of 0-2 in eqs. (15) and (16) the simulated 
acoustic error rate can be varied with small values of 0-2 producing low 
error rates. 

Given the foregoing discussion, description of the simulation is quite 
simple. A set of 1000 random .sentences was generated and its distance 
matrices computed. The:sentences were syntactically analyzed and errors 
counted. This was done for 0.05 ~ 0- ~ 2.1 with 0- being incremented by 
0.05 for each set of 1000 sentences. 

In addition, the specially formulated 171 sentences were typed in and 
processed. In this case 0- was fixed at a value of 0.245 which resulted in 
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Fig. 4-Error rates as a function of CT. 

an acoustic error rate of 11 percent which is close to the value observed 
by Rosenberg and Itakura9 for a similar word recognition task. Error 
rates were measured for these sentences as well. 

V. SIMULATION RESULTS 

The overall results of the simulation are encouraging, showing con­
siderable improvement in word and sentence recognition accuracy. Given 
an acoustic error rate of 10 percent on 1000 randomly generated sen­
tences averaging 10.3 words per sentence, syntactic analysis reduces the 
word error rate to 0.2 percent resulting in a sentence error rate of 1 
percent. A sentence is in error if even one word is improperly classified. 
For the test set of 171 sentences containing 1662 words, an 11 percent 
acoustic word error rate was lowered to 0.2 percent after syntactic 
analysis resulting in a 1.2 percent sentence error rate. The actual time 
required to analyze a 22-word sentence on the Data General Nova 840 
is a small fraction of a second. 

Details of the results are best given in the accompanying figures. 
Figure 4 is a plot of acoustic and syntactic word error probabilities as a 
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1.0 

function of (J of eqs. (15) and (16). Each point marked with a symbol is 
an observed data point based on the results obtained from 1000 sen­
tences. It should be noted that the results for each point are based upon 
different sentences. The solid lines are obtained from a nonlinear 
least-squares fit of the data to the equation 

p = ala2 

e a3a 2 + (al - a3(2)e-CXl(1 
(20) 

The method used in fitting the data is described by McCalla.l1 The curve 
of eq. (20) is called a logistic curve; its significance is discussed in detail 
by Braun.12 For the simulated data the standard deviation of the actual 
data from the fitted curve was <0.005. 

Figure 5 shows the word and sentence error probabilities as a function 
of the acoustic word error probability. Once again the marked points are 
derived from sets of 1000 randomly generated sentences while the solid 
curves are obtained by fitting the data to an exponential curve of the 
form 

(21) 
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Once again the resulting fits were good having a standard deviation 
of <0.004. 

VI. CONCLUSIONS 

It is clear from the results of the simulation that the syntax analysis 
algorithm is very fast and effective in eliminating word recognition errors 
which occur at the acoustic level. It is expected that the performance of 
the algorithm for real speech input will depend on the characteristics 
of the acoustic recognizer and the task language. However, we believe 
that our results are indicative of the performance which can be attained 
in real speech recognition systems. 

There are several areas for further research which are immediately 
suggested by this work. Although this entire presentation has been ori­
ented-toward the grammatical structure of sentences, the method de­
scribed is certainly not restricted to that area. For example, the phonemic 
structure of words can be specified by a formal language as can the 
composition of acoustic features into phenomes. We therefore feel that 
optimal syntax analysis methods will be useful in more difficult speech 
recognition tasks than the one described here. 

Another useful extension of the technique would be achieved by re­
taining the same optimality criterion while relaxing the restriction that 
I WI = I WI· In other words, the algorithm would be allowed to insert and 
delete words. This could be an important aid in the solution of the seg­
mentation problem in continuous speech. 

On the theoretical side, it would be enlightening to derive analytical 
expressions for the average probability of error for the syntax analyzer, 
given the properties of the language and a characterization of the acoustic 
recognizer. Perhaps for this purpose the entropy or redundancy of the 
language might be sufficient, while the acoustic recognizer might be 
viewed as a noisy channel and characterized by its equivocation or ca­
pacity. In any event, it seems obvious that an information theoretic 
analysis would provide insights into the behavior of speech recognition 
systems. 

Finally we note that Regular languages are the most simple syntactic 
structures. One naturally wonders whether efficient, optimal methods 
exist for formal languages of much greater complexity which would be 
better models of Natural Language. 

In summary, we may say that optimal syntactic analysis techniques 
are useful and powerful tools to be used in tractable speech recognition 
tasks as well as being interesting mathematical objects. 
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Concentrating rooted tree networks of discrete-time single server 
queues, all with unit service time, are considered. Such networks occur 
as subnetworks connecting remote access terminals to a node in a data 
communications network. It is shown that the network of queues may 
be replaced by a single queue, with prescribed input, which has the same 
output as the queue at the root of the tree. The result is applied, in 
particular, to the case of several queues in tandem, and it is shown how 
this problem may be reduced to that of just two queues in tandem. The 
latter problem was analyzed earlier by the author. 

I. INTRODUCTION 

In this paper we consider concentrating rooted tree networks of dis­
crete-time single server queues, all with unit service time. Such networks 
occur as subnetworks connecting remote access terminals to a node in 
a data communications network.1 Our purpose is to show that the rooted 
tree network of queues may be replaced by a single queue, with pre­
scribed input, which has the same output as the queue at the root of the 
tree. In particular, the result is applied to the case of queues in tan­
dem. 

In Section II we consider the pooling of data from M buffers into a 
single buffer, which also receives data from another source, as depicted 
in Fig. 1. We establish a combinatorial lemma which shows that there 
is.a single equivalent buffer, with prescribed input, and the same output 
as the buffer in which the data is pooled. It is then pointed out how this 
result ,may be applied to a concentrating rooted tree network of queues, 
such as the one depicted in Fig. 3. A related observation was made by 
Kaspi and Rubinovitch2 in connection with networks of continuous time 
queues involving the pooling of data from inputs with idle periods that 
are exponentially distributed. 
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Fig. I-Schematic of pooling of data from several buffers into a single buffer. 

In Section III we consider the repeated application of the lemma to 
the case of several queues in tandem, as depicted in Fig. 4. It is shown 
how this problem may be reduced to that of just two queues in tandem, 
so that the results obtained for that problem3 may be applied. Specifi­
cally, in the case that the input processes z}!), i = 1, ... ,I, are mutually 
independent, and each process is a sequence of independent identically 
distributed nonnegative integer valued random variables, the generating 
function of the steady state distribution of the content of each buffer 
in Fig. 4 may be determined. Also, under the assumption that all arrivals 
take place at the end of a unit time interval, the average waiting time in 
each queue may be obtained. 

II. COMBINATORIAL LEMMA 

We first consider the pooling of data from M buffers into a single 
buffer, which also receives data from another source, as depicted in Fig. 
1. It is assumed that a buffer transmits one packet, the basic unit of data, 
in a unit time interval, provided that it is not empty, and that the buffers 
are of unlimited size. Let bW), j = 1, ... ,M, denote the contents of the 
M buffers at time n, and let xW) denote the corresponding number of 
packets entering the buffers in the time interval (n,n + 1]. We define 

U(f) = {I, f: 1,2, ... , 
0, f - 0. 

(1) 

Then the contents of the buffers at time (n + 1) are given by the equa­
tions 

(2) 

for n = 0,1,2, .... It is assumed that the initial contents bo (j), as well as 
the inputs xW), are nonnegative integers. 

The outputs of the M buffers enter another buffer, the content of 
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which at time n is denoted by Cn. Also, the number of packets entering 
this other buffer in the time interval (n,n + 1] from another source is 
denoted by Yn' Then the content of this buffer at time (n + 1) is given 
by the equation 

M (j) 
Cn+l = Cn - U(cn) + L U(b n ) + Yn, (3) 

j=l 

for n = 0,1,2, .... It is assumed that the initial content Co, as well as the 
inputs Yn, are nonnegative integers. We now show that there is a single 
equivalent buffer, with prescribed input, which has the same output. 

Let en denote the content of the equivalent buffer at time n, and de­
fine 

eo = Co, 

M 
en = ~ [b (j) (j)] + L- n - Xn-l Cn, n = 1,2, .... 

j=l 

Further, we define the inputs 

M . 
Wo = L bo(j) + Yo, 

j=l 

_ M (j) 
Wn - L Xn-l + Yn, n = 1,2, .... 

j=l 

Then we have the following 

Lemma 1. Subject to (1 )-(5), en isa nonnegative integer, and 

U(en) = U(cn), 

(4) 

(5) 

(6) 

Proof: It follows from (2)-(4) that 

_ M (j) 
en+l - L bn + Cn - U(cn) + Yn, n = 0,1,2, . . . . (7) 

j=l 

But, from (1), P - U(P) ~ 0. Hence en+l is a nonnegative integer for n 
= 0,1,2, ... , and so is eo = Co, by assumption. Moreover, en+l = ° implies 
that b~) = 0, j = 1, ... ,M, Cn = U(cn) and Yn = 0, and hence, from (3), 
that Cn+l = 0. On the other hand, Cn+l = ° also implies that b~) = O,j = 
1, ... , M, Cn = U(cn) and Yn = 0, and hence, from (7), that en+l = 0. 
Therefore U(en+l) = U(Cn+l), n = 0,1,2, ... , and U(eo) = U(co) since 
eo = Co. Finally, from (7), with the help of (4) and (5), 

(8) 

Since we have just shown that U(en) = U(cn), n = 0,1,2, ... , this com-
pletes the proof of the lemma. . 
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STREAM 1 

STREAM 1 

STREAM 2 

STREAM 2 

(a) (b) 

Fig. 2-(a) Queue, Q, fed by two independent input streams, and (b) Queue, Q3, fed by 
the outputs of two queues, Ql and Q2, which are fed separately by the two input 
streams. 

In the particular case M = 2 and Yn == 0, Ziegler and Schilling4 obtained 
a related result, not restricted to discrete-time queues. They considered 
single server queues with identical constant service times, but assumed 
that the interarrival times between packets for each of the two inde­
pendent input streams were governed by some general probability dis­
tribution. They compared a queue, Q, fed directly by the two input 
streams, and a queue, Q3, fed by the outputs of two queues, Ql and Q2, 
which are fed separately by the two input streams, as depicted in Fig. 
2a and b. They established that the number of packets serviced at Q 
during its jth busy period is equal to the number serviced at Q3 during 
its jth busy period, and hence that the jth idle periods at Q and Q3 have 
the same duration. Note that in the discrete-time case we have shown 
that U(en ) = U(cn ), so that the corresponding buffers are empty at the 
same times. 

Returning to our lemma, the result may be applied to concentrating 
rooted tree networks of discrete-time single server queues with unit 
service time, such as the network depicted in Fig. 3. The queues Ql, Q2 
and Q3 may be replaced by a single equivalent queue, Q3 say, which has 
a prescribed input sequence, Z~3) say, and the same output as Q3. Then, 
by a second application of the lemma, the queues Q3, Q4, Q5 and Q6 may 
be replaced by a single equivalent queue, Q6 say, which has a prescribed 
input sequence, zA6) say, and the same output as Q6. Thus the rooted tree 
network of Fig. 3 may be replaced by a single queue with the same output 
and prescribed input. In the next section we consider the repeated ap­
plication of the lemma to several queues in tandem. 

III. TANDEM QUEUES 

We now consider [discrete-time single server queues, with unit service 
times, in tandem, as depicted in Fig. 4. The output of buffer i enters 
bufferi + 1,for i = 1, ... ,[ - 1. Let d~), i = 1, ... ,[,denote the content 
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(61 
Zn 

Fig. 3-Example of a concentrating rooted tree network of queues. 

of buffer i at time n, and let z~) denote the corresponding number of 
packets entering the buffer from a source in the time interval (n,n + 1]. 
For convenience, we define d~O) == O. Then the content of buffer i at time 
n + 1 is given by the equation 

d~tl = d~) - U(d~» + U(d~-l» + z~), (9) 

for n = 0,1,2, ... , and i = 1, ... , I. It is assumed that the initial contents 
dbi), as well as the inputs z~), are nonnegative integers. 

Let 

eo(i+l) = dbi+1), i = 1, ... ,I - 1, 

and 

e~l) = d~l), n = 0,1,2, .... 

Moreover, define 

{ 

~ (k) 
~ Zn-i+k, 

( ") k=l 
V t = 

n d (i-n-l)+ ~ z(k)" 
o ~ n-t+k, 

k=i-n 

n = i - l,i, ... , 

n = 0, ... ,i - 2, 

for i = 1, ... , I, and let 

e~+l) = e~) + d~+l) - V~~l' 

for n = 1,2, ... , and i = 1, ... , I - 1. Then we have the following 

Lemma 2. Subject to (9)-(13), e~) is a nonnegative integer, and 

U(e~» = U(d~», 

e~tl = e~) - U(e~» + v~), 

(10) 

(11) 

(12) 

(13) 

(14) 
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for n = 0,1,2, ... , and i = 1, ... , I. 

Proof: Since dAO) == 0, it follows by definition, from (9), (11), and (12), that 
the lemma holds for i = 1. We proceed by induction on i. We assume that 
the lemma holds for some i < I, and will show that it holds for i + 1. We 
identify e~), d~+l), e~+l), u~) and Z~+l) with b~l), en, en, x~l) and Yn, re­
spectively, for n = 0,1,2, .... The induction hypothesis then implies (2), 
with M = 1, and, from (9), 

d~tl) = d~+l) - U(d~+1») + U(e~») + z~+1), (15) 

and hence (3), with M = 1. Moreover, (10) and (13) imply that (4) holds, 
with M = 1. Hence, from Lemma 1, with M = 1, it follows that e~+l) is 
a nonnegative integer, and 

U(e~+l») = U(d~+1»), n = 0,1,2, .... 

Also, using (5), 

and 

e~tP = e~+1) - U(e~+1») + U~~l + z~+l), 
for n = 1,2, .... 

But, from (10)-(12), 

ebi) + zg+l) = dg) + zg+l) = ug+l). 

Also, for i ~ 2 and n = 1, ... , i-I, 

.. i+l 
U(l) + Z(!+l) = d(i-n) + "" z(k) . = u(i+l) 
n-l n 0 ~ n-l-!+k n . 

k=i-n+l 

Finally, for n = i, i + 1, ... , 

Hence, from (17)-(21), 

e~tP = e~+l) - U(e~+1») + u~+l), 

(16) 

(17) 

(18) 

(19) 

(20) 

(21) 

(22) 

for n = 0,1,2, .... In view of (16), this completes the proof by induc­
tion. 

From (9) and (14) we have the following 

Corollary. For n = 0,1,2, ... , and i = 1, ... , I - 1, 

e~il = e~) - U(e~») + u~), 
d~tl) = d~+1) - U(d~+l») + U(e~») + z~+l). 

1650 THE BELL SYSTEM TECHNICAL JOURNAL, MAY-JUNE 1978 

(23). 



zl1) BUFFER 1 U(d~l)) BUFFER 2 U (d~2)) 
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Fig. 4-Schematic of several queues in tandem. 

Thus, by replacing the first i queues in Fig. 4 by a single equivalent 
queue, with the same output as the ith queue, we have reduced the 
problem of several queues in tandem to that of just two in tandem. 

Suppose now that the input processes z ~), i = 1, ... , I, are mutually 
independent, and that each is independently and identically distributed 
(i.i.d.), with 

(24) 

Then, from (12), 

(") i 
E(sv ~) = II ¢k(S), n = i - 1,i, ... , (25) 

k=l 

and the input processes u~) and z~i+ 1) are mutually independent, and each 
is i.i.d. The problem of two queues in tandem was investigated recently,3 
and the results are applicable to (23). The generating function of the 
steady state distribution of the contents of the two buffers was calcu­
lated, under the assumption that the mean combined input rate from 
the two sources is less than unity. Accordingly, we assume that 

I 
L E(z~») < 1. (26) 
i=l 

Then we may use (23) to calculate the generating function of the steady 
state distribution of the content of each buffer in Fig. 4. The initial values 
ubi), ... ,U}~2' for i ~ 2, do not affect the steady state distributions. 

A particular example was considered,3 in which the input to the first 
queue is geometrically distributed, while the input from the sou!ce into 
the second queue is either 0 or 1, with fixed probabilities. The steady 
state probability that the content of the second buffer exceeds m was 
calculated, and asymptotic results were derived for m » 1. It would be 
of interest to carry out an analogous derivation for the case of Poisson 
inputs to both queues. The results would be applicable to the case of 
Poisson inputs into I queues in tandem, corresponding to ¢i (s) = 
exp[~i(S - 1)] in (24). Then, from (25), the input process u~) is also 
Poisson, for n = i - 1,i, ... , with parameter ~~=1 ~k. 

