

Hacker News Daily — June 25, 2026

30 stories · June 25, 2026

Sendle.app




In this issue


	An entire Herculaneum scroll has been read for the first time — scrollprize.org · 615 points

	Half-Life 2 in a Browser — hl2.slqnt.dev · 613 points · link only

	Show HN: I made Google Trends for Hacker News by indexing 18 years of comments — hackernewstrends.com · 556 points

	Apple raises prices of MacBooks, iPads — reuters.com · 490 points

	You can't unit test for taste — dev.karltryggvason.com · 217 points

	IBM debuts sub-1 nanometer chip technology — newsroom.ibm.com · 196 points

	Oxide computer 3D rack guided tour — explorer.oxide.computer · 186 points · link only

	Zig's new bitCast semantics and LLVM back end improvements — ziglang.org · 181 points

	I built a GPU back end for Emacs — en.andros.dev · 142 points

	Show HN: Chess-Inspired Roguelike — princechazz.com · 126 points · link only

	OS9Map — yllan.org · 123 points

	The disappearance of Japan's animators — economist.com · 105 points

	Show HN: OpenKnowledge – open source AI-first alternative to Obsidian/Notion — github.com · 91 points

	Show HN: MiniPCs.zip – Charting the Pareto frontier of Mini PCs — minipcs.zip · 91 points

	52-hertz whale — en.wikipedia.org · 84 points

	Political bias in AI: Where the AI models stand — trakkr.ai · 74 points

	Tw-fade: pure CSS scroll-driven edge masking — pete.design · 67 points

	Show HN: Turn native language audio into flashcards and shadowing practice — lingochunk.com · 66 points

	Advanced Nintendo Entertainment System (ANES) – NES Modded to Use 2 PPUs — github.com · 66 points

	Early adversity leaves lasting molecular imprint across the body: primate study — medicalxpress.com · 59 points

	How physicists track and trap the elusive neutrino — quantamagazine.org · 40 points

	The annotated PyTorch training loop — idlemachines.co.uk · 33 points

	Om Malik, 1966-2026 — om.co · 25 points

	The anxiety of the perfect loaf: the illusion of culinary precision — iza.ac · 14 points

	How to organize 3 acquired companies into one coherent website — littlelanguagemodels.com · 13 points

	The Customer Who Almost Killed Slack, Stripe, and Airbnb — siliconopera.com · 12 points

	Conway's Game of Life, in real life — lcamtuf.coredump.cx · 12 points · link only

	The Doorman's Fallacy in Action — rozumem.xyz · 10 points · link only

	Show HN: I rewrote my 2012 self-signed cert generator in Go – cert-depot.com · 9 points

	Making your JITted Code known: Let me count the ways — wakelift.de · 9 points





01

An entire Herculaneum scroll has been read for the first time

scrollprize.org · 615 points · Discussion

Preprint: https://scrollprize.org/pdf/main.pdfhttps://github.com/ScrollPrize/villa


Original: https://scrollprize.org/firstscroll · Discussion
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Half-Life 2 in a Browser

hl2.slqnt.dev · 613 points · Discussion

Full text couldn't be fetched for this one (paywall, anti-bot, or not an article page). Read it via the links below.

Original: https://hl2.slqnt.dev/ · Discussion
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Show HN: I made Google Trends for Hacker News by indexing 18 years of comments

hackernewstrends.com · 556 points · Discussion

Hacker Trends - see how any topic, tool, or person trended across 18 years of Hacker News
Charts how often any topic, tool, or person has come up on Hacker News. Overlay a few terms to watch their traction rise and fall. Each line is a live date-histogram over 45M posts and comments, built on Upstash Redis Search. Below the chart sit the actual stories and comments behind the lines, filterable by term or author. How Hacker Trends works
click a month to filter, or drag across to pick a range
loading…

Popular Comparisons
click to load above

The deploy-platform rivalry: Cloudflare carries the CDN/edge conversation for years, then Vercel surges on the Next.js wave and the two trade blows as both push into edge functions and full-stack hosting.

David vs Goliath of the lab era: OpenAI's repeated towers lead from 2023, until a sudden 2026 Anthropic surge pulls level and the lead changes hands.

The silicon baton pass: AMD leads 2017–20 on the Ryzen/Zen comeback, then Nvidia overtakes with the 2020–23 GPU-and-AI surge.

A three-way relay across the JVM/mobile era: Scala is the hot language ~2011, Swift grabs the baton with iOS mid-decade, then Kotlin overtakes both as Android goes Kotlin-first.

Frontend's generations in a line: Angular leads the framework wars ~2013–14, Vue rises 2016–19, then Svelte takes the newcomer crown 2020–22.

The database lead-swap: MySQL owns the conversation around 2009–11, then goes quiet as Postgres climbs to overtake it by 2017–20.

ML frameworks, generation by generation: TensorFlow launches the deep-learning gold rush 2015–16, PyTorch overtakes research 2019–21, then JAX becomes the cutting-edge favorite 2021–23.

Bundler changing of the guard: Webpack owns the build step 2015–20, then Vite arrives and overtakes it from 2022 on.

Crypto-exchange lead-swap: Coinbase is the exchange people talk about through 2013–21, then Binance takes over the headlines in 2022–23.

The editor wars, old guard vs new: Vim and Emacs trade the modal-vs-extensible argument year after year, then Zed bursts in and spikes hard across 2024–26.

The Twitter-alternative relay: Mastodon spikes with the 2022 acquisition exodus, then Bluesky overtakes it as the destination in 2024–25.

Node-alternative race: Deno is the buzzy replacement 2020–22, then Bun grabs the spotlight from 2023 onward.

A textbook changing of the guard: Flash burns hot across 2010–11, then HTML5 climbs past it into 2014–15, the open web eating the plugin alive.

Containerization handoff: Docker erupts 2014–15 as the new hotness, then Kubernetes inherits the spotlight from 2016 as orchestration becomes the story.

Succession within a dynasty: vim leads through the 2010s, then its own fork neovim ignites 2021–23 and takes the lead as the community migrates.

Two AI shockwaves, offset: ChatGPT's late-2022 launch wall, then DeepSeek's lone Jan-2025 tower, the “Sputnik moment” years later.

JS-superset succession: CoffeeScript's 2011–14 hype cools, then TypeScript's 2019+ rise shows which abstraction actually won.

The 2022 text-to-image explosion, month by month: DALL-E 2 opens the era in spring, Stable Diffusion's open-source release detonates in late summer, then Midjourney becomes the household name into 2023.

A CPU-architecture shift: x86 dominates chip talk around 2020–23, then ARM surges with Apple Silicon and data-center ARM into 2024–26.

The text-editor crown, passed hand to hand: Sublime Text is the beloved editor of 2012–14, GitHub's Atom takes over 2014–15, then VS Code eats the world from 2018 on.

Video calling, dynasty to dynasty: Skype owns the 2010s, then Zoom spikes hard in the single March-2020 lockdown month while Microsoft Teams rides the same remote-work wave on Office's coattails.

CI changing of the guard: Jenkins is the CI tool of the mid-2010s, then GitHub Actions takes over from 2021 on.

The AI-coding-tool relay: Cursor is the editor everyone talks about in late-2024, Claude Code spikes hard across mid-2025, then OpenAI's Codex takes its turn into early-2026.

The config-management wars: Chef leads the automate-your-servers era ~2011–12, Puppet trades blows through 2013, then Ansible's agentless approach pulls ahead 2014–15.

The functional language HN couldn't stop talking about: Clojure's Lisp-on-the-JVM moment ~2009–11, Haskell's purity debates ~2012, then Elixir rides the Erlang revival 2016–18.

API design, era by era: REST becomes the web's default 2012–15, then the post-REST generation splits: gRPC for service-to-service from 2016, GraphQL for the client from 2017.

Web servers across the decades: Apache rules the 2010–12 conversation, nginx overtakes it for the high-traffic era 2011–13, then Caddy arrives with automatic-HTTPS 2017–22.

The front-end MVC wars: Backbone.js is the first to give the browser structure ~2011, then Ember and Angular escalate to full frameworks 2013–14, the fight that set up React.

A decade of face-computer hype, one tower each: Google Glass in 2013, Oculus with the Facebook deal in 2014, then Apple's Vision Pro in 2024: three spikes, ten years apart.

The full-stack web framework baton: Django and Rails define the 2009–15 'MVC framework' era, trading the spotlight, then Laravel inherits it for the PHP world and surges 2019–21.

The JS build pipeline, three generations: Grunt's task-runner era 2013–14, Gulp's streaming rewrite 2014–15, then Webpack absorbs the whole job as bundling becomes the story from 2016 on.

The 'just deploy it' platform, reinvented each era: Heroku defines push-to-deploy in the early 2010s (and spikes again at its 2022 free-tier sunset), Netlify owns the JAMstack 2018–20, then Vercel takes the Next.js era from 2023.

The NoSQL boom in order: CouchDB rides the early document-store wave ~2009, Cassandra carries the scale-out story 2010–12, then MongoDB becomes the era's default 2011–13.

Browser test automation, three generations: Selenium is the way to drive a browser through the 2010s, Cypress reinvents it for the modern front-end ~2020, then Playwright pulls ahead and surges into 2025–26.

Cross-platform mobile, baton by baton: Xamarin carries the write-once dream ~2016, React Native takes over for the JS crowd 2017–18, then Flutter overtakes both and peaks into 2024.

The hybrid-app lineage, renamed each era: PhoneGap wraps web apps in a native shell ~2011, its open-source successor Cordova carries it 2014–15, then Capacitor inherits the job and spikes in 2024.

The post-Webpack bundler scramble: Parcel's zero-config pitch lands ~2019, esbuild's Go-speed rewrite grabs attention 2021, then Rollup re-enters as the library bundler of choice into 2022.

The observability stack, layer by layer: Prometheus owns metrics collection ~2020, Grafana takes the dashboards spotlight 2021, then Datadog rises as the all-in-one SaaS into 2023.

The cloud data-platform relay: Redshift defines the cloud warehouse ~2017, Databricks rides the lakehouse pitch into 2021, then Snowflake becomes the era's default name by 2024.

Open-weight LLMs, release by release: Llama opens the floodgates in early 2023, Mistral's European challenger surges late 2023, then Qwen carries the open-model crown into 2026.

Voice assistants across the decade: Siri arrives first with the iPhone 4S in 2011, Google Assistant takes a turn ~2018, then Alexa peaks into 2022: three spikes, years apart.

Altcoin generations: Litecoin is bitcoin's silver in the 2013 boom, Dogecoin spikes as the joke-coin of that same era, then Solana carries the next-gen-chain story into 2022.

Crypto's serial manias: the ICO token-sale frenzy peaks in 2017, the NFT gold rush detonates in 2021, then DeFi carries the yield-farming hype into 2022.

Three game engines, one shared earthquake: all three spike together in the Sept-2023 Unity runtime-fee fiasco - Unity's self-inflicted blow-up, with Unreal and Godot surging the same month as developers threatened to jump ship.

The eternal hardware trio: CPU and RAM are the staples HN has argued about since 2007, while GPU climbs out of the pack through the crypto-mining and deep-learning booms.


People
Founders, hackers and figures whose news moments spike the timeline.

AI & LLMs
The launch-by-launch staircase of the generative-AI era.

Products & hardware
Launch-day spikes for the chips and gadgets HN couldn't stop debating.

Languages & dev tools
Languages, runtimes and editors rising on release-driven spikes.

JS frameworks
How JavaScript frameworks come and go: each era's darling, in order.

Startups & companies
Launches, acquisitions, license blow-ups and the occasional implosion.

Cloud & hosting
The platforms we deploy on: hyperscalers, PaaS darlings and indie hosts, each with its own outage-and-launch rhythm.

Security incidents
The sharp, datable spikes of the bugs and breaches that ruined a weekend.

Crypto & hype cycles
Bull runs, blow-ups and the fads that came and went.

Internet & culture
Platform exoduses, federated protocols and moderation flashpoints.

Dev culture
The perennial HN arguments that resurface in waves, year after year.

Industry zeitgeist
Common words that crest in waves with the mood of the tech industry.

Science & frontier tech
Lab breakthroughs and moonshots: the spikes that briefly made HN a physics forum.

Open-source license wars
Relicensings, rug-pulls and the forks they spawned: each one a datable tower of outrage.

Gaming
Launch-day mania, GPU-scalping rage and the occasional licensing revolt.

Health & longevity
The biohacking, GLP-1 and sleep-optimization waves HN can't stop relitigating.





Original: https://hackernewstrends.com · Discussion
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Apple raises prices of MacBooks, iPads

reuters.com · 490 points · Discussion

https://9to5mac.com/2026/06/25/apple-price-increases-mac-ipa...

Original: https://www.reuters.com/world/asia-pacific/apple-raises-prices-macbooks-ipads-memory-costs-skyrocket-2026-06-25/ · Discussion
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You can't unit test for taste

dev.karltryggvason.com · 217 points · Discussion


        
  
    
    
        I’m building In the Long Run where runners do virtual runs on famous routes around the world. The app tallies up your Strava mileage and plots your total distance as progress against country- or continent-spanning routes. The intention is to provide long-term inspiration and motivation; life is a marathon, not a sprint. You can have a bad month or season but still make progress on your virtual traversal of the world.

The app shows your progress on interactive maps, which lets users do some exploring of their own. But I had long wanted to enrich the maps with interesting sights or historical sites. For routes I was familiar with I could build such lists myself but that doesn’t scale to routes spanning countries I am not familiar with. So I set out to find a data source for points of interest that I could build a pipeline off. Along the way I wrestled with taste and biases, and fought a hallucinating llm. I initially thought AI would be the feature, but it ended up merely in a supporting role alongside other signals and data processing mainstays.

GeoNames was an obvious starting point, an extensive data source with locations, categories and links. The full data set can be downloaded and has a Creative Commons licence. So with my friend Claude I set about building a pipeline to go from the raw dumps to serving relevant points of interest to users of In the Long Run.

We used Python as the programming language (had good library support for the tasks at hand), stored processed data locally as Apache Parquet files and used DuckDB as the query layer.1 This was my first time using both Parquet and DuckDB but the ergonomics of both felt good and Claude introduced me to their features step by step (and most of the DuckDB work was SQL that I am very familiar with). In general I find adding one or two new tools or technologies to a project is the best way to learn. If the entire stack is new to you the learning curve will be too steep and it might put you off the project entirely. AI coding agents change this calculus somewhat, but even then I find having a handle on most of the technologies being used lets me steer the agent better and make informed decisions instead of blindly following its lead.


  [image: Screenshot of the point of interest feature]
  
      Point of interest feature screenshot for a runner on Route 66 near Springfield, Illinois.
  

I built a project plan with Claude before starting the implementation, outlining the different steps of the pipeline and feature work. As we went along we then built a spec/plan for each step that we could iterate on as we learned more from earlier work. This also meant I could start new agent sessions for each milestone. Condensing results from the previous milestones into short context and instructions for the next step gets you faster and better responses (I find big contexts quickly degrade the quality of agent work).

Notability and notable biases #
To begin with we downloaded and unzipped all the required files from Geonames and set up gitignores for the data files as most are too large to be version controlled.

The first step of processing was joining the downloaded files on the relevant columns and filtering out rows that were not useful for our purposes. For instance we excluded administrative divisions: countries, states, regions etc. We also selected specific feature codes that we thought would be most interesting: parks, historic sites, castles, monuments, mountains, etc.2 Finally we added a population filter on populated places and an elevation filter on mountains. I’m sure this led to some false negatives, but we wanted a rough first draft.

Somewhat unintuitively the alternateNames.txt Geonames dataset includes Wikipedia links (where isolanguage=link and alternate_name like %en.wikipedia.org%, this usecase feels bolted on to their schema after the fact but it is very helpful data to have). We used this as a notoriety/relevance signal, and it also provided texts that we could build blurbs from as Wikipedia summaries also have a Creative Commons licence.

We built a basic sanity check for this pipeline step that helped us verify we weren’t skipping notable landmarks, this let us tweak some of the filtering. For instance, the first draft pulled in the Australian rural locality Stonehenge but not the prehistoric megalithic structure (its more famous namesake). When working in English you also want to make sure you pull in the relevant alternate names / languages and use the relevant Wikipedia URL as a cross reference (GeoNames stores the canonical name in the local language).

The final result of this step was a parquet file with around 725 thousand rows for points of interest globally. A significant reduction from the 13 million in the full original set we started out with.


    [image: First pass candidate set by feature class]
  
      Populated places are the bulk of the Geonames dataset. But we don't want the points of interest to just show every town, village and hamlet on the way.
  

In the second step we matched all candidates from the first step with each of the routes we have. First we take a GeoJSON file for the route and build a bounding box to quickly filter to just the points remotely close to the route. We then iterate over the route coordinates to see which of the points inside the bounding box also fall within a given distance of the route itself (50km by default). We used Shapely and Pyproj for the geo calculations and to calculate a “distance along route” attribute so that we can decide “when” we should show the point of interest to the runner.

The output from this step is a route specific parquet file used for further refinement of the route. For our Iceland ring road route (1,321 km) we got 511 POIs, for the longest route in the app, Cape Town to Magadan (23,257 km) we got 10 thousand POIs while Route 66 (3,787 km) got 14,181 POIs. This was an early sign that our anglophone-Wikipedia signal was really a “where do English speakers live and edit wikis” bias.

The LLM lies but it does have taste #
In the third step we enriched the data we have with Wikipedia information and used an LLM to generate a rating for each point of interest. At first I’d also intended to use LLM generated summaries for the points of interest, but that proved a significant challenge with minor benefits.

First we fetch the Wikipedia summary for each of the points we have for a given route. We do the same for Wikidata, for each Wikipedia URL, look up how many language Wikipedias have an article on that subject. This is another good notoriety signal, if a page exists in many languages it is likely to be more significant than one that only has an entry in the English Wikipedia. The wiki data we can cache globally; this saves us a refetch in case later routes use the same points.

The wiki data is also input into an LLM powered step. We created a tool that we call to get structured data returned. Anthropic’s Haiku model was chosen for speed and price (unsurprisingly it was the one recommended through Claude Code by its “sibling” Opus) and batched the calls to get further price savings (50% off input and output tokens). This was my first time programmatically calling an LLM like this, the API made sense but its output wasn’t entirely consistent. For instance sometimes weird variants of the Anthropic Markup Language (antml) leaked into the tool call result string, calling for a cleanup. The batched tool calls can take hours to complete and the cost for the larger routes was around $10. I’d want to experiment with local or cheaper models here to see what the tradeoffs are.

Here we also caught some hallucinations, the first attempt did not “ground” the LLM enrichment in much data nor apply restrictions in the prompt. This meant that Haiku classified Central Park in Decatur, Illinois as its more famous namesake in Manhattan and it got a large upgrade in its significance. For the second pass we added location and administrative metadata (country, city, etc) as input to the LLM as well as grounding it more carefully in the system prompt. Even then my spot checking uncovered several hallucinations, Haiku changed population sizes for towns and made mountains way larger than they really were (like Hugh Grant in that 90s classic).

I decided to just revert to the Wikipedia summaries at that point. The LLM text did often read better for our purposes, but correctness felt more important than readability.3 You could play around with the input data and prompts on the input side and build evals on the verification side, but ultimately it didn’t feel like it was worth the time or costs (LLM output tokens being more expensive than input). This challenge is an exciting one but tough to wrestle with outside of more easily verifiable domains like code (building integration tests to fact check text sounds like a Wittgensteinian task).

I still used the LLM to give the points of interest a rating used for calculating a significance score along with the feature codes and wiki language counts. Relying on just the Wikidata gave a lot of weight to every small town that had an automatically translated wiki page in 150 languages. Getting a more “subjective” rating from an LLM helped lift the more “interesting” points of interest for every route.


    [image: Highest rated POIs so far]
  
      Highest LLM rated points of interest so far. I suspect Reykjavík gets a 10 because it is explicitly mentioned in the prompt. It is a capital but is it more significant than Chicago or LA? How about Vatnajökull? I'm not sure.
  

So the LLM got relegated from writing (because it made stuff up) but promoted to offer the subjective taste latent in its weights. On the whole this step changed my thinking from this new technology being a foundation of the new feature ("AI solves this") to AI just being a new tool in a bigger toolbox ("AI nicely augments other traditional approaches").

As well as building the pipeline itself we built some tooling along the way to sanity check and debug the different stages. For instance a Leaflet based visualization tool to place the POIs on a map to verify placement and get a preview of what the end result would look like proved useful. I also built a queries.sql file to inspect the parquet files using SQLYac and DuckDB to spot check for false negatives or positives.

The last steps were to actually consume the artifacts produced by the pipeline, build the API endpoint for the data and show the points of interest to the user on the map. The implementation isn’t that relevant to the topic of the blog post but funnily enough this was also a step where Claude Code wanted to write the implementation first and was then going to give me the spec for approval. A shortcut that I’m sure many developers are familiar with, but an important place to try to rein in the AI and get it to follow the process you set out with.

You can’t unit test for taste #
From the enriched per-route candidates we then built an output artifact, a JSON file, that contained the points of interest for the route. This was the first point of interest data that was actually version controlled.

This is also where it became apparent that we would need per-route tweaks and parameters. Trying a few different routes I quickly realised that the data for every route is different, routes in different territories, countries and continents have different sights (cultural vs. natural vs. historical etc). This seems obvious when you say it out loud, but it didn’t really occur to me how big the variance was until we got this far.

For example, my native Iceland had a nice mix of nature, historical sites and populated places. But for other routes in more densely populated places the point of interest map basically became a population map, showing every town, village and hamlet along the way. Other points of interest were clustered in cities, because that is where the buildings, statues and monuments also are.

So we added per-route parameters like filtering on population, ranking based on Geoname feature classes, weighting the “subjective” LLM score higher against the “objectiveness” of the wiki link counts. We also applied a geographic filter so that only the most interesting sights in a given radius are shown to get a more even spread of points of interest between cities and the more rural paths that link them.

Overall the evaluation of success was one of the most challenging parts of the project. As a developer, I’m used to building features that either work or don’t and there is often an objective way to measure how well a feature performs. For messy real world data it was hard to evaluate how good or bad the pipeline was. Furthermore, it was easy to start optimising for a specific parameter or route and find later that this work led to severe degradations in other areas.

Verification becomes hard to reason about because there is no ground truth for points of interest, there are no red/green unit tests for taste. I’m sure these are familiar challenges to data scientists and that there are frameworks and evals for working on them. This will require more iteration and manual overrides. Hopefully with feedback and collaboration from the community. But for now I’ve shipped V1; you can try it out for select routes at InTheLongRun.app!



