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Abstract

Dithering is a technique commonly used to improve the perceptual quality of lossy data
compression. In this work, we analytically and experimentally justify the use of dithering for
ASR input compression. We formalize an understanding of optimal ASR performance under
lossy input compression and leverage this to propose a parametric dithering technique for a
low-complexity speech compression pipeline. The method performs well at 1-bit resolution,
showing a 25% relative CER improvement, while also demonstrating improvements of 32.4%
and 33.5% at 2- and 3-bit resolution, respectively, with our second dither choice yielding a
reduced data rate. The proposed codec is adaptable to meet performance targets or stay
within entropy constraints.

Introduction

Quantization is fundamental to analog-to-digital conversion (ADC) [1] and underlies
lossy audio compression methods such as waveform, subband, and transform coding
[2, 3]. This process introduces distortion, or quantization error, which can be made
less perceptible through dithering.

Dithering extends beyond perceptual coding, having applications in machine learn-
ing: federated learning [4] and automatic speech recognition (ASR), and in graphic
design (halftoning) [5]. For ASR, frequency-selective dithering has been studied as a
means of compensating for the spectral feature distortion of MPEG-3 coding [6].

Previous results have been limited to outdated ASR acoustic models based on
Gaussian Mixture Models and early Deep Neural Networks [7], without consideration
of critical factors such as implementation complexity and entropy trade-offs. More-
over, there remains a limited rigorous justification for dithering within ASR systems,
with primarily black-box evaluations [8] and minimal exploration of its effect on low-
level uniform quantization, all of which we aim to address.

Implementation constraints are particularly relevant for enabling real-time offload-
ing of speech data from low-powered wearable electronics [9]. Standard codecs such
as Opus provide highly efficient, near-lossless compression even at low rates, but rely
on FFT-based computations [10]. A low-complexity speech codec would improve the
functionality of speech-interactive wearables, reducing communication barriers for
users with hearing impairments or in multilingual environments.

We propose a low-complexity parametric dithering quantization system designed
to balance ASR performance and implementation efficiency. We hypothesize a link
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between ASR accuracy and the total power and the autocorrelation properties of
quantization error. We then introduce two adaptable dither distributions that allow
us to explore this trade-off. Through experimental evaluation, we investigate the
effectiveness of these distributions and present results that support our framework as
a step toward a principled understanding of dithering in ASR.

Background

Dithered Quantizers

We consider a b-bit uniform scalar quantizer with finite resolution (b ∈ {1, 2, 3}),
operating under a low entropy constraint. While non-uniform quantizers achieve
lower distortion at low rates [1], we prioritize the simplicity of uniform quantization
for practical implementation. We define this mid-rise quantizer function Q(.) with
codebook value output, Ck = k∆ + ∆/2, and decision boundaries, Tk = k∆, where
k ∈ {1, 2, · · · , 2b}, with k denoting the index of each quantization output bin and ∆
denoting size of the bin.

A uniform quantizer, designated as such by Ck+1 − Ck = Tk+1 − Tk = ∆, can
also operate in a mid-tread configuration (Ck = k∆, Tk = k∆ − ∆/2). We adopt
the mid-rise configuration, which ensures that the output is centered around zero: a
crucial property at low bit depths.

We consider an analog input and dither samples, x ∈ X and v ∈ V , where X and
V are the respective random variables; the quantizer input sample y ∈ Y is the sum of
our input and dither samples x+v = y, with random variable Y . The quantizer output
is given by Q(y) ∈ {C1, C2, . . . , C2b}, where Q(y) = Ck =⇒ Tk ≤ y ≤ Tk+1 The error
of our dithered quantization system is computed non-subtractively as εNS = Q(y)−x.
At low resolution, without dithering, εNS is strongly correlated with the input signal
and time-lagged versions of itself [11], observed by the autocorrelation vector.

The dither V follows the triangular probability density function (TPDF) defined
in (1), and is denoted as fV (v). In the case of no dithering, fV (v) = δ(v), while for full
dithering fV (v) = Λ2∆(v). The input X, corresponding to a speech signal, is approx-

imately modeled as a Laplacian probability distribution [12], fX(x) =
1
2c
exp(− |x−µ|

c
)

where c is a scale parameter.