Formulas were derived3 for the average waiting times in two queues 
in tandem, under the assumption that all arrivals take place at the end 

COMBINATORIAL LEMMA 1651 



of a unit time interval. The average waiting time in the second queue was 
taken over all arrivals to that queue, both from the source and from the 
first queue. The results may be applied to (23), to obtain the average 
waiting times in each of the I queues in Fig. 4. The averages are over all 
arrivals to each queue. 
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Pulse Dispersion Properties of Fibers 
with Various Material Constituents 
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W. G. FRENCH, J. R. SIMPSON, and E. WEISZMANN 

(Manuscript received November 11, 1977) 

Intermodal dispersion properties are compared for high silica fibers 
with borosilicate (B 20 3-Si00 and germania borosilicate (Ge02-
B 20 3-Si00 graded-index profiles. Pulse transmission measurements 
were systematically correlated with profile shapes so that new fibers 
could be fabricated with closer-to-optimal profile gradients at a 
wavelength of 907.5 nanometers. Germania borosilicate fibers with 
power law profile exponents (ex ~ 2.03) lowered intermodal dispersion 
50 times from the result expected for comparable step-index fibers with 
N.A. ~ 0.19. By contrast, borosilicate fibers with ex ~ 1.78 caused a 
100-fold pulse width reduction in fibers with N.A. ~ 0.14, corresponding 
to a 2cr = 0.13 ns/km pulse-broadening rate. 

I. INTRODUCTION 

Dispersive refractive index differences between material constituents 
(Ge02, B20 3, and Si02) for germania borosilicate core fibers cause modal 
group velocity differences to depend on the source wavelength (profile 
dispersion). Therefore, nonparabolic profile gradients are generally re-
quired to minimize pulse dispersion. . 

Previous time-domain transmission measurements!,2 were used to 
direct the fabrication of a nearly optimal borosilicate fiber. This paper 
compares more recent and extensive data for germania borosilicate fibers 
and borosilicate fibers at A = 907.5 nm wavelength corresponding to a 
GaAs injection laser. We have also characterized small profile undula­
tions about a nearly optimal power law shape which degrade intermodal 
dispersion characteristics. Another paper3 describe.s how profile dis­
persion influences fiber bandwidth properties at other wavelengths. 
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Fig. 1-Refractive-index profiles derived from interference micrographs: (a) a boro­
silicate graded-core fiber; (b) a germania borosilicate core fiber. The fitted curves are de­
termined from a weighted [eq. (1)] nonlinear least-squares fit to the data e. 

II. FIBER FABRICATION AND PROFILE EVALUATION 

The borosilicate fibers in this study have a uniform 1 B20 3-6 Si02 
cladding composition and a core in which the B20 3 concentration de­
creases from 14 mole percent to 0 percent at the center.4 Germania bo­
rosilicate fibers have a uniform Si02 cladding, a thin (2 ,urn) 1 B20 3-

9 Si02 b~rier layer and a core in which the Ge02 concentration increases 
from 0 percent to 8.5 mole percent at the center where the material 
composition is 2 Ge02-1 B20 3-21 Si02. The modified chemical vapor 
deposition process5 is used to deposit the appropriate glass compositions 
by the reaction of BCI3, GeCI4, and SiCl4 with oxygen at a temperature 
of 1400-1700°C inside a fused quartz substrate tube. In the case of the 
borosilicate fibers, the borosilicate cladding is first deposited followed 
by the graded borosilicate core. The germania borosilicate fibers are 
typically prepared by depositing 2 borosilicate barrier layers followed 
by 40-50 graded core layers. The fused quartz support tube is the clad­
ding in this case. The radial index profile is graded by a programmed 
variation of the chloride dopant concentrations in the reaction stream. 
After the composite substrate tube is collapsed into a solid preform 
structure and then drawn into fiber, the resultant index profiles are 
determined by interference microscopy of thin fiber cross sections.6,7 

Figure 1b shows a profile for a typical germania borosilicate fiber. The 
dip in the center is caused by Ge02 dopant burn-off during the collapse 
stage. This type of distortion does not appear in boron graded fibers (Fig. 
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1a) because the dopant concentration is very small at the core center. 
The dip at either edge of the germania borosilicate profile corresponds 
to the borosilicate layer at the core-cladding interface. The index profile 
parameter, (x, is determined by fitting power law profiles to the measured 
curve. The least-mean-square fit profile is determined from weighted 
differences between the measured and optimal curves according to: 

W . ht dOl d - [~(f1Nmeas - f1Npower law)2 W( )]1/2 elg e 70 ev. - ~ . ri 
i=1 ] 

where 

100 x--
f1Nmax 

W(ri) = rr (1 - r[)3/2 

f1N power law = N max (1 - ri) . 

(1) 

(2) 

The f1N's are index differences and ri is the distance from the core center 
divided by the core radius. The weighting function W(r1) [eq. (2)] was 
determined8 by computing the approximate number of modes that are 
confined to various sections of the profile. This reduces the importance 
of the core center, ri = 0, since only the lowest-order modes are confined 
there and of the profile tail, r1 = ±1, which is only important to high­
order modes. Maximum weight is placed on the radial region midway 
between the core and cladding. After obtaining a best fit (x, using the 
weighting function W(r), we determine the unweighted deviations of 
the data from the calculated profile. Typical unweighted deviations range 
from 1 to 3 percent from the least-mean-square fit power law profile. 
However, recent theoretical calculations9 have shown that 1 percent 
profile deviations can cause order-of-magnitude pulsewidth increases 
from the optimal 20" (min). 

Profile distortions can also be illustrated through scanning electron 
photomicrographs of etched fiber cross sections as in Fig. 2. The ridged 
structure midway between core and cladding is in the vicinity of the 
maximum gradient slope. This ridged distortion is observed in both 
boron and germania doped fibers, but it appears more prominent in the 
germania doped fibers due to the high doping in the center where the 
layers are farther apart. These distortions are due to differences in vol­
atility of the glass components which cause concentration variations in 
each layer deposited by MCVD. 

The concentration of core dopants may be measured directly by the 
use of electron-beam x-ray microanalysis techniques.I° An ETEC scan­
ning electron microscope equipped with a KEVEX energy dispersive x-ray 
spectrometer has been used to measure the germania concentration in 
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(b) Ge02 DOPED FIBERS 

Fig. 2-Scanning electron photomicrographs of etched fiber cross sections illustrate 
dopant concentration profiles for a boron graded profile and a germania graded profile. 

germania borosilicate core fibers as shown in Fig. 3. The high resolution 
of this technique generates data which more accurately represent the 
central germania depletion region than the index profile data (Fig. 1b) 
measured using thin section interference microscopy. The ridged 
structure seen in the germania borosilicate fiber is coincident with re­
gions of Ge02 concentration fluctuation. The germania concentration 
profile characterizes a fiber core in the same way as the refractive index 
profile, provided the effect of the boron is either independent of radius 
or negligible. Fitting the weighted power law function to the concen­
tration profile shown in Fig. 3, one obtains an ex of 2.12. 
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Fig. 3-Germania composition profile for a typical germania borosilicate fiber (the re­
fractive index profile for this same fiber is shown in Fig. lb). 

III. PULSE TRANSMISSION MEASUREMENTS AT A = 907.5 nm 

Pulse dispersion is characterized at A = 907.5 nm by injecting impulses 
of light (3 dB width = 0.3 nsec, full rms pulsewidth 2u = 0.4 nsec) from 
a GaAs laser and measuring the broadened fiber output pulsewidth. The 
optical shuttle pulse technique2,1l is used to make length-dependent 
pulsewidth measurements by reflecting propagating light back and forth 
between partially transparent mirrors at the ends of a fiber. Mode­
mixing effects were relatively small in all the tested fibers since 
pulsewidths increased with an almost linear dependence for multi­
kilometer path lengths. Therefore, output pulse broadening was pri­
marily caused by intermodal dispersion, profile dispersion, and material 
dispersion effects due to relative time delays between the source spectral 
components within its 2.5-3 nm bandwidth. 

Material dispersion effects were reduced by a narrowband interference 
filter which has a 1.4 nm bandwidth approximately centered about the 
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FIBER (a) 
L = 9.27 Km 

HOR. SCALE: 0.5 n/s div 
FIBER (b) 

L=7.56Km 

SPECTRALLY FI L TERED (6A = 1.4 nm, Ao = 908 nm) 

UNFILTERED 

Fig. 4-Material dispersion effects on output pulsewidths from borosilicate fibers (a) 
and (b). The bottom row of photographs represents pulse propagation of unfiltered GaAs 
laser light, and the top row represents the propagation of spectrally filtered laser light with 
bandwidth.:lA ~ 1.4 nm centered about AQ ~ 907.5 nm. 

laser line peak at A = 907.5 nm. The filtered source spectral band­
width12,13 should cause 20' = 0.09 nsec/km full rms width pulse spreading 
in borosilicate fibers and 0.11 nsec/km pulse spreading in germania 
borosilicate fibers. These kinds of effects are clearly illustrated in Fig. 
4 for shuttle pulse extrapolated lengths of 9.27 km for fiber (a) (L = 1.03 
km) and 7.56 km for fiber (b) (L = 1.08 km). The bottom row of photo­
graphs shows output pulses due to unfiltered laser light, and the top row 
of photographs shows pulses due to spectrally filtered light. Results for 
fiber (a) show that when the source spectral bandwidth is cut in half, the 
output pulsewidth is reduced by 20 percent. Pulse outputs from fiber 
(b) show how material dispersion effects mask intermodal effects by 
smoothing the impulse response. A multipeak pulse structure is recov­
ered by narrowing the laser linewidth. 

Far-field spatial filters2 (circles and annular rings) are used to measure 
time-of-flight differences between high- and low-order modes arriving 
at the fiber output. If high-order modes arrive before low-order modes, 
the fiber profile is overcompensated because a < a(opt). When high­
order modes arrive last, the profile is undercompensated because a > 
a(opt). Output pulses from fibers with nearly optimal profiles are not 
altered in shape by spatial ray filters or changed launch conditions. This 
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Fig. 5-Root-mean-square pulsewidth reduction factor u(step)/ u(graded) = 
[~NL/(12)1/2c] 1/u(graded) is plotted vs. a for germania borosilicate and borosilicate fibers. 
Data points (0 for GBS fibers; • for BS fibers) were obtained by deconvolving expected 
material dispersion effects (0.12 ns/km for GBS fibers, 0.09 ns/km for BS fibers) from the 
measured fiber output pulsewidths. 

type of profile diagnosis has proved to be a very useful guide for fabri­
cating new fibers with close-to-optimal profile gradients. 

Figure 5 summarizes our pulse dispersion data with a plot of the rms 
pulsewidth reduction factor, O"(step)/O"(graded), relative to comparable 
step-index fibers, as a function of a for fibers with different profile 
gradients. Pulsewidth measurement precision is 20" < 0.07 ns/km because 
the optical shuttle pulse technique is used to extrapolate 1 km fiber 
sample lengths by an order of magnitude. A germania avalanche diode 
with a response time (20") of 0.65 nsec was used as the detector, and all 
such system broadening was deconvolved from the measured pulse­
widths. Data points • were obtained from borosilicate fibers with graded 
B20;jSi02 cores and uniform B20 3-Si02 claddings. The three peak data 
points, which correspond to pulse dispersions of 0.13, 0.14, and 0.15 
nsec/km, are results which show that nearly optimal borosilicate fibers 
can be repeatably fabricated with 20" < 0.2 ns/km. The optimal profile 
at A = 907.5 nm is characterized by a(opt) ~ 1.78, and the minimum 
measured pulse dispersion, 20" = 0.13 ns/km, represents a 100-fold re­
duction from the theoretical rms pulse spreading in a step-index fiber 
with ~ ~ 0.0067 core-to-cladding index difference. 

Data points 0 were obtained from germania borosilicate fibers with 
a graded Ge02 concentration and a nearly uniform B20 3 concentration 
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Fig. 6-A plot of the rms deviation, of AN vs. r data, from a power law profile vs. pulse 
dispersion, 20", for fibers with near-optimum a values. 

across the core. Small amounts of B20 3 are added to reduce the viscosity 
of the core glass, thereby aiding the elimination of bubbles. The two peak 
o data points occur whenla ~ 2.03 and correspond to 2a = 0.4 ns/km and 
0.48 ns/km dispersion values. They represent a 50- and 48-fold reduction 
from the theoretical rms pulse broadening in equivalent step-index fibers 
with ~ ~ 0.013. The optimal a values for each type of fiber are con­
sistent with the values predicted by Fleming12 on the basis of refractive 
index measurements. 

The theoretical minimum pulse broadening in an optimally graded­
index fiber is characterized by:14 

2a{min) ~ 141(LlN)2 

The theoretical maximum pulsewidth reduction factor is given by: 

( 
a{step)) _ 1 LlNL/c = _1_4 

a{graded) max . V12 a{min)L LlN 

(3) 

(4) 

which is inversely proportional to~, the maximum core-to-cladding 
index difference. Therefore, the ratio of 2 between the peak pulsewidth 
reduction factors for the borosilicate and germania borosilicate fibers 
in Fig. 5 is consistent with the fact that ~(GBS) rv 2LlN{BS). However, 
the measured pulsewidths are 18 to 30 times greater than the minimum 
values predicted by eq. (3) [2a{min) rv 0.007 ns/km for borosilicate fibers 
with ~ ~ 0.007; 2a{min) rv 0.024 ns/km for germania borosilicate fibers 
with ~ rv 0.013]. 
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Two possible reasons for the measured dispersion being so much larger 
than the theoretical minimum value are (i) the profile ex value varies 
along the length of the fiber, or (ii) the profile is not exactly a power law 
shape. Each of these differences probably applies to some degree. We 
have attempted to correlate the rms deviations from a power law profile 
with the pulse dispersion for fibers which have nearly optimal ex values.9 

The influence of the refractive index dip in the germania-doped fiber 
profile was too large for us to obtain any meaningful comparison. In the 
case of the borosilicate fibers, which have a smoother profile, a rough 
correlation can be found. Figure 6 demonstrates this possible correlation 
for fiber~ with ex = 1.8 ± 0.05. These data are far from conclusive, but it 
is clear that further significant pulsewidth reduction will require im­
proved control of the refractive index profile so that it conforms to the 
correct power law function more exactly than the present fibers. De­
velopment of these improvements will require substantial improvements 
in MCVD deposition control and in fiber profile measurement. 

IV. CONCLUSIONS 

Pulse transmission properties have been compared for two of the most 
common types of high silica graded-index fibers. A spectral filter was 
used to reduce material dispersion effects caused by a GaAs injection 
laser at A = 907.5 nm and the optical shuttle pulse technique was used 
to make precise intermodal pulse dispersion measurements. 

N early optimal profile gradients are characterized by ex ~ 2.03 in 
germania borosilicate fibers and by ex ~ 1.78 in borosilicate fibers. Re­
sultant pulsewidth reduction factors are approximately 50 for germania 
graded fibers with flN ~ 0.013 (N.A. ~ 0.19) and 100 for boron graded 
fibers with flN ~ 0.0067 (N.A. ~ 0.14). The factor-of-2 ratio between the 
peak pulsewidth reduction factors for the two kinds of fiber is consistent 
with the fact that flN(GBS) ~ 2flN(BS). However, the measured pulse­
widths are 18 to 30 times· greater than the minimum values predicted 
by 2<T(min) r-J 300d2 ns/km. Further significant pulsewidth reductions 
will require improved profile control to reduce by an order of magnitude 
current 1-3 percent rms deviations between fabricated profiles and 
optimum power law shapes. 

The results in this paper apply at a design wavelength, A = 907.5 nm, 
corresponding to a GaAs injection laser. A companion paper3 describes 
how profile dispersion affects fiber transmission bandwidths at other 
wavelengths. 
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The mechanisms of interference at voice-band frequencies from a 
power distribution system which adversely affect the telephone loop 
plant are systematically described. A unified derivation is presented 
of simple lumped-element circuit models for telephone plant coupling, 
shielding, and longitudinal-to-metallic conversion. This approach 
establishes both qualitative understanding and quantitative analytical 
tools for characterizing the effects of low frequency interference. A 
glossary is included which represents a consensus evaluation of the best 
contemporary relationship between historical terminology and modern 
analytical viewpoints. 

I. INTRODUCTION 

This paper explores a systematic approach for understanding the 
electromagnetic interaction between power and ,telephone systems. 
Historically, the various mechanisms of coupling, shielding, and longi­
tudinal-to-metallic conversion have evolved into separately addressed 
concerns. This has led to useful insight but somewhat narrow under­
standing, since the interdependence of the various concepts has received 
limited consideration. Moreover, since some of the classical treatments 
extend back over five decades, they are sometimes difficult to read owing 
to variations in terminology and basic units. We wish to provide a co­
hesive overview that emphasizes the interrelationship among these topics 
within a modern analytical setting. This approach, using concepts fa­
miliar to recent engineering graduates, unifies historical developments 
and provides a basis for understanding current viewpoints toward re­
ducing power-telephone interaction. 