      

    
  

      



Original: https://dev.karltryggvason.com/you-cant-unit-test-for-taste/ · Discussion
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IBM debuts sub-1 nanometer chip technology

newsroom.ibm.com · 196 points · Discussion



Built with revolutionary “nanostack” 3D chip architecture, IBM’s sub-1 nm chip to propel semiconductor industry forward for the next decade

Jun 25, 2026


			
				

				
			

		

YORKTOWN HEIGHTS, NY, June 25, 2026 – IBM (NYSE: IBM) today unveiled a major semiconductor breakthrough with the introduction of the world’s first sub-1 nanometer (nm) chip technology, featuring a revolutionary transistor architecture at the 0.7 nm, or 7 angstrom node. The achievement marks a landmark moment for an industry facing the physical limits of traditional chip scaling. Semiconductors play critical roles in everything from computing, to appliances, to communication devices, transportation systems, and critical infrastructure.





IBM’s new sub-1 nm chip packs nearly 100 billion transistors onto a chip the size of a fingernail, nearly twice the density of IBM’s 2 nm chip, unveiled in 2021. Enabled by a series of structural and material innovations, including IBM’s groundbreaking three-dimensional nanostack architecture, the technology demonstrates how continued gains in performance and efficiency remain possible even as chip features approach atomic dimensions. 


Published technical results report the new chip is projected to offer a substantial leap in capability—up to 50 percent more performance, or 70 percent greater energy efficiency than IBM’s 2 nm node chips
Oxide computer 3D rack guided tour
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Oxide computer 3D rack guided tour

explorer.oxide.computer · 186 points · Discussion

Full text couldn't be fetched for this one (paywall, anti-bot, or not an article page). Read it via the links below.

Original: https://explorer.oxide.computer/ · Discussion
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Zig's new bitCast semantics and LLVM back end improvements

ziglang.org · 181 points · Discussion

This page contains a curated list of recent changes to main branch Zig.

      This page contains entries for the year 2026. Other years are available in
      the Devlog archive page.
    

      
        June 25, 2026
New @bitCast Semantics and LLVM Backend Improvements


        Author: Matthew Lugg
(Quite long devlog coming up, apologies—I got a little carried away with this one!)
A few weeks ago, I began working on a branch implementing an improvement to the LLVM backend which had been planned for a long time. This ended up snowballing into a bigger change which implemented a few language proposals you might be interested to hear about.
LLVM Backend Integer Lowering
Zig has always lowered arbitrary bit-width integer types (e.g. u4, i13, u40) directly to LLVM IR’s bit-int types (i4, i13, i40). However, we’ve known for a long time that this lowering is not optimal, because LLVM’s documented semantics for representing these types in memory are unnecessarily restrictive to the optimizer. Perhaps more importantly, because Clang never emits LLVM IR like this, these code paths in LLVM have never been properly tested, and so are poorly supported in practice—over the past few years, we have observed many instances of trivial optimizations being missed and even straight-up miscompilations.
So, the original goal of the PR was to only use these bit-int types when manipulating values in SSA form, and to zero- or sign-extend them to ABI-sized types (i8, i16, i32, etc) when storing them in memory. This should be well-supported, not least because it matches how Clang lowers C’s _BitInt(N)!
That change was actually fairly straightforward, but I hit one issue which led me down a bit of a rabbit-hole.
The Problem with @bitCast
@bitCast is an interesting builtin. In the past, it was defined as being equivalent to the following sequence of operations:
	Take a pointer to the operand value
	Cast it to a pointer to the destination type
	Load from that pointer

In other words, it was essentially syntax sugar for reinterpreting bytes of memory. However, over time, we diverged from this definition—for instance, it became allowed to use @bitCast to reinterpret a [3]u8 as a u24, even though on most targets @sizeOf(u24) is greater than @sizeOf([3]u8) so the above definition would invoke Illegal Behavior.
Up to now, the LLVM backend had implemented these underspecified semantics for the @bitCast builtin. However, because that definition involved reinterpreting memory, changing how we store integer types in memory ended up impacting the implementation of @bitCast, and introducing Illegal Behavior which led to crashes in the compiler test suite.
The easiest solution to this would probably have been to implement logic in the LLVM backend to approximately match the old behavior. I instead opted for a better solution—implement a new definition of @bitCast.
Redefining @bitCast
In 2024, Jacob Young wrote up language proposal #19755 which aimed to solve the problems with @bitCast by precisely specifying a new set of semantics for it. This proposal was accepted shortly after it was submitted, and in fact, the semantics it details are already implemented by the self-hosted x86_64 backend! So to solve the LLVM backend’s problems, I didn’t necessarily need to match the old @bitCast semantics—instead, this seemed like a good time to finally get the new semantics implemented everywhere.
As an aside, another advantage to doing this is that we could take advantage of the compiler’s Legalize pass, which takes difficult-to-lower operations and rewrites them in terms of simpler operations, so that compiler backends only need to support those simple operations. Legalize already had functionality, used by the self-hosted x86_64 backend, which converted complex @bitCast operations into simpler ones, and it could be easily adapted to aid the other compiler backends too (mainly the LLVM and C backends)—but only if they implemented the new semantics.
Regardless, the point is, I set out on a side quest (which ended up being harder than the original quest) to implement these new semantics throughout the compiler. This includes not only the LLVM and C backends, but also comptime execution—after all, Zig allows you to do almost any operation at comptime, @bitCast included! Because the new semantics are meaningfully different from the old (more on this later), I also had to audit a lot of uses of @bitCast across the standard library, compiler, and supporting libraries (e.g. compiler_rt). But after a few mostly-painless fixes for CI failures, I was able to finally get my PR green, and landed it in master yesterday (closing a good few issues in the process!).
The New @bitCast Semantics
Now that we’ve gotten through all of the background, it’s finally time for me to actually explain new @bitCast behavior. Instead of being based on reinterpreting bytes in memory like before, the builtin is now defined in terms of the bits which logically represent a type.
Every type which supports @bitCast has a “logical bit layout”—a representation of that type as an ordered sequence of bits. For instance, u5 is composed of 5 logical bits, which we order from least-significant to most-significant. [2]u5 is composed of 10 logical bits—the 5 from the first element, followed by the 5 from the second element. The new definition of @bitCast is that it reinterprets the logical bits of one type as the logical bits of a different type.
The simplest example is to take an unsigned integer, say a u8, and convert it to a signed integer of the same size, in this case i8. This operation does exactly what you’d expect—the bits are unchanged, and we just reinterpret the most-significant bit as a sign bit. Also unchanged are the semantics of @bitCast between an integer type and a packed struct/packed union type.
The place where the new semantics differ from the old is when you get aggregate types (arrays and vectors) involved.
Consider, for instance, bitcasting a [2]u8 to a u16. Under the old semantics, the result of this operation depends on the target endian: on big-endian targets, the first array element became the 8 most significant bits, whereas on little-endian targets, the first array element became the 8 least significant bits. Under the new semantics, because we only care about logical bit representation (which is endian-agnostic), the operation behaves identically on every target: the first array element becomes the 8 least significant bits. As a general rule, the new semantics tend to match the behavior of the old semantics on little-endian targets.
This definition also allows for some weirder operations, such as converting [2]u3 to @Vector(3, u2):
test "bitcast [2]u3 to @Vector(3, u2)" {
    const arr: [2]u3 = .{ 0b001, 0b011 };
    const vec: @Vector(3, u2) = @bitCast(arr);

    // Concatenate all bits of `arr` starting with the least-significant bit of `arr[0]` to find the
    // logical bit sequence, then read off 2-bit chunks from it to get the elements of the resulting
    // vector value `vec`.
    //
    //     arr[0]         arr[1]
    //     0b001          0b011
    // -------------  -------------
    //  1    0    0    1    1    0
    // --------  --------  --------
    //   0b01      0b10      0b01
    //  vec[0]    vec[1]    vec[2]

    try expect(vec[0] == 0b01);
    try expect(vec[1] == 0b10);
    try expect(vec[2] == 0b01);
}
const expect = @import("std").testing.expect;


This kind of operation isn’t very useful most of the time, but it’s there if you need it! For instance, perhaps you want to deconstruct an integer into a vector of individual bits to operate on—that can now be done by a @bitCast to @Vector(n, u1).
While doing all of this stuff, I also implemented a couple of smaller accepted proposals—I won’t detail them here, but you can take a look at the issues if you’re interested:
	Disallow @bitCast to/from vectors of pointers (#18936)
	Allow @bitCast on enums (part of #35602)

Of course, all of these changed semantics will be explained in the 0.17.0 release notes (hopefully a bit more concisely than what I managed here!), and suggested migration steps outlined.
LLVM Backend Performance
On a final note, I just wanted to mention that the original motivation for this branch—changing how the LLVM backend lowers non-ABI integer types—was demonstrably successful at restoring missed optimizations. In fact, the Zig compiler itself—despite not making heavy use of arbitrary bit width integers internally!—saw around 5% performance improvements from the better optimization. This means you might have some minor runtime performance gains to look forward to in 0.17.0!
Thanks for reading, I hope this was interesting to some of you. Happy hacking!

      

    
      
        May 30, 2026
ELF Linker Improvements


        Author: Matthew Lugg
I’ve spent the past few weeks working on our new ELF linker which debuted in Zig 0.16.0. At the time of the 0.16.0 release, this linker implementation was in its fairly early stages, and only really supported linking Zig-only code without any external libraries (even libc)—hence why it was (and still is) disabled by default (it can be enabled with -fnew-linker). However, quite a lot of progress has been made since that initial release!
Here’s a nice milestone—as of my latest PR, the new ELF linker is capable of building the self-hosted Zig compiler with LLVM and LLD libraries enabled, a task which requires quite a few features under the hood.
[mlugg@nebula master]$ # Build the Zig compiler using the new linker:
[mlugg@nebula master]$ zig build -Dno-lib -Dnew-linker -Denable-llvm
[mlugg@nebula master]$ # Use that compiler to build something with LLVM and LLD:
[mlugg@nebula master]$ ./zig-out/bin/zig build-exe ~/hello.zig -fllvm -flld
[mlugg@nebula master]$ ./hello
Hello, World!
[mlugg@nebula master]$


Of course, an ELF linker isn’t necessarily the most exciting thing in the world, which is why the headline feature of this new linker is its support for fast incremental compilation. After the recent enhancements, it is now possible (on x86_64 Linux) to perform incremental rebuilds while linking external libraries, C sources, etc—without any additional performance overhead! Here’s a clip of me trying it out on Andrew’s Tetris clone:

A few silly changes to Andrew’s Tetris clone being built in around 30ms each.Oh, and fast incremental rebuilds also work nicely on the Zig compiler itself:
[mlugg@nebula master]$ zig build -Dno-lib -Denable-llvm -fincremental --watch
Build Summary: 4/4 steps succeeded
install success
└─ install zig success
   └─ compile exe zig Debug native success 36s

Build Summary: 4/4 steps succeeded
install success
└─ install zig success
   └─ compile exe zig Debug native success 244ms

Build Summary: 4/4 steps succeeded
install success
└─ install zig success
   └─ compile exe zig Debug native success 228ms

Build Summary: 4/4 steps succeeded
install success
└─ install zig success
   └─ compile exe zig Debug native success 288ms

Build Summary: 4/4 steps succeeded
install success
└─ install zig success
   └─ compile exe zig Debug native success 283ms

The biggest missing feature of this linker implementation right now is that it still does not yet support generating DWARF debug information for Zig code—that’s definitely my next priority. But even without that support, it’s amazing just how useful instant rebuilds can be, for example in any situation where you’re doing a lot of print debugging.
If you’re using the master branch of Zig and you’re on x86_64 Linux, consider trying out incremental compilation with the new ELF linker if it previously wasn’t working with your project! I expect many codebases to already work great with it, unlocking the ability to rebuild your project in milliseconds. Of course, if you come across any bugs, please do open an issue.
And if you’re currently sticking to tagged releases of Zig, don’t worry—as Andrew mentioned in his last devlog, Zig 0.17.0 is just around the corner, so it won’t be long before you can try this too!

      

    
      
        May 26, 2026
Build System Reworked


        Author: Andrew Kelley
Big branch just landed: separate the maker process from the configurer process
This devlog entry is essentially a preview of the upcoming release notes, but serves as an advanced notice to those who want to help test out the new features and provide feedback that will guide the Zig project moving forward.
Before, build.zig files plus the build system implementation were all compiled into one bloated process, in Debug mode. After build.zig logic finished constructing a build graph in memory, the “build runner” code executed it.
Now, build.zig files are compiled into a small process (the “configurer”) in debug mode. After this logic finishes constructing a build graph in memory, it is serialized to a binary configuration file. The parent zig build process is aware of this file and caches it for next time. While waiting for all that, it asynchronously compiles the build graph execution process (the “maker”) in release mode. Once the configuration file is available and the maker process is finished compiling, the maker process is executed, passing it the configuration file. The maker process only needs to be compiled once per zig version thanks to the global cache. The maker process then executes the build graph, which is contained within the serialized configuration file.
The primary motivation of this change was to make zig build faster, in three ways:
	Only the user’s build.zig logic will be compiled with each change, rather than the entire build system along with it. This is starting to become more valuable now that we have introduced --watch, --fuzz and --webui. The build system can grow more features without making zig build take longer.

	Now the build system can skip rerunning the build.zig logic entirely when it knows nothing will change, for example if you add -freference-trace to your zig build command line, it now avoids re-running your build.zig logic redundantly, using the same configuration as last time.

	Now the process that actually executes the build graph is compiled with optimizations enabled.


To demonstrate points 2 and 3, here is the difference between running zig build --help before and after:
Benchmark 1 (34 runs): master/zig build -h
  measurement          mean ± σ            min … max           outliers         delta
  wall_time           150ms ± 5.52ms     145ms …  165ms          4 (12%)        0%
  peak_rss           84.8MB ±  275KB    84.2MB … 85.1MB          0 ( 0%)        0%
  cpu_cycles          593M  ± 4.01M      588M  …  608M           2 ( 6%)        0%
  instructions        995M  ± 52.5K      995M  …  995M           0 ( 0%)        0%
  cache_references   25.8M  ±  165K     25.4M  … 26.1M           0 ( 0%)        0%
  cache_misses        651K  ± 20.1K      619K  …  697K           0 ( 0%)        0%
  branch_misses       918K  ± 7.44K      906K  …  935K           0 ( 0%)        0%
Benchmark 2 (348 runs): branch/zig build -h
  measurement          mean ± σ            min … max           outliers         delta
  wall_time          14.3ms ±  744us    13.2ms … 23.3ms          8 ( 2%)        ⚡- 90.4% ±  0.4%
  peak_rss           78.5MB ±  562KB    77.1MB … 81.4MB          7 ( 2%)        ⚡-  7.4% ±  0.2%
  cpu_cycles         24.1M  ±  821K     22.8M  … 27.1M           3 ( 1%)        ⚡- 95.9% ±  0.1%
  instructions       43.7M  ± 23.8K     43.7M  … 43.8M          56 (16%)        ⚡- 95.6% ±  0.0%
  cache_references   1.46M  ± 14.6K     1.40M  … 1.50M          19 ( 5%)        ⚡- 94.3% ±  0.1%
  cache_misses        142K  ± 4.87K      127K  …  157K           2 ( 1%)        ⚡- 78.1% ±  0.4%
  branch_misses       126K  ± 1.37K      120K  …  129K          12 ( 3%)        ⚡- 86.3% ±  0.1%

It’s dramatic because before, build.zig logic was being executed with each zig build command, but now, the build system uses the cached, serialized configuration instead.
Aside from performance, I expect third-party tooling such as ZLS to benefit from consuming the serialized configuration file rather than maintaining a fork of the build runner.
This changeset heavily reworks the internal mechanism of the zig build system, however, it is mostly non-breaking from an API perspective, with the exceptions noted in the PR linked above.
For most people I’m guessing this is the main breaking change they’ll hit:
if (b.args) |args| {
    run_cmd.addArgs(args);
}


⬇️
run_cmd.addPassthruArgs();


This removes a capability from build scripts since they can no longer observe those arguments. In exchange, it means that when changing those arguments, build scripts no longer must be rebuilt from source.
If you’re someone who wants to influence the direction of Zig, this is a good time to upgrade your projects to the development version and try out these changes. We’ll be releasing 0.17.0 within a couple weeks from now. However, if you don’t have time, and you find out that 0.17.0 broke your build, don’t worry, there will be plenty of opportunity to get fixes in for the 0.17.1 tag as well.

      

    
      
        April 08, 2026
Incremental compilation with LLVM


        Author: Matthew Lugg
I’ve been spending a bit of time working on personal projects after merging my type resolution changes last month, but I did find the time recently to make some improvements to the LLVM codegen backend. This involved a few different enhancements with various goals, but one nice user-facing change was that I managed to get incremental compilation working with the LLVM backend.
Sadly this can’t do anything to speed up the dreaded LLVM Emit Object: that time is entirely down to LLVM. However, what incremental compilation does help with is minimizing the time spent in the actual Zig compiler code, which means that if your code has compile errors (so “LLVM Emit Object” will be skipped), you’ll usually get those errors very quickly. (Of course, it does still give you a slight speed-up in successful builds too.)
This support is available in master branch builds right now, and will be in the 0.16.0 release (which we’ll be tagging very soon).
For anyone who still hasn’t tried it, especially if you’re using Zig’s master branch, please do try out incremental compilation by passing -fincremental --watch to zig build! The Zig core team have benefited from incremental compilation in our workflows for a good year now, and we’re also hearing good things from users. The feature is relatively stable at this point, and people are often surprised how much time they can save just by getting up-to-date compile errors in milliseconds rather than seconds.
I haven’t really personally used incremental compilation with the LLVM backend, but all of the incremental test coverage in CI is now enabled for the LLVM backend, and I’ve had positive feedback from users, so it’s definitely worth giving a shot. As always, if you encounter bugs in incremental compilation, please report them if you can!
Thank you, and I hope you find this useful :)

      

    
      
        March 10, 2026
Type resolution redesign, with language changes to taste


        Author: Matthew Lugg
Today, I merged a 30,000 line PR after two (arguably three) months of work. The goal of this branch was to rework the Zig compiler’s internal type resolution logic to a more logical and straightforward design. It’s a quite exciting change for me personally, because it allowed me to clean up a bunch of the compiler guts, but it also has some nice user-facing changes which you might be interested in!
For one thing, the Zig compiler is now lazier about analyzing the fields of types: if the type is never initialized, then there’s no need for Zig to care what that type “looks like”. This is important when you have a type which doubles as a namespace, a common pattern in modern Zig. For instance, when using std.Io.Writer, you don’t want the compiler to also pull in a bunch of code in std.Io! Here’s a straightforward example:
const Foo = struct {
    bad_field: @compileError("i am an evil field, muahaha"),
    const something = 123;
};
comptime {
    _ = Foo.something; // `Foo` only used as a namespace
}


Previously, this code emitted a compile error. Now, it compiles just fine, because Zig never actually looks at the @compileError call.
Another improvement we’ve made is in the “dependency loop” experience. Anyone who has encountered a dependency loop compile error in Zig before knows that the error messages for them are entirely unhelpful—but that’s now changed! If you encounter one (which is also a bit less likely now than it used to be), you’ll get a detailed error message telling you exactly where the dependency loop comes from. Check it out:
const Foo = struct { inner: Bar };
const Bar = struct { x: u32 align(@alignOf(Foo)) };
comptime {
    _ = @as(Foo, undefined);
}


$ zig build-obj repro.zig
error: dependency loop with length 2
    repro.zig:1:29: note: type 'repro.Foo' depends on type 'repro.Bar' for field declared here
    const Foo = struct { inner: Bar };
                                ^~~
    repro.zig:2:44: note: type 'repro.Bar' depends on type 'repro.Foo' for alignment query here
    const Bar = struct { x: u32 align(@alignOf(Foo)) };
                                               ^~~
    note: eliminate any one of these dependencies to break the loop

Of course, dependency loops can get much more complicated than this, but in every case I’ve tested, the error message has had enough information to easily see what’s going on.
Additionally, this PR made big improvements to the Zig compiler’s “incremental compilation” feature. The short version is that it fixed a huge amount of known bugs, but in particular, “over-analysis” problems (where an incremental update did more work than should be necessary, sometimes by a big margin) should finally be all but eliminated—making incremental compilation significantly faster in many cases! If you’ve not already, consider trying out incremental compilation: it really is a lovely development experience. This is for sure the improvement which excites me the most, and a large part of what motivated this change to begin with.
There are a bunch more changes that come with this PR—dozens of bugfixes, some small language changes (mostly fairly niche), and compiler performance improvements. It’s far too much to list here, but if you’re interested in reading more about it, you can take a look at the PR on Codeberg—and of course, if you encounter any bugs, please do open an issue. Happy hacking!

      

    
      
        February 13, 2026
io_uring and Grand Central Dispatch std.Io implementations landed


        Author: Andrew Kelley
As we approach the end of the 0.16.0 release cycle, Jacob has been hard at work, bringing std.Io.Evented up to speed with all the latest API changes:
	io_uring implementation
	Grand Central Dispatch implementation

Both of these are based on userspace stack switching, sometimes called “fibers”, “stackful coroutines”, or “green threads”.
They are now available to tinker with, by constructing one’s application using std.Io.Evented. They should be considered experimental because there is important followup work to be done before they can be used reliably and robustly:
	better error handling
	remove the logging
	diagnose the unexpected performance degradation when using IoMode.evented for the compiler
	a couple functions still unimplemented
	more test coverage is needed
	builtin function to tell you the maximum stack size of a given function to make these implementations practical to use when overcommit is off.

