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ABSTRACT

This paper investigates improvements to the vector
quantisation (VQ) distortion method of text-inde-
pendent speaker identification, using a conventional
codebook of instantaneous cepstral vectors from each
speakeér's training data, and one second-level code-
book of transitional cepstral vectors for each codeword
of the instantaneous codebook. Results on a 20-
speaker database of 30 phonetically rich utterances
show a reduction of the error rate from 6.5% for a
conventional codebook of size 128 to 5.5% for a code-
book which contains 16 transitional codewords for
each of the 128 instantaneous codewords (128x16).
Results on a 20-speaker database of spoken digits
show a reduction of error rate from 3.1% for a con-
ventional (128x0)-codebook to 0.9% for a (128x4)-
codebook. Alternatively, a constant error rate can be
maintained at a reduced number of codeword com-
parisons using codeword-specific transitional code-
books. Results also show that, given a sufficient size
of transitional codebook, transitional distortion scores
after instantaneous preclassification can be superior to
purely instantaneous distortion scores.

1. INTRODUCTION

Previous research has shown that average VQ distor-
tion scores can be successfully employed in text-inde-
pendent speaker identification [1], {2], [3]. Both in-
stantaneous and transitional cepstral information have
been found useful for speaker discrimination [4] and
both contribute relatively independently to the per-
formance of text-independent speaker identification
systems [5]. The question arises whether the transi-
tional cepstral information can be represented by a
codebook of instantaneous cepstral vectors with a
second-level codebook of transitional vectors for each
codeword of the instantaneous codebook. In this case,
the two-level codebook represents the likelihood of
specific directions of movement being associated with
particular regions of the cepstral space.

The objective of the study is twofold: Firstly, it is hy-
pothesised that speaker identification results will im-
prove when using a second-level codebook of transi-
tional vectors as compared to a codebook of instanta-
neous vectors. Secondly, it is hypothesised that
equivalent speaker identification performance is
achieved by using a smaller two-level codebook than
would be possible with a single-level codebook, thus
achieving a saving in the number of codeword com-
parisons necessary for each cepstral vector tested.

2. FIRST EXPERIMENT

2.1. Data

For Experiment 1, the first 20 speakers of the Trust
corpus [6] were used. The 30 utterances recorded in
that corpus are listed in Table 1. The corpus contains
three sessions recorded at approximately weekly in-
tervals with each session comprising five repetitions
of each of the utterances. The VQ codebooks were
trained using the ten repetitions of the commands
recorded in sessions 1 and 2. The test data comprised
the five repetitions of the commands recorded in ses-
sion 3. The data were digitised at 10,000 samples/s
and 16 bits/sample, and 20 mel-frequency cepstral
coefficients were computed for 25.6ms frames with a
10ms frame advance. Transitional cepstra were de-
termined by taking the cepstral differences between
frames which were +50ms removed from the target
frame, except for the first five and last five frames of
the utterance where transitional cepstra were extrapo-
lated from the available frames. Each speech frame
was therefore represented by one instantaneous cep-
stral vector and one transitional cepstral vector.

2.2. Method

Conventional instantaneous codebooks of sizes C=16,
32, 64 and 128 were constructed from the instantane-
ous cepstral vectors of the training utterances using
the LBG algorithm [7]. In a second scan of the train-
ing data, the transitional cepstral vectors of the train-
ing utterances were divided into C subsets, each
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transitional vector being assigned to that subset whose
index ¢ (1 £ ¢ < C) is the code of the corresponding
instantaneous vector. Each of these C sets of transi-
tional cepstral vectors was then clustered into transi-
tional codebooks of sizes D=2, 4, 8 and 16.

distortion (0=1.0) as long as the transitional code-
books are at least of size 16 (compare [5]).

1. My name is ...

2. My office phone number is 249-6898
3. The system access number is 175-093
4, New window

5. Line number 6. Grammar check

7. Send mail 8. Help index
9. Print preview 10. Clear screen
11. Edit file 12. Show ruler

13. Change font type
15. Open footer

17. Open data manager
19. View preferences
21. Resume task

23. Fill down

25. Text format

27. Append text

29. Insert table

14. Read only

16. Measure width
18. Page set up
20. Save file

22. Print merge
24. Move cursor
26. Undo typing
28. Row height
30. Compare with

Table 1. List of 30-word Trust Speech Corpus.