Although transmission line theory is briefly touched upon as a starting 
point, the basic framework consists of an analytical model that utilizes 
only lumped-element circuit theory. This lumped-element general an­
alytical model serves the following purposes. First, it ties together within 
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one framework a description of the various physical mechanisms that 
have previously been treated separately. Second, it readily lends itself 
to systematic computer evaluation of the electromagnetic interaction 
between these mechanisms. Finally, from this general model is derived 
several specialized circuit representations of a sufficiently simple nature 
to furnish maximum physical insight. These specialized circuits highlight 
the specific and well-known physical mechanisms of inductive, capaci­
tive, and dissipative coupling, inductive shielding, and longitudinal­
to-metallic conversion. A practioner may utilize the more comprehensive 
analytical model, or he may wish to adopt the specialized circuit repre­
sentations as his basis for understanding, depending on the extent of his 
concerns. The general analytical model retains its conceptual value as 
the origin of a single unified approach since it assures that the specialized 
models provide a consistent description. The usefulness of the various 
models is indicated in the summary section. 

II. GENERAL ANALYTICAL MODEL 

Although electromagnetic theory forms a fundamental core from 
which all macroscopic electrical behavior can be derived, it would be a 
rather remote starting point for the purposes of this discussion. On the 
other hand, the overall generality of our useful circuit models might well 
go unappreciated or else be questioned in the absence of a clear under­
standing of their origin. To strike a balance, this paper will adopt 
transmission line theory as a starting point, then move quickly to more 
familiar lumped-element circuit equations and models. 

The multiconductor transmission line theory is derivable from 
Maxwell's equations with remarkably few restrictions,l although in 
common textbooks generality is often swapped for expediency. Many 
intricate details involving specialized electromagnetic analysis can be 
succinctly summarized as transmission line parameters. The presence 
of all skin effect phenomena,2 both within the metal conductors and more 
importantly the resistive earth, can be rigorously accounted for by the 
transmission line parameters. Since the circuit theory equations and 
associated models are evolved from transmission line theory, they too 
can account for all skin effect phenomena. Such phenomena manifest 
themselves in the form of circuit parameters that are no longer fre­
quency-independent; i.e., the R, L, G, and C can take on frequency 
dependencies in accordance with rigorous solutions to electromagnetic 
boundary value problems. In this way, full advantage is taken of the 
relative simplicity and usefulness of lumped -element circuit theory while, 
at the same time, maintaining substantial generality. 

2. 1 Transmission line synopsis 

A rather concise physical interpretation is stated here to aid in the 
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Fig. I-Induction by electric and magnetic fields from disturbing into disturbed con­
ductor. 

understanding of transmission line equations and to instill confidence 
in their usefulness. While an understanding of these differential equa­
tions is highly desirable, their physical content carries over to the simpler 
algebraic equations to be introduced in the next section. 

Consider two conductors located at fixed heights in relation to the 
surface of a resistive mediuln as illustrated in Fig. 1. Electromagnetic 
induction or coupling among parallel conductors may be classified as 
either transverse or longitudinal with respect to the conductor axes. 
Transverse coupling characterizes an electric force acting at right angles 
to the conductor and medium. This perpendicular force arises from an 
excess of charge that is proportional to conductor potential, V. Since the 
force acts to drain off and thereby deplete conductor current in the 
amount of -dI within an incremental distance of dz, this coupling 
mechanism is described quantitatively by 

- dI = YV. (1) 
dz 

The proportionality factor Y is called an incremental transverse ad­
mittance (mhos/meter). Longitudinal coupling, on the other hand, 
characterizes an electric force in the direction of the conductor axes. This 
axial force arises from the movement of charge that is proportional to 
conductor current, I. Since the axial electric force tends to decrease 
conductor potential with an increasing z, this coupling mechanism is 
described by 

- dV = ZI. (2) 
dz 
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The proportionality factor Z is called an incremental longitudinal im­
pedance (ohms/meter). 

Equations (1) and (2) may be recognized as the simple transmission 
line equations found in basic textbooks.3 Such treatments often define 
V as the voltage difference between conductors 1 and 2 and take the I 
of conductor 1 to return entirely through conductor 2. This convention 
is appropriate when the two conductors are energized to form just one 
(metallic) circuit. More generaiIy, a second (longitudinal) circuit is able 
to coexist on the two conductors. All possible circuits can be systemati­
cally taken into account by using the following reference convention. The 
voltage on each separate conductor is defined with respect to a common 
reference, in this case the finitely conducting earth which forms a "re­
mote ground," as implied by the electric field lines in Fig. 1. Moreover, 
the current in each conductor is defined as having total "earth return," 
quite irrespective of the circuit's actual completiQ1l. path. The relation­
ship between this systematic "earth-return" reference convention and 
the useful longitudinal and metallic convention is more fully explored 
in Appendix B. 

Equations (1) and (2) apply implicitly to multiconductor circuits.4 In 
this case V and I are taken as column vectors whose components asso­
ciate with each individual conductor, while 'Y and Z are taken as square 
symmetric matrices. The off-diagonal matrix elements represent "mu­
tual coupling" effects, whereas the "self-reaction" of each conductor is 
characterized by the diagonal matrix elements. To illustrate this point, 
observe the matrix differential equations that characterize the two 
conductors in Fig. 1. The explicit matrix form of eq. (1) is 

(3) 

for eq. (2) it is 

d [VI] [Zll Z12] [II] 
- dz V 2 = Z 21 Z 22 12 • 

(4) 

Each matrix equation is simply a compact notational expedient for 
representing a system of M coupled individual equations, where M (two 
in this case) is the number of conductors in the multi conductor trans­
mission line. For instance, expanding this last matrix equation yields 

dV1 
---= Zllh + Z12I 2 

dz 

dV2 
- -- = Z21I l + Z22I 2, 

dz 
(5) 

where Z12 (equal to Z21 from reciprocity) represents the longitudinal 
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mutual impedance/unit length which couples conductors 1 and 2. Matrix 
notation is exceedingly useful in subsequent developments and well 
worthy of the effort required to acquire familiarity. With this notation 
it becomes straightforward to systematically account for the interaction 
of neutral and multiple phase wires of the power system with the strand, 
sheath, and metallic circuit twisted pair conductors of the telephone 
system. 

2.2 Segment model 

A fortunate simplification arises owing to the telephone loop plant 
not being "long" when measured in relation to the wavelength of voice­
band interference frequencies. A typical loop can be subdivided into a 
minimal number of electrically short segments, each of which is char­
acterized by a fixed geometrical configuration. This allows the trans­
mission line differential eqs. (1) and (2) to be replaced by much simpler 
lumped-element circuit equations. In addition, an equivalent circuit 
representation can be identified that will form the basis for all subse­
quent analyses. The more important details of this simplification are 
outlined below. 

Consider an exposure segment of power and telephone system con­
ductors with a uniform geometrical configuration and extending a length, 
fl.e, between two locations identified as j and j + 1. The need for fl.e to 
be electrically short is generally not restricting at voiceband interference 
frequencies; this point is addressed more quantitatively in Appendix 
C. A general segment consisting of M individual conductors is illustrated 
schematically in Fig. 2a. Some conductors represent the power system 
neutral and phase wires; the remaining conductors can characterize such 
telephone system wires as a support strand, cable sheath, and twisted 
voice-circuit pairs. The nature of coaxial or cable-sheath-enclosed con­
ductors is totally characterized by the numerical value of individual el­
ements within the incremental impedance and admittance matrices. 
Moreover, these matrix elements also reflect spacing and height infor­
mation. Since the conductor configurations may change from one seg­
ment to another, this variation will be identified by the superscript j, 
j + 1, on the incremental matrices that are applicable between locations 
j and j + 1. The column vectors representing voltage and current vari­
ables will also carry an appropriate superscript. The integer subscripts 
continue to represent specific conductors within matrices and column 
vectors. 

In terms of the matrix notation described above, eq. (2) may be ac­
curately approximated as 

(Vi+ 1 - Vi) . . . . 
- = ZJ,J+l !J,J+l (6) fl.e ' 
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where Ij,j+l is the current in the center of segment j,j + 1. Similarly, 
using an average value of voltage, eq. (1) becomes 

(l~ + Ib+ 1
) .. (Vj + Vi+ 1) (7) --''------'-- = cy J ,J+ 1 • 

!1£ 2 

In the above equation, the decrease in longitudinal current, -dI, between 
j and j + 1 has been identified with the transverse currents, I~ and Ib+l, 
which flow gfter and before the location identified by superscript. (These 
are the so-called charging currents associated with distributed capaci­
tance of aerial cable, although they might also represent current flow 
due to distributed conductance of direct buried cable.) It is convenient 
to define total impedance and admittance matrices such that all elements 
of the incremental matrices are multiplied by the segment length, !1£: 

Zj,j+l == Zj,j+l!1£ 

Yj,j+l == cy j,j+l!1£. 

Then, upon algebraic rearrangement eq. (6) becomes 

Vj - Vj+l = Zj,j+l Ij,j+l (
l~ngitudinal) 
Impedance . 

coupling 

(8) 

(9) 

(10) 

Similarly, the two independent terms on the right side of eq. (7) yield 

I~ = Yb Vj } 

Ib+! = Yb+ 1 Vj+l 

where 

(

transverse) 
admitt~nce ' 

couplIng 

(1Ia) 

(lIb) 

(12) 

has been defined in this decomposition. The circuit theory eqs. (10) and 
(11) are the desired replacements for the transmission line differential 
eqs. (1) and (2). 

The foregoing basic circuit relationships completely characterize the 
physical coupling mechanisms, both longitudinal and transverse, within 
each segment of a power and telephone exposure. These equations lead 
directly to the equivalent circuit represented in a compact matrix form 
in Fig. 2b. The voltage and current variables are represented by column 
vectors, whose elements correspond to variables shown in Fig. 2a. The 
impedance and admittance elements represent square matrices. Observe 
that half the total segment admittance has been associated with the 
centers of each half-segment, occurring qfter location j and Qefore 
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Fig. 2-Interaction model for multiconductor segments and general terminal constraint. 
(a) Nomenclature for matrix representation. (b) Equivalent circuit in compact matrix 
form. 

location j + 1, in accordance with eq. (12). The total current which cle­
parts location j and flows into segment j, j + 1 is identifiable as 

I~ = Jj,j+l + Ib, (13) 

whereas the total current which ~nters location j + 1 from this segment 
is given by 

(14) 

In summary, all pertinent equations are implied by the equivalent circuit 
in Fig. 2b when analyzed with matrix algebra. 

2.3 Constraint characterization 

Now that a multiconductor exposure segment has been completely 
characterized in quantitative analytical terms starting from transmission 
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line concepts, the terminations or boundary conditions imposed at each 
end of a segment must be considered. The variety of terminations en­
countered in practice is rather substantial. For instance, the power 
system conductors will have load impedances and discrete grounding 
impedances attached at various locations. Generators will feed the power 
line from at least one end and possibly at two or more locations. The 
telephone system shielding conductors may be either independently 
grounded or resistively coupled to the power line ground. This resistive 
coupling may arise from the interaction of closely spaced ground rods 
or from direct bonding to the power system neutral conductor. 

Each of these termination constraints could be implemented on a 
case-by-case basis for those relatively simple configurations that involve 
just a few cond1,lctors and one or two segments. Once the boundary 
conditions are characterized with individual circuits, the conglomerate 
network including the segment representation(s) must then be analyzed. 
There is a wide variety of network analysis techniques from which an 
efficient method can be selected. Generally, either mesh or node analysis 
is convenient for most simple networks. 

Rather involved network configurations arise when considering the 
interactive effects of multiple shielding conductors and several cascaded 
exposure segments. For these cases it becomes highly desirable to invoke 
systematic network analysis techniques that lend themselves to 
straightforward computer implementation. It is possible to handle the 
wide variety of segment terminations (assumed linear) in a single ver­
satile model by utilizing a Norton equivalent circuit to represent the 
general terminal constraint. When cast in matrix notation, these 
boundary conditions take the form: 

(

general ) 
terminal . 

constraint 

(15) 

This approach has been illustrated in Fig. 2 by including a Norton 
terminal constraint for an arbitrary location k. With a Norton repre­
sentation, the ideal ~hort £ircuit current sources, I~c, simply vanish·for 
the special case of passive terminations, while the off-diagonal mutual 
terms in the admittance £onstraint matrix, Y~, readily account for any 
resistive coupling from nonindependent grounding. Details concerning 
the explicit form of the termination circuit have been suppressed into 
an implicit equivalent characterization. This will serve to systematize 
the subsequent network analysis procedure. The motivation for choosing 
a Norton instead of a Thevenin equivalent circuit will be clarified in the 
following section. 
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(n) 

(b) 

Fig. 3-Matrix representation of network model for many cascaded segments. (a) 
Simplification at adjoining segments. (b) Composite circuit for N - 1 segments. 

2.4 Cascaded configuration 

Circuit models have been derived for a multi conductor exposure 
segment and for a general terminal constraint in the preceding sections. 
With this building-block approach in mind, these circuits can now be 
combined to form the general network illustrated in Fig. 3. This network 
enables analyzing the effects of many exposure segments connected in 
cascade, while incorporating various grounding and bonding constraints 
at the segment interfaces. Thus, it becomes a fundamental tool from 
which to assess electromagnetic interaction between the power distri­
bution system and telephone loop plant. This interaction varies with the 
configuration changes that occur along the loop plant. Physical pa­
rameters amenable to analysis include power-line geometry and sepa­
ration, size and type of shielding conductors, intervals between grounding 
and bonding points, quality of grounds and bonds, and degradation of 
sheath continuity. The presence of such devices as drainage reactors and 
neutralizing transformers can also be accounted for. Since this network 
model has basic importance for both the derivation of several specialized 
circuits in the next section, as well as computerized algorithms that allow 
detailed parametric studies, a brief description follows. 

A useful simplification is contained within the network model at ad­
joining exposure segments as indicated in Fig. 3a. Note that the two 
segment admittances, Y~ and Yi adjacent to location j, can be combined 
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with the constraint admittance, Y{ at location j, by simple matrix ad­
dition to form a total admittance, yi. 

(16) 

With this reduction the total transverse current, Ii, which is "bled-off' 
the longitudinal current flow, constitutes the column vector addition 
of currents associated with the individual transverse admittance ma­
trices. 

(17) 

A knowledge of the node voltage, Vi, is sufficient to reconstruct the in­
dividual transverse current contributions via multiplication with the 
appropriate admittance matrix, as detailed in eqs. (11) and (15). Hence, 
the network analysis can now focus primarily upon determining Vi and 
Ii,j+l for each location and segment. This network simplification is a 
direct result of having chosen the Norton equivalent circuit to charac­
terize a general terminal constraint. 

The foregoing simplification allows the overall network to be repre­
sented as shown in Fig. 3b. Assumed known in this model are the pa­
rameters for the Norton termination constraints, as well as the segment 
admittance and impedance matrices. Further discussion of these ma­
trices can be found in Appendix A. An analytical solution for the network 
model will determine the unknown voltages and currents in terms of the 
remaining known circuit parameters. An algorithm that provides an 
efficient solution can be obtained by analyzing the composite circuit 
using ladder network techniques.5 A computer program centered around 
such an algorithm has been developed and utilized extensively to ex­
amine the parametric dependence of shielding. 

III. SPECIALIZED CIRCUIT REPRESENTATIONS 

Particular physical mechanisms associated with just certain con­
ductors of a larger network will be the focal point of this discussion. The 
influence of the remaining parts of the network upon these chosen 
conductors can usually be characterized by dependent (i.e., controlled) 
sources. These sources contain information about the remaining circuitry 
and succinctly characterize its interaction with the chosen conductors. 
This approach makes it easier to understand the interaction with the 
remaining circuitry resulting from specific physical mechanisms. 
Moreover, it points the way to certain measurements that can be used 
to characterize a complex network. With these objectives in mind, this 
section develops specialized circuit models for coupling, shielding, and 
longitudinal-to-metallic conversion. 

This approach furnishes only specialized characterizations of various 
physical mechanisms; it does not remove the overall system interde-
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pendence among these mechanisms. Numerical values for the dependent 
sources, which represent the effects of the remaining network, may be 
partly influenced by parameters associated with the few chosen con­
ductors. This interactive behavior can best be accounted for by an 
analysis of the total network. Such a solution may be simply formulated 
through the use of mutually interacting specialized circuits. These circuit 
representations serve as building blocks to construct the total network, 
and hence, its total interaction. This approach facilitates a direct analysis 
without the need of general matrix algebra formulations described in 
the previous section. 