With those caveats in mind, it seems we are indeed reaching the Promised Land, where Zig code can have Io implementations effortlessly swapped out:
const std = @import("std");

pub fn main(init: std.process.Init.Minimal) !void {
    var debug_allocator: std.heap.DebugAllocator(.{}) = .init;
    const gpa = debug_allocator.allocator();

    var threaded: std.Io.Threaded = .init(gpa, .{
        .argv0 = .init(init.args),
        .environ = init.environ,
    });
    defer threaded.deinit();
    const io = threaded.io();

    return app(io);
}

fn app(io: std.Io) !void {
    try std.Io.File.stdout().writeStreamingAll(io, "Hello, World!\n");
}


$ strace ./hello_threaded
execve("./hello_threaded", ["./hello_threaded"], 0x7ffc1da88b20 /* 98 vars */) = 0
mmap(NULL, 262207, PROT_READ|PROT_WRITE, MAP_PRIVATE|MAP_ANONYMOUS, -1, 0) = 0x7f583f338000
arch_prctl(ARCH_SET_FS, 0x7f583f378018) = 0
prlimit64(0, RLIMIT_STACK, NULL, {rlim_cur=8192*1024, rlim_max=RLIM64_INFINITY}) = 0
prlimit64(0, RLIMIT_STACK, {rlim_cur=16384*1024, rlim_max=RLIM64_INFINITY}, NULL) = 0
sigaltstack({ss_sp=0x7f583f338000, ss_flags=0, ss_size=262144}, NULL) = 0
sched_getaffinity(0, 128, [0 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18 19 20 21 22 23 24 25 26 27 28 29 30 31]) = 8
rt_sigaction(SIGIO, {sa_handler=0x1019d90, sa_mask=[], sa_flags=SA_RESTORER, sa_restorer=0x10328c0}, {sa_handler=SIG_DFL, sa_mask=[], sa_flags=0}, 8) = 0
rt_sigaction(SIGPIPE, {sa_handler=0x1019d90, sa_mask=[], sa_flags=SA_RESTORER, sa_restorer=0x10328c0}, {sa_handler=SIG_DFL, sa_mask=[], sa_flags=0}, 8) = 0
writev(1, [{iov_base="Hello, World!\n", iov_len=14}], 1Hello, World!
) = 14
rt_sigaction(SIGIO, {sa_handler=SIG_DFL, sa_mask=[], sa_flags=SA_RESTORER, sa_restorer=0x10328c0}, NULL, 8) = 0
rt_sigaction(SIGPIPE, {sa_handler=SIG_DFL, sa_mask=[], sa_flags=SA_RESTORER, sa_restorer=0x10328c0}, NULL, 8) = 0
exit_group(0)                           = ?
+++ exited with 0 +++

Swapping out only the I/O implementation:
const std = @import("std");

pub fn main(init: std.process.Init.Minimal) !void {
    var debug_allocator: std.heap.DebugAllocator(.{}) = .init;
    const gpa = debug_allocator.allocator();

    var evented: std.Io.Evented = undefined;
    try evented.init(gpa, .{
        .argv0 = .init(init.args),
        .environ = init.environ,
        .backing_allocator_needs_mutex = false,
    });
    defer evented.deinit();
    const io = evented.io();

    return app(io);
}

fn app(io: std.Io) !void {
    try std.Io.File.stdout().writeStreamingAll(io, "Hello, World!\n");
}


execve("./hello_evented", ["./hello_evented"], 0x7fff368894f0 /* 98 vars */) = 0
mmap(NULL, 262215, PROT_READ|PROT_WRITE, MAP_PRIVATE|MAP_ANONYMOUS, -1, 0) = 0x7f70a4c28000
arch_prctl(ARCH_SET_FS, 0x7f70a4c68020) = 0
prlimit64(0, RLIMIT_STACK, NULL, {rlim_cur=8192*1024, rlim_max=RLIM64_INFINITY}) = 0
prlimit64(0, RLIMIT_STACK, {rlim_cur=16384*1024, rlim_max=RLIM64_INFINITY}, NULL) = 0
sigaltstack({ss_sp=0x7f70a4c28008, ss_flags=0, ss_size=262144}, NULL) = 0
sched_getaffinity(0, 128, [0 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18 19 20 21 22 23 24 25 26 27 28 29 30 31]) = 8
mmap(NULL, 4096, PROT_READ|PROT_WRITE, MAP_PRIVATE|MAP_ANONYMOUS, -1, 0) = 0x7f70a4c27000
mmap(0x7f70a4c28000, 548864, PROT_READ|PROT_WRITE, MAP_PRIVATE|MAP_ANONYMOUS, -1, 0) = 0x7f70a4ba1000
io_uring_setup(64, {flags=IORING_SETUP_COOP_TASKRUN|IORING_SETUP_SINGLE_ISSUER, sq_thread_cpu=0, sq_thread_idle=1000, sq_entries=64, cq_entries=128, features=IORING_FEAT_SINGLE_MMAP|IORING_FEAT_NODROP|IORING_FEAT_SUBMIT_STABLE|IORING_FEAT_RW_CUR_POS|IORING_FEAT_CUR_PERSONALITY|IORING_FEAT_FAST_POLL|IORING_FEAT_POLL_32BITS|IORING_FEAT_SQPOLL_NONFIXED|IORING_FEAT_EXT_ARG|IORING_FEAT_NATIVE_WORKERS|IORING_FEAT_RSRC_TAGS|IORING_FEAT_CQE_SKIP|IORING_FEAT_LINKED_FILE|IORING_FEAT_REG_REG_RING|IORING_FEAT_RECVSEND_BUNDLE|IORING_FEAT_MIN_TIMEOUT|IORING_FEAT_RW_ATTR|IORING_FEAT_NO_IOWAIT, sq_off={head=0, tail=4, ring_mask=16, ring_entries=24, flags=36, dropped=32, array=2112, user_addr=0}, cq_off={head=8, tail=12, ring_mask=20, ring_entries=28, overflow=44, cqes=64, flags=40, user_addr=0}}) = 3
mmap(NULL, 2368, PROT_READ|PROT_WRITE, MAP_SHARED|MAP_POPULATE, 3, 0) = 0x7f70a4ba0000
mmap(NULL, 4096, PROT_READ|PROT_WRITE, MAP_SHARED|MAP_POPULATE, 3, 0x10000000) = 0x7f70a4b9f000
io_uring_enter(3, 1, 1, IORING_ENTER_GETEVENTS, NULL, 8Hello, World!
) = 1
io_uring_enter(3, 1, 1, IORING_ENTER_GETEVENTS, NULL, 8) = 1
munmap(0x7f70a4b9f000, 4096)            = 0
munmap(0x7f70a4ba0000, 2368)            = 0
close(3)                                = 0
munmap(0x7f70a4ba1000, 548864)          = 0
exit_group(0)                           = ?
+++ exited with 0 +++

Key point here being that the app function is identical between those two snippets.
Moving beyond Hello World, the Zig compiler itself works fine using std.Io.Evented, both with io_uring and with GCD, but as mentioned above, there is a not-yet-diagnosed performance degradation when doing so.
Happy hacking,
Andrew

      

    
      
        February 06, 2026
Two Package Management Workflow Enhancements


        Author: Andrew Kelley
If you have a Zig project with dependencies, two big changes just landed which I think you will be interested to learn about.
Fetched packages are now stored locally in the zig-pkg directory of the project root (next to your build.zig file).
For example here are a few results from awebo after running zig build:
$ du -sh zig-pkg/*
13M    freetype-2.14.1-alzUkTyBqgBwke4Jsot997WYSpl207Ij9oO-2QOvGrOi
20K    opus-0.0.2-vuF-cMAkAADVsm707MYCtPmqmRs0gzg84Sz0qGbb5E3w
4.3M   pulseaudio-16.1.1-9-mk_62MZkNwBaFwiZ7ZVrYRIf_3dTqqJR5PbMRCJzSuLw
5.2M   uucode-0.1.0-ZZjBPvtWUACf5dqD_f9I37VGFsN24436CuceC5pTJ25n
728K   vaxis-0.5.1-BWNV_AxECQCj3p4Hcv4U3Yo1WMUJ7Z2FUj0UkpuJGxQQ

It is highly recommended to add this directory to the project-local source control ignore file (e.g. .gitignore). However, by being outside of .zig-cache, it provides the possibility of distributing self-contained source tarballs, which contain all dependencies and therefore can be used to build offline, or for archival purposes.
Meanwhile, an additional copy of the dependency is cached globally. After filtering out all the unused files based on the paths filter, the contents are recompressed:
$ du -sh ~/.cache/zig/p/*
2.4M    freetype-2.14.1-alzUkTyBqgBwke4Jsot997WYSpl207Ij9oO-2QOvGrOi.tar.gz
4.0K    opus-0.0.2-vuF-cMAkAADVsm707MYCtPmqmRs0gzg84Sz0qGbb5E3w.tar.gz
636K    pulseaudio-16.1.1-9-mk_62MZkNwBaFwiZ7ZVrYRIf_3dTqqJR5PbMRCJzSuLw.tar.gz
880K    uucode-0.1.0-ZZjBPvtWUACf5dqD_f9I37VGFsN24436CuceC5pTJ25n.tar.gz
120K    vaxis-0.5.1-BWNV_BFECQBbXeTeFd48uTJRjD5a-KD6kPuKanzzVB01.tar.gz

The motivation for this change is to make it easier to tinker. Go ahead and edit those files, see what happens. Swap out your package directory with a git clone. Grep your dependencies all together. Configure your IDE to auto-complete based on the zig-pkg directory. Run baobab on your dependency tree. Furthermore, by having the global cache have compressed files instead makes it easier to share that cached data between computers. In the future, it is planned to support peer-to-peer torrenting of dependency trees. By recompressing packages into a canonical form, this will allow peers to share Zig packages with minimal bandwidth. I love this idea because it simultaneously provides resilience to network outages, as well as a popularity contest. Find out which open source packages are popular based on number of seeders!
The second change here is the addition of the --fork flag to zig build.
In retrospect, it seems so obvious, I don’t know why I didn’t think of it since the beginning. It looks like this:
zig build --fork=[path]

This is a project override option. Given a path to a source checkout of a project, all packages matching that project across the entire dependency tree will be overridden.
Thanks to the fact that package content hashes include name and fingerprint, this resolves before the package is potentially fetched.
This is an easy way to temporarily use one or more forks which are in entirely separate directories. You can iterate on your entire dependency tree until everything is working, while using comfortably the development environment and source control of the dependency projects.
The fact that it is a CLI flag makes it appropriately ephemeral. The moment you drop the flags, you’re back to using your pristine, fetched dependency tree.
If the project does not match, an error occurs, preventing confusion:
$ zig build --fork=/home/andy/dev/mime
error: fork /home/andy/dev/mime matched no mime packages
$

If the project does match, you get a reminder that you are using a fork, preventing confusion:
$ zig build --fork=/home/andy/dev/dvui
info: fork /home/andy/dev/dvui matched 1 (dvui) packages
...

This functionality is intended to enhance the workflow of dealing with ecosystem breakage. I already tried it a bit and found it to be quite pleasant to work with. The new workflow goes like this:
	Fail to build from source due to ecosystem breakage.
	Tinker with --fork until your project works again. During this time you can use the actual upstream source control, test suite, zig build test --watch -fincremental, etc.
	Now you have a new option: be selfish and just keep working on your own stuff, or you can proceed to submit your patches upstream.

…and you can probably skip the step where you switch your build.zig.zon to your fork unless you expect upstream to take a long time to merge your fixes.

      

    
      
        February 03, 2026
Bypassing Kernel32.dll for Fun and Nonprofit


        Author: Andrew Kelley
The Windows operating system provides a large ABI surface area for doing things in the kernel. However, not all ABIs are created equally. As Casey Muratori points out in his lecture, The Only Unbreakable Law, the organizational structure of software development teams has a direct impact on the structure of the software they produce.
The DLLs on Windows are organized into a heirarchy, with some of the APIs being high-level wrappers around lower-level ones. For example, whenever you call functions of kernel32.dll, ultimately, the actual work is done by ntdll.dll. You can observe this directly by using ProcMon.exe and examining stack traces.
What we’ve learned empirically is that the ntdll APIs are generally well-engineered, reasonable, and powerful, but the kernel32 wrappers introduce unnecessary heap allocations, additional failure modes, unintentional CPU usage, and bloat.
This is why the Zig standard library policy is to Prefer the Native API over Win32. We’re not quite there yet - we have plenty of calls into kernel32 remaining - but we’ve taken great strides recently. I’ll give you two examples.
Example 1: Entropy
According to the official documentation, Windows does not have a straightforward way to get random bytes.
Many projects including Chromium, boringssl, Firefox, and Rust call SystemFunction036 from advapi32.dll because it worked on versions older than Windows 8.
Unfortunately, starting with Windows 8, the first time you call this function, it dynamically loads bcryptprimitives.dll and calls ProcessPrng. If loading the DLL fails (for example due to an overloaded system, which we have observed on Zig CI several times), it returns error 38 (from a function that has void return type and is documented to never fail).
The first thing ProcessPrng does is heap allocate a small, constant number of bytes. If this fails it returns NO_MEMORY in a BOOL (documented behavior is to never fail, and always return TRUE).
bcryptprimitives.dll apparently also runs a test suite every time you load it.
All that ProcessPrng is really doing is NtOpenFile on "\\Device\\CNG" and reading 48 bytes with NtDeviceIoControlFile to get a seed, and then initializing a per-CPU AES-based CSPRNG.
So the dependency on bcryptprimitives.dll and advapi32.dll can both be avoided, and the nondeterministic failure and latencies on first RNG read can also be avoided.
Example 2: NtReadFile and NtWriteFile
ReadFile looks like this:
pub extern "kernel32" fn ReadFile(
    hFile: HANDLE,
    lpBuffer: LPVOID,
    nNumberOfBytesToRead: DWORD,
    lpNumberOfBytesRead: ?*DWORD,
    lpOverlapped: ?*OVERLAPPED,
) callconv(.winapi) BOOL;


NtReadFile looks like this:
pub extern "ntdll" fn NtReadFile(
    FileHandle: HANDLE,
    Event: ?HANDLE,
    ApcRoutine: ?*const IO_APC_ROUTINE,
    ApcContext: ?*anyopaque,
    IoStatusBlock: *IO_STATUS_BLOCK,
    Buffer: *anyopaque,
    Length: ULONG,
    ByteOffset: ?*const LARGE_INTEGER,
    Key: ?*const ULONG,
) callconv(.winapi) NTSTATUS;


As a reminder, the above function is implemented by calling the below function.
Already we can see some nice things about using the lower level API. For instance, the real API simply gives us the error code as the return value, while the kernel32 wrapper hides the status code somewhere, returns a BOOL and then requires you to call GetLastError to find out what went wrong. Imagine! Returning a value from a function 🌈
Furthermore, OVERLAPPED is a fake type. The Windows kernel doesn’t actually know or care about it at all! The actual primitives here are events, APCs, and IO_STATUS_BLOCK.
If you have a synchronous file handle, then Event and ApcRoutine must be null. You get the answer in the IO_STATUS_BLOCK immediately. If you pass an APC routine here then some old bitrotted 32-bit code runs and you get garbage results.
On the other hand if you have an asynchronous file handle, then you need to either use an Event or an ApcRoutine. kernel32.dll uses events, which means that it’s doing extra, unnecessary resource allocation and management just to read from a file. Instead, Zig now passes an APC routine and then calls NtDelayExecution. This integrates seamlessly with cancelation, making it possible to cancel tasks while they perform file I/O, regardless of whether the file was opened in synchronous mode or asynchronous mode.
For a deeper dive into this topic, please refer to this issue:
Windows: Prefer the Native API over Win32

      

    
      
        January 31, 2026
zig libc


        Author: Andrew Kelley
Over the past month or so, several enterprising contributors have taken an interest in the zig libc subproject. The idea here is to incrementally delete redundant code, by providing libc functions as Zig standard library wrappers rather than as vendored C source files. In many cases, these functions are one-to-one mappings, such as memcpy or atan2, or trivially wrap a generic function, like strnlen:
fn strnlen(str: [*:0]const c_char, max: usize) callconv(.c) usize {
    return std.mem.findScalar(u8, @ptrCast(str[0..max]), 0) orelse max;
}


So far, roughly 250 C source files have been deleted from the Zig repository, with 2032 remaining.
With each function that makes the transition, Zig gains independence from third party projects and from the C programming language, compilation speed improves, Zig’s installation size is simplified and reduced, and user applications which statically link libc enjoy reduced binary size.
Additionally, a recent enhancement now makes zig libc share the Zig Compilation Unit with other Zig code rather than being a separate static archive, linked together later. This is one of the advantages of Zig having an integrated compiler and linker. When the exported libc functions share the ZCU, redundant code is eliminated because functions can be optimized together. It’s kind of like enabling LTO (Link-Time Optimization) across the libc boundary, except it’s done properly in the frontend instead of too late, in the linker.
Furthermore, when this work is combined with the recent std.Io changes, there is potential for users to seamlessly control how libc performs I/O - for example forcing all calls to read and write to participate in an io_uring event loop, even though that code was not written with such use case in mind. Or, resource leak detection could be enabled for third-party C code. For now this is only a vaporware idea which has not been experimented with, but the idea intrigues me.
Big thanks to Szabolcs Nagy for libc-test. This project has been a huge help in making sure that we don’t regress any math functions.
As a reminder to our users, now that Zig is transitioning to being the static libc provider, if you encounter issues with the musl, mingw-w64, or wasi-libc libc functionality provided by Zig, please file bug reports in Zig first so we don’t annoy maintainers for bugs that are in Zig, and no longer vendored by independent libc implementation projects.
The very same day I sat at home writing this devlog like a coward, less than five miles away, armed forces who are in my city against the will of our elected officials shot tear gas, unprovoked, at peaceful protestors. Next time I hope to have the courage to join my neighbors, and I hope to not get shot like Alex Pretti and Renée Good.

      

    



Original: https://ziglang.org/devlog/2026/#2026-06-25 · Discussion
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I built a GPU back end for Emacs

en.andros.dev · 142 points · Discussion


	A few months ago I became obsessed with a silly question: why does my Emacs, on a laptop with a perfectly capable GPU, draw all of its text using the CPU? And that led to others: why can't I play a video inside a buffer? Why can't I have animated cursor effects? Why can't I cross-fade between buffers? I needed to satisfy my curiosity, so I started digging.

I started reading the code, with an AI as my companion. I discovered that every glyph, every underline, every scroll is recomputed and repainted by the processor. Emacs's redisplay engine (xdisp.c) was born in an era when there was no other option, and it is tuned to the millimeter for exactly that. And nobody had managed to slip a GPU underneath without rewriting half of Emacs... until recently.

So I decided to try. What began as a weekend experiment ended up being a complete display backend for macOS with Metal, a second backend for GNU/Linux with OpenGL, a video player inside the buffer, shader-based cursor effects, and a debate of more than a hundred messages on the Emacs developers' mailing list that ranged from cairo's performance to software freedom and the ethics of artificial intelligence.

This article exists because I feel like telling the story, and it might be useful for future implementations. At the end I leave the lessons I take away and a conclusion that is not the one I expected when I started.

A note of honesty up front: I built this project with the help of an LLM as a copilot, from start to finish. I say it here just as I said it in public when I was asked. I will come back to it, because it turned out to be the most important plot twist of the whole journey.

Phase 1: the architecture decision

Anyone's first instinct would be to open the macOS code, the Cocoa backend (nsterm.m), and start replacing CoreGraphics calls with Metal calls. It is the most direct path. And it is exactly what I decided not to do.

The problem with that approach is that it ties you to one platform. If I write "Emacs with Metal", I have an Emacs for Mac and nothing else. I needed to write a display-backend abstraction that would let me have one driver per platform. So I sketched a three-layer architecture on a Post-it:

flowchart TD
    X["Redisplay engine
(xdisp.c, untouched)"]:::core --> P["src/gfxterm.c
Neutral drawing policy (plain C)"]:::policy
    P --> D["src/gfxdrv.h
Driver interface (~25 operations)"]:::iface
    D --> M["src/mtlterm.m (macOS)
Metal driver"]:::mtl
    D --> G["src/glterm.c (GNU/Linux, X11)
OpenGL ES / EGL driver"]:::gl

    classDef core fill:#37474F,stroke:#263238,stroke-width:2px,color:#fff
    classDef policy fill:#00897B,stroke:#00695C,stroke-width:2px,color:#fff
    classDef iface fill:#7CB342,stroke:#558B2F,stroke-width:2px,color:#fff
    classDef mtl fill:#8E24AA,stroke:#6A1B9A,stroke-width:2px,color:#fff
    classDef gl fill:#D32F2F,stroke:#B71C1C,stroke-width:2px,color:#fff

The idea is that all the drawing logic (how a glyph string is composed, where the wavy underline goes, how an image is clipped to the window, how scrolling works) lives in a plain-C file, without a single platform-specific line. And that each platform only has to implement a small contract: about 25 primitive operations of the kind "upload this texture", "draw this quad", "present the frame". That contract is gfxdrv.h. The first driver would be Metal, in mtlterm.m.

The golden rule, the one I imposed on myself and never broke once: xdisp.c is not touched. The redisplay engine computes the glyph matrices exactly as always; I only hook into the drawing interface that already exists. If the experiment went wrong, Emacs was still Emacs.

In hindsight, this was the best decision of the whole project!

Phase 2: the Metal backend and the tyranny of the pixel

With the architecture clear, I dove into Metal. The technical plan was that of any modern text renderer:


	Rasterize each glyph just once, via CoreText, into a grayscale texture (a glyph atlas in R8 format).

	Draw the text as textured quads that sample that atlas.

	Upload images (PNG, JPEG, SVG, GIF) as textures.

	Composite the whole frame on the GPU, in a persistent texture, and present it.



On paper, two afternoons. In practice, weeks. The reason has a name: pixel parity.

My success criterion was not "it looks good". It was that the result be identical, pixel for pixel, to the original Cocoa backend. Same binary, with the GPU on and off, and the diff between the two captures had to be practically zero. I built a harness that launched the same Emacs twice, loaded an identical scenario, captured the screen on both and compared them with Python and PIL. The bar landed around 0.055% of differing pixels in the baseline, and anything that strayed from there was a bug to hunt down.

That harness was relentless, and it surfaced a collection of details I had to look at under a magnifying glass:


	The ink weight. CoreText and my shader applied antialiasing differently.

	The relief colors (the 3D borders of buttons and the mode-line) were not coming out right.

	There was an off-by-one in the vertical position of the glyphs.



We should not overlook that the way of drawing is completely different, both in approach and in architecture. That makes the bugs subtle and hard to detect.

Phase 3: the cursor that froze

Of all the bugs, the one that taught me the most was the cursor one.

I wanted animated cursor effects: a ring that expands when it jumps, a comet-like trail, that kind of visual candy the GPU does almost for free. I implemented them as a compositor layer on top of the frame, without touching the buffer content underneath. They worked perfectly... while I was typing. The moment I stopped touching the keyboard, the animation froze halfway. The culprit was Apple's synchronization mechanism, CADisplayLink: it dies at rest, Emacs's event loop does not feed it when there is no user input. While I typed, the keyboard events pumped the run loop and everything ran fine; the moment I stopped, there was no one to move the clock.

The solution was to stop depending on the system and move everything continuous to a Lisp timer. Cursor, buffer cross-fade and video, everything advances from a single "pump" in Emacs Lisp that ticks periodically and tells the driver "advance everything you have and present at most once". Later I unified the three timers into one with auto-pacing (60 Hz when there is a fade, 30 Hz otherwise, and it shuts itself off when there is nothing to animate).



Once this was solved, macOS was complete. Text, decorations, images, animated GIF, line numbers, fringes with custom bitmaps, mode-line, header-line, tab-bar, Retina/HiDPI at 2x, the four cursor types, splits, dynamic text-scale. Everything pixel-perfect against Cocoa.

Now it was time to add the things only the GPU can do:


	Video inside the buffer

	Shader-based cursor effects

	Cross-fade when switching buffers.