Λ2a(v) ≜

{
1
a2
(a− |v|) |v| ≤ a

0 otherwise
(1)

Though not seen with non-subtractive dithering (NSD), εS, quantization error un-
der subtractive dithering, achieves full statistical independence from the input signal
[13]. Despite this advantage, we neglect the method, as its implementation requires
retaining the dither following ADC and results in a high-resolution output [14]; both of
which contradict our low-complexity approach. However, under NSD, TPDF dithers
ensure that the first and second moments of εNS are independent from the inputs,
where the second moment is minimized [15].

The total error’s second moment, also referred to as the Mean Squared Error
(MSE), calculated E[ε2NS], is commonly used as a distortion metric, as it directly



represents the power of the quantization error. With no dithering, E[ε2NS] ≥ ∆2

12
, while

with full dithering, E[ε2NS] ≥ ∆2

4
.

ASR Model

OpenAI’s Whispermodel’s front-end consists of an audio processing block that resam-
ples all input to 16 kHz and computes a mel-spectrogram [16], highlighting the impor-
tance of time–frequency analysis for our analysis of speech. The model’s Transformer-
based, end-to-end architecture is representative of the dominant frameworks in mod-
ern speech recognition [17]; its high out-of-the-box accuracy offers a strong baseline
for evaluating the effects of our parameters on a state-of-the-art system.

Analysis

Motivation

Given the reliance of ASR models on feature extraction from log-mel spectrograms and
prior work investigating the impact of spectral distortion on ASR performance [16], we
consider the structural integrity of Time-Frequency (TF) features “visible” to models
as a baseline for optimal dither design. For an error signal ε of total length N with
discrete time and frequency indices n and f , we adopt two metrics to characterize this
integrity: one quantifies the overall increase in quantization error power (MSE), and
the other captures the spectral distribution of the error, both of which are represented

by the Power Spectral Density (PSD) as Sεε(f) =
∣∣∣∑N

n=0 ε(n)e
−j2πfn/N

∣∣∣2. We aim

for a smooth error power spectrum and minimal frequency energy increase, to best
ensure retention of the critical TF patterns that ASR models are trained on.

Taking this into account, we define two independent and identically distributed
(iid) dither distributions (v ∼ fVm,α(also denoted fVm)) where Vm,α is the associated
random variable with choice parameter m. The distributions are given by (2). Con-
trolled by the α ∈ [0, 1] parameter, fV1,α varies only in the proportion of samples
allocated to the dither, while fV2,α varies both in the prior sense and with its support
interval.

fVm,α(v) = αΛ2∆((α−1)m+2−α)(v) + (1− α)δ(v) m ∈ {1, 2} (2)

There is no difference in the impact parametric dithering has on the PSD of the
quantization error signal, εm,α, across tested bit-depths. As shown in Fig. 1, null
dithering concentrates power at 1 kHz, a band critical to speech [18], leading to
dominant perceptual distortion. Increasing α progressively shapes the PSD of εm,α,
not only raising the noise-floor power, but also reducing the power around 1 kHz.
Across α, the PSD shape evolves non-linearly and uniquely for each dither type, with
full dithering yielding a flat error PSD.

For error signal ε, we consider specific sample index n and time-lag τ with which
we define autocorrelation vector rεε where rεε(n, τ) = E[εnεn+τ ] s.t. n, n + τ ≤ N .



Figure 1: PSD of εm,α at 1 Bit for fV1 and fV2 , Given α = 0, 0.25, 0.5, 0.75, and 1,
Smoothed With a 480-Sample Window.

Although a speech signal is not strictly WSS, on short time scales, it behaves quasi-
WSS [19] so ∀n, rεε(τ) ≜ rεε(n, τ). To measure the fine-scale temporal correlations
of the quantization error, we propose ACFτ in (3), where rεε(τ) is normalized by
E[ε2n] to remove the scale dependence of the absolute energy of ε. Our choice of
τ = 5 reduces sensitivity to purely sample-to-sample artifacts present at τ = 1, yet
remains short enough to capture residual correlations, including contributions from
both low-frequency energy and high-frequency structures.

ACFτ ≜ rεε(τ)/rεε(0) = E[εnεn+τ ]/E[ε2n] (3)

Increasing α decreases the autocorrelation of the quantization error and increases
the total error power, revealing a trade-off between these two metrics and motivating
the use of parametric dithering. As shown in Fig. 2, the Pareto front of MSE versus
ACF5 is different between fV1 and fV2 ; however, the trade-off shape is preserved across
bit depths, with the curves undergoing a scaling transformation.