On the other hand, the interaction between the dependent sources 
and parameters of the chosen conductor(s) may sometimes be weak, or 
of "second-order" effect. In these instances simplifying approximations 
are appropriate, and quite limited measurements may suffice to char­
acterize specific physical mechani~ms. It is difficult, of course, to know 
when such approximations are valid, short of either actually performing 
the complete analysis or collecting extensive measurement data. In 
simplifying approximations, practical experience and/or intuition gained 
from prior analyses should be of value in establishing sound engineering 
judgment. 

3. 1 General coupling model 

To simplify the discussion, a single conductor within an exposure 
segment can be selected for examining the longitudinal and transverse 
coupling to the remaining conductors within the segment. Let the chosen 
conductor be labeled i to denote anyone of the several conductors 
numbered 1 through M within the segment. Moreover, consider the 
segment that connects arbitrary locations j and j + l. 

The longitudinal impedance type of coupling within segment j, j + 
1 is characterized by matrix eq. (10). In its explicit form, this equation 
reads 

v{ 
v~ 

vI 

vit 

(18) 

The superscript notation has been omitted from the elements of Zj,j+l 

and [j,j+l, since only one segment is under discussion. The difference 
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in voltage to remote ground between locations j and j + 1 for the i th 
conductor is given by multiplying the ith row of matrix Zj,j+l with col­
umn vector Ij,j+l: 

V{ - V{+l = ZilIl + Zi2I2 + ... + ZiJi + ... ZiMIM . (19) 

This equation for longitudinal voltage drop is made up of two kinds of 
terms. 

(i) It is easy to recognize the voltage drop due to the self-impedance 
of conductor i as ZiJi. 

(ii) There are several mutual impedance terms, each of which accounts 
for longitudinal voltage induced in conductor i because of current flowing 
in some other conductor, e.g., k, as ZikIk. 

Hence, rewriting eq. (19) to keep these terms separate gives 

where 
M 

Vsi == L Zikh. 
k=l 

(k,ei) 

(20a) 

(20b) 

The summation term above accounts for all effects associated with 
longitudinal coupling of the remaining conductors within the segment. 
When these conductors are relatively close, the mutual impedances, Zik, 

consist dominantly of positive reactance, and the coupling is referred 
to as inductive. For conductors having large spacing, the Zik parameters 
are both frequency-independent and dominantly resistive, which con­
stitutes one form of dissipative coupling. The numerical dependence of 
Zik upon conductor spacing, frequency, and earth composition is more 
fully described elsewhere.6 What is important here is that these Zik pa­
rameters quantify both inductive coupling and resistive coupling. 

In a comparable manner, the transverse admittance type of coupling 
within segment j, j + 1 is characterized by matrix eqs. (lla) and (lIb). 
With the aid of eq. (12), the explicit form of eq. (lla) reads 

Ii. az 
=% 

V{ 
V~ 
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The superscript notation has again been omitted from the elements of 
yi,j+l, but must be retained for the column vectors I~ and Vi to dis­
tinguish between eqs. (lla) and (lIb). The transverse current, I~i' which 
flows gfter locationj from the ith conductor, is obtained by multiplying 
the ith row of matrix Yb with column vector Vi: 

Ibi = %(Yi1Y{ + Yi2V~ + ... + Yii V { + ... + YiMVk). (22) 

This equation for transverse current flow is composed of two kinds of 
terms. 

(i) The current flow due to the self-admittance of conductor i for the 
half of the segment closest to location j is identified as (1/2) Yii vi. 

(ii) Each of several mutual admittance terms accounts for the 
transverse current flow induced in conductor i caused by voltage on some 
other conductor, e.g., k, as (1/2)Yik Vk . 

Rewriting eq. (22) to keep these terms separate gives 

where 

. M . 
I{i == - L Y ik Vi· 

k=l 
(k r! i) 

(23a) 

(23b) 

The choice of a negative sign with the summation is partially motivated 
by the fact that Yik is generally negative. A completely analogous de­
velopment may be pursued starting with eq. (lIb). Equation (12) is again 
used to obtain the admittance matrix for the half of the segment oc­
curring before location j + 1. Separating out the two types of contributors 
to transverse current flow produces 

where 

. M . 
I~tl == - L Yik V:k+1. 

k=l 
(k r!i) 

(24a) 

(24b) 

The summation terms of eqs. (23b) and (24b) account for all effects 
associated with transverse coupling of the remaining conductors within 
the segment. When all the conductors are above ground, the mutual 
admittances Yik consist of appropriately signed susceptance, and the 
coupling is referred to as capacitive. For buried conductors having direct 
contact with the soil, the Yik parameters are both frequency-independent 
and dominantly conductive, which constitutes a second form of dissip­
ative coupling. In actual buried installations, some conductors may be 
in direct contact with the soil, while others are insulated with dielectric 
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CONDUCTOR i 

LOCATION j I j+1 
bi LOCATION j+1 

Fig. 4-Inductive, capacitive, and dissipative coupling model for ith conductor. 

coatings. Hence, the Y ik transverse admittance parameters quantify 
capacitive coupling and conductive coupling, both of which may occur 
simultaneously within a single exposure segment. 

A general coupling model can now be obtained based upon the fore­
going development. All pertinent coupling mechanisms are contained 
within eqs. (20), (23), and (24), and an equivalent circuit based upon 
these equations will portray all the relevant physical concepts. Such a 
circuit is evolved in the following manner. 

The summation terms appearing in eqs. (20b), (23b), and (24b) may 
be modeled as dependent sources, in accordance with the substitution 
(or compensation) theorem of circuit theory.7 In particular, the induced 
longitudinal voltage term of eq. (20b) is modeled by an ideal dependent 
voltage source. This voltage source is termed ideal because it contains 
zero internal impedance. Moreover, it is dependent because its voltage 
value is determined by currents that exist on the other conductors within 
the segment, precisely in accord with eq. (20b). On the other hand, the 
compensation theorem permits modeling the induced transverse current 
terms of eqs. (23b) and (24b) by ideal dependent current sources. These 
current sources are termed ideal because they contain zero internal ad­
mittance (i.e., infinite impedance). Moreover, they are dependent be­
cause their current values are determined by voltages that exist on the 
other conductors within the segment, precisely in accord with eqs. (23b) 
and (24b). 

Having ascribed dependent sources to account for the summation 
terms, eqs. (20a), (23a), and (24a) lead directly to the general coupling 
model shown in Fig. 4. This model applies to each single conductor within 
a segment; i.e., i = 1, ... ,M. Two conditions must be fulfilled for this 
equivalent circuit to constitute a valid coupling model. 

(i) The equivalent circuit when subjected to standard circuit analysis 
techniques must yield precisely eqs. (20a), (23a), and (24a), since these 
equations characterize the pertinent coupling mechanisms. 
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(ii) The circuit analysis techniques must yield only these equations, 
i.e., no extraneous information may be falsely implied. This second re­
quirement is quite important if the model is to avoid artifacts suggesting 
physical behavior that is not actually present. 

Careful reflection should reveal that both these conditions have been 
satisfied in the illustrated coupling model. Hence, this equivalent circuit 
can be relied upon to furnish physical insight regarding the detailed 
interactions of all coupling mechanisms. 

3.2 Various shielding models 

With a reliable circuit model for coupling as a foundation, it is easy 
to evolve circuit models that describe various forms of shielding. In a 
rather fundamental way, shielding is nothing more than a wise utilization 
of available coupling mechanisms. These mechanisms are appropriately 
constrained to minimize an undesired signal that could contribute to 
interference. For instance, a low-impedance shunting path (such as a 
ground on an aerial cable sheath) is commonly used as a constraint upon 
capacitive coupling. Such a low-impedance terminal constraint serves 
to decrease the voltage that is supplied to an inherently high-impedance 
capacitive coupling mechanism and thereby renders the capacitive 
coupling mechanism ineffective. This type of shielding requires only one 
low-impedance shunting path and may be correctly termed electric 
shielding. (Historically, the unfortunate misnomer of "electrostatic" 
shielding has been used to describe electric shielding.) A second type of 
shielding requires at least two low-impedance shunting paths. These 
constraints allow a "shielding current" to flow which, in turn, induces 
a "shielding voltage" via magnetic induction. Owing to its enormous 
practical importance, this magnetic (or inductive) type of shielding will 
be emphasized in the following circuit representations. . 

The simplest form of inductive shielding is illustrated by the classical 
shielding model shown in Fig. 5. An understanding of the basic shielding 
phenomenon will be evident from a straightforward analysis of this 
simple circuit. However, a derivation of this circuit representation is first 
necessary to make clear its inherent limitations as caused by various 
simplifying assumptions. 

Consider an exposure segment in which attention is focused upon two 
individual conductors: one conductor that is to be shielded and a second 
conductor that will furnish the inductive shielding. The coupling of each 
conductor to all remaining conductors within the segment is obtained 
from the inductive coupling model of Fig. 4. To apply this model to the 
shield (conductor 2), the admittances to ground Y22/2 are taken to be 
zero, since they are shunted by the (assumed) low-resistance grounding 
terminations Ra and Rbo Moreover, the dependent current sources 
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Fig. 5-Classical inductive shielding model. (a) Dependent-source circuit. (b) Complex 
transformer circuit. 

(1/2)ls2 are absent since transverse coupling is assumed negligible. 
Similarly, the coupling model for the shielded wire (conductor 1) also 
has zero admittances. This is in anticipation of a terminating impedance 
to ground that is located external to the segment and is low in relation 
to the impedance of the distributed capacitance of the conductors. By 
so suppressing extraneous detail wherever possible, it is easy to obtain 
a clear representation of the inductive shielding mechanism. In fact, no 
additional complication arises if the shielded wire is actually a twisted 
pair. In this event, the parameters for conductor 1 are simply replaced 
by those in the longitudinal circuit of Fig. 6a, which is developed in the 
next section. 

The dependent voltage source within each coupling model is now 
decomposed. Recall that these voltage sources are determined by eq. 
(20b) with i given the values of 1 and 2. Those contributions to the 
voltage sources which arise from conductors 1 and 2 are first separated 
out as 

M 
Vsl = Zl21 2 + L Zlk1k 

k=3 
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and 

M 
Vs2 = Z21I l + L Z2kh. 

k=3 
(25b) 

The summation terms account for coupling to all remaining conduc­
tors within the segment. If conductors 1 and 2 are physically near each 
other in comparison to the distance from each remaining current­
carrying conductor, then Zlk ~ Z2k, k = 3, ... ,M, as an examination 
of the appropriate mutual impedance equations will verify. In other 
words, the coupling to conductors 1 and 2 from each "outside" conductor 
becomes essentially identical. Under this condition, the summation 
terms in eqs. (25a) and (25b) are practically equal, and their contribution 
to the induced voltage within each conductor is the primary voltage, 
Vp: 

M M 
L Zlk1k ~ Vp ~ L Z2k1k. (26) 

k=3 k=3 

Although primary voltage is dependent upon the currents, h, (k = 3, ... , 
M) which flow elsewhere within the segment, these currents are usually 
assumed to be unaffected by the presence of the shield, conductor 2. 
Hence, the VP appearing in conductors 1 and 2 of Fig. 5 is often taken 
to be independent, or fixed, just as with a true applied source. 

The remaining term in both eqs. (25a) and (25b) accounts for inter­
action between the shielding"and shielded conductor. Consider the first 
term in eq. (25a) which is the voltage induced into the shielded conductor 
as a result of current flow in the shielding circuit formed by conductor 
2. Since 12 can be substantially 180 degrees out of phase from its assumed 
reference direction, this first term is rewritten as 

(27a) 

(27b) 

where the expression inside brackets is the shielding voltage, Vs. 
Shielding voltage as defined will often be of similar phase angle to VP 
(owing to the negative sign within the brackets), and appears in the 
circuit representation of Fig. 5a as an opposing voltage source (owing 
to the second negative sign outside the brackets). It will be convenient 
to view the difference between the primary and shielding voltage sources 
as a remnant voltage, yr. Hence, 

vr = VP - Vs (28) 

is a useful measure of the shielding mechanism's effectiveness since, by 
eqs. (25a), (26), and (27), Vr is simply the total induced longitudinal 
voltage in the presence of shielding. This induced voltage is the driving 
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mechanism for longitudinal current flow in the shielded circuit and, 
consequently, for the accompanying longitudinal-to-metallic conversion 
process. The longitudinal current flow is usually small, however, in 
comparison to that in the shielding circuit, since the shielded circuit 
termination impedances are generally large compared to Ra and Rb. 
Hence, it is assumed that 11 = 0 for purposes of the classical shielding 
model. This idealization allows the first term in eq. (25b) to be discarded, 
although its would-be presence is indicated in Fig. 5a by a "dashed-in" 
dependent voltage source. 

By way of summarizing the physical mechanisms contained in the 
dependent source circuit of Fig. 5a, a simple calculation of shielding ef­
fectiveness will be carried out utilizing this classical shielding model. A 
measure of shielding effectiveness is the shield factor,rJ, defined as 
remnant voltage normalized to the exciting primary voltage 

or 

vr 
71=­

VP 

Vs 

71 = 1- VP' 

(29a) 

(29b) 

where the last relation follows from eq. (28). The shielding voltage de­
pends upon longitudinal mutual impedance and shielding current as 

(30) 

The latter quantity obtains from the shielding conductor loop equa­
tion 

where 

VP 
-12 =----

Z22 + RT' 
(31a) 

(31b) 

The amplitude and phase of the shielding current (and thereby the 
shielding voltage) is fundamentally dependent upon both longitudinal 
self-impedance and total termination resistance. Utilizing the above 
relations with the definition of eq. (29) yields the shield factor as 

Z12 
71 = 1 - ---==---

Z22 + RT 
(32) 

Thus, the circuit represent.ation leads quite directly to a simple ex­
pression for shielding effectiveness. 

It is sometimes enlightening to visualize the inductive shielding 
mechanism in the context of a single-turn transformer. The circuit 
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formed by the shielding conductor and its earth-return path is viewed 
as one side of a transformer. The shielded conductor is viewed as an 
open-circuited secondary winding. A primary field is presumed to excite 
both windings, owing to its associated magnetic flux cutting both circuits 
equally. The resultant current flow in the primary winding then couples 
a shielding voltage into the secondary winding as a result of mutual in­
ductance between the windings. These notions have been highlighted 
in the alternate shielding model shown in Fig. 5b. 

The validity of the circuit representation in Fig. 5b rests upon its direct 
equivalence to that of Fig. 5a. Basically, the longitudinal coupling as 
characterized by dependent sources in Fig. 5a has been alternatively 
characterized as a complex-valued mutual inductance, with an appro­
priate transformer dot convention, in Fig. 5b. A conceptual generalization 
is required here in that the new mutual inductance must now represent 
energy dissipation as well as energy storage. That is, both the resistive 
and reactive parts of longitudinal mutual impedance are to be charac­
terized by a mutual inductance term, 

(33) 

Hence, this new mutual term must assume a complex value given by 

.M'2 = (L12 + j~ R 12 ). (34) 

It turns out for close conductor spacings that .M12 is dominantly real­
valued (about 90 percent) as given viaL 12, and the remaining imaginary 
term, -jR 12/W, characterizes dissipative coupling associated with the 
earth's nonzero resistivity. Although for most practical conductor 
spacings the coupling mechanism itself remains dominantly inductive, 
the phase relationship between Vs and VP, and thereby the shielding, 
can be significantly affected by R 12. 

3.3 Longitudinal-to-metallic conversion model 

The general analytical model and all subsequent models described 
so far have been developed with the earth-return reference convention 
for voltage and current variables. This choice of reference convention 
was motivated primarily fro'm the standpoint of consistency, such that 
various segments and termination constraints could be systematically 
cascaded to facilitate easy computer evaluation. Sometimes physical 
insight into a particular aspect of the overall problem can best be en­
hanced by adapting voltage and current variables which have a reference 
convention relating more directly to actual operating conditions. For 
instance, the effe~ts of unbalanced operation in telephone circuits (which 
are intended to operate in basically a balanced circuit mode) are most 
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easily understood when analyzed as a so-called longitudinal and metallic 
circuit. 

The relationship between the earth-return reference convention and 
the longitudinal and metallic reference convention is covered in detail 
in Appendix B. This relationship constitutes a change in variables, or 
a transformation, when stated in mathematical terms. This change 
further requires an appropriate modification of the previous circuit 
relations. The transformed equations, also detailed in the appendix, 
basically relate impedance and admittance quantities as used in a 
longitudinal or metallic circuit back to those appropriate to an earth­
return circuit. The nomenclature and definitions introduced in Appendix 
B will be utilized in the following development. 