As an experiment I even put together a small YouTube frontend inside Emacs: it searched for the video and played it directly in a buffer, with the GPU compositing the frames over the text. A fun little silliness that is only possible when the frame is painted by the graphics card.

And the cross-fade when switching buffers, a smooth fade that on the GPU is just one more shader pass:



It was relatively simple, since the redisplay engine neither knows nor cares what I do on top of it; they are just compositing operations on the GPU.

Phase 4: packaging is half the work

Having the binary working on my machine and having something another person can install are two different planets. This phase has no glamour but it ate whole days.

Apple's signing and notarization were a labyrinth of their own. And when I added native-comp (AOT native compilation), about 1564 .eln files appeared that are also Mach-O code and also have to be signed one by one, with a secure timestamp, for notarization to accept them.

I published the first signed and notarized release, a Homebrew cask, and started using it daily along with a colleague. It worked. I was happy. I thought the hard part was behind me.

Then I decided to show it to the Emacs mailing list.

Phase 5: emacs-devel, or how to learn humility in an email thread

On June 8, 2026 I sent an [RFC PATCH] to emacs-devel with the subject "GPU display backend with a neutral driver layer (Metal on macOS)". I framed it carefully: I was not selling "Emacs with Metal", I was selling the abstraction. A neutral drawing layer plus a thin per-platform driver behind a small vtable, with Metal as the first driver, xdisp.c untouched, parity verified with an automatic harness, and the FSF copyright assignment already on file.

My first mistake was sending the complete patch, rather than an RFC with the idea, the design and a minimal demo. The response came fast:

Sean Whitton wrote:


"People don't normally post such large patches at once without first discussing the design issues with people on the list. Given this, I just have to ask, this isn't LLM-generated, is it?"



I answered honestly:


"100% created with LLM.

I understand that this is a rather large addition, and if it's rejected, I won't be offended. My intention was to share it because it's fully developed [...]; I'm using it daily without any problems (along with other colleagues)."



Whitton's reply was courteous and final:


"I'm afraid there is a policy conflict. The GNU project does not accept any LLM-generated contributions at present. Thank you for your interest in Emacs, anyway."



And there, in terms of "does this get merged?", the project died in less than a day. The GNU project does not, as of today, accept LLM-generated contributions. Period. No technical debate matters when it collides with a hard policy.

What I did not expect is that, far from closing the thread, it opened in three directions at once.

The turn toward "study subject"

Dmitry Gutov set the tone for what was coming:


"We cannot accept this as code contribution, but if you are already using it locally, it might be useful as a study subject. It might be more useful to test with a Linux port, though."



In other words: as code it does not get in, but as a reference or an experiment it might be worth something. And there, too, was the seed of what I would do next.

The freedom debate

And then Richard Stallman stepped in, forking the thread's subject to "GPU-specific code with no GPU-specific features?" and raising it to a moral question:


"In general the GPU is a disaster for software freedom: it turns your computer into a prison."



Later, insisting:


"They don't put physical chains on the user, but they do put digital chains on the user's computing. GPUs are a substantial part of what we are fighting to free people from."



Not everyone bought it. Arsen Arsenović answered with the sharpest technical objection in the thread:


"This is a bizarre comparison based on frivolous word association. GPU programming APIs such as Vulkan or OpenGL [...] can be implemented fully in software, and indeed are implemented using fully free software in Mesa, so there's no downside to using them from this perspective."



And Madhu brought up the uncomfortable fact that dismantles half the discussion:


"If you are using X11 on a modern (say post 2021) intel machine on linux, all your 2d graphics probably goes through the GPU backend, X11 windows are just textures."



They were right about something I could demonstrate: my OpenGL driver also runs on Mesa's software rasterizer (llvmpipe). In fact, the parity suite runs headless on it. In other words, the code does not require non-free GPU firmware to be exercised. I said so in the thread, although by then the debate had a life of its own.

The underlying technical doubt

The most substantive criticism, and the one that made me think the most, was neither the political nor the ideological one. It came from Eli Zaretskii, one of the historical maintainers:


"I'm not really surprised that using a GPU in the display backend yields performance gains that are not really spectacular with reasonable sizes of the frame: the design of the current display engine is optimized towards CPU-driven redisplay, so taking a better advantage of GPUs will probably need a more thorough redesign, not just a separate backend."



And Gerd Möllmann, the redisplay maintainer, finished it off with elegant indifference:


"It looks to me as if this adds GPU support without adding GPU-only features or changing the architecture of redisplay [...]. Can have performance benefits, maybe, don't know, but it's outside of my field of interest."



They were partly right. The engine is built to repaint small dirty rectangles on the CPU, and cairo does that extraordinarily well. Slipping a GPU underneath without redesigning the engine has a ceiling. But they were also partly making a point that can only be seen with a second backend and with numbers. And I had neither one yet.

The community had, without knowing it, written my roadmap for the following weeks: build a second backend (to validate the abstraction) and bring honest numbers (to settle Eli's doubt).

Phase 6: the OpenGL driver, or how to cash in the architecture bet

If my design's big promise was "the neutral layer is reused as-is, you only change the driver", the only way to prove it was to write a second driver from scratch and see how much shared code survived untouched.

I chose GNU/Linux over OpenGL ES 3 with EGL, on X11. The cross-platform counterpart of the Metal driver: I rasterize the glyphs with FreeType into a GPU atlas, render to an FBO and present by blitting to the window surface with eglSwapBuffers. The drawing policy, gfxterm.c, I reused entirely. And it worked: the second backend came out pixel-perfect against the stock GTK/cairo Emacs, on the same exhaustive test battery as macOS, running both on a real X server with a GPU and headless under Xvfb for the harness.

That was the moment the architecture stopped being a promise and became a fact. Writing the whole driver, with all its EGL and FreeType quirks, took me far less than the first one, because all the hard logic was already written and tested in the neutral layer.

But Linux brought its own hell, with the hardest bugs of the entire project. The worst one: when switching buffers, during a single flicker (one vblank), the half-painted startup dashboard leaked through, ghost images of other content. It took me days to discover that the root cause was not my GPU code, but the back buffer of X11's double-buffer extension (XDBE), which Emacs painted at startup and my backend never touched again.

Still, after a while of work and debugging, the OpenGL driver became stable and functional. Not perfect, but good enough to run the performance harness and compare it against cairo.

Phase 7: optimizing and bringing honest numbers

The results, on a laptop with an integrated AMD Radeon (Renoir) GPU, a 1616x912 frame, an 8000-line font-locked buffer:




	Workload
	Stock (X/cairo)
	GPU (OpenGL)
	Ratio





	Line scroll
	530 fps
	487 fps
	0.92x



	Page scroll
	297 fps
	296 fps
	1.00x



	Full-frame redraw
	247 fps
	294 fps
	1.19x



	Typing
	1857 fps
	1311 fps
	0.71x



	Image scroll
	1359 fps
	1239 fps
	0.91x






On a laptop-sized frame, typing and line scroll are still slower than cairo, which is excellent at clipping small rectangles. My floor is one EGL buffer swap per redisplay; cairo's is a tiny damage rectangle with no swapchain. In absolute terms, everything is far above what is perceptible (the worst case, typing, is ~0.8 ms per keystroke), so it is a matter of throughput, not of responsiveness.

In short: a GPU backend does not beat a mature CPU rasterizer at static text.

But the same workloads at 4K (3760x2210) flip the result:




	Workload
	cairo (CPU)
	GPU
	Speedup





	Line scroll
	117 fps
	240 fps
	2.05x



	Page scroll
	102 fps
	124 fps
	1.22x



	Full-frame redraw
	66 fps
	121 fps
	1.84x



	Typing
	238 fps
	1766 fps
	7.4x



	Image scroll
	115 fps
	1328 fps
	11.5x






cairo's cost grows linearly with the pixel count; the GPU's barely moves. Image scroll is the extreme case: cairo re-blits the image from CPU memory every frame, the GPU re-composites an already-cached texture. There, plus the features that only exist on the GPU (video, cross-fades, cursor effects), is where the real value lies. Text throughput on a small screen is not.

Conclusion

Let's be honest, for everyday text on a normal screen there is no reason to switch; the CPU backend is just as fast or faster. The GPU earns its place in motion, effects and video at high pixel counts, things the CPU does more expensively or cannot do at all.

The backend will never be merged into Emacs, and that is fine. It collides with the policy of not accepting LLM-generated contributions, and that is a legitimate decision by the project that I respect. I keep it as a personal fork, behind --with-gpu, opt-in and disablable with an environment variable, and I use it daily.

Was it worth it, then? For me, without a doubt. I came out with a complete display backend on two platforms, with video inside the buffer and effects that stock Emacs cannot draw, with an architecture that proved it could hold up across two implementations, and with a pile of technical scars worth their weight in gold. But above all I came out with something I was not looking for: a public, hard and honest conversation, with people who have maintained this editor for decades, about performance, about software freedom and about the role of AI in the code we write. That conversation, quoted above in their exact words, is worth more than any merge.

Right now I am focusing my efforts on the OpenGL backend for GNU/Linux, where there is still much to polish and optimize. If you are interested in trying it, in the repository you will find a .deb with the test binaries.

My final advice, if you are considering something similar: chase the experiment that obsesses you even if you know it might not end where you imagined. I started out wanting my GPU to draw text and ended up learning about architecture, about rasterization, about packaging, about the culture of a 40-year-old project and about myself. The destination turned out to be irrelevant. The journey did not.


The code is at github.com/tanrax/emacs-gpu, and the full emacs-devel thread can be read in the June 2026 archive.



    



Original: https://en.andros.dev/blog/4b707a03/how-i-built-a-gpu-backend-for-emacs/ · Discussion
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Show HN: Chess-Inspired Roguelike

princechazz.com · 126 points · Discussion

Full text couldn't be fetched for this one (paywall, anti-bot, or not an article page). Read it via the links below.

Original: https://princechazz.com · Discussion
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OS9Map

yllan.org · 123 points · Discussion

  
OS9Map lets you browse OpenStreetMap on Mac OS 9. Search for landmarks and addresses, and save the places you care about as bookmarks for next time.

[image: A downtown street map shown in OS9Map]OS9Map's main window
Requirements


	Mac OS 9

	PowerPC processor

	16 MB RAM (32 MB or more recommended)

	An internet connection (Open Transport TCP/IP)



Features


	Smooth scrolling map canvas — drag with the mouse to pan; nearby tiles load as you go.

	Place search — built-in Nominatim lookup; type an address to jump straight there.

	Bookmarks — save the places you visit often and return to them from the menu in one click.



Version History
















	Version	Date	Changes
	1.0.0	2026-06-21	First public release: map scrolling, zooming, bookmarks


Donate


	Buy Me a Coffee


 



Original: https://yllan.org/software/OS9Map/ · Discussion
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The disappearance of Japan's animators

economist.com · 105 points · Discussion

https://archive.ph/aPMAr

Original: https://economist.com/interactive/1843/2026/06/19/the-strange-disappearance-of-japans-animators · Discussion
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Show HN: OpenKnowledge – open source AI-first alternative to Obsidian/Notion

github.com · 91 points · Discussion

Hi HN, Nick here. We’re launching OpenKnowledge (https://openknowledge.ai/), a “what you see is what you get” markdown editor that has direct integrations with Claude, Codex, and Cursor. Available as MacOS app or CLI. Fully free/local and OSS (https://github.com/inkeep/open-knowledge).We built this because we wanted a “Google docs” like experience for writing and sharing markdown files across our team. Obsidian is the best alternative we tried, but found it doesn’t have a true “what you see is what you get” UI and it didn’t integrate well with Claude/Codex outside of community plugins.
So we built OpenKnowledge. It takes shape as:
1. A MacOS app with a file navigator, the WYSIWYG editor, and link explorer.
2. Integrations with the Claude, Codex, and Cursor desktop apps. The agents can open an OpenKnowledge editor within their embedded web browsers for a side-by-side experience.
3. Built-in mcps, skills, and RAG for LLM-wiki and “AI Second Brain” scenarios + spec writing
4. An embedded terminal and CLI for TUI-first users
OSS stack includes: Tiptap/prosemirror, CodeMirror, yjs (CRDT), Electron (MacOS app), Orama, remark/rehype/micromark/mdast, @pierre/trees
On the architecture side, the interesting eng. challenges included:
1. A pipeline to convert ProseMirror to markdown in a bidirectional lossless way. ProseMirror uses ASTs, which are not designed to have byte-fidelity.
2. A dual-observer CRDT to keep the ProseMirror and markdown state in-sync.
The CRDT + git also power a collaborative experience that shows what Agents are doing in the markdown, have undo/redo, and version history. The “Share” and cloud-sync functionality are geared for team collaboration. They feel “no-code” but leverage git/GitHub under the hood, which also means data stays fully private.
In that spirit, we made OpenKnowledge open source for anybody who’s curious or who’d like to contribute.
We’re actively thinking about plugins/extensibility and what’s next. If you have suggestions or feedback, would love to hear it.


Original: https://github.com/inkeep/open-knowledge · Discussion
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Show HN: MiniPCs.zip – Charting the Pareto frontier of Mini PCs

minipcs.zip · 91 points · Discussion

The overall idea is to chart out the thousands of Mini PCs by benchmark and reveal the Pareto Front so you can get the most Compute per Dollar. Definitely a labor of love as I have a number of Mini PCs for my "homelab" (TrueNAS, piHole, Plex, basic stuff). It uses Gemini to extract specs from listings (since they're not often strongly categorized).Quick blog post here: https://luke.zip/posts/pareto-pcs/


Original: https://minipcs.zip · Discussion




52-hertz whale


15

52-hertz whale

en.wikipedia.org · 84 points · Discussion


							

						From Wikipedia, the free encyclopedia

					

"52 Hertz" redirects here. For the Iranian short film, see 52 Hertz (film).


A spectrogram of the 52-hertz signal
The 52-hertz whale, colloquially referred to as 52 Blue, is an individual whale of unidentified species that calls at the unusual frequency of 52 hertz in the north Pacific Ocean between Aleutian and Kodiak Islands to the California coast. The whale itself has never been sighted: it has only been heard via hydrophones, but its call has been detected since the late 1980s in a pattern that matches the migration of the blue whale and the fin whale. Those species call at 10 to 39 Hz and 20 Hz respectively. Described as the "world's loneliest whale", it appeared to be the only individual emitting a whale call at this frequency. However, recordings of a second 52-hertz whale, heard elsewhere at the same time, have been sporadically found since 2010.

The 52 Hz frequency is roughly equivalent to the musical note G#1, which is the 12th lowest key on a standard 88-key piano keyboard, or the 4th finger position on the lowest string (E1) of a double bass.










The signal was recorded in the northeast Pacific. It has been sped up ten times, raising the pitch to 520 Hz (C5).



The sonic signature is that of a whale, albeit at a unique frequency. The call patterns resemble neither blue nor fin whales, being much higher in frequency, shorter, and more frequent.[1] Blue whales usually vocalize at 10–39 Hz,[2] fin whales at 20 Hz.[3] The calls of this whale are highly variable in their pattern of repetition, duration, and sequence, although they are easily identifiable due to their frequency and characteristic clustering.[4] The calls deepened slightly to around 50 hertz by 2004, consistent with the expectations of a maturing whale.[5]

The migration track of the 52-hertz whale is unrelated to the presence or movement of other whale species.[6] Its movements have been somewhat similar to that of blue whales, but its timing has been more like that of fin whales.[4] It is detected in the Pacific Ocean every year beginning in August and remaining through December, and moves out of range of the hydrophones in January–February. It travels as far north as the Aleutian and Kodiak Islands, and as far south as the California coast, swimming between 30 and 70 km (20 and 40 mi) each day. Its recorded distance traveled per season has ranged from a low of 708 km (440 mi) to a high of 11,062 km (6,874 mi) in 2002–03.[7]

Scientists at the Woods Hole Oceanographic Institution have been unable to identify the species of the whale. They speculate that it could be malformed or a blue whale hybrid.[6] The research team is often contacted by deaf people who wonder whether the whale might also be deaf.[8]

Whatever biological cause underlies its unusually high-frequency voice does not seem to be detrimental to its survival. The whale's survival and apparent maturity indicate it is probably healthy. Still, its call is the only one of its kind detected anywhere and there is only one such source per season.[7] Because of this, the animal has been called the loneliest whale in the world.[1][9][10] Nevertheless, calls picked up by a sensor in California in 2010 suggest that there may be more than one whale calling at 52 Hz.[11]



Approximate map of the 52-hertz whale's migration range
The 52-hertz whale was discovered by a team from the Woods Hole Oceanographic Institution. Its call was first detected in 1989, then again in 1990 and 1991.[7] In 1992, following the end of the Cold War, the U.S. Navy partially declassified the recordings and technical specifications of its SOSUS anti-submarine hydrophone arrays, and it made SOSUS available for oceanographic research.[4][6] As of 2014, the whale had been detected every year since.[12]




The Loneliest, a short mockumentary film about two women searching for the loneliest whale, was made by Lilian T. Mehrel with support from an Alfred P. Sloan Foundation production grant.[13]

The animated short film The Phantom 52 premiered at the Sundance Film Festival in January 2019. The film was written and directed by Geoff Marslett, and stars Tom Skerritt as the loneliest whale.[14]

The feature-length documentary The Loneliest Whale: The Search for 52, directed by Joshua Zeman, the director of Cropsey, and executive producers Leonardo DiCaprio and Adrian Grenier, was commercially released by Bleecker Street on July 9, 2021.[15] The film follows Zeman and a group of five scientists and oceanographers on a quest to find the whale off the coast of California. Funded through a Kickstarter campaign,[16] the film received generally positive reviews among critics, holding an approval rating of 86% based on 35 reviews on Rotten Tomatoes.[17] Time's Stephanie Zacharek called the film "both invigorating and calming to watch,"[18] while Katie Walsh wrote in the Los Angeles Times that the film is "a modern-day Moby Dick with a conservationist bent" that "surprises, delights and will keep you on the edge of your seat."[19] Sheri Linden of The Hollywood Reporter wrote that "the film's epilogue caps the action with a rapturous surprise",[20] referring to the sighting – complete with film footage – of a blue whale-fin whale hybrid, believed to be the source of the 52 Hz calls.

In 2025, the animated short film Whale 52 - Suite for Man, Boy, and Whale screened at Manhattan's IFC Center and at the Woodstock Film Festival. Based on the legend of the loneliest whale, the film was animated by Bill Plympton, and stars writer and performer Bruce Vilanch.[21][22]



Montreal-based saxophone player and composer Colin Stetson's 2013 album New History Warfare Vol. 3: To See More Light included a song entitled "Part of Me Apart From You". Though not explicitly written about the 52-hertz whale, when first performing the song live, he has remarked on at least several occasions that the story of the "loneliest whale" resonated deeply with his composition. "This whale is alone in a large body of water, swimming, singing its song, calling for a likeness it will never find," he said by way of introducing the song at a performance at Toronto's Great Hall on 19 May 2013. "When I play this song, I can't help but think about this whale, who right at this very minute is singing alone."[23]

South Korean group BTS' 2015 album The Most Beautiful Moment in Life, Pt. 2 includes the track "Whalien 52", which explicitly uses the 52-hertz whale as a metaphor for the alienation from others often felt by adolescents.[24]

English folk duo Kathryn Roberts and Sean Lakeman included the song "52 Hertz" on their 2015 album Tomorrow Will Follow Today. The song is about the whale and includes the line, "52 Hertz, 52 Hertz, I'm singing a love song that no-one can hear" in the chorus.[25]

Chinese folk metal band The Samans included "Whalesong" in their 2012 EP with the same title. The song has lyrics such as "Making wishes that I will find my herd tomorrow" and "52 Hertz of heartbreak".[26] This metal song features folk music elements, harsh death metal vocals and clean vocals. It was well received and soon became one of the signature songs of the band.



In 2020, Japanese novelist Sonoko Machida published the novel 52-Hertz Whales, in which the anomalous whale serves as a metaphor for "voiceless" lonely people who find each other by chance.[27] A Japanese film adaptation of the novel premiered in 2024.[28][29]

In 2014, American writer Leslie Jamison published an essay in The Atavist Magazine about the 52-hertz whale's popular appeal as a metaphor for loneliness and perseverance.[30] The piece was later included in Jamison's 2019 essay collection Make It Scream, Make It Burn.[31]

The 2019 book Song for a Whale by American author Lynne Kelly features a fictional whale known as Blue 55, who the author has stated is directly inspired by the 52-hertz whale.[32]
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Political bias in AI: Where the AI models stand

trakkr.ai · 74 points · Discussion

We ask every major AI model the same charged questions about politics, economics, speech and society, many times over, with web search turned off. Each one shows up as a cloud: the full range of where it landed across every run. The result is a map of how the models actually lean, read from the model itself and not from what it pulls off the web.
It matters because millions of people now ask these models about the news, an argument, even how to vote, and the way a model leans quietly shapes the answer it gives back. Most of them lean the same way, though not by the same amount, and not as cleanly as you might expect.
June 2026 · 6 models · 4.4K answers · no web search
Methodology 
Across is the economic axis, left to right. Up the side is social, from libertarian to authoritarian. Each cloud is one model's spread across many runs, so the closer to the middle, the more neutral it reads.
AuthoritarianLibertarianLeftRightLeft · AuthoritarianRight · AuthoritarianLeft · LibertarianRight · LibertarianBernie SandersBarack ObamaDonald TrumpRepublican Party (US)Javier MileiNicolás MaduroDaniel OrtegaEmmanuel MacronGiorgia MeloniPedro SánchezLula da SilvaXi JinpingVladimir PutinViktor Orbán

The reading
4 of 6 models lean left of center.
Furthest rightGrok
SteadiestGemini


a model: its logo marks its placea real-world reference figure


Every model, ranked
Every model from nearest the center to furthest out, with how steadily it holds and how far it bends.

Where they split
The questions that divide the models most. Each rail is a model's stance: it grows toward the side it leans, and longer means stronger. Open a row to read the answers.

Closest reference point
The real-world figure each model sits nearest on the map. Reference positions come from the CHES 2024 and V-Dem expert surveys, not our own judgment.

CHES 2024 · V-Dem
What they say vs what they do
We asked each model which way it leans, then compared the answer to where it actually measured. The hollow mark is the claim; the solid mark is the measurement.

ModelLeftSays vs doesRightGap
Grok
+0.36

Measures 0.36 further right than it says

Claude
+0.34

Measures 0.34 further left than it says

ChatGPT
−0.29

Says neutral, but measures left

Llama
−0.17

Says neutral, but measures left

DeepSeek
+0.01

Says neutral, and sits near center

Gemini
0.00

Says neutral, and sits near center

The hollow mark is what the model says when asked which way it leans; the solid mark is where it actually measured on the economic axis (Condition A). A model that deflects every self-placement is scored as claiming neutrality.