During the testing of new speech frames against the
trained codebooks, the VQ distortion of each frame
against the combined codebook was determined by
first finding the closest codeword of the instantancous
codebook with respect to the instantaneous cepstral
vector, yielding an index ¢ (1 < ¢ < C) and distance
v. The closest codeword of the c-th transitional code-
book with respect to the transitional cepstral vector
was then found, yielding an index d (1 < d < D) and
distance d. The instantaneous and transitional distor-
tions Yy and 3 were then combined according to a
weighting factor oo which was varied between 0 and 1.

2.3. Results

The speaker identification results for the 30 phoneti-
cally rich utterances are shown in Tables 2 and 3.

The rightmost column (o=1.0) of Table 2 shows the
baseline error rate for speaker identification based on
instantaneous information only. Increasing the instan-
taneous codebook size from 16 to 128, reduces the
error rate from 13.6% t0 6.5%.

The leftmost column of Table 2 (¢=0.0) shows that
the value of the transitional VQ distortion measure
increases strongly with increasing transitional code-
book size. It is noteworthy that in all cases, after pre-
classification with a conventional instantaneous code-
book, the sole use of the transitional distortion
(0=0.0) is superior to the sole use of the instantaneous
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16 0.00 0.20 040 060 0.80 1.00
2 4296 16.03 14.83 13.94 13.66 13.59
23.90 13.87 13.45 13.45 1352 13.59
8 15.18 11.97 1232 12.88 13.31 13.59
16 10.06 10.73 11.75 1242 13.13 13.59

-9

32 000 020 040 060 0.80 1.00
2 3491 1341 1193 1140 11.056 10.73
4 18.78 10.62 10.80 10.91 10.94 10.73
8 1246 9.46 10.13 10.45 10.70 10.73
16 893 801 932 10.10 10.55 10.73

64 000 020 040 060 0.80 1.00
2 2619 985 851 808 791 780
4 1380 819 770 773 770 7.80
8 907 671 7147 745 762 7.80
6 695 625 685 745 759 7.80

128 0.00 0.20 040 0.60 0.80 1.00
2 1768 766 709 678 6.64 646
4 999 6.67 664 642 657 6.46
8 741 6.07 611 635 632 646

16 558 554 597 625 625 646

Table 2. Percentage error rates for the phonetically
rich data for instantaneous codebook sizes C=16, 32,
64 and 128, transitional codebook sizes D=2, 4, 8 and
16, and with combination weights o ranging from 0.0
to 1.0.

Table 2 also shows that with instantaneous and transi-
tional codebook sizes of at least 32 and 8 respectively,
the optimum use of instantancous and transitional
distortions is a combination of the two with 0=0.2.

0 2 4 8 16
16 1359 13.59 1345 11.97 10.06
32 10.73 10.73 1062 9.46 8.01
64 780 7.80 770 671 625
128 646 646 642 6.07 554

Table 3. Percentage error rates for the phonetically
rich data for instantaneous codebook sizes C=16, 32,
64 and 128, and transitional codebook sizes D=0, 2, 4,
8 and 16 with optimum combination weights.

Table 3 shows that consistently for any instantaneous
codebook size, the speaker identification performance
increases by combining the instantaneous codebook
with a transitional codebook and that performance
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also increases with the size of that instantaneous
codebook.

14.00

8.00
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Percentage Identification Error

2.00

0.00 +4*

1 2 3 4
Codebook Size (CxD)

Figure 1. Percentage error rates for the phonetically
rich data. The 4 groups of bars show the instantane-
ous codebook sizes C=16, 32, 64 and 128. Each group
comprises 5 bars for the transitional codebook sizes
D=0, 2, 4, 8 and 16 with optimum combination
weights.

It is also interesting to note that combined instantane-
ous and transitional codebooks allow the reduction of
the number of codeword comparisons in order to
achieve a given speaker identification performance.
Comparing the performance of the (32x16)-codebook
with that of the (64x0)-codebook in Table 3 shows
similar error rates of 8.0% and 7.8% with only 48
codeword comparisons required in the first case as
against 64 in the second. In the case of the (64x16)-
codebook with 6.25% error compared with the
(128x0)-codebook with 6.5% error, the performance
of the former is superior to that of the latter despite a
reduced number of 80 codeword comparisons as
against 128.