To focus attention upon the electrical behavior of conductors 1 and 
2 utilizing longitudinal and metallic reference conventions, the trans­
formed circuit relations will be mathematically "partitioned." As in the 
speciaiized models already developed, one portion of the matrix equa­
tions remains unaltered, and the influence of other portions are lumped 
together into a single dependent term. This allows specialized circuit 
models for the first two conductors to be derived, in which the effects 
of all other conductors 3 through M are characterized as dependent 
voltage and current sources. From eq. (48) in Appendix B, the longitu­
dinal interaction involving conductors 1 and 2 is given by 

(35) 

Here, the voltage contribution due to Qther conductors within the seg­
ment is denoted as 

M 
Vom == L (Zlk - Z2k)Ik 

k=3 
(36a) 

for the metallic component, whereas for the Longitudinal component, 

M 
Vot == L %(Zlk + Z2k)Ik. 

k=3 
(36b) 

Hence, excitation of the longitudinal mode depends upon the average 
longitudinal mutual impedance between the pair conductors (1 and 2), 
and each of the others (k = 3, ... ,M). On the other hand, excitation of 
the metallic mode depends upon the difference in mutual impedances, 
as based upon the earth-return reference convention. This difference 
is typically minimized by twisting the pair conductors, causing them to 
effectively occupy the same position in relation to the other conductors. 
The transverse interaction, which corresponds to eq. (11), follows using 
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eq. (49) as 

[ I~m] 1 [Y m %il Y] [V~] 1 [I~m] (37a) 
I~e =2" %ilY Ye V~ -2" I~e • 

The transverse current flow due to Qther conductors within the segment 
is given by 

(38a) 

and 
. M . 

I~e == - L (Y1k + Y 2k) Vi· (38b) 
k=3 

As in eq. (36), excitation of the longitudinal mode depends upon a sum 
of transverse mutual admittances, whereas excitation of the metallic 
mode depends upon a difference of terms characterizing coupling to 

. other conductors. The seemingly illogical appearance or omission of a 
1/2 multiplicative factor is just a peculiarity of the longitudinal and 
metallic reference convention stated in eq. (43), Appendix B. A second 
eq., (37b) (not given), is obtained by replacing j withj + 1 and the sub­
script a with b. All the physical phenomena between locations j and j 
+ 1 is encompassed within eqs. (35) and (37). If V 3, ••• , V M and 13, ••• , 

1M are assumed known, either by previous analytical solution or by direct 
measurement, the above equations yield the response for conductors 1 
and 2. 

Physical insight is gained by constructing equivalent circuit models 
whose behavior is controlled by eqs. (35) and (37). It is convenient to 
derive two specialized circuit models: one to characterize the metallic 
variables and another for the associated longitudinal variables. Conso­
lidating similar variables from eqs. (35) and (37) by simple rearrange­
ment yields the pairs 

and 

vfn - Vt;;l = ZmIm + Vsm 

I~m = %Ym V~ - %I{m 

Ibinl = % Y m Vt;;l - %Ii"%'/ 

v~ - V~+1 = ZeIe + Vse 

I~e = %YeV~ - %I{e 

Ibil = % Ye V~+1 - %Iii\ 

(39) 

(40) 

where the new subscript s denotes ~ource. Two terms are contained in 
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each dependent voltage source: 

Vsm == %D..ZTe + Yom 

(41a) 

and 

Vsf == li2D..ZIm + Vof 
M 

= %(Zll - Z22)Im + L %(Zlk + Z2k)Ik. (41b) 
k=3 

The first term in each source represents mode coupling due to impedance 
unbalance and the second term represents the coupling to other con­
ductors as defined in eq. (36). Similarly, the dependent current sources 
become 

I~m == -%D..YV~ + Ibm 
. M . 

= -%(Yll - Y22)V~ - L %(Ylk - Y 2k )Vi (42a) 
k=3 

and 

I~e == -%D..yvfn + Ibe 
. M . 

= -%(Yll - Y22) VJn - L (Y1k + Y2k) Vi· (42b) 
k=3 

Here the first term in each source represents mode coupling due to ad­
mittance unbalance and the second term represents coupling to other 
conductors as defined in eq. (38). A corresponding set of current sources 
is obtained from eq. (37b) simply by replacing j withj + 1 in the above. 
The metallic circuit eqs. (39) can now be characterized by the equivalent 
circuit in Fig. 6b, and the associated longitudinal circuit eqs. (40) simi­
larly in Fig. 6a. 

lt should be noted that in general these two circuits are "coupled" via 
the dependent sources; that is, the dependent voltage and current sources 
for the metallic circuit require knowledge of V f and If from the longi­
tudinal circuit, and vice versa. In certain situations, however, the cou­
pling parameters are such that the excitation from a dependent source 
becomes independent of the other equivalent circuit. In this situation 
the metallic and longitudinal segment models are said to be "decoupled"; 
i.e., they function independently in the absence of termination unba­
lances. Furthermore, it may even occur that mutual coupling parameters 
to the partitioned conductors 3,··· ,M are such as to suppress excitation 
of a dependent source. To illustrate these points, consider the case of 
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Fig. 6-Longitudinal-to-metallic conversion model. (a) Segment of a longitudinal circuit. 
(b) Segment of a metallic circuit. 

a twisted pair with small admittance and impedance unbalances enclosed 
within a conducting sheath. The twisting results in Z22 ~ Zll, i.e., small 
impedance unbalance, and generally 11m I « Ilk I for some k = 3, ... , 
M. This allows the first term in eq. (41b) to be dropped since, as the 
product of two small quantities, it is negligible compared to the sum­
mation term. Similar reasoning applies to the first term in eq. (42b), 
which also can be dropped since the admittance unbalance is assumed 
small. Let us assume for illustrative purposes the remaining pair con­
ductors are bonded to the sheath, and denote this aggregate collection 
as conductor 3. Then, within the summation, terms Y1k and Y 2k are zero 
for k > 3, owing to capacitive shielding furnished by the enclosing sheath 
(conductor 3). Hence, the current sources can be removed from the 
longitudinal circuit model provided the sheath conductor is at ground 
potential, i.e., V 3 = 0, while the voltage source becomes dependent only 
upon current flow in conductors 3 through M. This allows/the longitu­
dinal equivalent circuit to be solved first, subject only to various terminal 
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constraints (i.e., termination impedances). The results are then applied 
to the metallic equivalent circuit to assess longitudinal-to-metallic 
conversion, arising from coupling parameter and termination impedance 
unbalances. This simplified longitudinal circuit and the decoupled 
metallic circuit can be explored quite effectively to illustrate the longi­
tudinal-to-metallic conversion process. 

IV. SUMMARY 

A systematic approach has been described for evolving lumped-ele­
ment circuit models appropriate to low frequency interference analysis. 
By straightforward computer implementation one can reliably assess 
the intricate interaction of various physical mechanisms which occur 
in real life interference situations. Care has been taken to follow a strictly 
deductive approach in the modeling procedure. This ensures an accurate 
characterization of all relevant physical mechanisms, while preventing 
the occurrence of any extraneous modeling artifacts. 

The specialized circuit representations have highlighted the individual 
effects of coupling, shielding, and longitudinal-to-metallic conversion 
on telephone cable facilities. Their development systematically identifies 
all underlying assumptions and thereby offers clarification on the con­
ditions which must be satisfied to permit confident reliance on these 
models. Three distinct types of coupling are identified: inductive, 
capacitive, and dissipative (the latter taking both longitudinal and 
transverse forms). Electric and magnetic types of shielding have been 
motivated as just wise utilizations of available coupling mechanisms. 
Finally, the longitudinal-to-metallic conversion model is unique in its 
ability to concisely characterize an arbitrary multi-conductor power and 
telephone environment. 

A carefully prepared glossary has been included as Appendix D. 
Particular attention is given to resolving jargonistic ambiguities by re­
ferring back to fundamental principles. It is the author's experience that 
unnecessary confusion generally results from the use of "loose" termi­
nology. In instances of conflicting historical usage, the present analytical 
framework is relied upon to furnish definitiveness. 
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APPENDIX A 

Perspective on Admittance Matrices 

Transverse coupling can occur either within an individual exposure 
segment or from mutual interaction within a terminal constraint, as 
indicated by the model for cascaded segments shown in Fig. 3. In all but 
a few actual cases, the terminal constraint phenomena are generally 
dominant by manifesting high admittances, Y~, compared to those for 
distributed effects in individual segments, Y~ and Yi. In these situations, 
it is acceptable to assume Y~ and Yi are zero for computational purposes. 
Basically, this implies that within a segment the radial flow of dis­
placement current (associated with distributed capacitance) and of 
conduction current (associated with leakage conductance) are both 
negligible, either in themselves or with respect to current entering con­
ductor nodes of the terminal constraint at location j. These conditions 
are typically met for nodes to which practical grounding configurations 
have been applied. However, for nodes at which grounding is either 
relatively poor or intentionally absent, all contributing admittances need 
to be retained. For instance, the conductance to ground and to other 
conductors may require consideration with direct burial noninsulated 
cable, such as concentric neutral power line. Conductance values can be 
obtained, either by means of direct measurement or by existing analytical 
techniques.6 Moreover, the susceptance portion of Y~ and Yi arising 
from self-capacitance and mutual capacitance effects may be important 
under either very high voltage or exceptionally low current situations. 
The former situation can exist in the proximity of EHV power trans­
mission systems.8,9 The latter low-current situation manifests itself in 
affecting actual open-circuit voltage-to-ground (or sheath) on pairs 
within long segments of telephone cable. 

Treating terminal constraint phenomena in the mathematical 
framework of admittance parameters is somewhat arbitrary, since a 
Thevenin representation might also have been chosen to characterize 
a general terminal constraint in terms of impedance parameters. When 
the terminal constraints are simply independent grounds, it is logical 
to consider the associated ground potential raise (GPR) a longitudinal 
impedance phenomenon as did Sunde,6 since its primary effect is to 
restrict longitudinal current flow. On the other hand, when closely spaced 
nonindependent grounds interact strongly through mutual GPR effects, 
it is reasonable to view longitudinal currents as being partially excited 
through a localized transverse interaction with adjacent grounds acting 
as primary sources. Aside from whichever type of excitation actually 
prevails, it is computationally expedient to model mutual GPR interac­
tion as a transverse admittance phenomenon, primarily because of the 
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Fig. 7-Relationship of longitudinal and metallic variables to earth-return variables. 

analytical simplification of combining parallel admittances through 
addition as illustrated in Fig. 3a. 

APPENDIX B 

Longitudinal and Metallic Reference Convention 

A portion of the general analysis pertaining to multiconductor seg­
ments is modified by explicitly singling out two conductors for an al­
ternate characterization in terms of the longitudinal and metallic ref­
erence convention. This "change of variables" necessitates that a 
transformation be applied to the basic circuit relations. The modified 
equations for use with this alternate reference convention are summa­
rized below. 

Let us identify conductors 1 and 2 for this new representation. (By 
appropriate choice of numbering, these two conductors might represent 
a twisted pair within a conducting sheath, or even more simply an open 
wire line. Alternatively, they could represent a phase and neutral con­
ductor from a single-phase power system.) The basic approach is to de­
fine four new variables, V m, V .e, 1m, I.e, in terms of the previous volt­
ages-to-ground Vb V 2 and earth-return currents 11,12 as follows: 

Vm = VI - V 2 (metallic voltage), 

V.e = li2(V1 + V 2) (longitudinal voltage), 

1m = %(11 - 12) 

I.e =11+12 

(metallic current), 

(longitudinal current). (43) 

It may be helpful to note the last two current relations derive from 

h = %1.e + 1m , 

(44) 

The relationships between old and new variables are illustrated in Fig. 
7. These new longitudinal and metallic variables differ quite notably 
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from the previous earth-return variables in that they encompass effects 
occurring on two conductors. Consequently, all four new variables 
quantify effects that are "shared" between conductors 1 and 2 as they 
function together. (It is interesting to note that standard noise measuring 
sets automatically record Ve and V m.) In summary, the foregoing change 
of variables can be compactly represented by transformations Tv and 
Ti in the following matrix form 

Vm 1 -1 0 1 0 
I 

Ve % % 0 I 0 
·1 

VT == V3 ~-~--;T----~ V3 == [Tv]V (45a) 

and 

IT == 

· I . 
· I 
· I 

VM 0 0 0 I 1 VM 

1m 

Ie 

13 = 

% -% 
1 1 

o I ... 
I o I ... 

o 
o 

==[TdI. (45b) 

The new transformed voltage and current column vectors are denoted 
as VT and IT, respectively. Moreover, for ease of examination dashed 
lines are used to partition each matrix equation into regions having a 
particular form. Within the transformation matrices, the upper left-hand 
corner represents eqs. (43), whereas the lower right-hand corner pre­
serves the earth-return reference convention for conductors 3 through 
M. 

Recall the transmission line eqs. (1) and (2) in their matrix form, such 
that they characterize the complete behavior within a multiconductor 
exposure segment. Interjecting the new transformed variables of eq. (45), 
the transmission line relations become 

dIT [ -1] - dz = T/YTu VT == "YTVT (46) 

and 

dVT [ -1] - -- = TvZTi IT == ZTIT, 
dz 

(47) 
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where cy T and Z T are the new transformed incremental admittance and 
impedance matrices, as obtained from the indicated matrix operations. 
On the basis of reasoning identical to that preceding eqs. (10) and (11), 
a corresponding set of circuit relations is evolved in terms of the trans­
formed variables. In particular, eq. (10) becomes eq. (48) shown on page 
1691, where the following notation has been introduced: 

Zm == Zn + Z22 - 2Z12 (metallic circuit impedance), 

Ze == % (Zn + Z22 + 2Z12) (longitudinal circuit impedance), 

LlZ == Zn - Z22 (impedance unbalance). 

Individual Zik values are the matrix elements of Zj,j+l defined in eq. 
(10). The superscripts on Zft!+l and I!J+l, which identify the specific 
segment under consideration, have been omitted on the matrix and 
column vector elements in eq. (48) to minimize notational congestion. 
The transformed version of eqs. (11) follow simply upon noting eq. (49), 
shown on page 1691, where 

Y m == %(Yn + Y 22 - 2Y12) (metallic circuit admittance), 

Ye == Yn + Y 22 + 2Y12 
LlY == Yn - Y22 

(longitudinal circuit admittance), 

(admittance unbalance). 

Both Zi;i+l and Yi;!+l are symmetric matrices since all Zik = Zki and 
Yik = Yki from reciprocity. 

APPENDIX C 

Circuit Model Frequency Restrictions 

It is worthwhile from both an applicational and theoretical point of 
view to clarify the frequency range over which the equivalent circuit 
models are applicable. Recall that in starting from the transmission line 
eqs. (1) and (2), and going to the lumped-element circuit theory eqs. (10) 
and (11), an electrically short segment of the loop plant was specifically 
considered. The meaning of this earlier assumption is now examined in 
some detail. 

Note the electrically short assumption is likewise implicit in arriving 
at the metallic and longitudinal circuit eqs. (39) and (40), to which the 
equivalent circuit models of Fig. 6 apply. The initial discussion will focus 
upon these two models and later be expanded to include all conductors 
within an exposure segment. Whereas these circuit models are exact 
characterizations of the lumped-element circuit equations, it is impor­
tant to know how well they approximate the behavior associated with 
the original transmission line differential equations. Fortunately, this 
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Vi 
n 

Zl~ Zon sinhI' nQ 

y ~.....Ltanh 'YnQ 
1 Zon 2 

Fig. 8-Equivalent network for a general transmission line. 

question is rather easily resolved, since an exact pi-network model is 
available for the general transmission line case. lO Specifically, the exact 
behavior of the terminal voltage and terminal current is characterized 
by the equivalent network shown in Fig. 8. The particular choice of 
voltage and current variables defines a form of "mode" which will be 
designated as n. Here, n = £ or m, for either the Longitudinal or metallic 
type mode response of the transmission line differential equations. The 
characteristic impedance for mode n is defined by 

Zon = yZn, (50) 
Yn 

and the all-important electrical length is 

(51) 

where the Ze,Zm and Ye, Y m were specified in Appendix B by eqs. (48) 
and (49), respectively, for a segment length of t:.£ = £. 

