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Abstract

The GMM is a widely popular approach for modeling the acous-
tic information and HMM is popular for temporal dynamics
modeling. We used to GMM-HMM model to represent and
characterize the speaker and temporal information in the text-
dependent speaker verification task. The entire system is devel-
oped on Kaldi.

1. System Description

In the text-dependent speaker verification has been popular in
recent years due to its applicability in smart devices. Earlier
temporal modeling approaches such as dynamic time warping
(DTW), a hierarchical multi-layer acoustic model (HiLAM)is
proposed based on Gaussian mixture model (GMM)-hidden
Markov model (HMM) architecture, i-vector/HMM and un-
supervised HMM-universal background model (UBM), joint
speaker-utterance model with GMM-HMM, DNN-HMM, etc.
These techniques uses speaker modeling and temporal model-
ing techniques together for text-dependent SV task [1-8]. In
this work, we are using GMM-HMM model for text-dependent
speaker verification.

1.1. Feature Extraction

The short term processing is performed on the entire database
with a frame size of 25 ms and a shift of 10 ms. 60-dimensional
mel frequency cepstral coefficient (MFCC) features including
delta coefficient are extracted for every frame considering 23
logarithmically placed mel filters. There is no voice activity
detection applied as the SV framework used in this work as we
can ignore the silence frames in likelihood computation. We
have not used any other data except Task1 SASV data [9]. Also,
we have not used any data augmentation schemes. We have only
submitted a single system.

1.2. Training and Enrollment
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Figure 1: Training and Enrollment for GMM-HMM speaker
verification.

The lexical information in a speech can be realized in terms
of phonetic sequence and speaker information is captured in
MECC features. We used the phonetic transcription provided
by the organizers. We train the monophone HMM models us-
ing the entire train set and build a Universal background model
(Ausm). During Enrollment, we adapt the speaker-utterance
model using the pair of speaker and utterance ids using MAP
adaptation. In the experiment, we use the smoothing constant
7 in the MAP adaptation script of Kaldi as 15. We call it a
speaker-utterance model, i.e., (Aspk—utt). Figure 1 shows the
training and enrollment procedure.

1.3. Testing

During the testing phase, we use the testing features X and the
claimed speaker-utterance model Aspr—use. We use transcrip-
tion W from the claimed speaker-utterance model, i.e., utter-
ance id. To compute the background likelihood scores, we use
the universal background model Ay gar. Thus, the final likeli-
hood score can be computed as follows:

SY = log P(X|Asph—utt, W) — log P(X|[Ausa, W) (1)
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Figure 2: Testing for GMM-HMM speaker verification.
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The likelihood computation procedure in the testing phase
is shown in Figure 2. In testing score submission, we have not
used any score normalization approaches. We neglected silence
as it does not contribute to the speaker verification task.

2. Results

There are two baseline systems provided by the organizers,
namely, i-vector/HMM [7] and X-vector [10]. These ap-
proaches are widely adopted in both text-dependent and text-
independent speaker verification systems. Results are analyses
in different cases. Experimental results are tabulated in Table
1 and Figure 3 shows the DET curve for two baseline systems
and our system. It can be observed that our system outperforms
the x-vector system in the majority of the test condition and
operating threshold on DET curve but it does not outperform
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Table 1: Experimental Results
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Figure 3: DET curve.

i-vector/HMM for all the cases.

ter than the x-vector system for TC-vs-TW trial categories.
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