Figure 2: Multi-Objective Performance Comparison between fV1 and fV2 for Tested
Bit-Depths

Given this trade-off, we propose that (4) holds as an accurate model for ASR



performance, where M(Vm,α), a weighted combination of MSE and ACFτ , corre-
lates positively with P (Vm,α), a direct ASR performance measure based on tran-
scription accuracy, whose observed values vary with α (elaborated further in the
Results section). We use this definition to numerically evaluate the trade-off coef-
ficient, β∗, using (5) over a discretized set of α values, where µP = E [P (Vm,α)],
σ2
P = E

[
(P (Vm,α)− E [P (Vm,α)])

2]; using equivalent definitions for M(Vm,α, β).

∃ β ∈ [0, 1] s.t. ∀α M(Vm,α, β) = (β − 1)E[ε2m,α] + βE[εm,αtεm,αt+τ ] ∼ P (Vm,α) (4)

β∗ = argmax
β

E [(P (Vm,α)− µP ) (M(Vm,α, β)− µM)]

σPσM

(5)

Rate Computation

In designing an efficient codec, we treat the data rate as a key factor in minimizing
the required transmission bandwidth. By (2), α increases entropy, for both fV1 and
fV2 . To evaluate the difference between the entropy behaviors of fV1 and fV2 , we con-
sider Shannon’s entropy, which represents the theoretical lower bound on the average
number of bits per symbol required for lossless compression [20]. Shannon’s entropy
of output Qm,α can be computed using (6), where fYm,α(y) = [fX(x)∗fVm,α(v)](y) and

pk(α) =
∫ Tk+1

Tk
fYm,α(y)dy.

H(Qm,α) = −
2b∑
k=1

pk(α) log2 pk(α) (6)

While a closed-form expression of Entropy could provide an exact characteriza-
tion via (6), we gain an intuitive understanding of the dithers’ behaviors from our
analytical and numerical results.

We begin our analysis by considering the variance of the TPDF dithers as σ2
Λ ≜

a2/4, from which the variance of Vm,α follows: σ2
m = Var(Vm,α) ≜ α2m−1∆2

4
. The

variance of a Laplace-distributed speech input is Var(X) ≜ 2c2. By principle of our
dithers being independent from our input, Cov(X, Vm,α) = 0, and therefore, Var(X +
Vm,α) = Var(X) + Var(Vm,α). By Sheppard’s Corrections analysis, Var(Qm,α) ≈
Var(X + Vm,α) − ∆2

12
[21]. With this, we apply the Principle of Maximum Entropy,

where the Gaussian distribution maximizes entropy for a given variance constraint
[22]. For a Gaussian variable Z with variance σ2

Z , the differential entropy is H(Z) =
1
2
log2

(
2πeσ2

Z

)
. While (7), which assumes a Gaussian output distribution, does not

predict the exact numerical values, it captures the regression for α ∈ [0, 1] and shows
that H(Q1,α) > H(Q2,α) in that interval.

H(Qm,α) ≤ 1
2
log2

(
2πe

(
2c2 + σ2

m − ∆2

12

))
(7)

Fig. 3 numerically validates (7): entropy increases with α, while the trend differs
significantly between the two dither types. Entropy for fV1 exhibits a concave shape



Figure 3: Numerical Results for Shannon’s Entropy Over α for Speech Quantized to
1-3 Bits

over alpha, while with fV2 , entropy shows a distinctly convex trend. This convex
behavior, a result of the controlled dither support, demonstrates the advantage of fV2

dithering.

Codec

The proposed codec follows the pipeline outlined in Fig. 4. Input and dither signals
of N samples are summed before being passed through the mid-tread b-bit quantizer.
This is followed by Huffman Coding, an optimal lossless compression technique which
achieves an average code length within 1 bit of the source entropy.

Figure 4: Speech Codec Quantization Pipeline

Results

Experimental Setup

We used 30 identical scripts, distinct voices’ speech samples drawn from Google AI’s
en-US-Chirp3-HD voices [23]. All files (16-bit linear PCM, 48 kHz) were imported into
MATLAB, where they were amplitude-normalized and trimmed to 20 seconds. Our
intelligibility metrics were calculated on the decoded signals, and our rate calculation
uses Huffman coding.