The general transmission line equivalent network of Fig. 8 reduces 
to the impedances and admittances within the circuit models of Fig. 6 
for sufficiently small values of ~n£. To see this, note that 

(52a) 

and 

tanh ~n£ ___+ ~n£ 
2 2 

(52b) 

for I ~n£ I « 1. Hence, for the series impedance branch of the pi-net­
work, 

Zl = Zon sinh ~n£ ---+ Zon~n£ = yZn VZnYn = Zn; 
Yn 

for the two shunt admittance elements, 

Y 1 h~n£ ~n£ _ ~/ "'" /Zn Yn l=-tan -----+--=vZ~Y~ 2'V-=-' 
Zon 2 2Zon n n Y n 2 
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where n = for m. The restriction I 'Ynf I « 1 can be relaxed substantially 
without incurring appreciable error. For instance, with l'Ynfl :::; 0.5, the 
circuit elements of Fig. 6 will be within 5 percent of their true values as 
given by transmission line theory in Fig. 8. This condition serves as a 
practical guide in deciding the upper frequency limit for which just one 
segment of the longitudinal and metallic circuit models furnish rea­
sonable accuracy. 

A few observations of more general nature will now be made. The 
metallic and longitudinal variable equivalent circuits derived previously 
focus attention upon the circuit variables and parameters contained in 
the upper part of the partitioned eqs. (48) and (49). Dependent sources 
were utilized to account for the coupling to other conductors within the 
segment. One can similarly focus attention upon the lower part of the 
partitioned eqs. (48) and (49). In this case, each distinct conductor will 
have just a single earth-return equivalent circuit, corresponding to that 
shown in Fig. 4. Moreover, each conductor will give rise to one distinct 
mode n, wherein the impedance and admittance parameters of the 
transmission line solution and lumped-element circuit solution relate 
as Zn = Znn, Yn = Ynn, n = 3, ... , M. Hence, we see that every conductor 
contained in the segment has associated with it an electrical length, 'Ynf, 
the largest of which will be denoted as 'YNf. Evidently a segment is 
electrically short, and thus characterizable by a correspondingly simple 
circuit model, whenever I "'IN f I is sufficiently small in the sense discussed 
above. The presence of dependent sources does not alter this conclusion, 
since they too characterize only electrically short behavior. That is, the 
sources are composed of mutual admittance and mutual impedance 
terms, for which it can be shown that I Yik I < I Ykk I and I Zik I < I Zkk I 
Jor all k (or n) of interest. Hence, if the self-admittance and self-im­
pedance terms, Y nn and Znn, satisfy an electrically short criterion, so too 
must the mutual terms. 

It should be stated that these modes and associated propagation 
constants, "'In, are somewhat unorthodox; they differ from the customary 
"eigenmodes" of the M -conductor system. Eigenmodes are ordinarily 
defined4 from the n eigenvalue roots, 'Y~, of the matrix equation I YZ­
'Y2UI = 0, where U is a unity matrix. Each distinct root then constitutes 
two eigenmodes, e ±'YnZ

, having the property that they can propagate 
independently without undergoing distortion. To the extent the largest 
"'IN == max "'In can be easily estimated without extensive numerical pro­
cedures, this more orthodox approach furnishes a completely rigorous 
method for testing a multi conductor segment of length f to determine 
compliance with being electrically short. The values of "'In associated with 
the eigenmode approach differ from those described above in accordance 
with the levels of mutual coupling, as characterized by the dependent 
sources in the circuit models of Figs. 4 and 6. 
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APPENDIX D 

Glossary 

Conduction 
Current 

Conductive 
Coupling 

Controlled 
Sources 

Dependent 
Sources 

Displacement 
Current 

Dissipative 
Coupling 

Earth -Return 
Reference 
Convention 

Effective 
Mutual 
Impedance 

Electric (or 
Capacitive) 
Coupling 

Electromagnetic 
Coupling 

External 
Impedance 

Internal 
Impedance 

The current flow that is associated solely with 
the finite conductivity, (J, or resistivity, p, of a 
medium; e.g., the current flow through a 
resistance. 

The contribution to transverse coupling arising 
from Ohm's law and the flow of conduction 
current. 

Current and voltage generators (sources) 
controlled by voltage and current signals, 
respectively. Since controlled sources are 
dependent on a control signal, they are often 
referred to as dependent sources. 

See controlled sources. 

The current flow associated solely with the 
permittivity, f:, of a medium; e.g., the current 
flow through a capacitance. 

A general term encompassing the physical 
mechanism of resistive or conductive coupling. 

A voltage variable whose reference potential is 
that of remote ground; a current variable 
whose return path is assumed to be through 
the ground. 

The ratio of the total induced open-circuit 
voltage on the disturbed circuit to the 
disturbing power system phase current with 
the effects of all conductors taken into account. 

The contribution to transverse coupling arising 
from Gauss' law of electric induction and the 
flow of displacement current. 

A general term encompassing primarily electric 
and magnetic coupling and, in principle, 
dissipative coupling too. 

The (total) longitudinal impedance less that 
contribution due to internal impedance. 

The sum of the conductor resistance and internal 
reactance (from the magnetic field inside the 
conductor). 
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Longitudinal 
and Metallic 
Reference 
Convention 

Longitudinal 
Circuit 

Longitudinal 
Coupling 

Longitudinal 
Current 

Longitudinal 
Impedance 

Longitudinal 
Input 
Impedance 

Longitudinal 
Voltage 

Magnetic (or 
Inductive) 
Coupling 

Metallic 
Circuit 

Mutual 
Coupling 

Phasor 

Voltage and current variables that are related to 
the earth-return reference convention as shown 
in eq. (43). 

A circuit utilizing longitudinal reference 
conventions for the voltage and current 
variables. 

The force exerted on a charge by an electric field 
in a longitudinal or axial direction of a 
conductor. 

The directed current flow along the axis of a 
conductor; this flow may be measured using 
either earth-return or longitudinal reference 
conventions. 

A quantitative measure of longitudinal coupling 
within a segment, accounting for both 
inductive and resistive types of coupling 
(dependent upon chosen reference 
convention). 

The Thevenin impedance looking into the 
longitudinal circuit formed by the wire pair 
and terminating impedances. 

The change in voltage occurring along the axis of 
a conductor; this change may be measured 
using either longitudinal or earth-return 
reference conventions. (Also the voltage 
variable in the longitudinal reference 
convention). 

The contribution to longitudinal coupling arising 
from Faraday's law of magnetic induction and 
the flow of conduction current. 

A circuit utilizing metallic reference conventions 
for the voltage and current variables. 

A transverse admittance or longitudinal 
impedance which relates the stimulus on one 
conductor to its response upon another 
conductor. 

A harmonically time-dependent complex 
number. Phasors are added, subtracted, 
multiplied, and divided in the same way as 
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Power Line 
Balance 

Power Line 
Balance 
Factor 

Primary 
Voltage 

Remnant 
Voltage 

Remote 
Ground 
Potential 

Residual 
Current 

Resistive 
Coupling 

Self-Reaction 

Shield 
Factor 

Skin Depth 

complex numbers. Often phasor additions are 
referred to as vector additions. 

The relative absence of residual current at a 
particular frequency for a group of power line 
conductors; balance at one frequency, in 
general, does not imply balance at another 
(harmonic) frequency. 

The ratio of the sum of the phase current 
magnitudes divided by the residual current 
magnitude; this quantity or its logarithm is a 
figure of merit for the degree of balance of a 
power line at a particular frequency. 

The voltage induced in the disturbed circuit by 
current in the disturbing circuit, in the absence 
of the intended shielding circuit. 

The voltage induced in the disturbed circuit by 
current in the disturbing circuit with the 
intended shielding circuit present. 

The potential of a region several skin-depths into 
the earth immediately beneath some specified 
conductor location. This reference potential is 
usually assumed to equal zero. 

The instantaneous or phasor sum of the 
conductor currents for a group of power line 
conductors; this current returns to the source 
through a path other than those conductors. 

The contribution to longitudinal coupling arising 
from Ohm's law and the flow of conduction 
current. 

A transverse admittance or longitudinal 
impedance which relates the stimulus to its 
associated response upon the same conductor. 

The ratio of remnant voltage to primary voltage 
for a constant value of disturbing current; a 
measure of shielding effectiveness, i.e., the 
smaller the ratio or shield factor, the better the 
shield in reducing remnant voltage. 

The depth into a conductor at which the 
magnitude of the electromagnetic field is 
reduced to approximately lie of its surface 
value; its thickness is given in terms of 
resistivity, radian frequency, and permeability 
as 0 = v2plwJl . 
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Skin Effect 

Transverse 
Admittance 

Transverse 
Coupling 

Transverse 
Current 

REFERENCES 

A phenomenon associated with time-varying 
fields which tends to concentrate currents 
toward the surface of conductors that are 
nearest to the field sources which produce the 
currents. The skin-depth is a measure of this 
effect. 

A quantitative measure of transverse coupling, 
accounting for both capacitive and conductive 
types of coupling (dependent upon chosen 
reference convention). 

The force exerted on a charge by an electric field 
in a direction transverse or perpendicular to 
the axis of a conductor. 

The outward current flow perpendicular to the 
axis of a conductor which accompanies a 
decrease in longitudinal current. 
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Techniques of identifying the location of silence periods in the binary 
data of prerecorded telephone messages from Adaptive Delta Modu­
lation (ADM) encoders are discussed. Two algorithms for detecting and 
replacing such periods by absolute silence are investigated. In the first 
method one or two words (each 16 bits long) spanning one or two msecs, 
respectively, at a 16 kHz ADM-sampling frequency, are searched. They 
are either replaced or not in their entirety by a perfect silence sequence 
based upon a computed decision. In the second method, blocks of any 
prespecified number (1 to 512) of words spanning 1 to 512 msec at 16 
kHz are searched to detect the authenticity of a silence period within 
a smaller block (typically between 1 to 31 words) spanning 1 to 31 msec 
embedded within the larger block. The first method has yielded un­
satisfactory results, and' the second method with larger window scan 
of 80-200 msecs and a smaller window duration of 1 to 5 msec has 
yielded nearly perfect results by eliminating all of the idle channel 
noise without degrading the quality of the message. This technique of 
locating the silence periods in ADM encoded speech is compared with 
that for ADPCM encoded speech. Also the optimized parameters (for 
making the computed decision) are shown to be satisfactory for pre­
venting false silence clues for genuine speech data over the wide vari­
ations of frequencies and amplitudes. Further, these parameters may 
be converted for different clock rates, and some are traced back to the 
specifics of the encoder and the others to the character of speech. 

I. INTRODUCTION 

The source of idle channel noise in most ADM (Adaptive Delta Mod­
ulation) speech encoders is the nonuniformity of the data stream gen­
erated by the encoder during silence periods. From a relaxation* study 

* In the context of this paper, relaxation implies changing the binary data to a state such 
that any further change will not yield an improvement in the quality of the speech or of 
silence. 
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on the computer it becomes obvious that if the decoder is forced into a 
repetitive input bit pattern synchronized with the main ADM clock, the 
decoder idle channel noise can be suppressed. The decoder, responding 
only to the incoming data stream, cannot generate any noise on its own, 
and a perfect encoder, to assure silence, would provide a repetitive 
pattern to the decoder. In the absence of such an encoder, it is possible 
to determine the silence periods during speech by a computed decision 
and force the bit pattern to be repetitive during such periods. 

The silence periods are particularly conspicuous in exposing the im­
perfection of the encoder. Being devoid of any meaningful information, 
they can become annoying if the encoder does not produce a bit pattern 
which forces a complete silence for the decoder. For instance, the most 
commonly used bit pattern is 0101. .. , even though other patterns such 
as 001100 ... ,01001101. .. , etc., all yield a type of semisilence or humming 
silence with intertwined frequencies. The nature of decoder silence is 
also influenced by the companding algorithm and the output filter 
characteristics. In this application we have obtained the best silence by 
a sequence of 0101. .. which offers two distinct advantages: 

(i) The compandor having been rendered inoperative by this se­
quence, the step size decays to its minimum value. 

(ii) The frequency generated by this sequence, being half the clock 
rate, is beyond the bandwidth of the audio filter. 

II. SILENCE CLUES 

2. 1 Cluster and transitions clues for ADM data 

When the only available data is the encoded binary stream from an 
ADM encoder, three clues to judge the authenticity of the silence period 
may be used: (i) the absence of at least one cluster of ones whose width 
exceeds that of a prechosen minimum threshold cluster, (ii) the absence 
of at least one cluster of zeros whose width exceeds that of a prechosen 
minimum threshold cluster, and (iii) the excess of transitions between 
zeros and ones and vice versa over a pre chosen number of transitions 
during a prechosen interval of time. The first two clues together have 
been termed "cluster clues," and the last one is termed "transitions clue." 
There are thus five variables necessary to implement the scheme: (a) 
the number of ones in the minimum threshold cluster of ones, (b) the 
number of zeros in the minimum threshold clusters of zeros, (c) the 
number of transitions in the duration to seek the clues, (d) the duration 
of time to seek the clues and finally, (e) the duration for substituting the 
ideal silence sequence 0101. .. instead of the imperfect silence data from 
the encoder. 
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2.2 Code word energy clue for ADPCM data 

In Ref. 1, the concept of "code word energy" which is defined as an 
integrated energy for 16 msec (8 msec forward, 8 msec backward) around 
a preselected code word of ADPCM data is used. The concept has been 
used to locate the beginning and end of utterances. Individual discrete 
code words which convey one of the sixteen levels of amplitude infor­
mation of the speech wave are scanned for amplitude deviation from a 
mean value. If the code word energy consistently exceeds that obtained 
during silence periods at the ADPCM encoder for 50 msec, then the be­
ginning of the utterance is traced back to the instant at which the code 
word energy first started to exceed the threshold. Conversely, if the code 
word energy falls below that recorded during speech consistently for 160 
msec, the end of the utterance is traced back to the instant at which the 
code energy first receded from the threshold. 

2.3 Differences between clues for ADPCM and ADM data 

Code word energy clue is well suited for ADPCM data where amplitude 
information is discretely coded in each word. For ADM data, only the sign 
information is conveyed to the decoder and there is no distinguishable 
boundary between any neighboring bits. For this reason, the concept of 
code word energy is inapplicable for ADM-encoded data. The cluster clues 
contain the information that not once during the search interval did the 
encoder experience an unidirectional change in amplitude lasting for 
a minimum number of clock cycles. The transitions clue contains the 
information that the frequency of change of direction of the output from 
the decoder exceeds what one would expect it to be during low level 
speech signals, and very close to what one would expect during the silence 
periods. The cluster clue is based on the fact that speech contains the 
dominant portion of energy in lower formant frequencies and the tran­
sition clue is based on the fact that speech energy concentration tapers 
off at higher formant frequencies. 

Further, the computed decision for ADPCM data is a process of only 
looking forward in time to determine the increase of energy over the si­
lence threshold energy (for locating the beginning of an utterance) or 
the decrease of energy below that of the speech threshold energy (for 
locating the end of the utterance). In ADM data we have found it neessary 
to look forward and backward for clues to make a computed decision 
regarding the authenticity of silence during the intermediate interval. 
As shown in the following sections, if the five variables [(a) through (e) 
in Section 2.1] on which the concept is implemented, are carefully chosen, 
the cluster and transitions clues work very dependably. 

IDLE CHANNEL NOISE SUPPRESSION 1701 



III. IMPLEMENTATIONAL DETAILS 

Implementing the concept has been attempted by two distinct tech­
niques: (i) word relaxation schemes and (ii) block relaxation schemes. 
In word relaxation schemes the duration for seeking the cluster and 
transitions clues [i.e., (d) in Section 2.1] is made the same as the duration 
for replacing the ideal silence sequence 0101 ... instead of the imperfect 
silence data [i.e., (e) in Section 2.1]. In block relaxation schemes the 
duration for replacement has been made 2.3 to 13 percent of the duration 
for searching for the clues to judge the authenticity of the silence. 

3. 1 Word relaxation schemes 

In this method the durations of search and replacement have both 
been made typically 1 or 2 msec. The width of the minimum threshold 
cluster for ones (hereafter referred to as "ones cluster threshold") and 
the width of the minimum threshold cluster for zeros (hereafter referred 
to as "zeros cluster threshold") are both typically set at two. The 
threshold for the transitions (hereafter referred to as "transitions 
threshold") is typically set at ten (16 kHz clock rate) for a one msec 
search and replacement window. The concept has been programmed in 
assembly language on a minicomputer in a conversational mode of input 
and output. Large blocks of data have been processed. The results have 
been analyzed both by subjective tests and oscillographic studies. 
Whenever the computer does replace the imperfect silence by a perfect 
silence the replaced data generates a limit cycle with respect to the input 
frequency and it appears as a stationary pattern on an oscilloscope. The 
scheme, even though successful about 90 percent of the time, fails to 
satisfy a perceptive listener during the silence period. When the three 
threshold parameters are made (3,3,8) respectively,* the quality of the 
silence becomes perfect but the speech tends to become slightly choppy 
and a happy compromise of the three threshold parameters has not 
proved possible. 