3. SECOND EXPERIMENT

3.1. Data

Experiment 2 used a database of the ten digits of
British English spoken by 20 speakers. The VQ code-
books were trained using 20 repetitions of the digits
recorded over several weeks. The test data comprised
5 repetitions of the digits recorded about 2 weeks
later. The data were digitised at 8,000 samples/s and
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14 mel-frequency cepstral coefficients were computed
for 32ms frames with a 16ms frame advance. Transi-
tional cepstra were determined by taking the differ-
ence cepstra of frames which were 96ms apatt.

3.2. Method

The method of training VQ codebooks and testing
utterances against those codebooks was essentially
identical to that of Experiment 1. Instantaneous code-
books of sizes C=16, 32, 64 and 128 were built from
the training data before the transitional cepstra for
each codeword were clustered into second-level code-
books of sizes D=2, 4, 8 and 16, except in the case of
C=128 where insufficient training data prevented the
construction of meaningful transitional codebooks of
sizes D=8 and 16.

3.3. Results

The speaker identification results for the 10 digits are
shown in Tables 4 and 5. As expected, the overall
speaker identification error rates are lower than in
Experiment 1 because, for the ten-digit vocabulary,
the codebook has to cover a smaller phonetic variance
than for the vocabulary of Experiment 1.

i6 00 02 04 06 08 1.0

2 258 150 97 82 97 124
4 1241 82 68 60 85 124
8 87 59 51 55 73 124
16 58 43 40 49 67 124

32 00 02 04 06 08 1.0
2 171 87 53 44 42 57
4 87 53 35 30 37 &7
8 56 29 20 27 31 5.7
6 53 30 24 20 34 57

64 00 02 04 06 08 10
2 97 47 22 19 24 41
4 67 39 28 17 22 41
8 48 28 16 15 21 4.1
6 37 29 13 13 21 41

128 00 02 04 06 08 10
68 34 20 141 15 341
4 49 20 14 10 15 31

N

Table 4. Percentage error rates for the digit data for
instantaneous codebook sizes C=16, 32, 64 and 128,
transitional codebook sizes D=2, 4, 8 and 16, and
with combination weights ¢ ranging from 0.0 to 1.0.

The results of Table 4 confirm that for a transitional
codebook size of D=16, after preclassification with a
conventional instantaneous codebook, the sole use of
the transitional distortion (0=0.0) is superior to the
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sole use of the instantaneous distortion (0=1.0). In
contrast to the richer vocabulary of Experiment 1, the
benefit of the transitional distortion can already be
seen at the smaller transitional codebook sizes of D=2,
4 and 8§ where the optimum « values are in the range
of 0.4-0.8 (compare [S]).

As in the first experiment, the addition of small tran-
sitional codebooks for each instantaneous codeword
yields significant reductions of the speaker identifica-
tion error rate.

0 2 4 8 16

16 124 82 58 51 4.0

32 57 42 30 20 20

64 41 19 17 15 13
128 31 1.1 1.0

Table 5. Percentage error rates for the digit data for
instantaneous codebook sizes C=16, 32, 64 and 128,
and transitional codebook sizes D=0, 2, 4, 8 and 16
with optimum combination weights.

Percentage Identification Error

1 2 3 4
Codebook Size (CxD)

Figure 2. Percentage error rates for the digit data.
The 4 groups of bars show the instantaneous codebook
sizes C=16, 32, 64 and 128. Each group comprises 5
bars for the transitional codebook sizes D=0, 2, 4, §
and 16 (for C=128 only D=0, 2 and 4) with optimum
combination weights.

From the perspective of minimising the number of
codeword comparisons, the results of the second ex-
periment are even more promising. Table 5 shows
that the speaker identification performance of a
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(128x0)-codebook can be bettered by a (64x2)-code-
book or a (32x4)-codebook, a (64x0)-codebook is bet-
tered by a (32x4) or a (16x16)-codebook, and a
(32x0)-codebook is surpassed by a (16x8)-codebook,
with the corresponding savings in codeword compari-
SOns.

4. CONCLUSION

Two experiments have shown that moderate im-
provements of texi-independent speaker identification
rates can be achieved by employing a two-level code-
book comprising a conventional instantaneous cep-
stral codebook together with one transitional cepstral
codebook for each of the instantaneous codewords.
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