We utilize whisper.cpp, a high-performance C++ implementation of the original
model [24]. Whisper’s transcription accuracy is evaluated by the Character Error
Rate (CER), computed via the Levenshtein distance. The reference transcript is
taken from the high-quality imported speech itself, rather than a global key, to ac-
count for variable content across the clipped samples. The Levenshtein distance is
normalized by the reference text length, providing a theoretical score in the range
[0, 1], corresponding to P (Vm,α) ≜ CER. To produce a single data point given each
bit-resolution and α parameter while accounting for inter-speaker variability, for each
metric, we computed the mean and the standard error of the mean (SEM).

ASR Performance

As shown in Fig. 5, P (Vm,α) is minimized by parametric dithering for all tests. Despite
the lower overall P (Vm,α) at 3-bit resolution (maximum absolute improvement =
0.0271), the largest absolute gains occur at 1- and 2-bit quantization (0.0449 and
0.0486 improvement), suggesting weaker motivation at the higher resolution case.

Figure 5: P (V1,α) and P (V2,α) Results Across α; Shaded Regions Indicate the SEM

Model Verification

The verification of metric M(Vm,α) is verified using the method prescribed by (4).
The β∗ that satisfy the model are shown in Table 1, where β∗ is shown to vary across
bit-depth, and less significantly between the two dither types. Total power of εNS

(MSE) holds a substantially larger weight in M(Vm,α) than the shape of noise floor
(ACF5); both qualities are relevant. Notably, ACF5 holds more weight at higher
rates. Fig. 6 visualizes the fit of M(Vm,α) to the results of P (Vm,α).

Table 1: Computed β∗ Values

Bit-Depth 1 2 3

fV1 0.0303 0.0808 0.141
fV2 0.0303 0.0505 0.152



Figure 6: Scaled M(V2,α) Within the Range of P (V2,α) and Fitted to P (V2,α) for β
∗

and Local β Values.

Optimal Alpha

The optimal α value, α∗, is determined by evaluating both CER improvement and
rate. However, for 1-bit quantization, the entropy remains constant, making CER
the sole determining factor for optimization. The α∗ computed by (8), where R(α)
denotes the rate (Huffman coding) given α and P (α) = P (Vm,α(α)), are shown in
Fig. 7. The α∗ for fV2 is consistently larger than that of fV1 even at similar CER
improvement, reflecting the reduced rate inherent to fV2 .

Figure 7: Computed α∗ Values with SEM Error Bars

α∗ = argmax
α:P (α)<P (0)

P (0)− P (α)

R(0)−R(α)
(8)

Rate Distortion

Fig. 8 shows that at 1-bit quantization, fV2(α
∗) dithering yields a lower CER than

fV1(α
∗), showing clear dominance under the most extreme entropy constraint. While

increasing the quantization resolution improves ASR performance, it also raises the
data rate and provides diminishing returns in CER improvement. As the rate contin-
ues to increase, fV1(α

∗) dithering eventually matches and slightly surpasses fV2(α
∗),

until their performances become indistinguishable. Notably, at 1-bit quantization,
fV2(α

∗) is most justified: not only outperforming null and full dithering by a signifi-
cant margin, but also achieving minimal rate.



Figure 8: (a) CER of fV1(α
∗) and fV2(α

∗) Dithering Compared to (b) CER of Null
and Full Dithering as a Function of Entropy

Conclusion

We propose a low-complexity, entropy-constrained speech compression codec design
optimized for ASR. We introduced a framework for characterizing ASR performance
using MSE and ACF5, providing a quantitative basis for designing and evaluating
dithering strategies. Our experiments demonstrate the effectiveness of 1-bit quanti-
zation with parametric dithering, achieving a critically low CER and yielding a 25%
relative improvement compared to null-dithering. These results highlight the poten-
tial of ultra–low bit-depth quantization as a viable approach for speech waveform
coding in resource-constrained systems.

Future directions include retraining a transformer-based encoder–decoder ASR
model to evaluate the limits of parametric dithering more fully. Additional work may
focus on expanding the ASR performance model through broader testing and consid-
eration of supplementary objective measures, further validating the role of dithering
in ultra-low-resolution speech coding.
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