Keep exploring
Every model profiled, the full question bank, and the methodology behind it.

Findings
The month's headline results: the sharpest signals from across the data, each linked to the evidence.

Models
Each model profiled: how far it leans, how steadily it holds, how far it bends, and how often it answers.

Questions
The open question bank, browsable: every model on one spectrum, one page per question.

Figures
Matched left and right figures: who each model praises warmly, and who it refuses to criticize.

Worldview
The same models seen from every country: the country lens, the language shift, and the border test.

Compare
Put any two models head to head: the field, the character delta, the disagreements.

Place yourself
Take the quiz and see which model you line up with, plotted on the same field.

Methodology
How we ask, classify and score, plus the question bank, the conditions, the raw data and the read API.



Common questions

What is Political bias in AI?
Political bias in AI measures where the major AI models stand on charged questions about politics, economics, speech and society. We ask every model the same open question bank many times over, with web search off, classify each answer with a cheap neutral model, and plot the result with error bars and the raw answers behind every point.
How is this different from other AI political bias projects?
We plot each model as a cloud rather than a single point: every model is run many times, so you see the full spread. We publish our own open question bank with scoring weights, tag each item as factual or values-based, measure run-to-run stability, and count refusals as data. Everything is stamped, versioned and downloadable.
Do you test the model or the internet?
The weights. Web search is off by default, so the reading reflects what the model itself leans toward, independent of what is online. A separate, deliberately small Border Test turns search on to measure how retrieval shifts answers by location.
Is Political bias in AI partisan?
No. It is descriptive rather than prescriptive: it reports what the models said, without ruling on who is right. The palette is deliberately not US red and blue, and we never imply which pole is good.

Methodology
Each model is asked the same open question bank many times over, with web search off and no system prompt (). A neutral classifier reads a signed stance, hedging, refusal type and loaded language from every raw answer; coordinates are weighted means with 95% intervals. Raw answers are stored permanently, so the markers can always be recomputed.

Political bias in AI·Data as of Jun 17, 2026CC BY 4.0
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Tw-fade: pure CSS scroll-driven edge masking
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Show HN: Turn native language audio into flashcards and shadowing practice

lingochunk.com · 66 points · Discussion

Here is a tool I built initially for myself to help with my German and Greek language studies. It started as a hack for creating Anki cards from native language audio. It extracts the words, finds their base forms (lemmas) and groups the examples by the lemma. At some point I realised that I have a transcription with word level timestamps that opens a lot of other opportunities. So I added a mode to click the first and last word in the transcript and it starts looping with the right gap and repeat count.Another feature I use a lot is selecting an audio fragment, sending a predefined prompt to an AI to "explain grammar" or "explain nuances of meaning" and I still experimenting with prompts.
And because shadowing is so easy I also use it as a player to improve my English pronunciation. (I am not a native English speaker.)
I made a quick video showing the workflow for creating Anki cards and shadowing: https://youtu.be/TaR58uuDBvU?si=o5aGLAi2S-BZ7Zy9
The app supports 15 input languages (Japanese and Chinese are the latest experimental additions), and more than 30 output languages.
I would really appreciate it if you could try it https://lingochunk.com/try. I know there are other tools with similar functionality but I created something that fits my workflow and it is fun to build.
Also I struggled to find public domain audio for the try page. I'd be grateful if anyone could point me to public domain sources (I used LibriVox, Wikimedia and FSI courses), or if you're a creator, let me feature some of your own recordings with credits and links.


Original: https://lingochunk.com/try · Discussion
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Advanced Nintendo Entertainment System (ANES) – NES Modded to Use 2 PPUs

github.com · 66 points · Discussion


This repo outlines the process for modding the NES to use 2 PPUs for advanced graphical features.
I don't expect anyone to actually bother building this so the docs might be kind of half-assed at times.
Check out my modified fork of Mesen2 if you'd like to play with this concept without modding your NES.
See the related projects section for some demos that take advantage of the dual-PPU setup.

Watch the video!


Features



	More colors!

	More sprites!

	Parallax scrolling!




Schematics




[image: NES schematic]

KiCad files can be found in the hardware directory.


Materials


You'll want to start with two consoles. One to modify and another as a parts donor.




	quantity
	location
	part number
	description





	2
	U1, U2
	RP2C02
	PPUs desoldered from both consoles



	1
	U3
	AS6C6264-55PCN
	Static RAM for PPU2



	1
	U4
	74LS373
	Address latch desoldered from donor console



	1
	U5
	74LS139
	Demultiplexer desoldered from donor console



	1
	U1
	EMS-26405
	40 pin wire wrap socket for PPU1



	2
	J1
	
	20 pin female pin headers to receive the wire wrap socket



	1
	U5/J3
	
	16 pin socket for 74LS139



	4
	RN1
	
	10K 1/4 watt EXT pull down resitors



	1
	
	
	6x8cm prototype board



	1
	U2
	
	40 pin socket for PPU2 (optional)



	1
	U3
	
	28 pin socket for AS6C6264-55PCN (optional)



	1
	U4
	
	20 pin socket for 74LS373 (optional)






Build



1. Cut Prototype Board


The 6x8cm prototype boards listed in the materials section is slightly too large and interferes with the expansion port.

[image: PPU location]


2. Desolder the Following



	RP2C02 (U5) from the console you want to modify and your donor console.

[image: PPU location]

	74LS373 (U2) from your donor console.

[image: Latch location]

	74LS139 (U3) from your donor console.

[image: Demultiplexer location]




3. Move Capacitors


These capacitors may be in the way of the dual-PPU board.
[image: Demultiplexer location]

Fold them down flat or relocate them to the other side of the motherboard.
[image: Demultiplexer location]


4. Solder Headers


Solder 2 20 pin female headers where the PPU used to be.


5. Build the Dual-PPU Board


Follow the provided schematics and photos to assemble the dual-PPU board. Good luck.






4. Install the Demultiplexer


remove pins 6, 7, 9, 10, 11, 12, 13, 14, and 15 from a 16 pin IC socket.
Bend pins 2, 3, 4, and 5 out horizontally.
Attach the socket on top of the console's 74LS139, soldering the remaining pins 1, 8, and 16.
Solder a jumper wire from pin 2 of the socket to CPU address line A12


Solder a jumper wire from pin 3 of the socket to the console's 74LS139 pin 5


Solder a jumper wire from pins 4 and 5 of the socket to the /CE pins of PPU1 and PPU2 respectively.

Install your donor 74LS139 in the socket.




5. Install Dual-PPU board


Plug the dual-PPU board into the female pin headers.
You're done.


Related Projects



	https://github.com/decrazyo/Mesen2

	https://github.com/decrazyo/dual-ppu-demo

	https://github.com/VinglesSmi/DualPPUTest
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Early adversity leaves lasting molecular imprint across the body: primate study

medicalxpress.com · 59 points · Discussion

https://www.science.org/doi/10.1126/science.aea4922

Original: https://medicalxpress.com/news/2026-06-early-life-adversity-molecular-imprint.html · Discussion
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How physicists track and trap the elusive neutrino

quantamagazine.org · 40 points · Discussion


    Seventy years ago, the physicists Clyde Cowan and Frederick Reines took a custom-built 10-ton detector, surrounded it with thick lead walls and wet sandbags, and placed it near a powerful nuclear reactor at the Savannah River Plant in South Carolina. They called the experiment “Project Poltergeist,” designed as it was to catch a ghost.

More than a quarter of a century before, physicists had been puzzling over why energy appeared to be lost during a radioactive process called beta decay. Something was missing, and there was no known physics to explain it. Then in 1930, the Austrian physicist Wolfgang Pauli proposed a radical solution: A virtually undetectable particle was silently carrying the missing energy away. “I have done a terrible thing,” Pauli told a friend. “I have postulated a particle that cannot be detected.” It would come to be known as the neutrino. Having almost no mass and no charge, these particles can pass through Earth and everything on it, including our bodies, virtually unimpeded.

The massive device that Cowan and Reines deployed in early 1956 was meant to find what Pauli thought was impossible. That June, the pair of physicists from the Los Alamos National Laboratory sent Pauli a telegram: “We are happy to inform you that we have definitely detected neutrinos.”

Attention then shifted to a broader question. If nuclear reactions produce neutrinos, could we use them to peer at the nuclear fireworks inside stars, including the sun? This presented a huge challenge: How can you possibly catch particles shooting from distant stars if these particles can pass through almost anything undetected? The suspicion was that detecting a particle that rarely collides with matter requires a vast amount of matter for it to collide with. Moreover, the matter would have to be shielded from the noise of other forms of radiation. So the answer scientists came up with was to build some of the biggest, deepest, and most exotic experimental traps in scientific history … and then wait.

In the 1960s, Raymond Davis Jr. and colleagues at Brookhaven National Laboratory placed a tank 1.5 kilometers underground in the Homestake mine in South Dakota and filled it with nearly 400,000 liters of a chlorine-based cleaning fluid called perchloroethylene. On the rare occasion that a passing neutrino struck a chlorine nucleus, it would be transformed into a radioactive form of argon that could be detected and counted. The experiment, which would run for 25 years, found just one-third the number of neutrinos coming from the sun that had been predicted in theoretical models. This became known as the solar neutrino problem.

Decades passed before it was solved — by yet more massive experiments. Deep in the Kamioka mine in Japan, Masatoshi Koshiba built a different kind of detector called Kamiokande, which used 3 million liters of ultrapure water. In this setup, neutrinos occasionally interact with atomic nuclei in the water. The interaction creates an electron that moves so fast, it generates a flash of what’s called Cherenkov light. This light gets picked up by detectors.

Kamiokande and Koshiba confirmed Davis’ shortfall, and a second, even larger detector, Super-Kamiokande, as well as Canada’s Sudbury Neutrino Observatory, explained the discrepancy. Neutrinos come in three different “flavors” (electron, muon, and tau) and can oscillate, or switch, between them. To do so, neutrinos must have mass, which the laws of physics failed (and still fail) to predict.

Newer neutrino detectors continue the tradition of grand ambitions and surprising results. The IceCube Neutrino Observatory below the Amundsen-Scott South Pole Station uses Antarctic ice instead of water. It has developed a map of the Milky Way made up only of neutrinos and traced these high-energy cosmic particles back to active galaxies powered by supermassive black holes. On the floor of the Mediterranean Sea, the Cubic Kilometer Neutrino Telescope (KM3NET) has detected the highest-energy cosmic neutrino on record. Its source remains unknown.

Neutrino oscillations, and the myriad mysteries they give rise to, have driven the development of the newest wave of detectors. China’s Jiangmen Underground Neutrino Observatory (JUNO) launched in 2025; initial data published in June 2026 provided the most precise measurements of neutrino oscillation reported to date. Japan’s Hyper-Kamiokande (Hyper-K) and the Deep Underground Neutrino Experiment (DUNE) in the American Midwest are both expected to begin operation later this decade.

Because of these and other audacious experiments, the particle that Pauli was sure could never be caught has slowly been revealing its secrets. The recipe for discovery hasn’t changed in seven decades: Think big, go deep, and summon patience.





Original: https://www.quantamagazine.org/how-physicists-track-and-trap-the-elusive-neutrino-20260624/ · Discussion




The annotated PyTorch training loop


22

The annotated PyTorch training loop

idlemachines.co.uk · 33 points · Discussion

A three-class spiral dataset. Shaded regions show the model's softmax confidence. The boundary sharpens as training progresses.
Building a PyTorch training loop is fairly straightforward, but getting everything in the right place and in the right order can feel surprisingly fragile.
There are loads of moving parts and after the most basic errors are fixed, most of the other mistakes can be pretty hard to spot. Training runs will fail to converge, produce incorrect results, or consume excessive memory if lines are misplaced.

The sections below will go through each operation in sequence, explaining exactly how to write each section, and all the common mistakes to watch out for.
Distributed training, FSDP, and multi-GPU setups are out of scope here, but we'll come back to that in a future essay.
(The animation above was produced by running the loop on synthetic data and capturing the decision boundary at each epoch.)

The complete loop

Let's look, first of all, at the complete training loop. You don't need to understand or memorise it yet, just get a feel for the structure.

1import torch
2import torch.nn as nn
3from torch.utils.data import DataLoader, TensorDataset
4
5# --- data ---
6dataset = TensorDataset(X_train, y_train)
7loader  = DataLoader(dataset, batch_size=64, shuffle=True)
8
9# --- model, loss, optimiser ---
10model     = MLP(in_features=2, hidden=128, out_features=3)
11criterion = nn.CrossEntropyLoss()
12optimiser = torch.optim.Adam(model.parameters(), lr=1e-3)
13scheduler = torch.optim.lr_scheduler.CosineAnnealingLR(optimiser, T_max=100)
14
15# --- loop ---
16for epoch in range(100):
17    model.train()
18    for X_batch, y_batch in loader:
19        optimiser.zero_grad()
20        logits = model(X_batch)
21        loss   = criterion(logits, y_batch)
22        loss.backward()
23        torch.nn.utils.clip_grad_norm_(model.parameters(), max_norm=1.0)
24        optimiser.step()
25    scheduler.step()
26
27    model.eval()
28    with torch.no_grad():
29        val_logits = model(X_val)
30        val_loss   = criterion(val_logits, y_val)


Now let's go through each line and understand what it does, and how not to break it. We'll start with some of the common mistakes.

TL;DR Where the order really matters

Here are some of the most common failures, and how you can break the training loop by getting the placement a little bit wrong. The reason to memorise these is that none of them will raise an exception, over time you'll get a sense for what kind of errors to look for in your training runs, but for the first few times this crib sheet will help you out.

	Line	Wrong position	What breaks
	model.to(device)	After optimiser = ...	When a dtype conversion is combined (e.g. model.half()), nn.Module.to() allocates new nn.Parameter objects; the optimiser holds references to the discarded originals and applies updates to them instead.
	optimiser.zero_grad()	After loss.backward()	Gradients from multiple batches accumulate. Update uses their sum, not the current batch alone.
	clip_grad_norm_()	Before loss.backward()	.grad is empty. The call is a no-op.
	clip_grad_norm_()	After optimiser.step()	Clips gradients already applied. No effect.
	scheduler.step()	Inside batch loop	LR decays len(loader) times per epoch instead of once.
	Omit model.train() after model.eval()	—	Dropout disabled, BatchNorm frozen. The model trains in eval mode without error.
	Omit torch.no_grad() during validation	—	Autograd graph builds on every validation batch. Memory grows until OOM.
	Log loss instead of loss.item()	—	Pins the computation graph in memory for the duration of the logging call.


Now let's go through each of these in detail.

The data


There are two parts to the data pipeline in PyTorch: the Dataset and the DataLoader. The Dataset is just a Python object that implements __len__ (how many elements are in the dataset) and __getitem__ (which, unsurprisingly, gets an item). It can be a simple wrapper around tensors, or it can load data from disk on demand.

The DataLoader wraps a dataset and produces batches.

Each pass through the full dataset is one epoch. With shuffle=True, examples are presented in a different order each epoch.

1dataset = TensorDataset(X_train, y_train)
2loader  = DataLoader(
3    dataset,
4    batch_size=64,
5    shuffle=True,
6    num_workers=2,
7    pin_memory=True,
8    persistent_workers=True,
9)


practice
PyTorch DataLoader
EasyQ342
Wire up a PyTorch DataLoader: batching, shuffling, and iterating.


TensorDataset pairs input and label tensors by index. Indexing with dataset[i] returns (X[i], y[i]). DataLoader calls __getitem__ repeatedly, collates the results into batches, and optionally hands work to background worker processes.

num_workers spawns separate processes that prefetch batches in parallel with GPU compute. The main process blocks on .next() only if a batch is not yet ready. Zero workers means the main process does all loading, which often bottlenecks GPU utilisation on data-heavy tasks. Two to four workers is practical, but the right number depends on CPU count and I/O speed.

pin_memory=True allocates batch tensors in pinned host memory. The GPU DMA engine can transfer directly from pinned memory without first copying through the kernel buffer, reducing host-to-device transfer time. It only helps when num_workers > 0 and you're transferring to CUDA.

persistent_workers=True keeps worker processes alive between epochs. Without it, workers are respawned at the start of each epoch, adding fork overhead that becomes measurable at large worker counts.

drop_last=True discards the final batch if it is smaller than batch_size. BatchNorm statistics computed from a batch of two or three samples are noisy so dropping the remainder avoids this. Small cost in terms of dropping the data, but it is often worth it for stability.

Smaller batches produce noisier gradient estimates, which acts as implicit regularisation. Larger batches use more GPU memory but allow more parallelism. One of the most important efficiencies is knowing that powers of two align with tensor core tile sizes (typically 16×16 or 8×16 depending on dtype), so making sure batch sizes and layer dimensions are set to multiples of 8 or 16 is a good idea.

.to(device) moves a tensor to the target device. For tensors, it is not in-place: it returns a new tensor and leaves the original unchanged. For example, X_batch.to('cuda') returns a new tensor on GPU; X_batch itself remains on CPU.

Reproducibility

Setting seeds before constructing the model and loader gives the same results on every run. This is essential in order to reproduce experiments, and make sure model behavior is deterministic. The main areas this impacts the model is in the data loader, and in the initialisation of the model weights.

1import random
2import numpy as np
3
4def set_seed(seed: int = 42):
5    torch.manual_seed(seed)
6    torch.cuda.manual_seed_all(seed)
7    np.random.seed(seed)
8    random.seed(seed)
9    torch.backends.cudnn.deterministic = True
10    torch.backends.cudnn.benchmark     = False
11
12set_seed(42)


torch.manual_seed seeds the CPU generator. torch.cuda.manual_seed_all seeds every GPU. NumPy and Python's random are independent RNGs that PyTorch does not touch, be careful of this, you might need another random seed for them.

cudnn.deterministic = True forces cuDNN to use deterministic convolution algorithms. Some cuDNN kernels are non-deterministic by default for throughput. The deterministic alternatives are slightly slower, but practically it shouldn't matter much during development.

cudnn.benchmark = False must be paired with deterministic = True. When benchmark = True, cuDNN profiles several algorithms per input shape and picks the fastest, a process that itself varies between runs. Fixing it to False makes sure you always get the same results.

When num_workers > 0, each DataLoader worker has its own RNG state, seeded by the OS when it forks the processes. To make worker randomness reproducible you should pass a generator and a worker_init_fn:

1g = torch.Generator()
2g.manual_seed(42)
3
4loader = DataLoader(
5    dataset,
6    batch_size=64,
7    shuffle=True,
8    num_workers=2,
9    generator=g,
10    worker_init_fn=lambda worker_id: np.random.seed(42 + worker_id),
11)

The model

nn.Module provides parameter tracking, device movement, train/eval mode switching, and serialisation. Each instance needs an __init__ (to register all the submodules) and forward (to define the computation).

practice
ReLU Activation + Backward
EasyQ114
Implement a ReLU activation and its backward pass, in numpy, to see what nn.ReLU is actually doing.


practice
Custom Linear Module
EasyQ328
Implement a custom nn.Linear as an nn.Module, registering weights and bias as parameters.


1class MLP(nn.Module):
2    def __init__(self, in_features, hidden, out_features):
3        super().__init__()
4        self.net = nn.Sequential(
5            nn.Linear(in_features, hidden),
6            nn.ReLU(),
7            nn.Linear(hidden, hidden),
8            nn.ReLU(),
9            nn.Linear(hidden, out_features),
10        )
11
12    def forward(self, x):
13        return self.net(x)
14
15device = torch.device('cuda' if torch.cuda.is_available() else 'cpu')
16model  = MLP(in_features=2, hidden=128, out_features=3).to(device)

super().__init__() is required: it initialises the module registry. Assigning submodules or parameter tensors as attributes in __init__ registers them automatically. Unregistered plain attributes are excluded from parameter iteration, serialisation, and device movement.

.to(device) moves all registered parameters and buffers to the target device in-place. Call it before constructing the optimiser. For a device-only move, nn.Module.to() modifies each parameter's .data attribute in-place and the optimiser's references remain correct. When a dtype conversion is combined (e.g. .half().to(device)), nn.Module.to() allocates new nn.Parameter objects and replaces them in the module's internal registry; the optimiser, constructed before this, retains references to the originals and applies updates to them instead of the converted parameters.

◎ thinkWhy must the model be moved to the device before constructing the optimiser?


register_buffer is for tensors that should follow the module (move with .to(device), appear in state_dict) but are not trained parameters. BatchNorm's running_mean and running_var are buffers, as is the attention mask in a transformer.

model.parameters() returns all leaf tensors with requires_grad=True. model.named_parameters() returns the same with names, useful for excluding biases from weight decay or assigning different learning rates to different parts of the model.

Calling model(x) invokes __call__, not forward directly. This is a classic misconception for new users. That wrapper runs forward hooks, then the computation, then backward hooks. The distinction matters when using hooks for instrumentation or gradient modification.

torch.compile(model) (Only available in PyTorch 2.0+) traces the forward pass and emits optimised Triton/CUDA kernels via the backend. It fuses adjacent element-wise operations, reducing memory traffic. The first forward pass is slow (needs to run compilation) but subsequent ones are 10–30% faster on GPU, sometimes higher on inference-heavy workloads.

note
The PyTorch Parameter
There are two things we care about in the nn.Parameter class: the values stored in .data and the .grad attribute. The backward pass accumulates gradients additively into .grad; the optimiser reads .grad to compute the update and writes the result back to .data.
You can also use the parameters without gradients by setting requires_grad=False. This is useful for freezing layers, or for inference-only models, or non-trainable parameters.


Training mode

1
Sets every submodule to training mode. Two common layers change behaviour: Dropout applies random masking and rescales, and BatchNorm computes statistics from the current batch rather than its stored running estimates.


1model.train()                          # [1]
2for X_batch, y_batch in loader:
3    ...



model.train() sets a flag on the module and all sub-modules. Two common layers read it during their forward pass.

Dropout samples a Bernoulli mask with probability p of zeroing each element, then scales surviving activations by 1/(1−p)1/(1-p) to preserve expected magnitude. In eval mode it acts as an identity function. The reason to invert dropout at train time is that it means you don't need to rescale at inference.

BatchNorm during training computes the mean and variance of the current batch, normalises against them, and updates its stored running_mean and running_var via exponential moving average. In eval mode it uses those stored estimates instead of the batch statistics.

LayerNorm, GELU, ReLU, and most other layers are unaffected by the training flag and behave identically in both modes. The flag usually only matters if your architecture contains Dropout or any BatchNorm variant.

Omitting model.train() after validation does not raise an exception. The model trains with dropout disabled and BatchNorm using frozen statistics, both of which alter the effective learning dynamics.

note
In eval mode the larger memory reduction comes from torch.no_grad(), which disables graph construction entirely: no grad_fn is attached to output tensors and no intermediate activations are stored for backward. Used together during validation, they roughly halve memory usage compared to a training-mode forward pass.