Similar results have been encountered with two msec duration for 
seeking the clues and replacing the silence bit-pattern. A slight im­
provement gained in the quality of silence with perfect speech still does 
not satisfy a perceptive listener, and for this reason the block relaxation 
procedure has been developed. 

3.2 Block relaxation schemes 

The limited performance of the word relaxation scheme is due to a very 
narrow slice of time used to determine whether a word contains silence 

* These parameters are always written in the same order: ONES, ZEROS, TRANSI­
TIONS. 
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or genuine data. The block relaxation scheme expands the search for 
clues over a much larger interval (large window) to compute the decision 
for a much shorter interval (small window, see Fig. 1). Typical durations 
for the large and small windows are from 39 to 131 msec and from 1 to 
5 msecs, respectively. The clusters and transitions clues are verified by 
the same method discussed in Section 2.1. The large window is defined 
during program execution by two parameters: (i) the duration for which 
the search for the clues should start prior to the beginning of the small 
window and (ii) the duration for which the search for the clues should 
continue after the end of the small window. Parameters (i) and (ii) have 
been made distinct because the choppiness of plosives, fricatives, siblants 
and nasals at the ends of the utterances can be eliminated by making (i) 
longer than (ii) while simultaneously eliminating the slightest crackle 
before an utterance. The effects of changing the durations of the large 
window, the small window and the threshold parameters are tabulated 
in Table 1. 

IV. DISCUSSION OF RESULTS 

Dependable determination of the silence periods and complete sup­
pression of idle channel noise is possible with the right value of the 
threshold parameters and window sizes. On one hand if the threshold 
parameters are (1,1,16) for ADM data at 16 kHz with a large window and 
small window of 1 msec each, then the block relaxation scheme becomes 
identical to the word relaxation scheme and no change is effected be­
tween the original data and the processed data. On the other hand, if the 
threshold parameters are made (16,16,0) with one msec small and large 
window, all the data is changed to that of a perfect silence. Other vari­
ations of threshold parameters and window widths, if not all optimal, 
may fail one way (by retaining slight choppiness in the words) or the 
other (by imperfect idle channel noise suppression). Hence the search 
for optimal threshold parameters and window widths has led us to a 
minimum cluster threshold parameter of three* and to a transition 

* This defines that the presence of an "instantaneous" frequency generated with a cluster 
whose width exceeds three (Le., 2 kHz and below at 16 kHz clock rate) within the large 
window qualifies the small window to be classified as genuine speech data. 
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Table I - Control parameters and quality 

Durations in msec 
Small Threshold 

File win- parameters Transi- Remarks, 
Name Before dow After Ones Zeros tions subjective 

A 3 3 3 3 3 80 Noisy silence, message OK. 
B 32 17 32 2 2 896 Noisy silence, message OK. 
C 3 3 3 3 3 88 Slightly noisy silence, slightly 

choppy words. 
D 3 3 3 3 3 72 Perfect silence, choppy words. 
T 64 3 64 3 3 1856 Noisy silence, message OK. 
U 64 3 64 3 3 1664 Perfect silence, message OK. 
V 64 3 64 3 3 1536 Perfect silence, very slight 

choppiness of words. 
P 64 3 64 3 3 1728 Trace of crackle in the silence 

periods, message OK. 
y 18 3 18 3 3 480 Very slight crackle, very slight 

Z 18 3 18 3 3 512 
choppiness. 

One crackle in 8 sec of silence, 
message OK. 

P* 18 3 18 3 3 480 One crackle in 16.2 sec of silence. 
0* 18 3 18 3 3 544 Three crackles in 16.2 sec of silence. 

Notes: 1. The clock frequency is 16 kHz. 
2. The message is a typical standard telephone announcement. 
3. Large window width is sum ofthree columns Before, Small window and After. 

* The imperfect silence of the encoder is processed here. 

threshold parameter of about 0.783 t times the maximum number of 
transitions that can occur in the large window; the large and small win­
dows themselves being 100 to 131 and 1 to 5 msecs respectively. This 
transition threshold parameter is consistent with our estimation of the 
frequency of 01 or 10 transitions and 00 or 11 and 000 or 111 cluster 
formations during silence periods. Sixty percent of the time the encoder 
generates a 01 or 10 transition, thirty percent of the time the 00 or 11 
cluster appears and ten percent of the time the 000 or 111 cluster is 
generated. These statistics yield the transitions threshold parameter 
as 0.783 t times the maximum transitions one may expect. 

Computationally optimized values of the transitions threshold verify 
the result. For instance, in case of File U (Table I) processed with a large 
window width of 131 msec, the maximum number of transitions possible 
are 2096 at a clock rate of 16 kHz and the estimated transitions for the 
silence period are thus 1634. The computationally optimized value is 
1664. A similar assertion of the threshold parameters may be made for 
File P (Table I) with an estimated value at 489 transitions and a com­
putationally optimized value of 480 transitions. 

t This defines that if the average frequency generated in the large window is above 6.26 
kHz (i.e., 0.783 X 8 kHz), then in the absence of the cluster clues, the data in the small 
window is the imperfect silence of the encoder. 

t 0.783 ~ 0.6 + 0:3/2 + 0.1/3. 
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v. RELATION BETWEEN OPTIMIZED PARAMETERS AND DATA ON 
SPEECH-SILENCE STATISTICS 

The computationally optimized control parameters are consistent with 
published speech statistics.2 

Low level consonant sounds (some plosives "p", "t" and fricative "(}"), 
which are short (30-50 msec) are not mistaken as silence because of 
neighboring higher level signals which precede or follow them. The 
cluster clues in the large window (up to 131 msecs wide) fail to be 
triggered. Longer duration (up to 230 msecs) low level consonant sounds 
especially sibilant "s" and fricative "z" may tend to trigger the cluster 
clues but fail to trigger the transitions clue because of the larger value 
of the transitions threshold parameter. Other plosives, fricatives, sibi­
lant-fricatives, nasals and semivowels lasting between 80 to 200 msec 
falling between the two earlier cases fail to trigger either the cluster clue 
(because of neighboring clusters in the large window) at the lower limit 
of 80 msec or the transitions clue (because of high value of transitions 
expected in the large window) at the higher limit. The fricative "f" and 
the semivowel "r" which have some spectral energy at about 3500 Hz and 
also last between 200 and 160 msecs, still fail the transitions clue since 
the average limit for the frequency of the imperfect encoder silence is 
about 6.26 kHz. Higher level consonants and key word vowels fail to 
trigger either cluster clue or the transitions clue because of their higher 
amplitude. As has been determined by the variation of the large window 
width on the computer, the results obtained by longer larger windows 
are more satisfactory than those from much shorter ones. 

The nature of the compandor (syllabic or instantaneous) also plays 
a role here. Consider a syllabic compandor whose encoded data is being 
scanned by a large window width of about 70 msec and a long sibilant 
or fricative that is at the end of a word. If the step size is large due to 
earlier letters in the word, then a false trigger of both the cluster and 
transitions clues is possible. Such a process yields a choppy ending of 
the word. However, a larger window of about 300 msec will eliminate this 
condition. Conversely, data from an instantaneous compandor would 
fail to trigger either of the two clues even with a 70 msec large win­
dow. 

Further, we have noticed that an exact central spacing of the smaller 
window in the larger window is less desirable than spacing the smaller 
window towards the end (shifted 10-15 percent). Such a spacing has two 
advantages: (i) false clues by long sibilants and fricatives at the end of 
words (when the step size of the ADM encoder is already large due to 
earlier letters in the word) are eliminated and (ii) crackles in the silence 
periods located just at the beginning of words are correctly eliminated 
(because the step size is low due to the preceding silence, a cluster is most 
likely formed at the beginning of the utterance). A similar observation 
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has also been made in Reference 1 while detecting the end of an utter­
ance. The critical duration after which code word energy falls below the 
threshold ,is 160 msec as against 50 msec for the energy to be above the 
threshold while detecting the beginning of the utterance. Large windows, 
inconsistently long in relation to the type of companding of the encoder 
face the risk of imperfectly suppressing the idle channel noise, and 
conversely large windows too narrow for the type of companding in the 
encoder face the risk of leaving behind traces of choppiness in the 
words. 

From the study presented in the paper for the data from an ADM en­
coder* with an attack time constant of 3 msec and a decay time constant 
of about 9 msec, the large window should be about 120-150 msec en­
compassing a small window of 3-5 msec located at 60 percent from the 
start of the large window duration. The cluster threshold constants are 
each 3 and the transitions threshold is approximately 0.783 times the 
maximum number of transitions possible in the large window. 

VI. CONCLUSIONS 

Idle channel noise may be virtually eliminated from stored ADM 

messages by the block relaxation techniques presented in this paper. 
With a proper selection of the control parameters, the'silence periods can 
be accurately located and replaced by a perfect silence. At very low clock 
rates (about 16 kHz) where the compromise between idle channel noise 
and intelligibility is very real, the, intelligibility can be enhanced by re­
cording with a low step size,which implies a disturbing component of the 
idle channel noise. This can be completely suppressed, however, by block 
relaxation techniques. 

The flexibility offered by this technique also permits the detection 
of silence over a wide range of clock frequencies and amplitudes of the 
recording message. Typically it is necessary to scan about 70-200t milli­
seconds before judging the authenticity of a silence period and to base 
the judgment on the number of transitions and consecutive ones and 
zeros in that interval of time. 

REFERENCES 

1. L. H. Rosenthal, R. W. Schafer, and L. R. Rabiner, "An Algorithm for Locating the 
Beginning and End of an Utterance Using ADPCM coded Speech," B.S.T.J., 53, No." 
6 (July-August 1974), pp 1127-1135. 

2. D. L. Richards, "Telecommunications by Speech," New York: John Wiley, 1973, Sec. 
2.1.3.3. 

* With syllabic companding. 
t H. Se-idel and C. H. Bricker have implemented the concepts in real time hardware, 

arriving at similar values. 

1706 THE BELL SYSTEM TECHNICAL JOURNAL, MAY-JUNE 1978 



Contributors to This Issue 

Syed V. Ahamed, B.E., 1957, University of Mysore; M.E., 1958, Indian 
Institute of Science; Ph.D., 1962, University of Manchester, U.K.; Post 
Doctoral Research Fellow, 1963, University of Delaware; Assistant 
Professor, 1964, University of Colorado; Bell Laboratories, 1966-. At 
Bell Laboratories, Mr. Ahamed has worked in c:omputer-aided engi­
neering analysis and design of electromagnetic components. He has 
designed and implemented minicomputer software and hardware in­
terfacing. He has applied algebraic analysis to the design of domain 
circuits and investigated computer aids to the design of bubble circuits. 
He has investigated new character designs for microwave power in the 
€-band. He has developed hardware and software interfacing for audio 
frequency codecs. Since 1975, he has been optimizing codec designs, 
encoding techniques, and speech encoded data storage and manipulation 
by minicomputers. 

Andres Albanese, Ingeniero Electricista, 1970, Universidad Central 
De Venezuela; M.Sc., 1972, University of Texas at Austin; Ph.D., 1976, 
Stanford Universit.y. Instituto Venezolano De Investigaciones Cienti­
ficas, 1969-1970; Bell Laboratories, 1975-. Mr. Albanese's current re­
search interests are systems and components for lightwave communi­
cations. 

H. W. Arnold, B.A., 1965, Occidental College; M.A., 1967, Sc.D., 1971, 
Columbia University; Bell Laboratories, 1971-. Mr. Arnold has con­
ducted millimeter wave mobile radio propagation experiments and has 
investigated· advanced communications satellite systems. He was in­
volved in the design of the Crawford Hill COMSTAR beacon propagation 
receivers and is presently performing data analysis from that experiment. 
Member, IEEE. 

Robert H. Brandt, Stevens Institute of Technology; Bell Laborato­
ries, 1944-1977. Mr. Brandt's work in the radio research group was 
concerned with components for micro-wave radio relay systems, antenna 
impedance measurements, multiplexing system for light route microwave 
relay, phase correction and pulse timing circuits, the Project Echo sat-

1707 



ellite communication experiments, and mobile radio propagation and 
equipment. Immediately before retiring he was associated with the 
COMSTAR Satellite Beacon Propagation Experiment. 

Ta-Shing Chu, B.S., 1955, National Taiwan University; M.S., 1957, 
and Ph.D., 1960, Ohio State University; Research Associate, Courant 
Institute of Mathematical Sciences, New York University, 1961-1963; 
Bell Laboratories, 1963-. Mr. Chu has been engaged in research on 
microwave antennas and tropospheric wave propagation for satellite 
communication and terrestrial microwave network. Fellow, IEEE; 
member, International Scientific Radio Union, Sigma Xi, Pi Mu Epsi­
lon. 

Leonard G. Cohen, B.E.E., 1962, City College of New York; Sc.M., 
1964, and Ph.D. (Engineering), 1968, Brown University; Bell Labora­
tories, 1968-. At Brown University, Mr. Cohen was engaged in research 
on plasma dynamics. At Bell Laboratories, he has concentrated on optical 
fiber transmission studies. Member, Sigma Xi, Tau Beta Pi, Eta Kappa 
Nu; senior member, IEEE. 

Donald C. Cox, B.S. (EE), 1959, and M.S. (EE), 1960, University of 
Nebraska; Ph.D. (EE), 1968, Stanford University; U.S. Air Force Re­
search and Development Officer, Wright-Patterson AFB, Ohio, 
1960-1963; Bell Laboratories, 1968-. After coming to Bell Laboratories 
from Stanford where he was engaged in microwave transhorizon prop­
agation research, Mr. Cox was engaged in microwave propagation re­
search in mobile radio environments and in high-capacity mobile radio 
systems studies until 1973. He is now doing millimeter wave satellite 
propagation and systems research. Senior Member, IEEE and member, 
Commissions B, C and F of USNC/URSI, Sigma X{, Sigma Tau, Eta 
Kappa Nu, and Pi Mu Epsilon; Registered Professional Engineer. 

F. V. DiMarcello, B.S. (Geochemistry), 1960, Pennsylvania State 
University; M.S. (Ceramics), 1966, Rutgers, The State University; Bell 
Laboratories, 1960-. Mr. DiMarcello has worked on various glass and 
ceramic materials problems including substrates for thin film circuitry, 
microwave windows for hardened antennae, and glass and ceramic­
to-metal seals. He is currently involved in materials and processing as­
pects of optical waveguides. 

1708 THE BELL SYSTEM TECHNICAL JOURNAL, MAY-JUNE 1978 



N. F. Dinn, B.S.E.E, 1967, Northeastern University; M.S.E.E., 1969, 
MIT; Bell Laboratories 1967-. Mr. Dinn's initial work was concerned 
with design and development of adaptive equalization and automatic 
timing control for digital systems. He subsequently performed the initial 
systems engineering for TIC. He currently supervises the Radio Char­
acterization Studies Group which has responsibility for designing spe­
cialized measurement and data acquisition equipment for characterizing 
radio propagation and for evaluating general trade digital radio systems. 
Member, Phi Kappa Phi, Tau Beta Pi, Sigma Xi, and Eta Kappa Nu. 

Robert W. England, B.S., 1973, Capitol Institute of Technology; Bell 
Laboratories, 1973-. Mr. England has worked on microwave antennas 
for satellite communication. He was involved in the measurement of the 
Crawford Hill 7-meter antenna and the development of an earth station 
receiver for the ATS-6 satellite. 

James Flanagan, Sc.D. Electrical Engineering, 1955, Massachusetts 
Institute of Technology; Bell Laboratories, 1957-. Mr. Flanagan has 
worked in voice communications, acoustics, and digital techniques for 
signal coding and transmission. He is head of the Acoustics Research 
Department. Fellow, IEEE; fellow, and currently president-elect, 
Acoustical Society of America, Sigma Xi, Tau Beta Pi. 

James W. Fleming, B.S., 1970 and M.S. 1971 in Cer. E., University 
of Missouri at Rolla; Research Associate University of Missouri, 1971-
1972; Bell Laboratories 1972-. Mr. Fleming has worked on the design 
and properties of PTCR thermistors and other polycrystalline materials 
for communication applications. Since 1973, he has been developing 
techniques for the preparation of high melting oxide glass compositions 
such as those used in lightguides and examining the properties of these 
glasses. He is currently involved in analysis of dispersion in optical 
materials and characterizing lightguide core composition profiles. Mr. 
Fleming is pursuing a Ph.D. in Cer. Sci. at Rutgers University and is a 
member of the American Ceramic Society. 