Clearing the gradient buffer

2
Resets every parameter's .grad before the next forward pass. PyTorch accumulates gradients additively. Without this call, gradients from the previous batch add to the current one.


1for X_batch, y_batch in loader:
2    optimiser.zero_grad()              # [2]
3    ...

optimiser.zero_grad() resets every parameter's .grad attribute before the next forward pass. PyTorch accumulates gradients additively: each .backward() call adds to .grad, it does not replace it. This behaviour enables gradient accumulation: summing gradients over multiple micro-batches before stepping is equivalent to training with a proportionally larger batch.

1# gradient accumulation — effective batch size = batch_size × ACCUM_STEPS
2ACCUM_STEPS = 4
3for i, (X_batch, y_batch) in enumerate(loader):
4    logits = model(X_batch)
5    loss   = criterion(logits, y_batch) / ACCUM_STEPS   # scale to match mean reduction
6    loss.backward()                                       # adds to .grad each time
7    if (i + 1) % ACCUM_STEPS == 0:
8        torch.nn.utils.clip_grad_norm_(model.parameters(), 1.0)
9        optimiser.step()
10        optimiser.zero_grad()

Accumulating gradients across multiple small batches and stepping once is mathematically equivalent to training with a batch four times larger, assuming the loss is mean-reduced. At scale, where a full batch does not fit in GPU memory, accumulation is the standard approach.

◎ thinkWhy does PyTorch accumulate gradients rather than replace them on each backward call?


zero_grad(set_to_none=True) sets .grad to None rather than filling it with zeros. It is slightly faster (skips the zero-fill pass) and uses less memory (None tensors are deallocated). This is the default in PyTorch 2.0 onwards. Be careful with custom backwards passes where you are reading .grad directly.

The forward pass

3
Runs forward() and builds the autograd computation graph. Every operation on a tensor with requires_grad=True is recorded: what the inputs were, what the output was, and how to compute the local vector-Jacobian product for backward.


1logits = model(X_batch)                # [3]

During the forward pass, PyTorch builds a computation graph that records every operation on tensors with requires_grad=True. Each node in the graph represents an operation, storing the input tensors, the output tensor, and the function needed to compute gradients during the backward pass. This allows PyTorch to automatically compute gradients for all parameters with respect to a scalar loss.

Crucially this is a dynamic graph, it's constructed on-the-fly during the forward pass. This means that the graph can change from one forward pass to the next, allowing for more flexible model architectures, such as those with conditional branches or loops, and variable input sizes.

This graph is a directed acyclic graph (DAG) from the loss back to the leaf parameters. During the forward pass, activations from every layer are kept alive in memory for use in the backward pass. For a batch of size NN and a network with LL layers, the memory cost scales with O(NL)O(NL) in the naive case.

Gradient checkpointing (torch.utils.checkpoint.checkpoint) reduces this. Instead of storing all intermediate activations, it re-runs the forward pass of checkpointed segments during backward to recompute them on demand. Peak activation memory scales with the number of uncheckpointed segments rather than total depth, at the cost of roughly one additional forward pass per checkpointed segment.

1from torch.utils.checkpoint import checkpoint
2
3def forward(self, x):
4    x = checkpoint(self.block1, x, use_reentrant=False)
5    x = checkpoint(self.block2, x, use_reentrant=False)
6    return self.head(x)

Inside torch.no_grad(), no graph is constructed and no activations are stored. Memory usage drops roughly by half compared to a training-mode forward pass.

The loss

4
Computes the scalar loss. For CrossEntropyLoss, this is log-softmax followed by negative log-likelihood, averaged over the batch. The result is a scalar tensor with a grad_fn, still connected to the graph.


1loss = criterion(logits, y_batch)      # [4]

practice
Softmax
EasyQ6
Implement softmax: what CrossEntropyLoss applies internally.


practice
Cross-Entropy Loss
MediumQ18
Implement cross-entropy loss from scratch, in numpy, to see the log-sum-exp trick.



The Cross-Entropy loss is a standard choice for multi-class classification problems. It measures the difference between the predicted probability distribution (from the model's logits) and the true distribution (the one-hot encoded labels).

nn.CrossEntropyLoss is a composition of two operations: LogSoftmax followed by NLLLoss. The combined form is more numerically stable than computing them separately, because it avoids materialising the softmax probabilities and then taking their log.

The underlying computation uses the log-sum-exp trick to prevent overflow:

log⁡∑jezj=zmax⁡+log⁡∑jezj−zmax⁡\log \sum_j e^{z_j} = z_{\max} + \log \sum_j e^{z_j - z_{\max}}

Subtracting zmax⁡z_{\max} before exponentiation keeps the values in a safe range. The loss for a single example is then:

Li=−zyi+log⁡∑jezj\mathcal{L}_i = -z_{y_i} + \log \sum_j e^{z_j}

and the batch loss is the mean over NN examples.

◎ thinkWhy does cross-entropy need the log-sum-exp trick rather than computing softmax directly?


Common arguments:

weight accepts a 1D tensor of per-class weights, applied to each sample's loss contribution. Use this for class imbalance i.e. upweight rare classes.

label_smoothing=0.1 distributes a fraction of the probability mass uniformly across all classes rather than concentrating it on the target. The effective target distribution becomes (1−ϵ)⋅one-hot+ϵ/C(1-\epsilon)\cdot\text{one-hot} + \epsilon / C. It prevents overconfident pseudo-probabilities and is standard in modern image and language model training.

ignore_index=-100 masks positions with that label from the loss. Used in sequence modeling to exclude padding and masked tokens.

reduction='mean' divides by batch size. 'sum' does not. Switching between them shifts the effective loss scale and therefore the effective learning rate.

Logging loss with loss.item() extracts a Python float and detaches it from the graph. Logging the tensor directly pins the graph in memory for the duration of the logging call. If you're not careful, this can lead to runaway memory growth during training.

The backward pass

5
Traverses the computation graph from the scalar loss back to every leaf parameter. Populates .grad on each parameter via the chain rule. Does not modify weights.







backward() implements reverse-mode automatic differentiation (backpropagation). For a scalar output, a single backward pass computes gradients with respect to all NN parameters. Forward-mode differentiation requires NN separate passes, one per parameter. At the parameter counts typical of modern networks, reverse mode is the only practical option.

The backward pass walks the computation graph from the loss in reverse topological order. At each node, it applies the backward function (the vector-Jacobian product for that operation) and propagates the result to the node's inputs. At leaf parameters, the result accumulates into .grad.

As we said before, the .grad attribute accumulates additively. If .backward() is called without zeroing gradients first, the new gradients add to whatever was already in .grad. Gradient accumulation relies on this behaviour, and we use zero_grad() to reset it.

◎ thinkWhat does loss.backward() compute, and what does it not do?


retain_graph=True prevents the graph from being deallocated after backward. Normally the graph is freed immediately because it is assumed to be used once. You need retain_graph=True when calling backward multiple times through the same graph (for example, in a GAN where you backpropagate through a shared encoder for both the discriminator and generator losses).

create_graph=True allows differentiation through the backward pass itself. The backward computation becomes differentiable, enabling higher-order derivatives: Hessian-vector products, MAML-style meta-gradients, or second-order optimisers.

Gradient clipping

6
Computes the global L2 norm of all parameter gradients. If it exceeds max_norm, rescales all gradients proportionally. Called after backward(), before step().


1torch.nn.utils.clip_grad_norm_(        # [6]
2    model.parameters(), max_norm=1.0
3)

clip_grad_norm_ computes the global norm across all parameters:

∥g∥2=∑i∥gi∥2\|g\|_2 = \sqrt{\sum_i \|g_i\|^2}

If ∥g∥2>max_norm\|g\|_2 > \text{max\_norm}, every gradient tensor is multiplied by max_norm/∥g∥2\text{max\_norm} / \|g\|_2. Relative direction is preserved; only the magnitude is bounded.

◎ thinkWhy does global norm clipping preserve gradient direction, while per-element clipping does not?


Gradient spikes are common in transformer training. Attention softmax can saturate, producing near-one-hot distributions, which propagates large gradient norms to earlier parameters via the chain rule.

Global norm clipping is standard practice: max_norm=1.0 is used in the original GPT-2 paper, most subsequent language model work, and many vision transformer papers. It is less commonly necessary for small MLPs on well-conditioned data.

practice
Gradient Clipping
MediumQ338
Implement gradient clipping by global norm: compute the norm, scale if it exceeds the threshold.


clip_grad_value_ clips individual gradient components to [−clip_value,clip_value][-\text{clip\_value}, \text{clip\_value}] rather than the global norm. It does not preserve gradient direction and is less commonly used.

Placing clipping before backward() has no effect (.grad is empty). Placing it after step() clips gradients that have already been applied to weights.

The weight update

7
Reads .grad on every parameter and applies the update rule. Moment estimates are updated. Weights change here and only here.




Parameter values change in step() and nowhere else. For plain SGD with momentum:

vt=μvt−1+gtv_t = \mu v_{t-1} + g_t

θt=θt−1−ηvt\theta_t = \theta_{t-1} - \eta v_t

Adam maintains per-parameter estimates of the first moment (gradient mean) and second moment (gradient variance):

mt=β1mt−1+(1−β1)gtm_t = \beta_1 m_{t-1} + (1-\beta_1) g_t

vt=β2vt−1+(1−β2)gt2v_t = \beta_2 v_{t-1} + (1-\beta_2) g_t^2

Both estimates are biased toward zero at initialisation (they start at zero, and early values of mtm_t and vtv_t underestimate the true moments). Bias correction accounts for this:

m^t=mt(1−β1t)\hat{m}_t = \frac{m_t}{(1-\beta_1^t)}

v^t=vt(1−β2t)\hat{v}_t = \frac{v_t}{(1-\beta_2^t)}

The weight update is then:

θt=θt−1−η m^tv^t+ϵ\theta_t = \theta_{t-1} - \frac{\eta\, \hat{m}_t}{\sqrt{\hat{v}_t} + \epsilon}

practice
Adam Optimizer Step
MediumQ118
Implement an Adam optimiser step in numpy: bias correction and per-parameter adaptive rates.


practice
Adam Step (PyTorch)
MediumQ335
Implement an Adam step using PyTorch: torch.optim.Adam under the hood.


practice
AdamW Step
MediumQ36
Implement an AdamW step: decoupled weight decay applied directly to the weights, not through the gradient.


Default hyperparameters: β1=0.9\beta_1 = 0.9, β2=0.999\beta_2 = 0.999, ϵ=10−8\epsilon = 10^{-8}. The per-parameter adaptive learning rate makes Adam robust to varying gradient scales across parameters, which matters in deep networks where early and late layers often have gradients of very different magnitudes.

AdamW decouples weight decay from the gradient update. Standard Adam with L2 regularisation adds a gradient term λθ\lambda\theta before the update, which then gets scaled by the adaptive step size. AdamW applies weight decay directly to the weights: θt=(1−ηλ)θt−1−Adam update\theta_t = (1 - \eta\lambda)\theta_{t-1} - \text{Adam update}. The two are not equivalent; AdamW gives more predictable effective regularisation and is now standard for transformer training.

◎ thinkWhat is the practical difference between Adam with L2 regularisation and AdamW?


fused=True (CUDA only): fuses the entire parameter update into a single CUDA kernel per parameter group, avoiding the Python loop and multiple kernel launches. It runs approximately 30–50% faster than the default at large parameter counts.

foreach=True: uses batched torch._foreach_* operations that process all parameters together in vectorised Python loops. It is intermediate between the default and fused in speed, and available on CPU.

The optimiser stores moment state for every parameter. For Adam on a 7B-parameter model, that is 7B float32 tensors for mm and 7B for vv, roughly 56GB of optimiser state at full precision. At that scale, training typically uses 8-bit optimisers (bitsandbytes) or shards state across devices (ZeRO).

Learning rate schedules

8
Updates the learning rate according to a schedule. Called once per epoch, after optimiser.step(), outside the batch loop.




The scheduler modifies the lr field of each parameter group in the optimiser. The most common mistake is calling it inside the batch loop:

1# wrong — lr decays len(loader) times per epoch instead of once
2for X_batch, y_batch in loader:
3    optimiser.step()
4    scheduler.step()
5
6# correct
7for X_batch, y_batch in loader:
8    optimiser.step()
9scheduler.step()

Cosine annealing decays the learning rate from eta_max to eta_min over T_max epochs:

ηt=ηmin⁡+12(ηmax⁡−ηmin⁡)(1+cos⁡tπTmax⁡)\eta_t = \eta_{\min} + \frac{1}{2}(\eta_{\max} - \eta_{\min})\left(1 + \cos\frac{t\pi}{T_{\max}}\right)

practice
LR Schedule
EasyQ339
Wire up a learning rate schedule: cosine annealing with a linear warmup.


In modern large model training, the standard schedule combines a linear warmup with cosine decay. A warmup phase (typically 1–5% of total steps) limits the update magnitude while parameters are far from their trained values. Cosine decay reduces the rate for the remaining steps.

1# linear warmup + cosine decay
2# (using HuggingFace's implementation as reference)
3from transformers import get_cosine_schedule_with_warmup
4
5scheduler = get_cosine_schedule_with_warmup(
6    optimiser,
7    num_warmup_steps=100,
8    num_training_steps=10_000,
9)
10scheduler.step()   # called per step, not per epoch, with this scheduler

ReduceLROnPlateau is the exception to the no-argument rule. It takes a metric value and reduces the learning rate only when the metric has stopped improving for patience epochs. It must be called with the validation loss: scheduler.step(val_loss).

Validation

9
model.eval() changes layer behaviour. torch.no_grad() stops graph construction. They are independent operations; you need both for validation.


1model.eval()                           # [9]
2with torch.no_grad():                  # [10]
3    val_logits = model(X_val)
4    val_loss   = criterion(val_logits, y_val)

model.eval() and torch.no_grad() are independent operations.

model.eval() sets self.training = False on every module. BatchNorm switches from computing batch statistics to using its stored running_mean and running_var. Dropout switches from sampling Bernoulli masks to the identity function. No other standard layers are affected.

torch.no_grad() disables the construction of the autograd graph entirely. No grad_fn is attached to tensors produced inside the context; no intermediate activations are saved. This roughly halves memory usage compared to a training-mode forward pass and makes computation slightly faster (fewer bookkeeping operations per op).

The two are independent choices:


	Eval mode, graph enabled: valid for computing input gradients (saliency maps, adversarial examples).

	Train mode, no_grad: for forward-pass checks that don't require gradients.

	Both together: the standard validation pass.



◎ thinkIs model.eval() the same as torch.no_grad()?


torch.inference_mode() is a stricter form of no_grad(). Tensors created inside the context have is_inference() == True, which prevents them from participating in a backward pass even if they escape the context manager. It removes a few additional checks in the autograd engine and runs about 10% faster than no_grad().

Logging

Track training and validation metrics using loss.item(), not loss. Calling .item() extracts a Python float and detaches from the graph; holding a reference to the tensor keeps the full backward graph alive until the next call.

1for epoch in range(NUM_EPOCHS):
2    model.train()
3    running_loss = 0.0
4    for X_batch, y_batch in loader:
5        optimiser.zero_grad()
6        loss = criterion(model(X_batch), y_batch)
7        loss.backward()
8        optimiser.step()
9        running_loss += loss.item()
10    train_loss = running_loss / len(loader)
11
12    model.eval()
13    with torch.no_grad():
14        val_logits = model(X_val)
15        val_loss   = criterion(val_logits, y_val).item()
16        val_acc    = (val_logits.argmax(1) == y_val).float().mean().item()
17
18    print(f'epoch {epoch:3d}  train {train_loss:.4f}  val {val_loss:.4f}  acc {val_acc:.3f}')

Checkpointing

torch.save writes a checkpoint file; torch.load reads it back. Checkpoints allow a training run to survive crashes and preemption.

1# save
2torch.save({
3    'epoch':                epoch,
4    'model_state_dict':     model.state_dict(),
5    'optimiser_state_dict': optimiser.state_dict(),
6    'scheduler_state_dict': scheduler.state_dict(),
7    'val_loss':             val_loss,
8}, 'checkpoint.pt')
9
10# resume
11checkpoint = torch.load('checkpoint.pt', map_location=device)
12model.load_state_dict(checkpoint['model_state_dict'])
13optimiser.load_state_dict(checkpoint['optimiser_state_dict'])
14scheduler.load_state_dict(checkpoint['scheduler_state_dict'])
15start_epoch = checkpoint['epoch'] + 1

state_dict() returns an ordered dictionary of parameter and buffer tensors. It does not include the class definition, so the model class must be defined in scope before calling load_state_dict.

The optimiser state must be saved alongside the model to resume training correctly. For Adam, the state includes per-parameter moment estimates mtm_t and vtv_t, which take several hundred steps to warm up from zero. Resuming without them is equivalent to restarting the optimiser cold, which typically produces a loss spike at the resume point.

map_location=device handles the common case where the checkpoint was saved on a different GPU than the one loading it.

The standard pattern saves only when validation loss improves, so the saved weights correspond to the best-generalising epoch rather than the final one:

1best_val_loss = float('inf')
2
3for epoch in range(NUM_EPOCHS):
4    # ... training loop ...
5
6    model.eval()
7    with torch.no_grad():
8        val_loss = criterion(model(X_val), y_val).item()
9
10    if val_loss < best_val_loss:
11        best_val_loss = val_loss
12        torch.save(model.state_dict(), 'best_model.pt')

To restore the best model after training: model.load_state_dict(torch.load('best_model.pt', map_location=device)).

GPU efficiency

While we're working through the nitty-gritty of the training loop, it's worth spending a few minutes thinking about some of the basic GPU optimisation techniques.
None of these exactly count as "melting the hardware" but they're almost all entirely free speed.

Device placement

Put the model and data on the same GPU, minimises the data transfer overhead.

1device = torch.device('cuda' if torch.cuda.is_available() else 'cpu')
2
3model = MLP(in_features=2, hidden=128, out_features=3).to(device)
4# construct optimiser AFTER moving model — it captures parameter references
5optimiser = torch.optim.Adam(model.parameters(), lr=1e-3)
6
7# per-batch: move data to device
8for X_batch, y_batch in loader:
9    X_batch = X_batch.to(device, non_blocking=True)
10    y_batch = y_batch.to(device, non_blocking=True)

non_blocking=True initiates the host-to-device transfer asynchronously and returns immediately. The GPU can begin work from a previous batch while the new batch is still transferring. The overlap only helps when pin_memory=True in the DataLoader; unpinned memory cannot be transferred asynchronously.

Mixed precision

Modern GPUs have dedicated tensor cores that execute float16 (and bfloat16) matrix multiplications 4–8× faster than float32 on the same hardware. Mixed precision training keeps weights in float32 but runs the forward and backward passes in float16.

This makes the computation more efficient, but float16 has a much smaller dynamic range than float32, so small gradient values underflow to zero, producing incorrect updates. The compromise is to maintain the weights in float32, where accumulated rounding errors remain within the float32 dynamic range.

1scaler = torch.amp.GradScaler('cuda')
2
3for X_batch, y_batch in loader:
4    optimiser.zero_grad()
5
6    with torch.amp.autocast('cuda', dtype=torch.float16):
7        logits = model(X_batch)
8        loss   = criterion(logits, y_batch)
9
10    scaler.scale(loss).backward()           # backward in float16
11    scaler.unscale_(optimiser)              # unscale before clipping
12    torch.nn.utils.clip_grad_norm_(model.parameters(), 1.0)
13    scaler.step(optimiser)                  # step only if no inf/nan
14    scaler.update()                         # adjust scale factor

torch.amp.autocast and torch.amp.GradScaler are the current API (PyTorch 2.0+). The older from torch.cuda.amp import autocast, GradScaler still works but is deprecated.

Why GradScaler: float16 has a much smaller dynamic range than float32. Small gradient values underflow to zero, producing incorrect updates. GradScaler multiplies the loss by a large scale factor (typically 2162^{16}) before backward, keeping gradient magnitudes in the float16 range. Before the optimiser step, gradients are divided back to their true scale. If an overflow is detected (inf or nan in any gradient), the step is skipped and the scale factor is reduced.

bfloat16 (dtype=torch.bfloat16) has the same exponent range as float32 but fewer mantissa bits, so it does not underflow and does not need GradScaler. It is the preferred dtype on recent hardware (A100, H100, TPUs).

◎ thinkWhy does bfloat16 not need GradScaler, but float16 does?


1with torch.amp.autocast('cuda', dtype=torch.bfloat16):
2    logits = model(X_batch)
3    loss   = criterion(logits, y_batch)
4
5loss.backward()                # no scaler needed
6optimiser.step()

DataLoader pipeline

For GPU training, the bottleneck is often not the GPU but the data pipeline feeding it. The DataLoader with num_workers=4, pin_memory=True, persistent_workers=True, prefetch_factor=2 keeps the GPU fed without stalling. prefetch_factor=2 (the default) means each worker pre-fetches two batches beyond what has been consumed.

torch.backends.cudnn.benchmark = True runs a short profiling pass on the first batch to determine the fastest convolution algorithm for your specific input shape. Subsequent batches use that cached choice. Do not use this if input shapes vary between batches; the profiling overhead is incurred again for each new shape.

Compilation

1model = torch.compile(model)

Available in PyTorch 2.0 and above, compile traces the forward pass and emits optimised Triton kernels via the Inductor backend. The main benefit is operation fusion: adjacent element-wise operations (activation + dropout + residual add, for example) are merged into a single kernel, reducing memory reads and writes. Typical speedups are 10–30% on GPU training, higher for inference workloads and architectures with many small ops.

mode='max-autotune' runs additional profiling to choose the best kernel for each operation. Compilation takes longer, but the resulting model is faster, and the cost amortises over long training runs.

The first forward pass triggers compilation and is slow. torch._dynamo.reset() clears the cache if you need to recompile (e.g., after changing the model structure).

The efficient loop

1device = torch.device('cuda')
2model  = torch.compile(MLP(...).to(device))
3
4torch.backends.cudnn.benchmark = True
5
6for epoch in range(NUM_EPOCHS):
7    model.train()
8    for X_batch, y_batch in loader:
9        X_batch = X_batch.to(device, non_blocking=True)
10        y_batch = y_batch.to(device, non_blocking=True)
11
12        optimiser.zero_grad(set_to_none=True)
13
14        with torch.amp.autocast('cuda', dtype=torch.bfloat16):
15            logits = model(X_batch)
16            loss   = criterion(logits, y_batch)
17
18        loss.backward()                                        # no scaler: bf16 doesn't underflow
19        torch.nn.utils.clip_grad_norm_(model.parameters(), 1.0)
20        optimiser.step()
21
22    scheduler.step()
23
24    model.eval()
25    with torch.inference_mode():
26        val_logits = model(X_val.to(device))
27        val_loss   = criterion(val_logits, y_val.to(device))

practice
Train a Classifier
HardQ343
Put it all together: train a classifier on a synthetic dataset and hit a target accuracy.



The complete annotated script

The same loop, with every line referenced.

1
Raw input tensor, shape (N, features). For the spiral dataset, N=2000, features=2.


2
Integer class indices, shape (N,). Not one-hot: CrossEntropyLoss expects indices directly.


3
TensorDataset pairs inputs and labels by index. __getitem__ returns (X[i], y[i]).


4
DataLoader handles batching, shuffling each epoch, and optional parallel prefetching via num_workers.


5
nn.Module subclass. Register submodules in __init__; define the computation in forward.


6
.to(device) moves all parameters and buffers. Do this before constructing the optimiser.


7
CrossEntropyLoss = LogSoftmax + NLLLoss. Pass raw logits, not softmax outputs.


8
Adam maintains per-parameter moment estimates. model.parameters() supplies the tensors to optimise.


9
Cosine annealing scheduler. scheduler.step() adjusts lr in the optimiser's param groups.


10
model.train(): dropout masks active, batchnorm uses batch statistics.


11
zero_grad(): clears .grad. PyTorch accumulates by default; without this, gradients compound across batches.


12
Forward pass: builds the autograd graph. Every op records inputs and its backward function.


13
Loss: scalar tensor, still in the graph. grad_fn is the entry point for backward.


14
backward(): reverse-mode AD. Populates .grad on every leaf parameter. Weights unchanged.


15
Gradient clipping: global norm rescale. Prevents spikes from destabilising training.


16
optimiser.step(): reads .grad, applies Adam update, updates moment estimates. Weights change.


17
scheduler.step(): adjusts lr. Once per epoch, after optimiser.step(), outside the batch loop.


18
model.eval(): dropout pass-through, batchnorm uses running statistics.


19
torch.no_grad() (or inference_mode()): no graph construction. Faster, lower memory.


1import torch
2import torch.nn as nn
3from torch.utils.data import DataLoader, TensorDataset
4
5# ── data ──────────────────────────────────────────────────────────────────────
6X_train = torch.randn(2000, 2)                                     # [1]
7y_train = make_labels(X_train)                                     # [2]
8
9dataset = TensorDataset(X_train, y_train)                          # [3]
10loader  = DataLoader(dataset, batch_size=64, shuffle=True,         # [4]
11                     num_workers=2, pin_memory=True)
12
13# ── model ──────────────────────────────────────────────────────────────────────
14class MLP(nn.Module):                                              # [5]
15    def __init__(self, in_features, hidden, out_features):
16        super().__init__()
17        self.net = nn.Sequential(
18            nn.Linear(in_features, hidden), nn.ReLU(),
19            nn.Linear(hidden, hidden),      nn.ReLU(),
20            nn.Linear(hidden, out_features),
21        )
22    def forward(self, x):
23        return self.net(x)
24
25model = MLP(in_features=2, hidden=128, out_features=3).to(device)  # [6]
26
27# ── loss, optimiser, scheduler ────────────────────────────────────────────────
28criterion = nn.CrossEntropyLoss()                                  # [7]
29optimiser = torch.optim.Adam(model.parameters(), lr=1e-3)          # [8]
30scheduler = torch.optim.lr_scheduler.CosineAnnealingLR(            # [9]
31    optimiser, T_max=100
32)
33
34# ── training loop ─────────────────────────────────────────────────────────────
35for epoch in range(100):
36
37    model.train()                                                   # [10]
38
39    for X_batch, y_batch in loader:
40
41        optimiser.zero_grad()                                       # [11]
42
43        logits = model(X_batch)                                     # [12]
44
45        loss = criterion(logits, y_batch)                           # [13]
46
47        loss.backward()                                             # [14]
48
49        torch.nn.utils.clip_grad_norm_(                             # [15]
50            model.parameters(), max_norm=1.0
51        )
52
53        optimiser.step()                                            # [16]
54
55    scheduler.step()                                                # [17]
56
57    # ── validation ────────────────────────────────────────────────────────────
58    model.eval()                                                    # [18]
59    with torch.no_grad():                                           # [19]
60        val_logits = model(X_val)
61        val_loss   = criterion(val_logits, y_val)
62        val_acc    = (val_logits.argmax(1) == y_val).float().mean()

Original: https://idlemachines.co.uk/essays/pytorch-training-loop · Discussion
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Om Malik passed away on June 24, 2026, at Stanford Hospital after a long health journey with his heart. He was surrounded by family and friends.




We invite you to share your remembrances of Om in the comments below or by posting and tagging his accounts on X/Twitter, Instagram, Threads, or LinkedIn.




To learn more about Om’s life and work, you can visit his About page or read more on Wikipedia.




— Om’s Family
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The anxiety of the perfect loaf: the illusion of culinary precision

iza.ac · 14 points · Discussion


        One of my favorite recipes for challah does not tell you how much flour to use.

To a modern amateur baker, this omission borders on heresy. In an era where we measure yeast to the
gram, a recipe that merely offers a rough estimate and casually instructs you to “add flour until
the dough feels tacky” sounds daunting. But it is an honest reflection of how the bread is
personally made: adding flour, half-a-cup at a time, until the dough hits that specific, tacky
resistance. Surprisingly, the total volume can vary quite significantly. Depending on the ambient
humidity or the specific ash content of the grain, the total volume of flour I need can swing by as
much as a full cup. Yet the resulting loaf is always nearly identical: a crunchy crust yielding to
a practically weightless, fluffy interior.

When I wrote the recipe down for my website, I was deeply tempted to type out an exact quantity of
flour to the gram (it’s not a real recipe if it’s inexact! my inner monologue reasoned). But
that simply would not be a true representation of my bread. Instead, leaving the measurement open
acknowledges something that decades of food media and cooking culture has inadvertently engineered
out of us: the kitchen is a biological environment. Cooking is a deeply personal experience, and
culinary precision is no replacement for intuition.





If you spend enough time in the bread-baking corners of the internet, you will inevitably encounter
the baking spreadsheet1. They arrive as dizzying, hyper-optimized grids
dictating exact inoculation rates, ambient room temperatures, and precise bulk-fermentation windows
mapped out to the minute. At first glance, they appear bewilderingly rigorous—applying the kind of
telemetry one might reserve for a low-earth orbit satellite—but under the hood, they are simply
dressing up centuries of culinary intuition, building on mathematical frameworks like the
baker’s percentage.

It is easy to see how we arrived at the spreadsheet if you look at the evolution of the recipe
itself. For most of history, recipes were incredibly short and concise. Handed down orally, they
assumed a wealth of existing cookery expertise. They offered lists of ingredients with no exact
amounts, vague timings and temperatures, and steps so terse you can only assume the intended reader
was already deep in the cooking trade. We can see great examples of this in historical texts—from
the ancient Roman On the Subject of Cooking to the medieval English The Forme of Cury2.



My grandmother’s recipe index card for corned beef.

Several changes began to appear in the 19th century, bringing the recipe closer to its modern
incarnation. Eliza Acton’s Modern Cookery was the first cookbook to look
recognizable to our modern eyes, introducing ingredient amounts and cooking times
(albeit, listed after the steps)3. This was a strangely innovative addition, one
noticed by reviewers of the time who praised the “foundational chemical principles” and “the
intelligibility of the instructions.” This march continued until the dawn of the twentieth century,
when pioneers like Fannie Farmer of the Boston Cooking School revolutionized domestic life.
Farmer championed standardized volumetric measurements, arguing that cooking should be treated as a
precise science rather than a guessing game4.

What caused this sudden shift? It was likely driven by a collision of cultural forces. Recipes were
increasingly being written for amateurs rather than professionals, meaning authors could no longer
rely on the institutional knowledge of the reader. Concurrently, the industrial revolution and the
rising prestige of the scientific method placed a new premium on empirical precision. Throw in
growing government oversight of the food industry, and a burgeoning home-economics movement that
prized predictability — aiming to elevate women from the “private sphere” into the “public sphere”
by reinterpreting cooking as a legitimate science — and the stage was set for a culinary revolution5.



Over the decades, recipes became increasingly detailed. This march toward absolute culinary
certainty reached its zenith in the last twenty years, when the kitchen was fundamentally
reimagined as a laboratory. You can chart this intellectual shift back to Harold McGee’s
seminal On Food and Cooking, but the movement truly accelerated in the 2010s. Nathan Myhrvold
released Modernist Cuisine, a 2,400-page encyclopedia that used centrifuges and homogenizers to
decode the physics of food. Tools like immersion circulators and sous-vide machines became
commonplace, allowing cooks to hold food at precise temperatures for hours in water baths. Sites
like The Perfect Loaf applied an analytical, highly systematized approach to the deeply
temperamental art of sourdough.

By mapping out the exact thermal dynamics of a steak or the hydration mechanics of a dough, this era
made the previously ineffable magic of the kitchen substantially more reproducible. It demystified
the magic, provided scientific frameworks, and most of all, made cooking accessible — and for
that, we should be genuinely grateful.

But it also accidentally created a generation of cooks paralyzed by precision. I find it  funny
whenever I painstakingly measure water out to exactly 426g just because a recipe told me to, my
anxiety spiking if the digital scale accidentally flickers to 427g. We have become terrified to
deviate from the written instructions, fearing that a single gram will ruin the bake — getting the
scale to the exact gram is almost an insurance policy (it’s not my fault that it didn’t work,
it’s the recipe!) . But we forget that our kitchen is a living, breathing environment, not a
laboratory clean room. That flour is an agricultural product, not a synthetic chemical. Its
moisture content, protein level, and enzymatic activity change from country to country, and even
from season to season. Blindly executing a command to add exactly 426g of water on a humid
summer day with the wrong type of flour might leave you with a puddle.

We forget this because the modern kitchen gives us a false sense of absolute control — a bizarrely
recent luxury that I read about recently in Bee Wilson’s history of cooking,
Consider the Fork6.



As Wilson traces in her book, the illusion that we can perfectly control our culinary environment is
barely a century old. Today, we casually preheat our ovens to 175°C and trust that
it will hold there7. But the thermostatically
controlled oven didn’t even enter the consumer market until the 1920s with the Lorain Oven Heat
Regulator — prior to this, you may have determined the temperature of a wood-fired oven by roughly
how long you heated your oven, by throwing in some flour and seeing how long it took to burn, or
perhaps by thrusting your bare arm inside and counting how many seconds you could hold it there
before the pain forced you to pull away. Recipes often didn’t even provide temperatures (if you
were lucky they might have given a vague description such as ‘weak heat’, as per the 1553
cookbook Das Kochbuch by Sabina Welserin).

Because historical cooks — largely working-class women operating in rudimentary hearths — could
not rely on static environmental variables, they had to rely on experience and intuition. They
didn’t have digital thermometers or electric timers, so they knew a dough was ready because it felt
right — perhaps like an earlobe, or a soft shoulder. They adjusted the water not based on a
calculated hydration percentage, but because it had rained that morning and the flour felt damp in
the bin.

Viewed through this lens, the modern illusion of control shatters, but something much more liberating
takes its place. The recipe is a suggestion. The rules of baking — baker’s percentages, hydration
levels, the established ratio of flour-to-water-to-fat — are the underlying framework. This is
the scaffolding.



My mother always claimed she was a terrible cook. She possessed a deep, enduring culinary anxiety,
convinced she lacked whatever innate magic made food taste good (and as a result often hated
cooking due to a fear of getting it wrong). The irony, of course, was that her food was always
delicious; her problem wasn’t a lack of skill, but a lack of certainty. She wanted a formula, a guarantee.

Naturally, she had never attempted to bake bread.

That changed in 2020. During the lockdowns, while I was stuck in Perth, I resolved to teach her how
to make that exact challah recipe together8.

To someone already anxious in the kitchen, a recipe that refuses to give you exact measurements is
daunting. Because I couldn’t always measure her ingredients for her, she had no choice but to learn
how to feel them. Week after week, we would mix the dough together. She learned to add a handful of
flour, knead, and wait for that specific, tacky resistance. She learned the rhythmic, meditative
motions of a six-strand plait (“end to the center, replace with the second-from-the-end on the
other side” we would repeat together). I came to deeply love making challah with her, watching her
gradually realize that she didn’t need a rigid recipe to make something delicious.



I would endlessly enjoy when mum sent me photos of her challah over messenger when I returned to Toronto,
always exclaiming at how great it looked.

This philosophy — trusting your senses over a strict set of instructions — extends far beyond
the oven. It is the core of how we actually cook. If you look up five different highly rated
recipes online for a classic dish, you quickly realize that the rigid lists of ingredients are just
suggestions. As I wrote recently regarding the endless internet wars over authentic carbonara,
this isn’t about one version being the ‘correct’
one. Different choices simply create delicious variations. Today, I tend to ‘average’ recipes from
my cookbook collection rather than following one to a tee, swapping out ingredients and herbs for
ones I have on-hand.

The framework is what matters: you fry your aromatics, bloom some spices, add a liquid, and simmer.
You can see this at-work in Sohla El-Waylly’s video series, Off-Script with Sohla
— rather than teaching an explicit recipe for a
braise, she exposes the underlying mechanics so you can riff on them endlessly with whatever is
wilting in your crisper drawer. She isn’t teaching you a formula; she’s teaching you the framework.

I’ve begun adopting this approach on my own website through what I call “choose your vibe”
blueprints. When I write a recipe now — whether it is for a Basque cheesecake
or a comforting one-pot chicken and rice
— I try to present it not as a strict command, but as a modular guideline. It is an invitation to
look at what you have, trust your palate, and adapt.

The science and the art of the kitchen were never meant to be locked in a zero-sum battle. The
analytical approach gave us the vocabulary to understand why our food behaves the way it does.
But it is our intuition — our willingness to feel the dough, to taste the sauce, to embrace the
chaotic, living variables of our own kitchens — that elevates it all back to an art.

My mother passed away from cancer earlier this year. When I think of her now, I don’t think of the
culinary anxiety that plagued her for so long. I think of those weekends in 2020. I think of her
hands working the dough, finally trusting her own intuition over a set of written instructions.

A recipe is a wonderful place to start. But eventually, you have to close the laptop, put your hands
in the flour, and see how it feels.


	A similar
phenomenon is the ice cream spreadsheet, which allows you to play with variables such as the number
of eggs (or other stabilizers), and milk and cream volume, to see the resulting parameters like
total fat and non-fat milk solid percentages. ↩︎
	Check
out the recipe
for “macrows” in The Forme of Cury, and read through its scant two sentences a few times. It
looks a lot like an early recipe for macaroni and cheese! ↩︎
	Modern Cookery contains the first written English recipe
for “sparghetti,” or as it is cutely called, “Naples vermicelli”. ↩︎
	Fannie Farmer was known as the ‘mother of level
measurements’ for her strict insistence on leveling off measuring cups with a knife. ↩︎
	You
can read more about the forces in play in this wonderful r/AskHistorians post ↩︎
	I can’t recommend this
book enough — this is more than just a history of kitchenware. This is an exploration of how
kitchenware has shaped us. ↩︎
	Our trust here is often misplaced. I encourage everyone to buy an oven
thermometer to see just how much oven temperatures can fluctuate! ↩︎
	Funnily enough, I actually got into bread-baking and
sourdough in December 2019, just before the pandemic bread-baking craze. I was stuck at home over
the Christmas holidays with a bad flu, a new Le Creuset dutch oven, and the audacity to think ‘this looks easy’. ↩︎


      



Original: https://iza.ac/posts/2026/06/intuitive-cooking/ · Discussion
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How to organize 3 acquired companies into one coherent website

littlelanguagemodels.com · 13 points · Discussion


Company A has acquired Company B, C, and D. How do we organize their sites, for multiple products with different audiences, while making it easy to find relevant product information and quickly understand how the products work together?




For example, Company A offers residential relocation services. Company B offers relocation services for businesses. Company C offers relocation management software. Company D offers fine art and antique moving services.




What I recommend to clients is formalizing user goals before making rebranding decisions.




People from Company A, B, C, and D are going to bring different perspectives to information architecture decisions based on their:





	day-to-day responsibilities




	previous experiences making IA decisions, positive or negative




	perception of the areas with the highest potential for company growth




	professional goals






Many people’s first impulse is to discuss the products.




How Company A plans and delivers items.




How company B coordinates B2B moves, the types of businesses.




The data powering Company C’s software, the types of users, pricing tiers.




Insurance, identity confirmation, country regulations, employee training for handling fine art for Company D.




These conversations are useful for context gathering, but create an unnecessary us against them environment in the context of the website’s future. You’re with Company A. I’m with Company D. Product discussions keep us aware of this distinction at all times.




Instead, I recommend turning outwards and focusing your attention on user actions.




What does the user of your product get from buying from you?




Why is the user visiting the homepage? What about the contact form? And the pricing page?




Come up with as many user goals for interacting with different areas of the product. Even better if Company D’s folks are writing user goals for Company A, Company A for Company B, and so on.




Having “new” folks come up with user goals helps them get familiarized with the product and it builds empathy for users and employees of the company alike. Amazingly, this serves as a beautiful user research session to unpack biases or currently-unmet user needs.




“Oh, we thought that would be done automatically. We may want to clarify that to users.”




“Oh, I didn’t realize we offer customs, tax, and documentation assistance.”




“It wasn’t clear to me that step was mandatory to schedule a pickup.”




Focusing on user goals highlights opportunities for consolidation and removal across your content. Different areas of different products can help users reach their goals.




Which brings me to the next step: defining different ways for the user to meet their goals.




Define different ways for the user to meet their goals considering format, audience, and information receptiveness




Consider format preferences (a map might work better for locations, but a text field may work better if a service is only offered in <5 locations), audiences (busyness, goals, language), and willingness to interact with company content (someone transporting a luxury item will be more receptive to longer content like PDF brochures, but a moving contractor looking for the login portal will be less patient).




Group content on the homepage and navigation by user goal, and the conversation becomes about ways to delight and provide additional value through the acquisitions, rather than which product of which company does what.




Next, consider labels. I don’t like putting people in boxes, but I swear it’s for a noble purpose here. 




Put users into categories




What are different types of groups a user may belong to for a healthcare training provider?





	Location (by country, city, district)




	Clinical discipline (nursing, surgery, pharmacy)




	Clinical specialty (dermatology, ethics, pathology)




	Phase (needs assessment, pre-briefing, facilitation, debriefing)




	Role (educator, administrator, researcher)




	Institution (academic, commercial, non-profit)






For patients of healthcare providers, groups may include:





	Insurance type




	Age group




	Risk level






These categories (known as taxonomy) can help guide users and quickly orient them. By thinking through possible categorizations, and their overlap (what would a pathology surgery clinician working for a commercial vendor in New York look for and find?), teams can make the digital experience so intuitive that the user doesn’t have to “think” much.




Users should understand options at a glance while being able to get granular, so the categories shouldn’t serve as rigid boxes, rather quicker, more elegant paths to eureka.




Test with a small group of users




Once you have initial low-fidelity designs of key pages/interactions, please, please, please test them with a small user group.





	Do labels match user language?




	Do groupings match users’ mental models?




	Does content hierarchy reflect user goals?




	Is the amount of information provided appropriate for the user’s current step?






Finally, and this is easy to miss: think of content horizontally, not vertically.




Think horizontally, not vertically




What do I mean by this?




I’ve been on many design review meetings where the focus was on the single page we were looking at, and stakeholders wanted to know why X element wasn’t included or why Y was so low on the page.




The thinking goes: if a content component is deprioritized, users will have a difficult time finding it, and get frustrated.





	Vertical content – Content on a single page/interface helping the user reach their goal.




	Horizontal content – Content component used strategically and constantly across pages/interfaces (think: visiting hours being available in nav, footer, location pages, event pages, contact pages, etc.)






Horizontal content improves content discoverability by offering multiple opportunities for the user to find what they’re looking for.




Vertical vs horizontal content thinking



HOKA offers multiple examples of horizontal content thinking. I just shared 3 website lessons from HOKA, one of the fastest growing sport brands. Check out the latest article. 




If you’re a content or design professional who enjoys work-related books, I highly recommend Donna Spencer’s book Presenting Design Work. One of the most valuable lessons I took from the book was presenting findings and recommendations in the context of “a person doing a thing” rather than prototype X or page Y. We’re taught to think vertically when it comes to content, so it’s not easy to remember to take a step back and consider the entire ecosystem, but it is important to do as not to harm user wayfinding.




If you’re a stakeholder in website and product decisions, you can also help guide users by asking questions related to the different ways the user may be looking for information and how the design may be able to accommodate them, not just in a single “important” page, but across touchpoints.




Okay, final final thing: A common point of tension between stakeholders is the fate of the content. People have ideas, fears, and dreams about what will become of the content. I unpacked the feelings aspect of redesign in here: How to manage stakeholder feelings in content decisions for website redesigns. TL;DR: People can be reluctant to make content decisions for all sorts of reasons. Every reason is inherently valid and worth listening to, understanding, and iterating upon as needed. 




Key takeaways




To organize content for multiple products with different audiences, while still making it easy to discover how the products work together:





	Start with user goals




	Identify commonalities across products




	Identify opportunities for consolidation and removal across content




	Define different ways for the user to meet their goals considering format, audience, and information receptiveness




	Put users into categories




	Test with a small group of users




	Provide multiple information pathways to improve discoverability




	Be prepared for content discussions to get heated







AI Policy: I personally write each draft and final copy on this website. All content reflects my own thinking, ideas, style, and craft.  I do not use AI such as ChatGPT or other LLMs to generate articles. Occasionally, I ask AI (such as Formalizer or Equativ) to summarize or re-state my own ideas and may restructure sections based on the response.
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The Customer Who Almost Killed Slack, Stripe, and Airbnb

siliconopera.com · 12 points · Discussion


            The Customer Who Comes With a Checkbook and a Sledgehammer

Sometime in 2010, Airbnb was hemorrhaging money and growing slower than Brian Chesky had promised investors. The company had roughly $200 in revenue per week at one point. Into this vacuum walked a potential corporate client, the kind that could write a check large enough to solve all the immediate problems. The pitch was essentially: customize your platform for our needs, move toward corporate housing, and we’ll make you viable.

Chesky said no. Not politely declined. No.

That decision is easy to admire in retrospect, with Airbnb valued at over $70 billion. It is genuinely terrifying in the moment, when you have seven employees and can’t make payroll. And what makes it instructive isn’t the bravado of it. It’s that Chesky had a mental model clear enough to recognize that this customer, despite the money, was pointing toward a different company than the one he was trying to build.

Slack and Stripe have nearly identical versions of this story. So does almost every company that survived long enough to matter. The pattern is consistent enough that it deserves a name and an honest autopsy.