William G. French, B.A., 1965, University of California, Riverside; 
Ph.D., 1969, University of Wisconsin; Bell Laboratories, 1969-. Mr. 
French has worked on fundamental studies of glass as well as glass pu­
rification techniques and the development of low loss optical fiber ma­
terials. His present interests are concerned with vapor deposition 
methods for the fabrication of low loss fibers with low dispersion char-

CONTRIBUTORS TO THIS ISSUE 1709 



acteristics. Member, Optical Society of America, American Chemical 
Society, and American Ceramic Society. 

David J. Goodman, B.E.E., 1960, Rensselaer Polytechnic Institute; 
M.E.E., New York University; Ph.D. (E.E.), 1967, Imperial College, 
London; Bell Laboratories, 1967-. Mr. Goodman has studied various 
aspects of digital communications, including analog-to-digital conver­
sion, digital signal processing, assessment of the quality of digitally coded 
speech, and error mechanisms in digital transmission lines. He is Head, 
Communications Methods Research Department. In 1974 and 1975, he 
was a Senior Research Fellow at Imperial College, London, England. 
Member, IEEE. 

D. A. Gray, B.S.E.E., 1963, Tufts University; M.S.E.E., 1965, and 
Ph.D. (E.E.), 1969, Stanford University; Bell Laboratories, 1969-. Mr. 
Gray has worked on the transmission of microwaves and millimeter 
waves through rainfall on terrestrial and earth-space paths, and on the 
measurement of millimeter wave antennas. He is presently working on 
satellite transmission systems. Member, Sigma Xi, Tau Beta Pi, Eta 
Kappa Nu, Commission F of URSI/USNC. 

Harold H. Hoffman, New York University; Bell Laboratories. Mr. 
Hoffman has worked on micro-wave radio relay systems, cordless tele­
phone,. satellite orientation, mobile radio and millimeter wave propa­
gation. As a member of the Satellite Systems Research Development, he 
is presently concerned with the COMSTAR Satellite Beacon Propagation 
Experiment. 

David A. Kleinman, Sc.B. (chemical engineering), 1946, and S.M. 
(mathematics), 1947, Massachusetts Institute of Technology; Ph.D. 
(Physics), 1952, Brown University; Brookhaven National Laboratory 
1949-1953; Bell Laboratories 1953-. Mr. Kleinman has worked on 
semiconductor devices, the infrared optical properties of semiconductors, 
lasers and nonlinear optics, optical telephone receivers, and most recently 
on electron spin polarization and optical pumping of semiconductors. 

Robert P. Leek, A.A.S.E.E., 1968, Middlesex County College; 1969, 
Rutgers College of Engineering; 1972-, Monmouth College; Bell Lab­
oratories, 1972-. From 1969 to 1972 Mr. Leck was engaged in the design 
of both digital and analog measurement systems. Since joining Bell 
Laboratories, he has participated in mobile radio experiments, has done 

1710 THE BELL SY3TEM TECHNICAL JOURNAL, MAY-JUNE 1978 



work on experimental linear amplifiers, and was involved with the design 
and assembly of the electronics used in the COMSTAR Satellite Beacon 
Propagation Experiments. He is presently involved in the reduction of 
data obtained from that experiment, microcomputer-based measure­
ment and control systems, and phase-locked-loop frequency multiplier 
design. Member, Eta Kappa Nu. 

W. E. Legg, Rutgers University, 1945-1949; Bell Laboratories, 1945-. 
Mr. Legg has worked on dielectric lenses and microwave antennas for 
radio relay systems. He was involved in the development of Project Echo 
and Telstar tracking equipment and participated in mobile radio tele­
phone experiments. He is presently engaged in antenna measurements 
for satellite communication and terrestrial microwave repeaters in the 
Radio Research Laboratory. 

Stephen E. Levinson, B.A. Engineering Sciences, Harvard, 1966; 
M.S.E.E., Ph.D., University of Rhode Island, 1972 and 1974, respectively; 
Design Engineer ,:Electric, BoatlDivision, GenerailDynamics 1966-1970. 
J. Willa~d Gibbs Instructor of Computer Science, Yale University, 
1974-1976. Joined Acoustics Research Department, Bell Laboratories, 
August 1976. Research interests: speech recognition, pattern recognition, 
theory of computation. Member, IEEE, ACM. 

Sing-Hsiung Lin, B.S.E.E., 1963, National Taiwan University; 
M.S.E.E., 1966, and Ph.D., 1969, University of California, Berkeley; Bell 
Laboratories, 1969-. At the Electronics Research Laboratory, Uni­
versity of California at Berkeley, Mr. Lin was engaged in research on 
antennas in plasma media and numerical solutions of antenna problems. 
Mr. Lin is presently working on wave propagation problems on terrestrial 
radio systems and earth-satellite radio systems. He was an invited lec­
turer on microwave radio communication systems in the 1976 Modern 
Engineering and Technology Seminar in Taipei, Taiwan, Republic of 
China, sponsored by the Chinese Institute of Engineers. Member, IEEE, 

Sigma Xi. 

J. E. Mazo, B.S. (Physics), 1958, Massachusetts Institute of Tech­
nology; M.S. (Physics), 1960, and Ph.D. (Physics), 1963, Syracuse Uni­
versity; Research Associate, Department of Physics, University of In­
diana, i963-1964; Bell Laboratories, 1964-. At the University of Indiana, 
Mr. Mazo worked on studies of scattering theory. At Bell Laboratories, 
he has been concerned with problems in data transmission and is now 

CONTRIBUTORS TO THIS ISSUE 1711 



working in the Mathematical Research Center. Member, American 
Physical Society, IEEE. 

Barbara J. McDermott, B.A. (Psychology), 1949, University of 
Michigan; M.A. (Psychology), 1963, Columbia University; Haskins 
Laboratories, 1950-1959; Bell Laboratories, 1959-. Ms. McDermott 
has worked on speech quality evaluation and multidimensional scaling 
analysis. Member, Acoustical Society of America. 

John A. Morrison, B.Sc., 1952, King's College, University of London; 
Sc.M., 1954, and Ph.IJ., 1956, Brown University; Bell Laboratories, 
1956-. Mr. Morrison has done research in various areas of applied 
mathematics and mathematical physics. He has recently been interested 
in queuing problems associated with data communications networks. 
He was a Visiting Professor of Mechanics at Lehigh University during 
the fall semester of 1968. Member, American Mathematical Society, 
SIAM, IEEE, Sigma Xi. 

Erwin E. Muller, B.S., 1952, Stevens Institute of Technology; M.S., 
1954, University of California; Bell Laboratories, 1954-. Mr. Muller 
has worked on design of ballistic missile-guidance computers, single­
sideband long-haul radio systems, and satellite communications systems. 
He is head of the Transmission Systems Characterization Department, 
concerned with describing the operational environment of radio and 
wire-pair transmission systems. Senior member, IEEE. 

Donald F. Nelson, B.S., 1952; M.S., 1953; Ph.D., 1959, all in physics, 
University of Michigan; University of Michigan, 1958-1959; University 
of Southern California, 1967-1968; Princeton University, 1976; Bell 
Laboratories, 1959-1967, 1968-. Mr. Nelson's research has included 
study of coherence properties of the ruby laser, making the first con­
tinuously operating ruby laser, determining the emission mechanism 
and kinetics of electroluminescence in light emitting diodes of gallium 
phosphide, study of electrooptic mQdulation of light within optical 
waveguides at pn junctions, study of Auger-type nonradiative recom­
bination of bound excitons in semiconductors, prediction and experi­
mental confirmation of a new symmetry for the elastooptic interaction, 
studies of four- and five-wave acoustooptic interactions in crystals, and 
formulation of a basic theory of nonlinear electroacoustics of dielectric 
crystals. Fellow American Physical Society; member, Optical Society 
of America, Acoustical Society of America, Sigma Xi, Phi Beta Kappa, 
Phi Kappa Phi, and Phi Eta Sigma. 

1712 THE BELL SYSTEM TECHNICAL JOURNAL, MAY-JUNE 1978 



Peter Noll, Dipl.-Ing., 1964, Dr.-Ing. (Electrical Communication 
Engineering), 1969, Habilitation, 1974, Technical University of Berlin, 
Germany; Heinrich-Hertz-Institut Berlin-Charlottenburg, 1964-1976. 
Mr. Noll was initially concerned with the development of electronic 
telephone exchanges. Since 1970, he has been engaged in research on 
speech coding and communication theory. During the summers of 1974 
to 1977 he was on the Technical Staff of Bell Laboratories. Since 1976, 
he has been a member of the University of Bremen, Germany, as a Pro­
fessor of Electrical Engineering and Statistical Communication Theory. 
Member, Nachrichtentechnische Gesellschaft (NTG), and Verein 
Deutscher Elektrotechniker (VDE), Germany. Senior member, IEEE. 

James C. Parker, Jr., B.S.E., 1965, M.S.E., 1967, and Ph.D., 1970 
(all E.E.), University of Michigan. Electronic Countermeasures orga­
nization and Radiation Laboratory at University of Michigan, 1965-1968; 
Electromagnetics Department at Conductron Corporation, 196~1970; 
Bell Laboratories, 1970-. Until 1976 Mr. Parker was with the Electro­
magnetic Interference Department, investigating wideband rf and 
low-frequency EMC problems. He is presently working on stochastic 
modeling techniques in the Electrical Protection and Interference De­
partment. Member, IEEE, Eta Kappa Nu, Phi Kappa Phi, Sigma Xi. 
Registered Professional Engineer in the state of New Jersey. 

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 engaged 
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. 

A. J. Rustako, Jr., B.S.E.E., 1965, M.S.E.E. 1969, New Jersey Insti­
tute of Technology; Bell Laboratories, 1957-. Mr. Rustako, a member 
of the Satellite Systems Research Department, has been engaged in 
system and propagation studies in both multipath mobile radio and 
earth-space satellite propagation media. He is presently concerned with 
scanning spot beam phased array techniques for satellite communica­
tions. 

CONTRIBUTORS TO THIS ISSUE 1713 



Carlo Scagliola, Dr. Ing. (Electronic Engineering), 1970, University 
of Pisa, Italy. Mr. Scagliola has been with CSELT (Centro Studi e La­
boratori Telecommunicazioni), Turin, Italy since 1970. He has been 
engaged in adaptive speech coding, assessment of the quality of digitally 
coded speech and in studies on automatic synthesis of the Italian lan­
guage. Mr. Scagliola served as a consultant at Bell Laboratories from 
January 1977 through January 1978. 

Jay R. Simpson, B.S. (Glass Science), 1972, Alfred University; Bell 
Laboratories, 1972-. Mr. Simpson is a member of the materials research 
laboratory and has been engaged in providing optical fiber transmission 
measurements for the development of fiber preform fabrication. He has 
also pursued an interest in inelastic electron tunneling spectroscopy. 

David Slepian, M.A., 1946, Ph.D., 1949 (theoretical physics), Harvard 
University; Bell Laboratories, 1950-. Mr. Slepian is Head of the 
Mathematical Studies Department within the Mathematics and Sta­
tistics Research Center. He has worked in a variety of areas of applied 
mathematics and has served as a consultant on many Bell System 
projects. His main fields of applied interest are information theory and 
applications of probability theory to communication engineering. He 
is currently also Professor of Electrical Engineering at the University 
of Hawaii, Honolulu, where he periodically spends time on leave from 
the Laboratories. Member, National Academy of Sciences, National 
Academy of Engineering, and Society for Industrial and Applied 
Mathematics. Fellow, IEEE, the Institute of Mathematical Statistics, 
and American Association for the Advancement of Science. 

Ronald L. Wadsack, B.S.E.E., 1962, University of Washington; 
M.S.E.E., 1964, New York University; M.S., 1968, Yale University; Ph.D. 
(Appli'ed Quantum Physics), 1971, Yale University; Bell Laboratories, 
1962-1966, 1971-.Mr. Wadsackhas worked in the areas of magnetic and 
semiconductor memory systems, laser PCM systems, and automated 
integrated circuit test systems. His current interests are logic simulation, 
fault modeling, test vector generation, and microprocessors. He is cur­
rently an Adjunct Visiting Professor of Electrical Engineering at Ten­
nessee State University. National Science Graduate Fellow, 1966-1969. 
Member, IEEE, Tau Beta Pi, Eta Kappa Nu, Pi Mu Epsilon. 

Martin F. Wazowicz, RCA Institute; Western Electric; Bell Labo­
ratories, 1951-. Mr. Wazowicz has worked on such projects as Mark IV, 
Essex, "X" Band radio propagation experiments, mobile radio, and 
satellite receiver projects. 

1714 THE BELL SYSTEM TECHNICAL JOURNAL, MAY-JUNE 1978 



Ecaterina Weiszmann, B.S. (Engineering), 1977 Cornell University; 
M.S. (E.E.), 1978, Cornell University; Engineering Research Center, 
Western Electric, 1977-. Miss Weiszmann is presently studying laser 
light interaction with semiconductor materials. Member, IEEE. 

Robert W. Wilson, B.A. (Physics), 1957, Rice University; Ph.D. 
(Physics), 1962, California Institute of Technology; Bell Laboratories, 
1963-. At Bell Laboratories Mr. Wilson has made radio astronomical 
and propagation measurements. In radio astronomy his work includes 
measurements of the disk component of the galaxy and absolute fluxes 
of radio sources, discovery of the cosmic background temperature, and 
discovery and measurement of carbon monoxide and other molecules 
in interstellar clouds. His propagation measurements include mea­
surements of lOll and the short centimeter region. He is presently 
working in both fields. Member, American Astronomical Society, 
American Physical Society, International Scientific Radio Union, Sigma 
Xi, Phi Beta Kappa. 

G. A. Zimmerman B.S.E.E., 1958, University of Wisconsin; M.S.E.E., 
1960, New York University; Bell Laboratories, 1958-. Mr. Zimmerman's 
work has centered on design of specialized measurement and data ac­
quisition equipment for characterizing radio transmission phenomena 
and determining their impact on existing and proposed radio telephone 
equipment. In particular, the detailed data regarding multipath induced 
amplitude and phase variations obtained from this equipment have 
impacted FM, single-sideband AM, and digital radio design, engineering, 
and protection. Member, Eta Kappa Nu, Tau Beta Pi, Phi Kappa Phi, 
and IEEE. 

CONTRIBUTORS TO THIS ISSUE 1715 









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, Computer & Control 

Abstracts, Current Contents/Engineering, Technology & Applied Sciences, Current 

Contents/Physical & Chemical Sciences, Current Index to Statistics, Current Papers 

in Electrical & Electronic Engineering, Current Papers on Computers & Control, 

Electrical & Electronic Abstracts, Electronics & Communications Abstracts Journal, 

The Engineering Index, International Aerospace Abstracts, Journal of Current Laser 

Abstracts, Language and Language Behavior Abstracts, Mathematical Reviews, Metals 

Abstracts, Science Abstracts, Science Citation Index, and Solid State Abstracts 

Journal. Reproductions of the Journal by years are available in microform from Uni­

versity Microfilms, 300 N. Zeeb Road, Ann Arbor, Michigan 48106. 



CONTENTS (continued) 

J. E. Mazo Jitter Comparison of Tones Gener- 1489 
ated by Squaring and by Fourth-
Power Circuits 

P. Noll On Predictive Quantizing Schemes 1499 

A. Albanese An Automatic Bias Control (ABC) 1533 
Circuit for Injection Lasers 

S.H.Lin More On Rain Rate Distributions 1545 
and Extreme Value Statistics 

D. A. Kleinman and Nonlinear Analysis of a Photovoltaic 1569 
D. F. Nelson Optical Telephone Receiver 

B. McDermott, Perceptual and Objective Evaluation 1597 
C. Scagliola, and of Speech Processed by Adaptive 
D. Goodman Differential PCM 

S. E. Levinson, Evaluation of a Word Recognition 1619 
A. E. Rosenberg, and System Using Syntax Analysis 
J. L. Flanagan 

S. E. Levinson The Effects of Syntactic Analysis on Word 1627 
Recognition Accuracy 

J. A. Morrison A Combinatorial Lemma and Its 1645 
Application to Concentrating Trees 
of Discrete Time Queues 

L. G. Cohen, Pulse Dispersion Properties of Fibers With 1653 
F. V. DiMarcello, Various Material Constituents 
J. W. Fleming, 
W. G. French, 
J. R. Simpson, and 
E. Weiszmann 

J. C. Parker, Jr. Analytical Foundation for Low- 1663 
Frequency Power-Telephone 
Interference 

S. V. Ahamed Idle Channel Noise Suppression 1699 
by Relaxation of Binary ADM-Encoded Speech 

Contributors to This Issue 1707 

@ Bell System 