Why Early Enterprise Customers Are Especially Dangerous

There is a specific gravity that large customers exert on early-stage startups. It isn’t just the money, though the money is real and urgent. It’s that enterprise customers come with an implicit argument: we represent the real market. They have procurement processes, legal teams, integration requirements, and compliance needs. They seem like the grown-up version of your product’s future.

Stewart Butterfield has talked about the pressure Slack faced from large organizations in its early days wanting features that would have fundamentally changed what Slack was. The requests were reasonable on their face: more administrative controls, different permission structures, audit logging. Each one seemed like a logical extension. Taken together, they were a blueprint for a different product aimed at a different user. Butterfield’s team had to repeatedly decide what they were actually building.

The reason this is dangerous, specifically in year one, is that startups in their early phase are not stable enough to resist the gravitational pull of a paying customer. Your team will naturally start solving the customer’s problems. Your roadmap will quietly reorient. You will tell yourself you’re not changing direction, just serving the customer. And then one day you’ll look up and notice that the thing you originally set out to build no longer exists.


            [image: Diagram showing a product roadmap fracturing into divergent branches pulled by different customer demands]
            
            A coherent roadmap has a spine. Once you start accommodating misfit customers, the spine goes first.
            
        
    
The Stripe Version: When the Wrong Customer Is Also Technically Right

Stripe’s near-death variant of this story is subtler, which makes it more useful to examine. In the early years, Patrick and John Collison were approached by larger financial institutions and payment processors that wanted to build on top of what Stripe was creating. These weren’t fly-by-night operators. They were established companies with legitimate use cases.

The trap wasn’t obvious because the customers weren’t obviously wrong. The problem was that serving them would have required Stripe to become infrastructure for other payment companies rather than a direct developer tool. The margins, the relationships, and the product decisions all would have bent in that direction. Stripe would have been building for the people who were building for developers, rather than for developers themselves.

Patrick Collison’s public comments over the years have consistently circled back to the idea that Stripe’s clarity about its customer (the developer, not the financial institution) was a survival decision as much as a strategic one. When you are small, you can only build one product well. Choosing who that product is for is not a marketing exercise. It is an existential one.

This is why the loudest customer in your inbox is often a trap. Volume of communication and size of potential contract can both mislead you about fit.

What “Saying No” Actually Requires

The startup mythology version of this story is annoyingly clean. Visionary founder rejects big customer, stays true to the mission, later becomes a billionaire. Standing ovation.

The reality is that saying no to a significant customer in year one requires something most founders don’t have in sufficient quantity: a specific, falsifiable thesis about who your product is for and what problem it solves. Not a vision statement. Not a positioning document. An actual belief about the mechanism by which your product creates value, expressed concretely enough that you can test a proposed customer against it.

Chesky had a specific thesis about why Airbnb worked: trust between strangers, enabled by profiles and reviews, in the context of authentic local experiences. A corporate housing play violated almost every element of that thesis. That’s what made the no possible. It wasn’t stubbornness. It was clarity.

Without that clarity, founders tend to fall back on gut feel, which is inconsistent, or on financial pressure, which almost always says yes. Neither produces good decisions when the numbers on the check are large enough.

The Specific Failure Mode: Scope as a Proxy for Commitment

Here’s the part that doesn’t show up in the TED talks. Many early-stage companies don’t lose their direction through a single catastrophic yes. They lose it through a series of small accommodations, each of which looks like responsiveness to customers.

A feature request comes in from a large prospect. The team builds it. Another request. Built. A third. Built, with the caveat that you’ll generalize it later. Six months in, you have a product that’s 40 percent custom work for customers who don’t represent your target market, and you haven’t made progress on the core thing that was supposed to differentiate you.

This failure mode is particularly common when the sales process involves significant customization promises before the contract is signed. You make commitments in a competitive moment that your product team then has to honor, and those commitments accumulate into a product roadmap that nobody designed.

The first hundred customers rarely come from the plan, which means early customer acquisition is already chaotic. Layering in undisciplined customization commitments on top of that chaos is how companies end up with a Frankenstein product by month eighteen.


The Counterintuitive Truth About Constraints

What Butterfield, Collison, and Chesky all figured out, in different ways, is that constraints imposed by a clear customer definition are protective rather than limiting. If you know exactly who you are building for, you have a principled basis for declining requests. Your engineers know what success looks like. Your sales team knows who to approach. Your product roadmap has a spine.

The companies that don’t develop this clarity early end up in a particularly miserable position: they have customers, which means they have support obligations and contractual commitments, but they don’t have a coherent product, which means they can’t scale. They’re too successful to pivot cleanly and not successful enough to survive without continuing to change. Consulting firms in startup clothing.

Constraint also has a compounding quality. Every time you decline a misfit customer and serve an ideal one instead, you get smarter about what makes that customer ideal. Your product gets sharper. Your messaging gets sharper. You start to build a reputation with the right audience rather than a vague reputation with everyone.

The startup that wins enterprise deals by saying no demonstrates this precisely. Saying no to the wrong enterprise customer is often the prerequisite for saying yes to the right one later.

What This Means

The lesson here isn’t “don’t take big customers” or “stay scrappy.” It’s more specific and more demanding than that.

First: you need a thesis about your customer concrete enough to function as a filter. Not a persona document. An actual mechanism. Why does this type of customer get value from this specific product? If you can’t answer that with something testable, you’re going to make customer acquisition decisions based on whoever shows up with money.

Second: the most dangerous customers in year one are the ones who are almost right. The obviously wrong ones you decline without much anguish. The ones who stretch your model just a little, in a direction that seems defensible, are the ones who gradually hollow out what you’re building.

Third: no early-stage company survives this perfectly. Butterfield, Collison, and Chesky all made accommodations they later walked back. The question isn’t whether you’ll bend. It’s whether you maintain enough clarity about your core to recognize when you’ve bent too far and correct before the product becomes unrecognizable.

The customer who almost killed these companies wasn’t malicious. They were just solving their own problems, as customers do. The founder’s job is to know which problems are yours to solve.
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Conway's Game of Life, in real life

lcamtuf.coredump.cx · 12 points · Discussion

Full text couldn't be fetched for this one (paywall, anti-bot, or not an article page). Read it via the links below.
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The Doorman's Fallacy in Action

rozumem.xyz · 10 points · Discussion

Full text couldn't be fetched for this one (paywall, anti-bot, or not an article page). Read it via the links below.
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Show HN: I rewrote my 2012 self-signed cert generator in Go – cert-depot.com

9 points · Discussion

Back in 2012 I built https://cert-depot.com as a weekend project. Node.js + Express + jQuery, shelling out to OpenSSL for certificate generation. It worked but I eventually let it rot. https://news.ycombinator.com/item?id=4766743Rewrote it from scratch in Go. The entire thing is a single binary with no external dependencies:
1. Certificate generation uses Go's crypto/x509 (no OpenSSL)
2. Certificates are generated in memory and streamed directly — nothing is stored on the server
3. RSA 2048/4096 and ECDSA P-256/P-384
4. Subject Alternative Names (required by browsers since Chrome 58)
5. ZIP (PEM files) or PFX/PKCS#12 output
You comments / suggestions / bug reports are very welcome. Thanks.
Source: https://github.com/dimastopel/certdepot
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Making your JITted Code known: Let me count the ways

wakelift.de · 9 points · Discussion


            AOT Compilers

It has been normal and expected for a long long time that any machine code they spit out would come with a bunch of metadata that is meant to be used by different pieces of the target system.
There is of course symbol names for functions, which allow you to use the instruction pointer to find what the function it's currently in is called, and where it starts. Plus, when a dynamic library (a DLL, dylib, or so) is loaded, the symbol names are a part of what allows you to actually call the functions that you want.
There's the debug data, which can include a wide variety of things. The interesting parts for this post are line number annotations that you can use to take the instruction pointer and not only get the name of the function it belongs to, but also the file name and line number (and more).

For languages like C++ that have exceptions, there is tables with the necessary information to find out at run time when an exception is thrown, how each of the frames on the stack want to deal with it. Of course this includes checking if there is a try block in the function that covers where inside the function the instruction pointer currently sits.
In the process of handling exceptions, it is typically necessary to get rid of some amount of stack frames, as if the code had returned from these functions. This is called "stack unwinding".
You don't want to compile special code into every function to handle the possibly quite rare case that an exception passes it by. In order to support unwinding frames, the run time library will read data put into the program by the compiler that tells it exactly what needs to happen to properly get rid of the stack frame, depending on where exactly the instruction pointer is.
"Getting rid of the stack frame" also includes things like freeing different kinds of resources. This should be familiar to any C++ programmer, where you can have local variables that are cleaned up automatically when execution leaves the scope in which it is valid.
But MoarVM, which I haven't told you yet this post is about, is written in C and even though the Raku (and nqp) code it runs has exceptions, Raku exceptions are basically unrelated to the C stack. Why, then, am I talking about exceptions and stack unwinding tables?
The reason why I know more than the most surface details is that something related to this broke suddenly when MoarVM was compiled on Windows starting at a specific version of MSVC.
The reason why that can happen in a project written in C, which doesn't have exceptions like C++ does, is that we do use longjmp for "basically exception handling, but with only one bell, and no whistles":
When the implementation of some opcode encounters a problem ("the specified attribute doesn't exist", "wrong type for this kind of op", etc etc) we can just call the function MVM_exception_throw_adhoc with a string and we jump from however deep in the C stack we may be back to the interpreter loop where we translate the exception into the kind of exception that Raku works with.
The change that caused this to explode was that on Windows, the implementation of longjmp changed so that it always tries to fully unwind the stack frame-by-frame. For C code it would otherwise be possible to do the entire unwinding process by just changing the stack pointer to what it was at the point setjmp was used. After all, C doesn't have per-frame / per-function cleanup.
This wouldn't be a problem, since the compiler could just emit all the unwinding data for everything. Except that MoarVM also has a JIT compiler. The JIT compiled code usually calls into the same implementation functions that the interpreter itself would use, so a frame from JITted code may be on the stack at the time longjmp happens, and we didn't have anything in the JIT compiler to provide the necessary data to allow Microsoft's implementation of longjmp to handle these, causing a crash at run time.
"Oops"
I started working on code to provide the necessary data, since the WinAPI offers functions for exactly this purpose. I had difficulties doing development on the free Windows VM that you can get from Microsoft, so it was a bit of a painful process, and a fix that takes a whole lot less code came to the rescue. You can still look at the code I wrote to generate unwinding information for our JITted code and registering it with the WinAPI function RtlAddFunctionTable here in my MoarVM pull request.

The simpler fix we ended up going with, including a lengthy explanation of the problem and solution, can be found in this pull request from Patrick Böker, with thanks to Lazymio for this post from the Unicorn Devblog.

But this was an important step on my journey towards the main topic of this post:
What are the ways our JIT compiler can tell other parts of the system (including not just the OS, but also development tools such as profilers and debuggers) information about the code it spits out?
Quick Overview

APIs I've already come across and done something with:

	RtlAddFunctionTable lets you give unwinding info to the WinAPI and its consumers, including where a jitted function starts, but doesn't let you give it a name.

	libunwind's _U_dyn_register lets you give a function a name and provide a table of unwind instructions.

	GDB's "JIT Debug Info Readers" let you give arbitrary information to GDB, but is very "manual".

	The JITDUMP format is meant to be used with Linux's "perf" tool. It lets you give a function name, an unwind table, and even line number annotations! It requires a post-processing step though.

	"Perf Map" is a simple text file placed at a predictable position in the filesystem with one line per jitted function, the address in memory and its length, as well as its name.



There's also techniques I've seen but haven't myself tried yet. The first thing that comes to mind is to create a full ELF file (or DLL on windows or dylib on macos), write it to disk, then load it with dlopen.
There's also one thing I wish was there but I couldn't find a way to have it yet. I'll show you at the very end of the post!
Quick and Simple: Perf Map

The simplest out of all of these by far is the "Perf Map". We've had support for this in MoarVM going back to September of 2018. It allows you to see the names of functions and the filename they are associated with in the "report" output from the perf tool, and presumably some other profiling tools can consume this format as well.
The main drawback of this is that perf at least won't be able to let you look at the assembly of these functions. I assume this is because there's nothing that keeps the machine code around.

On the other end of the simplicity scale sits creating loadable dynamic library files and loading them into the process. It's also the only approach out of these that I could imagine probably works fine with every external tool. You just have to be fine with keeping the files around until the moment your tool needs them. After all, libraries aren't meant to disappear forever after the program has finished. Also, it feels like a lot of boring work to write a correct ELF (plus whatever your other target platforms want) file essentially by hand (of course you could use all the struct definition), and doing a round-trip to the filesystem feels like it might incur a heavy performance penalty. I haven't tried it though!
For All Your Unwinding Needs: RtlAddFunctionTable and _U_dyn_register

The next approach I will describe is using RtlAddFunctionTable or libunwind's _U_dyn_register, which are very similar. If I remember correctly, I didn't actually get RtlAddFunctionTable to work, and I'm not sure what exactly I was missing. I think it might have been related to address spaces, offsets, and stuff. It is however very similar to how _U_dyn_register works. The latter only works if you want to walk stack frames in your own program for whatever reason. I didn't see anything that can just piggy-back on libunwind's internal data structures to use the data for other purposes. If you want, you can compare the RtlAddFunctionTable implementation I linked above with the commit that has the equivalent thing in it.
Lots of Power, Lots of Work: GDB Jitreader

Now we will take a look at GDB's "jitreader" feature. Essentially, there is a symbol called __jit_debug_descriptor that GDB will look at whenever you call a function called __jit_debug_register_code (which is otherwise empty). It points at a doubly-linked list with addresses and sizes of "symfiles". You can make up your own definition of what is actually stored at the address, since you will have to implement the code to interpret the data at this address yourself. That's because the second half of the jitreader feature is a dynamic library that you load into gdb itself. When you tell it to load the jitreader, GDB will run the gdb_init_reader function in your plugin and expects you to give it implementations of a few functions, including a function to read the debug info. GDB passes you a struct full of function pointers including one to read bytes from the target process, and functions that let you create an "object", a "symtab", a "block" inside a symtab, and adding a "line mapping" to your object. Here's a link to where I use these functions to introduce jitted functions to GDB. It has been over a year since I last touched this code, so I'm not exactly certain of the details, like "do the line mappings actually work as expected?", and I certainly can't vouch for any of this code being correct. But it does put jitted code with name, filename, and line number in backtraces, like this:
#6  0x00007ffff746a483 in MVM_io_write_bytes (tc=0x5dd68020180, oshandle=<optimized out>, buffer=<optimized out>)
   at src/io/io.c:178
#7  0x00007ffff575cb3e in spurt () at SETTING::src/core.c/IO/Handle.rakumod:7
#8  0x00007ffff7428d26 in MVM_interp_run (tc=<optimized out>, initial_invoke=<optimized out>,  
   initial_invoke@entry=0x7ffff7561080 <toplevel_initial_invoke>, invoke_data=<optimized out>,  
   outer_runloop=<optimized out>, outer_runloop@entry=0x0) at src/core/interp.c:6459


The perhaps roughest part was maybe writing the unwind function. The jitted code we spit out adheres to the x64 SYSV ABI (on linux, that is) including the frame pointer being at the expected place. I didn't see an obvious way to just have GDB do the default unwinding, so I implemented restoring all the relevant registers of the previous frame by hand with the functions GDB gave me. Not using push and pop opcodes in our JIT has the benefit that no matter where the Instruction Pointer lands, exccpt right at the very first few instructions, the steps to unwind the frame are the same.
If you have more questions, such as what other interesting information you can put into the debug info that the program "sends" to GDB, or what else you can do when GDB encounters one of your jitted frames, you may have better luck reading the GDB documentation yourself ... It is sadly rather sparse on the topic of the jit reader API but on the topic of extending GDB with Python (which is the route I have chosen to make MoarVM easier to debug) there is much more to see. GDB being a GNU project, you will not be surprised to learn that another way to extend it is to use Guile Scheme, which I myself have not tried before.
I could have sworn I had a WIP / PoC for using the GDB Python API using Frame Filters and DisassembleInfo to show much more information for disassembled JIT code, but for the life of me I can't find it any more ...
If you find this interesting, let me recommend this blog post that Max Bernstein wrote about the GDB Jit Interface including an explanation of how you used to have to create a full shared object in memory to have GDB understand your jitted functions, a few implementations of that version of the interface, and how the new "jitreader" plugin approach allows you to do it more easily, and finally a jitreader plugin that just reads Perf Map files.
Finally, Something to Behold: JITDUMP

Even though this post is already quite lengthy, I'm going to spill a bunch more ink for the API that took me the furthest so far in my journey to debug and profile jitted code on a fine-grained level: The JITDUMP format.
Here's the official specification of the JITDUMP format in the linux kernel's perf folder. If you want to follow along, here's a/the Pull Request on github that puts JITDUMP support into MoarVM. Here's also a blog post that helped me get started, which shows how to write JITDUMP files in rust.
The long and short of it is this: Your process opens a file in whatever place you find convenient (new files will later be created next to it, so a freshly created folder is a good choice). You mmap it executable as a kind of "signal" or "marker" event, and you write the monotonic clock value at that moment into the header. Then you can write variable-sized blocks of data every time your jit does something specific, like finalizing a blob of machine code at a given location, again with the monotonic clock timestamp. Maybe the most important piece of the puzzle is that when adding such a blob of machine code to the file, you also have to include the entirety of the machine code in the file. I guess this is what makes it the jit "dump" file!
Later on, a perf recording of your process execution (with -k 1 to choose the same monotonic clock as the time source used in the recording) can be enhanced with the separate perf inject tool. This tool can do a few tasks, but the one we're interested in is the one that the --jit flag controls: Feed it your jitdump file, pass your perf.data as the input and something like perf.jit.data as the output filename and perf inject will create an entire .so file for each of the jitted frames, and using the timestamps from the jitdump file to cross-reference when each frame becomes available (or unavailable again) somehow stores the connection between raw memory address during runtime to actual jitted function inside a .so file.
After all of this work, we can finally open a regular perf report, go into one of our jitted frames, and finally be presented with disassembly, just as if the jitted function had been an AOT-compiled function the entire time! (But probably not as thoroughly optimized).
[image: A screenshot of a jitted function from rakudo's Core Setting: Rakudo/Iterator.rakumod line 5651. You can see a whole bunch of mov instructions, some test and je or jne calls, and call instructions. Some of the instructions have percentage values on their left, showing how often the profiler has sampled this instruction.]Of course, the recording and reporting options you know and love should all work: Higher frequency of sampling, sampling stack traces along with each event, recording with different events than just the CPU cycle counter, and so on.
If you read the JITDUMP specification yourself, you will have noticed that I didn't mention the support it has for unwinding information, nor the support for source line information. I actually didn't have a need for either of these yet. Presumably, if I created an output file with something like the spesh dump which has all the MoarVM bytecode ("disassembled") in the basic blocks and what-not, I could generate filename + line number pairs for all the instructions to place them at the exact right spot in the perf report output as well. I really need to look into what that might allow me to do, but for now I didn't have the time for it (but somehow I did have the time to write a good three thousand words about all of this? go figure.)
What I'm still missing

One utility that I haven't mentioned yet in this post is Valgrind, the dynamic instrumentation framework, which famously comes with the memcheck memory correctness checker and the  cachegrind and callgrind performance profilers.
Valgrind offers a few "client requests" which let you tell the system helpful information about what your program is doing, for example when you have a custom allocator, you can tell valgrind what functions serve what function, and how memory "pools" and "pages" and such work in your implementation.
You can also manually mark memory as "this should not be written to", or "this must not be treated as a pointer".
Valgrind itself is way more than this. You can use it to write any kind of tool yourself that needs to run a program and at the same time make changes to the machine code that ends up executing on the CPU. This is what "instrumentation" refers to.
I just wanted to get correct function names and boundaries inside the output of callgrind / cachegrind (which can be visualized with kcachegrind), and ideally also a disassembly view of jitted functions, since that's where it can show you for every "outgoing" call instruction all the functions it ends up calling, and how often it hits each, and how much time is spent in which of the targets, etc.
Unfortunately, documentation for this part of the whole system is relatively sparse. I assume not many have had the same desire I had? Long ago I built a very naive attempt to post-process the callgrind or cachegrind output file and translate addresses if they fall into a jitted function's bounds to instead refer to a "function entry" as it were. Unfortunately, I couldn't get it to result in usable call graphs inside kcachegrind and I found it difficult to figure out where exactly to look for my mistake.
Conclusion

There's already a veritable plethora of APIs in this general space, some of which have overlap, some of which are for just one "platform", all of which leave me with something yet to be desired.
I sure wish there was a single solution that does everything I want and maybe even more!
yes, that is an XKCD reference. so sue me?
I'm sending this chunky blog post out into the world in the hopes that maybe someone out there is working on (or has already worked on) something that could help me with my blues, but even if not, I thought it was a good idea to get all my thoughts out and pull all of this into a single spot.
If you've made it through the whole post, thank you! I would love to hear your thoughts, so send them my way by finding me with the username timo on the libera.chat IRC network, or here on the fediverse where I occasionally post interesting things, but mostly just bad jokes and such?
They say that this blog has an RSS feed, which might just be getting en vogue again!
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| mov %14, %rdi H

| mov ®ril,%rsi g

- mov $0x5, %rdx H

. call *Bxe3e(%rip) # 187a <push-all{SETTING: :src/core. c/Rakudo/Iterator. rakumod: 5651)+@xE

| mov %rax, %110 g

| mov %10, 0x70(%IbX] g

.33 | mov Bx80 (%rbx)  $TeX g
| mov ®rcx, 0x78(%IbX) g

| mov Dx1a8 (%r14), %rll H

| mov ox10(%r1l1), %r10 H

| mov 0x20(%r10) %110 H

| test %1, %rie g

L jne ofe H

| mov %14, %rdi H

| mov ®ril,%rsi g

- mov $0x4, %rdx H

. call *@xedd(%rip) # 1882 <push-all{SETTING: :src/core. c/Rakudo/Iterator. rakumod: 5651)+@xE

| mov %rax, %110 g

| mov %10, 0x88 (%TbX] g

B.67 | mov HI1D,%TCX g
0.63 | mov Dx1a8 (%114, %rdx H
| mov ox68 (%rdx) , %rdx H

069 | mov 0x30 (%rdx) , %rdx H
.64 | test  srox rox g
e a26 g

- testw  $0x1,@xc(%rcx) H

line

|
|
|
|
|
|
|
|
|
|
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|
|
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|
|
|
|
|

064 cnp Dx10(%rcx) , %rdx H
1 jne a26 g

1 jmp a3b H

mov *14, %rdi H

nav £0x35, %5 H

- call  *Bxddd(%rip) # 1883 <push-all(SETTING: :src/core. c/Rakudo/Iterator. rakunod: